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SHOULDN'T THIS BE YOUR NEXSTEP? 
Multi -channel DVD software is here and so is your NexStep'" processor from LEGACY AUDIO. 

Imagine an all -digital multi -channel processor that provides the sonic purity of the best stereo 
preamps while decoding the new Dolby Digital® and DTSTM formats. 

Envision backward com- 
patibility with your exist- 

ing Dolby Pro Logic® 

soundtracks. Add full 

video switching capabili- 
ties controlled by a remote that won't leave you in the dark. And setup - that's as easy as the touch 
of a button. 

Dolby Digital and Dolby Pro Logic are trademarks of Dolby laboratories Licensing Corporation 
DTS is a registered trademark of Digital Theater Systems, L.L.C. 
NexStep is a trademark of LEGACY Auoio. 



The NexStep processor and remote $2,995 

Receive your FREE 

LEGACY AUDIO Systems Planning Guide! 

Call 1-800-283-4644 

Receive $100 
towards the purchase of a 

Silver Screen center chan- 
nel when you purchase a 

NexStep processor.* 

www.legacy-audio.com 3023 E. Sangamon Ave., Springfield, IL 62702.2177-544-3178 Fax: 217-544-1483 

1999 SHOW SCHEDULE: 

May 1st -2nd Livonia, MI (Detroit) 17123 N. Laurel Park Dr. (Holiday Inn) 

May 29th -30th Ramona, CA 15749 Rosemont Lane 

September 25th -26th Carrollton, TX (Dallas) 1610 N. Interstate 35E, Suite 203 

October 2nd -3rd Houston, TX 11011 Brooklet Suite 360 

October 16th -17th Lake Mary, FL (Orlando) Hilton Garden Inn - Lake Mary 

October 23rd -24th Oakland Hills, CA 4231 Park Blvd 

November 6th -7th Mason, OH (Cincinnati) Ameri-Suites 5070 Natorp Blvd 
`Otter good until 7,/1/99. 
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www.yamaha.com 
O 1999 Yamaha Elcctnmics Corporation. USA. Dolby anti Dolby Digital are trademarks of Dolby 

Laboratories Licensing Corporation. DTS Digital Surround it a registere i trademark of DTS Technology. 
Yamaha Eleetmnics Corporation. USA. P.O. Box 6661. Buena Park. CA 90622 

When our DSP-Al debuted last year, it wa. n t 

only its distinctive amber gold finish tha 

created an instant classic. Its proprietary 
Yamaha technology inspired reviewers tc 

hail it as their personal favorite- 
the best home theater integrated 

amplifier they'd ever heard. 

This tour de force of power, 

versatility and Digital Sound FiAl 
Processing stunned critics and 
enthusiasts alike. Offering Dolby 

Digital and DTS processing, p1Ls 

seven channels of spectacular 

sound. The DSP-Al's sonic 

impact set a new benchmark far 
the industry. 

Now this coveted 

component has a perfectly 

matched companion. 

Introducing the DVD-C900. 

A five -disc DVD changer that 
plays your DVD, Video CD or 

music CD titles with the same 

uncompromising standards, 

commanded by a multi -function 

remote and on -screen menus. 

Sophisticated 10 -bit video 

D/A conversion delivers pristine 

S -Video and Component Video cut- 

put. And 96 kHz/24-bit compatible 

audio D/A conversion sets the 

stage for equally incredible sound. 

Whether it's internally decoded 

Dolby Digital or externally decoded 

DTS 5.1 -channel audio. Or any 

popular two -channel format. 

See and hear the DVD-C900 at your 
Yamaha dealer. Once 

you've experienced it, 

we think you'll 

agree. There's 

never been a 

better time to 

invest in gold. 
Also available in áaek 

to complement all traditional 
Yamaha home theater comporrnts. 

()YAMAHA 
WHERE HOME THEATER LIVES 
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i 
'm dating myself, but a few years ago it 
occurred to me that I now think of 
international phone calls the way my 
parents did domestic long-distance 
calls. I don't make them unless I really 
need to, and I try to keep them short to 

minimize the expense. ("Hurry up; it's 
long distance.") Of course, a lot of other 
things have changed in the world of 
telecommunications: my local calling zone 
containing towns in two different area 
codes now versus no direct dialing then, 
hundreds of channels on cable and satellite 
TV now versus (my children look at me 
like I've lost my mind when I say this) just 
three channels in glorious black and white 
then, and so on. And on and on and on. 
Information moves from person to person, 
around the world, faster and more fluidly 
every day. 

As in biological evolution, much of this 
change is gradual, but some is abrupt. 
Every once in a while, there is a stair -step 
advance. The most recent example of this 
in communications is the Internet-the 
World Wide Web in particular. Now you 
can meet or exchange information (or 
misinformation) with people on the other 
side of the globe, including folks you may 
never see or talk to and whom you never 
would have encountered any other way. 
The cost? Negligible, really, at least to the 
participants. 

But what if you own some of the 
information that's getting passed around 
on the Web? Unless you're getting paid for 
transactions involving your property, you 
might feel you're getting ripped off. This is 

what has the record companies so exercised 
about such things as MP3 (MPEG-1 layer - 
3, audio compression), which enable easy 
transmission of recorded music over the 
Internet. As Corey Greenberg notes in this 
month's feature, MP3 is not a transparent 
process, but on a lot of material it can 
sound quite decent. It's not good enough 
for an audiophile to consider music that 
has passed through an MP3 encode/decode 
cycle onto a CD -R a substitute for the 
original CD. On the other hand, there 
aren't so many audiophiles in the world. 

What about everybody else? What 
proportion of the record -buying public 
would consider music via MP3 "good 
enough" to forgo paying for something 
better? 

Nobody really knows. I'm inclined to 
think not very large, particularly given the 
current level of inconvenience associated 
with finding, downloading, and playing 
MP3 files of the music you think you 
might want to hear. Also, historically, new 
methods of copying music have tended to 
expand the total market much more than 
enough to offset any direct losses; it's been 
better business to pick up the five dollars 
on the table than to chase nickels on the 
floor. I can afford to be wrong, however. 
If I owned a record company, the risk might 
loom much larger in my consciousness. 
And I certainly would be looking into how 
I could make some money from people 
who do want music via MP3. 

But as an audiophile, my main concern 
is entirely different. What if it turns out 
MP3 or some similar process actually is 

good enough for most people? What if 
the record companies eventually find that 
they can make more money blasting 
compressed audio files to customers over 
the Web than they can selling discs? 
Though quality has tended to win out, 
historically, it is hardly guaranteed. 
Capitalism, by its own methods of 
Darwinian selection, has a way of boiling 
off anything we aren't willing to pay 
adequately for. Usually that's a good thing, 
but again, no guarantee. 

As Paul Simon wrote, "These are the 
days of miracle and wonder/This is the 
long distance call." Here's hoping the news 
at the other end of the line is good. 

776/ 
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Qp Infnity, 

HPS-500 
500 watts, 15" active woofer, 

20"h x 19"w x 22"d 

HPS-1000 
1,000 watts, 15" active woofer, 

two 15" passive radiators, 22"h x 20"w x 24"d 

HPS-250 
250 watts, 12" active woofer, 

18"h x 15"w x 20'd 

INFINITY INVENTS THE SUBWOOFER. AGAIN. 
If, in 1968, you had the good fortune to be moved by the power of the 

world's first subwoofer (part of our Servo Statik I system), imagine 

the performance our subwoofers put forth today. Or better yet, experience 

it for yourself. Introducing the HPS Series by Infinity. Rn astounding 

marriage of design innovation and musical accuracy that sets a new 

standard to which other subwoofers aspire. The HPS Series delivers 250 

to 1,000 watts of power for the deepest, most natural bass to as low 

as 18Hz. In other words, the HPS Series brings cellos, drums, basses 

and movie special effects to life with unmatched precision. Adding 

on entirely new depth to your musical and home theater experience 

os only Infinity can. Time and time again. For product information 

call 1-800-553-3332 or visit www.infinitysystems.com. 

Audition the HPS Series at any one of these fine Infinity retailers today: 

ART Television 8 Appliance: Morton Grove, IL American TV S Appliances: Wisconsin Marquette, MI Rockford, IL Davenport, IP 

Audio King: Minnesota Sioux Falls, SD Audio Magic: Loganville,GP California Audio -Video: Penngrove,CR Gary -O's: 

Johnstown, PP Mundy's Aucio-Video: Gainesville, GP Palace Electronics: Philadelphia, PR Robson'sRudio-Video: 
Paramus, NJ 6th Avenue Electronics:New Jersey Stereo Advantage: Williamsville, NY Stereo Exchange: New York, NY 

SoundTrack: Colorado Ultimate Electronics: Utah Nevada iowa Albuquerque, NM Boise, ID Tulsa, OK 

j)Infinih/ is one of the great brands of Harmon International. 
Harman International 

HEAR US EVERYWHERE. 



LETTERS 

Let's Get On with It 
I have relied on Audio (and other publi- 

cations) to educate, lead, teach, direct, and 
assist me in my development as a so-called 
audiophile over the nearly 50 years I've sub- 
scribed to it. During this time, I've built my 
own folded -horn speakers from scratch (as 
well as used various amp and tuner kits), 
progressed to speakers/amplifiers/etc. that I 

couldn't have dreamed of when younger, 
and am now into the digital era. 

Corey Greenberg's "cry" for a disconnect 
with current preoccupations that simply re- 
fine the antiquitous past is, in my opinion, 
long overdue ("Front Row," January). Eso- 
teric hi-fi seems, like the spooky fringes of 
most otherwise legitimate disciplines, to 
sustain itself on the gullibility of the few 
who also seem to exist on such fringes, but 
it deprives those of us who "want to get on 
with it." A more refined analog circuit/de- 
vice or a more expensive amp/tube device, 
while able to capture the fancy of the tea - 
leaves fringe, should not define or control 
the direction of a discipline that has pro- 
gressed to our present state. I want to spend 
my remaining years exploring the new hori- 
zons, not mired in endless searches for the 
nuances of the past, and to do so in a price 
range comparable to what Greenberg de- 
scribes as inhabiting the malls. 

My only addition to Greenberg's missive 
would be a plea to make digital devices 
more user-friendly; one can then make bet- 
ter sense out of how to hook up a simple 
AC -3 signal processor/amp sans endless tri- 
al and error. If these devices can be made 
user-friendly for the crowd that inhabits 
Guitarland, surely they can be made more 
friendly for us audiophiles as well. 

By the way, as a first-time writer of any- 
thing to any magazine, Greenberg's article 
obviously struck a chord, so to speak. 

D. Chris Anderson 

via e-mail 

Familiarity Breeds... 
I hesitate to beat a dead horse, but I dis- 

agree with some of the observations made 
by Mark Block regarding blind testing ver- 

sus long-term listening ("Point/Counter- 
point: Objective vs. Subjective Evaluation," 
April). Most of your readers are not review- 
ers; we are passionate hobbyists and music 
lovers. Most of us can tell, instantly, the ef- 
fect of any new element in the system, be it 
a new component, a wire, or a change in 
stylus rake angle or tracking force. 

This is because our systems are built over 
a long period of time and we are familiar 
with them on a day-to-day basis. Therefore, 
with an unfamiliar system or venue I would 
not fare well in a blind test (double or sin- 
gle) or in an experiment where the item be- 
ing tested is known. In my own home sys- 
tems, however, I know immediately the 
effect when a change is introduced (though 
not necessarily whether it is better or 
worse). Of course, only one factor at a time 
should be weighed. 

So "just sitting around listening" should 
not be discredited if the system and room 
are familiar. Richard R Clancy 

Ashland, Mass. 

Blinded by Science? 
As a psychologist and longtime audio- 

phile, I took interest in Steve Guttenberg 
and Mark Block's "Point/Counterpoint" in 
the April issue. Psychological research has 
much to contribute to this debate, since 
psychology encompasses the study of sen- 
sation, perception, motivation, and deci- 
sion -making, all of which are relevant to 
this topic. Psychologists have been conduct- 
ing research on human perception and re- 
fining research techniques for more than 
100 years, so there is a wealth of knowledge 
that most audiophiles are unaware of. 

One example of a psychological process 
pertinent to this issue is auditory sensory 
memory, typically called echoic memory. 
Echoic memory is a brain function that 
holds large amounts of incoming auditory 
information in storage; it has a span of 
about 2 seconds. After 2 seconds, echoic 
memory either decays or is processed into 
immediate memory, which imposes signifi- 
cant limits on the amount of information 
that is retained. Thanks to echoic memory, 

humans are exceptionally good at detecting 
whether two sounds presented in quick 
succession are the same or different. Indi- 
viduals with normal auditory functioning 
will be quite accurate when asked to detect 
whether there is a difference between, for 
example, a pure tone of 700 Hz and a pure 
tone of 705 Hz, as long as the two tones are 
presented in quick succession. When the 
presentation of the second tone is delayed 
by more than a few seconds, the accuracy of 
auditory discrimination will drop. Instanta- 
neous A/B tests are far more effective in re- 
vealing auditory differences compared to 
methods in which there is a time gap. 

The claim that uncontrolled listening 
sessions permit the detection of subtle au- 
ditory differences not audible with instan- 
taneous A/B comparisons contradicts es- 
tablished scientific findings. There is no 
doubt that instantaneous comparisons en- 
hance auditory discrimination. Try as you 
might, you can't change basic sensory and 
memory functions! 

Experimental psychologists use scientif- 
ic methodologies (such as double-blind 
A/B testing) when examining sensory per- 
ception, because 100 years of psychological 
research shows that less rigorous ap- 
proaches lead to erroneous conclusions. 
Experimental psychologists would give lit- 
tle credence to an uncontrolled subjective 
report in an auditory discrimination task. 
Appropriate research methods must be 
employed if unbiased, reliable conclusions 
are to be drawn. 

Thomas J. Smurthwaite, Ph.D. 
Licensed Psychologist 

via e-mail 

A Different Drummer 
I enjoyed Michael Tearson's April review 

of Emmylou Harris' latest release, Spyboy, 
but he is in error when he refers to Brady 
Blade as the drummer who appeared on her 
previous album, Wrecking Ball. That was his 
younger brother, Brian Blade. 

Brady is currently touring with Jewel, 
and Brian-normally the drummer for 
Joshua Redman and Kenny Garrett-is on 
tour with Seal. Steve Snow 

via e-mail 

Editor's Reply: Thanks for pointing it out. 
Tearson wasn't at fault here, however; it was 
an editing error.-D.H. 

AUDIO/JUNE 1999 
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Hearing is Believing... Feel the Emotions 

Bryston's 9B ST delivers extraordinary quality to your entire home theatre surround sound experience. 

Feel the emotions: be shocked, be happy, feel sad, scared out of your wits, surprised, be moved, 

be excited, feel like you want to cry with joy. The Bryston 9B ST amplifier will awaken all of your emo- 

tions in a simple elegant package designed to provide 5 channels of uncompromised sound quality. 

Tel 1-800-632-8217 Fax 705-742-0882 www.bryston.ca 
e3 L20272QoLI 



News Gathering 
In his "Audio Site -Seeing on the Web" 

(March), Gordon Brockhouse mentioned 
the need for a piece of software called a 
"news reader." I would like to know how to 
find it. Is it downloadable? 

His article was otherwise most informa- 
tive and interesting. Cyrelle Ratzkin 

via e-mail 

Author's Reply: If you're using the current 
version of Internet Explorer or Netscape 
Communicator, you already have a news 
reader. With IE, choose "Read News" under 
the Tools menu (or click the Mail icon on 
the toolbar), then choose "Read News." 
That will launch the Outlook Express mail 
client and open the newsgroups folder. 
Click on the newsgroups icon on the tool- 
bar to subscribe or unsubscsribe to news- 
groups. I'm not a regular Netscape user, but 
I'll be installing it soon. If you want me to 
let you know how to use newsgroups with 
Netscape, please advise. 

There are scads of shareware news read- 
ers. A good source to download them is tu - 
cows. Go to www.tucows.com, then choose 

the operating system you're using. You'll see 
groups of applications. Choose "News 
Readers" under the Network Tools heading. 
Hope this helps.-G.B. 

A Floating Point 
I would like to correct something in Ed 

Foster's March "Profile" of the Sony TA- 
E9000ES A/V preamp. The first use of a 32 - 
bit floating-point DSP chip in a "high-fi- 
delity component" was by Audio Alchemy 
in the DTI Pro32 resolution -enhancement 
and jitter -reduction system. The DTI Pro32 
used a Texas Instruments TMS320C31 32 - 
bit floating-point DSP. 

The latest software upgrade, AD.3 (avail- 
able from Channel Islands Audio), is a 
good -quality upgrade for a reasonable cost 
for this unit. Mine is still working well after 
three years of ownership. Richard Hollis 

via e-mail 

More from the Studio 
Keep up the home studio coverage! It's 

nice to finally read reviews of this gear from 
people who actually know what good 
sound is. All the pro audio publications are 

pretty much a joke. They're so worried 
about offending one of their precious ad- 
vertisers that after reading a four -page arti- 
cle, you still don't know whether the prod- 
uct is worth a damn or not. It seems gadgets 
and gizmos are way more important than 
sound quality for a lot of manufacturers- 
sad but true. Maybe Corey Greenberg and 
his creative and honest writing style will 
start a new trend, and sound quality will fi- 
nally come first. Brian Pilch 

via e-mail 

Call of the North 
Having been an ardent reader of Audio 

for many years (dating back to the days 
when it was known as Audio Engineering), I 

look forward to reading it every month. Re- 
garding Marjorie Beckmann's January let- 
ter about preserving the "ancient stuff- 
i.e., music of the older generation-I have 
this to say: Marjorie, I think we have quite a 
few "Depression babies" and "dinosaurs" in 
Canada as well. We have so much "stuff" 
floating around here that we're building a 
radio station for the Internet. Not only will 
it have the software and hardware (recorded 

INTRODUCING DIGITAL WITH A DIFFERENCI 



music and equipment) that you mentioned 

but also a concert hall studio. We'll also 

have modern gear-multitracking and pro- 

cessing equipment-to enhance the music. 

Our forte will be popular standards 

(known as "big band") and orchestral 

works performed by groups of 30 pieces 

and up. We would appreciate hearing from 

anyone in the world who sees himself in a 

similar position as Marjorie Beckmann's 

and mine. I can be reached via e-mail at au- 

diobob@home.com or by regular mail at 

939 Western Rd., Bldg. "B," Unit 3, London, 

Ontario, Canada N6G 1G3. 

Robert Hainsworth 

via e-mail 

Keep Up the Good Work 
I've been reading Audio for many years 

now, as well as other publications, and find 

your magazine to be first-class, second to 

none. Don't ever change to cover more 

home theater than two -channel stereo. Sad- 

ly, other publications are doing this. Is ster- 

eo dying? 

D. B. Keele, Jr., and Edward J. Foster are 

the best of the many equipment reviewers 

out there. I enjoy their reviews so much and 

hope that these gentlemen write for Audio 

for many more years. John Dronzek 

South Bridge, Mass. 

Death of a Giant? Ha! 
Okay, so I need to get a life, but in my de- 

fense, it was at an early age that I grew to 

await with eager anticipation and then de- 

vour from cover to cover the Allied and 

Lafayette electronics catalogs. 

The habit continues to this day: I admit 

to a similar fetish for Audio's Annual 

Equipment Directory. I don't know how I 

missed it in the past-old age I suppose- 
but in the 41st Annual Directory (October 

1998), on page 108 in "Tuners," Lirpa Labs 

is listed as the manufacturer of the Drift 

Away tuner, a half -pound monolith pow- 

ered by steam percolation. Well, I want one. 

Driven by lust, I retrieved the 40th Annu- 

al Directory and found Lirpa Labs to also be 

the manufacturer of the Model 1Mk K3 

preamp. I want one of these as well. 

Failing to obtain a phone number in the 

back of your publication, I frantically at- 

tempted to search the company on the Web. 

To my dismay (as reported by CyberTheater, 

the Internet Journal of Home Theater), this 

giant and pioneer in high -end audio has 

disappeared from audio history! Lirpa 

Labs, apparently, is no more. But rest as- 

sured, I will be checking the 42nd Annual 

Equipment Directory, in the event it raises 

itself up to percolate once more. 

Thanks for the humor. I love your maga- 

zine, love audio, and wish I had more mon- 

ey to spend on it (I desperately want a pair 

of B&W 801s). Dave Morell 

Madison, Wis 

Back to Our 
Regular Programming 

Corey Greenberg mentioned in his 

March "Front Row" that the old Marantz 

RC2000 remote tended to lose its settings 

after a battery change. I have an original 

RC2000 (not a Mk. II) and usually have to 

replace the batteries once a month-it's a 

hungry device, no question. In the three 

years I've owned the remote, it's never last 

any of my configurations (I dread the day) 

despite the batteries having run down past 

the point of operating the display several 

NEW L IF ESTYLE` SYSTEMS 
GIVE YOU 5 SPEAKER 

SURROUND FROM ANY SOURCE. 

N- Iiimr, 
Most conventional digital systems will only give you 

5 independent channels from specially encoded sources, 

like DVDs. But the new Lifestyle home theater systerrs 

deliver 5 independent channels of sound to 5 speake-s, regard- 

less of the source - 5.1 encoded DVDs, any VHS tape, CDs, 

even mono TV shows. And only Bose technology automa:i- 

cally delivers this performance with small size, elegance and 

simplicity. Call 1 -800 -444 -BOSE ext. 760 for a dealer near you. 

Hear the Difference Today. £74 Le® 
Better sound through research,., 

www.bose.ccm/Is760 



times. I've noticed that once fresh batteries 
are installed, the RC2000 always comes up 
in "RC -5" mode, which gives the impres- 
sion that the settings have been lost. Simply 
toggling into "Learn" mode, then cycling 
back into "Use" instead of "RC -5," has al- 
ways restored my programming. Perhaps 
this is what is happening with Greenberg's 
unit. Name withheld 

via e-mail 

Just Curious 
In "Home Recording for the Digital Mil- 

lennium" (February), Daniel Kumin wrote, 
"It is nothing short of astonishing just how 
advanced cassette music recording became 
in its 25 -year life." I'm curious, what mile- 
stone in 1974 (or '75?) is he using as a be- 
ginning marker? Michael Laskoe 

via e-mail 

Author's Reply: None, specifically. I was 
mostly thinking about Advent's application 
of Dolby B to the cassette medium, first via 
the ill-fated deck with a Nakamichi trans- 
port that preceded the well-known one 
with the Philips (or was it Grundig?) trans- 
port. [Wollensak, we think. Ed.] 

Yeah, I know: It really all started around 
1971-72, if memory serves. But this was a 
long time ago, and it was, after all, "the 
'60s," despite what the calendar said (the 
'60s mostly took place in the '70s, sociocul- 
turally speaking), so you have to cut me a 
little slack here if my memory isn't as clear 
as it might otherwise have been. 

Anyway, at time of writing it had been 
just about a quarter -century since the 
awareness of hi-fi/stereo cassette as a useful 
medium penetrated to the larger part of the 
audio public. And journalistically, "25 years 
ago" sounds a lot better than "27 or 28 
years back, more or less, umm, sorta... . 

Thanks for the interest. Daniel Kumin 

In Defense of 
Mr. Greenberg 

To those letter -writers who wish to attack 
Corey Greenberg for his colorful language, 
get a life! Greenberg's insightful and mildly 
colorful commentaries are large pockets of 
fresh air. Time and time again he makes 
palatable what is often otherwise dull and 
uninteresting, and for that he should be 
commended. I find his "Front Row" column 
to be clever, entertaining, and informative. 

In a free and open society, the best way to 
avoid taking offense to anything is to lock 
yourself in a room, tape your eyes shut, and 
put chewing gum in your ears. Keep up the 
good writing, Corey. Ryan Nelson 

Cincinnati, Ohio 

Leave Him Be 
Regarding the recent rash of Corey bash- 

ing in your "Letters" column, I find him to 
be the most interesting writer on your staff 
and would rather read his review of a prod- 
uct in which I have no interest than one of 
your other writers bland ramblings about a 
product I am interested in. 

While I found Edward Tatnall Canby to 
be unreadable, I respected his knowledge 
and experience. I simply used my judgment 
to decide whether to suffer through his col- 
umn each month. At no point did I try to 
change him or have him removed from 
your staff. I would never try to impose my 
preferences on others, and hope that others 
have as much respect for my freedom of 
choice. Don McCorkle 

College Park, Md. 

Correction and Corey 
After reading his "Easy As DSP, ABC, 1- 

2-3 Baby You and Me" (January's "Front 
Row"), it's clear that Corey Greenberg has 
not heard a properly done room with DSP 
room/speaker correction. I have been using 
SigTech Digital Room Correction for a 
number of years in a high -resolution sys- 
tem (custom-built room, all Spectral elec- 
tronics, Avalon Eidolon speakers, and MIT 
cables). In addition, the room is judiciously 
treated with tube traps. Even with this, the 
SigTech makes a huge improvement in the 
sound. 

Greenberg's comment about DSP creat- 
ing a narrower listening position is just 
plain wrong. A corrected system has no 
more of a narrow sweet spot than an uncor- 
rected room does. The SigTech software 
recognizes this fact and at higher frequen- 
cies does less correction over the 50 mil- 
liseconds that the system operates. (The 
SigTech operates in the time domain, not 
the frequency domain.) 

Many articles have been written on the 
importance of the room in the listening ex- 
perience. Companies like ASC, RPG, Room 
Tunes, and others have built passive prod- 
ucts to address room problems; some are 

quite successful. But passive treatment can 
go only so far. Why, then, is it a waste of en- 
gineering talent to use DSP to get the best 
out of our systems? 

Greenberg seems very high on home the- 
ater. A digitally corrected room in a home 
theater environment (six corrected chan- 
nels) is also really spectacular. In fact, it is 
the only way that I know to closely timbre 
match speakers in a multichannel music or 
movie system. 

Consider this an invitation to have 
Greenberg visit me in Augusta. And if he 
gets close, another similar six -channel cor- 
rected system is in Atlanta, using Dunlavy 
speakers and Mark Levinson electronics. 
Since I personally know of more than "five 
guys in the world" who own the SigTech 
system, those other "dickweeds in the audio 
press" may prove to have been a bit more 
astute than Greenberg-at least they try to 
get some facts before they start opining. 

Richard Bromer 
Augusta, Ga. 

Digital Wows 
Regarding Michael Riggs's February 

"Fast Fore -Word," I think it is tragic that 
hunches and beliefs have replaced science 
in the world of audio. I find it astounding 
that the most audible advantage of digital 
recording is also the most overlooked. To 
make my point, I must first pose a long- 
winded question. 

When the Compact Disc first appeared, 
many listeners noticed an improvement in 
the music they heard from FM stations on 
their car radios. With no exceptions that I 

know of, FM stations apply gross amounts 
of compression and equalization to create a 
sound that their managers believe will best 
grab the listener. Many of these compres- 
sors operate independently on different 
portions of the audio spectrum, dynami- 
cally adjusting frequency response to add 
punch to the bass and overcome car noise. 
The highs above 16 kHz are cut off to pro- 
vide a guard band around the 19 -kHz ster- 
eo pilot. On a good day in a prime recep- 
tion area, a radio may achieve a 50 -dB ratio 
of signal to noise. Most transmitters have 
as much distortion as an average analog 
tape recorder. So without wide dynamic 
range, low distortion, or accurate frequen- 
cy response, how do radio listeners hear a 
difference? 
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The one difference that the FM transmit- 

ter does not trash is the absence of wow and 

flutter in a digital recording. The severity of 

wow and flutter in record players is grossly 

understated because the measurements are 

made with steady-state signals. The geome- 

try of the pivoted tonearm with an offset 

used to compensate for tracking angle in- 

troduces frequency modulation distortion 

that is dynamically related to the modula- 

tion envelope of the audio in the groove. 

This distortion was explained in "Tonearm 

Geometry and Frequency -Modulation Dis- 

tortion" by Raymond Kilmanas in the Jour- 

nal of the Audio Engineering Society (Vol. 30, 

No. 9, September 1982). In layman's terms, 

the distortion caused by a nontangential 
tonearm-as used in all but a few esoteric 

record players-is roughly equivalent to 

that produced by a tape player with 4% 

wow and flutter! Would you buy a tape 

recorder with a specification like that? 

When copying open -reel recordings to 

cassette tape, the wow and flutter is cumu- 

lative. When I record myself on the classical 

guitar, I find the speed fluctuation on my 

analog recorders clearly audible. Perhaps 

one of those recorders, which costs thou- 

sands of dollars, would do the job much 

better, but my Sony DAT walkman does just 

fine for a lot less. Dennis L. Green 

Detroit, Mich. 

The Reel Deal 
In reference to Michael Riggs's February 

"Fast Fore -Word," I too have quite a few 

reel-to-reel tapes that I have dubbed to cas- 

sette. I've also dubbed them to MiniDisc, 

just in case. My equipment consists of a re- 

ceiver, reel-to-reel deck, cassette deck, CD 

changer, CD player, turntable, and MD 

recorder/player. Guess which one I listen to 

and enjoy the most: the reel-to-reel. 
James L. Harris 

Houston, Tex. 

Don't Stop the Music 
We are saddened that the number of clas- 

sical music reviews has been reduced, only 

to be replaced by movie reviews. We sub- 

scribe to Audio because we're music lovers 

who rarely watch TV. We would especially 

like to read reviews of works with 32 -foot 

organ stops-so we can use our subwoofers 

to their fullest. Steve and Helen Hepp 

via e-mail 

Model 88 Radio 
Introductory Price: 

X19 
"This year's 
best radio" 
The Gadget 
Guru 

"The Best I've Heard" 
We believe the Model 88 by Henry 

¡dom" is the best -sounding table radio 

ever. The critics seem to agree. Audio 

calls it "a blockbuster." PC World calls 

it "a table radio that sounds like a high - 

end audio component." 
Model 88 combines a remarkable AM/FM tuner, 

electronically-contoured amplifiers and a high -quality 

speaker system with a built-in powered subwoofer. 

It's designed to play music and make it sound like 

music...natural and lifelike, induding great bass. 

We think Model 88 sounds better than many 

component stereo systems. It indudes a slim, easy - 

to -use remote control and two sets of stereo inputs, 

so it can be connected with a CD player, tape deck, 

TV or computer. 

le, 
re - 

Stereo Review 

Audition Model 88 in your own home, listening to 

your music, for 30 days. if you don't fall in love 

with it, return it for a full refund. 

Introducing Control Clock 88. - 
This dual -alarm dock sends an 

infrared signal across the $4-99 
room to turn on Model .:. 

For a 30-DayHome Audition or for 

the location ofa dealer nearest you, call... 

1-800-FOR-HIFI 
(1-800-367-4434) or visit our website... 

CAMBRIDGE 
Sou NDWORKS 

Top -Rated Audio Products...Direct From Our Factories. 
311 Needham Street, Suite 104, Newton, MA 02464 Retail Stores in San Francisco Bay Area & New England 

Tel: 1500-367-4434 Fax: 617-332-9229 Canada: 1-800-525-4434 Outside U.S. or Canada: 617-332-5936 

Let Us Entertain You! 
As a professional association 

of audio/video specialty stores, 

PARA sets the standards for 

high quality retail shopping. 

Member dealers know quality, 

service, and most of all, they 

know music and home theater. 

PARA Nome ¡healer Specialists 

1r PARA stores will take the time to ask about what you already own 

and suggest home theater components that will integrate into your 

current system. 

PARA home entertainment professionals are educated to explain 

the newest technologies in clear, friendly language, helping you get 

the best value for your money. 

Let us help you choose the system that's just right for you. 
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AUDIO CLINIC 
JOSEPH GIOVANELLI 

Troubled Car Cassette Player 
QWhenever I play a tape on my car ster- 
eo (a factory -installed Delco head 

unit), the high frequencies in the left channel 
(front and rear) suddenly increase in volume. 
The radio, however, doesn't have this prob- 
lem. I cleaned the heads, but that didn't help. 
Any suggestions?-Josiah Thorne, via e-mail 

AI think there is a defect in the feed- 
back circuit, which is used for tape 

equalization in playback. To reduce tape 
hiss, cassettes are recorded with a treble 
boost; during playback, the boost is auto- 
matically reduced by a similar amount. This 
reduces the tape noise by the amount of the 
treble cut. The boost and cut are usually 
achieved by using resistor/capacitor (R/C) 
components in a feedback loop, and it's 
here that I believe the trouble lies in your 
system. It might be a cold solder joint, pre- 
sent for years, that only now is surfacing, or 
perhaps there's a hairline crack in a circuit 
foil. Either of these defects could cause in- 
termittent operation. 

Does the condition become worse when 
you drive over bumpy roads? If it does, it's a 

likely indicator of a poor connection or an 
intermittent component. Do the highs 
jump around more when the tape player 
has been running for some time, or is the 
condition about the same regardless of how 
long it has been on? When a problem oc- 
curs more frequently after a machine has 
been on for a time, it may indicate that a 

part is becoming intermittent as the ma- 
chine's internal temperature rises. 

If you're handy with tools, take the player 
out of your car and run it using a 12 -volt 
DC power supply. Connect the player's out- 
put to a speaker so you can monitor the 
sound and, with the player running, tap 
various components on the circuit board 
with a plastic implement, such as the han- 
dle of a small screwdriver. If you're lucky, 
tapping the defective foil or part will trigger 
the same problem you have in the car. The 
part might be flawed, but I suggest you ex- 
amine its solder connections to the circuit 
board. Try reheating them, using a low - 
power soldering iron. Repeat this test again, 

and if the problem is still present, shine a 
strong light on the foil etchings near the 
component. Using a good jeweler's loop, 
check for hairline cracks in the foil. Solder 
suspicious points, but be careful not to 
bridge two adjacent foils with solder. 

Those not mechanically inclined, howev- 
er, should leave this kind of servicing to a 

professional. 

Is Biamping Better? 
QI'd like to buy a component system, 
and I want the best sound I can get at a 

reasonable price. I'd prefer active biamping, 
but if that's too costly, I'm willing to settle for 
passive biamping. How noticeable is the im- 
provement in sound quality from active or 
passive biamping compared to the traditional 
stereo setup? Evelyne Girard, Ottawa, 
Ont., Canada 

AAny amplifier must be considered an 
active device because it processes the 

signal in some way, transforming impedance 
and producing gain (amplification). But per- 
haps what you really mean by "passive bi - 
amplification" is bi -wiring, in which the 
woofer and midrange/tweeter sections of a 

speaker are individually connected to the 
same amplifier output terminals with sepa- 
rate sets of cables. Although the sonic bene- 
fits are debatable, running two sets of cables 
per speaker (instead of one) can't hurt: At 
the very least, bi -wiring lowers total resis- 
tance between the amp and the speakers. 

In any event, unless you are using an 
electronic crossover network rather than a 
passive crossover (the latter is almost always 
inside the speaker enclosure), biamplifica- 
tion will probably not be necessary-espe- 
cially if your power amplifier's distortion is 
extremely low. If an amp has potentially au- 
dible distortion, it's desirable to divide the 
audio spectrum into a section for bass and 
one for midrange and treble, amplifying 
each separately. This will reduce audible 
distortion that may result from the modu- 
lation of high frequencies by low frequen- 
cies (intermodulation distortion, or IM). 

In my experience, there have been few in- 
stances where biamping improved sonic 
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performance over simply bridging the 
woofer and tweeter terminals on the back of 
each speaker and running a pair of cables 
back to the power amplifier. (I can already 
see the mail coming in on this subject!) 

When To Use a Subwoofer 
QMy Acoustic Research AR -3a speakers, 

which I bought in 1968, have good 
low -end response. But will they hold their 
own against new $1,000 powered subwoofers? 
I have always assumed that audio's goal is to 
replicate live music, and I have usually felt 
that I was close to listening to the real thing. 
Contrary to what we are being led to believe 
these days, aren't mike placement and the 
work of the recording engineer and the pro- 
ducer more responsible for that elusive feeling 
of they -are -here or I -am -there than the hard- 
ware we use?-Jerome Swabb, Erie, Pa. 

AYour speakers have served you well 
over the years. Obviously, their musi- 

cal fidelity is able to re-create that elusive 
feeling of "being there" that we all strive for. 
You may not need to buy a subwoofer or re- 
place your AR -3a speakers. Over time, of 
course, many of us get so accustomed to the 
sound of our own speakers-including all 
their acoustic inaccuracies and color- 
ations-that we come to consider their 
sound as a reference. 

Having said this, however, you do owe it 
to yourself to visit a store and audition re- 
cent speaker designs. Their performance 
might equal or surpass that of your ARs. In 
its time, the AR -3a was justifiably revered 
for its neutrality and deep bass-which was 
quite solid down to 30 Hz. 

But consider that most speakers' bass 
output doesn't just remain strong and then 
cut out all of a sudden. It gradually weak- 
ens, or rolls off, perhaps when it gets down 
to 60 Hz. At 50 Hz, a typical speaker pro- 
duces slightly less output than at 60 Hz. At 
40 Hz, its output may be reduced by 3 dB. 
And by 30 Hz, the output may be only half 
as loud as it was at 60 Hz. (In other words, 
the bass at 30 Hz would be -10 dB.) 

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@cstone.net. All letters are 
answered. In the event that your letter is chosen 
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. 



The M&K Subwoofers 
Better Built. Better Sound. 

Longer Warranty. Studio -Proven. 

You Can Even Check Our References. 

Skywalker Sound, Sony Music, Warner Bros, 20th Century Fox, Dolby, DTS, and more than 100 of 

the world's most respected studios use M&K subwoofers for their most critical listening decis ois. 

Does your home system deserve anything less? 

For 25 years, M&K subwoofers-like all M&K home speakers-have brought the sourd of the 

studio into thousands of homes. From our industry reference MX -5000 II (one of four THX-certified 

subs) to the tiny and powerful VX-100, M&K has a model for your specific application and budget. 

Visit your nearest M&K dealer for a complete demonstration. Who knows? One day you might 

even be one of our strongest references. 

\ Miller ¿ Kreisel Sound Corporation 

10391 Jefferson Blvd, Culver City, CA 90232 3101204-2854 fax 310.202-8782 

faxback 800;414-7744 www.mksound.com 



The purpose of a subwoofer is to add 
bass where it may be absent-e.g., at fre- 
quencies like 20 and 18 Hz, which are 
deeper than the reach of your AR -3a speak- 
ers-and to reinforce your main speakers' 
output as their bass rolls off. Recordings of 
pipe organs, for instance, sometimes extend 
down to nearly 16 Hz. A large orchestral 
bass drum has frequency components at 17 

Hz, and the extra eight keys on a Bösendor- 
fer concert grand piano extend its bottom 
octave down to 18 Hz. These frequencies 
are well below the operating frequency 
range of your ARs. 

Of course, there are subwoofers-and 
then there are subwoofers. Some have low - 
frequency response down to about 35 Hz, 
similar to that of your present speakers. 
Does this mean that these subwoofers are 
not useful? Not at all! You could use a small, 
inexpensive subwoofer to reinforce the bass 
of mini -monitor speakers whose lowest fre- 
quency of any significance might be 60 or 
70 Hz. A lot depends on the recordings you 
listen to. The lowest tone produced by a 
normally tuned string bass is about 42 Hz, 
well within the capabilities of such a sub- 

woofer-and of your AR -3a speakers. A 
small subwoofer wouldn't suit me, howev- 
er, because I listen to organ music and want 
my system to be flat down to at least 32 Hz. 
So bass must extend below this point, even 
though it may roll off rather precipitously 
below 30 Hz. 

Subwoofers are especially useful in home 
theaters. Movie soundtracks often contain 
loud, low -frequency sounds, often between 
20 and 30 Hz; Dolby Digital (AC -3) sound- 
tracks even have a discrete low -frequency 
effects (LFE) channel (though it can be 
folded into the other channels in systems 
lacking a subwoofer). Home theater re- 
ceivers, decoders, and preamps usually have 
line -level output jacks to feed a low-pass fil- 
tered signal to a powered subwoofer. That 
signal may include the LFE channel's infor- 
mation and the summed low -frequency 
content of other channels. 

I've discussed only bass so far, because 
that's what you asked about. But since the 
era of your AR -3a, speakers have also im- 
proved in other areas. Tweeters, for exam- 
ple, now have broader, better -controlled 
dispersion and more even off -axis response, 

so today's best speakers sound far more 
open and are better able to convey a sense 
of spaciousness. I would also say that the 
best modern speakers are more neutral and 
musically accurate than the AR -3a. Their 
frequency response is flatter, especially 
through the ultra -critical midrange. 

Of course, the work of the recording en- 
gineer and producer is crucial in creating a 
realistic -sounding recording. But if that 
recording is reproduced on a pair of loud- 
speakers with mediocre dispersion, uneven 
frequency response, and timbral coloration, 
much of its beauty and instrumental fidelity 
will be lost. 

A Fuse -Blowing Problem 
QMy power amp's left -channel fuse of- 

ten blows, even though I have installed 
surge protectors and filters in the AC line. I 
turn my preamp's volume control fully down 
before turning on the system, yet the fuse still 
blows. What should I do?-Name withheld 

AI'm almost certain there's something 
wrong with your power amp's left 

channel. Disconnect the amp's inputs and 
check to see if the left channel's heat sink 

S 

Tannoy/TGI North Americo 

300 Gage Avenue, Unit 1 

Kitchener, Ontario, Canada N2M 2C8 

519 74S 1 158 Fax: 519 7451364 
Web site: http://www.tannoy.com 

ME 
R 

This is a heart thumping, ear crunching, blood racing. spine tingling, 

hair raising. ground shaking kind of revolution! 

The excitement of a true home theater experience at an affordable pricepoint is not easy 

to come by. Tannoy has transcended the norm by providing a truly realistic sound sensation in 

an attractive, contemporary cabinet design. How do we accomplish this? Unlike many of today's 

inferior highly resonant plastic enclosures, large Mercury enclosures are constructed from 

medium -density fiberboard for its inert, low -coloration characteristics. Tannoy employs only 

the highest quality bass and treble units; in fact, all of the internal components for the Mercury 

Series were chosen for their performance parameters first. The crossover is knit with precision 

components. delivering balanced and seamless audio quality. This is the sort of performance one 

expects from a senior loudspeaker manufacturer with more than 70 years experience as the 

worldwide leader in professional studio, post. film and broadcast monitoring worldwide. 

The Mercury Series provides rich, powerful bass. dynamic, clear and accurate sound quality. 

ensuring Mercury provides not merely hype. but good, old-fashioned value. 

Mercury is at home in any application, providing the dynamic delivery of 

home theater presentations as well as punchy and accurate stereo playback. 

Its a demanding world out there, so choose the line of loudspeakers that 

are as versatile as your requirements are demanding. 



runs considerably hotter than the right 

channel's. If it does, then something in the 

left side is drawing too much current. There 

could also be serious voltage offset in the 

left channel. (If you're not handy with test 

gear, get a technician to measure this.) The 

offset problem could produce enough cur- 

rent to heat up the heat sink, or, worse, it 

could heat the left speaker's voice coil and 

eventually damage it. 

If your amp checks out okay, reconnect 

the component that usually feeds it and re- 

peat the test. Some amplifiers are direct - 

coupled, and some devices that drive a 

power amplifier might also be direct -cou- 

pled. If there is a voltage offset in that com- 

ponent, it would result in too much current 

being drawn by one channel of the power 

amp. Any additional transient pulses would 

be sufficient to blow fuses. 

Incidentally, turning your preamp's vol- 

ume control fully down before turning on 

your system is not enough to eliminate 

transient pulses: I recommend you turn the 

power amp on last and off first. 

Shielding and transmitter antenna placement 

are the only cures but workable nonetheless. 

My transmitter occasionally drifts off - 

frequency, just enough to cause signal distor- 

tion. My unit is not a phase -locked loop 

(PLL) design, and even though I've had to 

retune it only two or three times, I would still 

opt for a PLL transmitter if I were ever to set 

up another. 

Of course, any transmitter operator must 

be careful to stay on vacant frequencies and 

not interfere with FM stations. In major 

markets, finding vacant slots can be a chal- 

lenge. Some hobbyist transmitters enable op- 

eration just outside the conventional FM 

spectrum, and if your receivers can do the 

same, that is an option. (Stay off the TV au- 

dio band, however.) 

Naturally, distributing audio signals 

through a house by running cable in the walls 

is not trouble free either. As you stated, ca- 

pacitance is always a concern, as is power - 

line interference. These considerations make 

wireless signal distribution (via FM or 900 - 

MHz units) an attractive option.-Ray 
Evans, Orlando, Fla. A 

More on Home Audio 
Signal Distribution 

After reading your thoughts about home 

audio distribution ("Distributing Satellite 

Music," November 1998), I wanted to share 

my positive experience using a small FM 

transmitter to deliver music to different 

rooms in my house. 

I also faced the choice of running cable 

through my home or using a small stereo 

transmitter. I chose the FM transmitter be- 

cause I already have radios in virtually every 

room of my house, and I did not want the ex- 

pense and hassle of running cable. My trans- 

mitter produces less than 1 watt output but 

still cranks out an impressive signal. By keep- 

ing my power -supply voltage low and using 

some simple antenna tuning, the signal is 

pretty much restricted to my property line. 

And the signal is outstanding: clean, quiet, 

and as good as I would ever get from any FM 

broadcast (and without typical broadcast - 

signal compression). The concerns you stated 

about noise (compared to a hard -wired con- 

nection) do not match my experience with 

FM transmission. There are drawbacks, how- 

ever, that I must reveal. 

Any transmitter emits RF interference, 

and one of my components (a surround de- 

coder/amplifier) was especially sensitive to it. 

100% value 
A supremely elegant, neat and complete, CD music system 

combining power, performance and style. 

a classik by Linn 

LINN 
the only sound° 
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Simply call 888-671-LINN or visit our website on www.11nninc.com for reviews, dealer locations 

and information on Linn whole home multi -channel total entertainment solutions. 



Meridian's amazing new 
561 surround controller. 
At this price, 
what did we leave out? 

561 
Meridian Digital Surround Controller 

The all New 561 features 
Decode 8 channels including 
side speakers for all modes 

12 different user definable presets 

3 subwoofer outputs with variable 
crossovers for music or film with 
overload protection 

DSP tone controls 
2 - room system capability 
Expansion module for conversion of 
analogue and digital sources to second zone 

Meridian Proprietory Music Processing 
Trifield, Ambisonic, Super Stereo, Music Logic 
Meridian Lossless (MLP), Mono, Stereo, Music 

Meridian Award winning Movie 
and TV Processing 
Dolby-AC3, DIS, MPEG Surround, Dolby 
ProLogic, THX Cinema, Academy 

Easy but flexible setup 
Easy setup from the front panel or via a PC. 

Setup via On Screen Display in 
Composite and S -Video. 
RS232 link for flexible setup, system 
integration and software updates 
Two trigger outputs 

Audio Inputs and Outputs 
7 analogue adjustable inputs 
1 Digital optical input (Toslink) 
5 Digital co -axial inputs IEC 1937, IEC 958 
modular design for future 96kHz/24bit inputs 
6 analogue output channels 
8 digital output channels 
(Meridian Digital Theatre) 
2 analogue output channels (Tape and Zone 2) 
1 digital output (Tape and Zone 2) 

Video Inputs and Outputs 
4 composite inputs 
4 S -Video inputs 

S -Video to composite conversion, On -screen 

display for user and setup on both Main and 
Tape outputs for composite and S -video 

Suggested list price 54995U5 

BOOTHROYE, STUART 

/MERIDIAN 
Meridian America Inc 
3800 Camp Creek Parkway 
Building 2400, Suite 122 

Atlanta GA 30331 

Tel (404) 344-7111 

Fax (404) 346-7111 

Meridian in Canada 
Aralex Acoustics Ltd 
106-42 Fawcett Rd, Coquitlam, 
BC V3K 6X9 

Tel (604) 528 8965 
Fax (604) 527 3886 

http://www.meridian-audio.com 



Spencean 
Magnepan's Magneplanar 

MG12/QR speaker is a full - 

range, two-way, quasi -ribbon 

thin-film dipole that measures 

521/2 x 17 x 11/2 inches. 

Frequency response is rated 

at 45 Hz to 24 kHz, ±3 dB, 

with sensitivity specified as 

86 dB/ 1 watt/ 1 meter (at 

500 Hz). The speaker's fabric 

wrap is available in off- 

white, "cherry -white," black, 

or gray, with hardwood 

trim in dark cherry, natural, 

or black. Price: $950 per 

pair. (Magnepan, 800/ 

474-1646) 

M&K THX 
HOME THEATER SPEAKERS 
Qualifying for THX Select 

certification for use in 

listening rooms of 2,000 cubic 

feet or less, the 750THX 

System comprises LCR-750 

THX main front and Center- 

750THX speakers, Surround- 
550THX surround speakers, 

and the Sub V-1250THX 

subwoofer. All (except 

the sub) use the same tweeter 

as M&K's S-5000THX speaker 

and identical 5'/4 -inch woofers. 

The sub's internal 125 -watt amp 

drives a 12 -inch, magnetically 

shielded woofer. Prices: 

LCR-750THX front, $599/pair; 

Center-750THX, $299 each; 

Surround-550THX, $450/pair; 

Sub V-1250THX, $799 each. 

(MÓ'K, 310/204-2854) 

Tributaries .D VD Cables 

Tributaries' DVD Cable 
Set comprises left and right 
audio cables, paired with 
75 -ohm coaxial digital and 
S -video cables, to connect 
a DVD player's analog 
audio, S -video, and digital 
audio output signals with 
A/V components. RCA 

jacks are gold-plated brass, 
and the digital audio cable 
has two layers of shielding 
to ward off high -frequency 
noise and interference. 
Prices: $60 for 1 -meter 
length, $70 for 2 -meter 
length. (Tributaries, 
800/521-1596) 

Sennheiser 
Surround Processor 

Using Toltec 3D processing, the DSP pro is 

said to convert stereo or Dolby Surround - 
encoded source material into Virtual Dolby 
Surround when played back through 
stereo speakers or headphones. 
Controls for ambience, "virtual 
seating," and "virtual environment"- 
as well as 15 presets (including 
bass, volume, balance, and Dolby 
Surround/stereo/mono)-enable 
customization and fine-tuning 
of the surround sound. Two 
headphone sockets and 
two preset functions 10, 
facilitate use by two 
people. Price: $269.95. 
(Sennheiser, 860/434- 
9190) 
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NOW leneveileee 
CO WOOF Device 

Using filtered water as 
a lubricant in combination 
with a radial polishing 
process, the hand -cranked 
SkipDoctor, from Digital 
Innovations, is said to 
remove light -to-medium 
scratches, abrasions, 
fingerprints, and other 
surface imperfections that 
can cause CD, 

DVD, CD -R, 

KOSS 
HEADPHONES 

Intended for travelers 
and sports enthusiasts, 
the SportaPro's headband 
rotates from a conventional 
position atop the head to 
the back of the head, so you 
can wear a cap or hat. For 
portability, the SportaPro 
is collapsible and fits into 
a leatherette case; it also 
folds flat for storage. 
Frequency range is rated at 
15 Hz to 25 kHz. Price: 
$29.99. (Koss, 800/ 
872-5677) 

and CD-ROM machines 
to skip. (The company 
says SkipDoctor will not 
fix label -side scratches 
or deep gouges.) A disc 
is first sprayed with 
the supplied filtered 
water, inserted into 
the SkipDoctor device, 
cranked one direction, 
cranked in the other 
direction, and then 
removed. Price: $34.99. 
(Digital Innovations, 
888/762-7858) 

B &W Outdoor Speaker 
Engineered to withstand rain and 

sun for years, the WP1 uses a 5 -inch 
woven-Kevlar woofer and 1 -inch 
aluminum -dome tweeter. Side - 
mounted passive radiators 
extend bass response down to 
50 Hz (-6 dB) yet protect 
the WP1 from rain. Frequency 
response is rated at 70 Hz to 
20 kHz, ±3 dB, with sensitivity 
of 89 dB/ 1 watt/ 1 meter. 
The WP1, available in black or 
white, includes an adjustable 
bracket for horizontal or vertical 
mounting. Price: $550 per pair. 
(B&W, 800/370-3740) 

PANASONIC DVD PLATER 
Besides its internal Dolby 

Digital and DTS decoders, 
the DVD-A320 has a "Virtual 
Battery" mode that, says 
Panasonic, enhances 
sound localization by 
preventing AC power -line 
noise from entering 
the audio circuitry. 
A 10 -bit video D/A 
converter enables 
forward or reverse 
scanning at 100 
times normal speed 
with no video 

distortion. Component - 
video outputs feed an 
ultra -clean picture to similarly 
equipped TVs. An illuminated 
joystick remote is included. 
Price: $499.95. (Panasonic, 
800/211-7262) 

INDUCTION 
DYNAMICS 
SPEAKER 

The ID -1's two 15 -inch 
subwoofers, which operate in 
push-pull mode, are said to be 
powerful enough for home 
theater applications when 
biamped. These drivers cross 
over to a 61/2 -inch woofer at 
80 Hz. A 3 -inch soft -dome 
midrange kicks in at 700 Hz, 
followed by a 11/8 -inch inverted 
titanium -dome tweeter at 
3.2 kHz. Inductively coupled 
crossover coils create a brick - 
wall 30-dB/octave filter, claims 
Induction Dynamics, thereby 
restricting each driver to its 
effective operating range and 
reducing distortion. Price: 
$14,995 per pair. 
(Induction Dynamics, 
913/663-9770) 
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Available in black or white, 
the ProCinema 100.3 comprises 
three pieces: the ProSub 100, 

a slot -loaded, 10 -inch subwoofer 
powered by an internal 125 -watt 
amp, and two ProMonitor 100 

satellites molded of PolyStone, 
a nonresonant, high -density 
polymer. Each magnetically 
shielded satellite uses a 5'/4 -inch 

cast -basket woofer and 1 -inch 

aluminum -dome tweeter with 
a Linkwitz-Riley crossover. 

Optional ProMonitor 100s can be 

added, along with a ProCenter 
100, to set up a 5.1 -channel 
system. The ProCinema 100.3's 

overall frequency range is 19 Hz 

to 30 kHz. Price: $799. (Definitive 
Technology, 410/363-7148) 

ROTEL PREAMP/PROCESSOR 
Advanced Motorola DSP 

chips are the heart of the Model 

RSP 985, which decodes 
Dolby Digital, Dolby Pro Logic, 

and DTS with full THX 

enhancements. Post - 

processing D/A conversion is 

done by three 24 -bit ICs. There 

are six A/V inputs (each with 

composite and S -video jacks), 

six digital inputs (four coaxial, 

two Toslink), and a discrete, 

six -channel DB -25 input jack to 

handle future processing 

formats. The RSP 985 has 

multizone/multisource 
capability plus an on -screen 

display; it comes with a 

learning remote. Price: $1,999. 

(Rotel, 800/370-3741) 

Krell 
MONO AMP 

Available with left or right 
heat sinks or in symmetrical 
pairs, the FPB 650M is rated to 
produce 650 watts of Class -A 

power into 8 ohms, 1,300 watts 
into 4 ohms, and 2,600 watts 

into 2 ohms. The amp's CAST 

(Current Audio Signal 
Transmission) circuitry senses 
and amplifies current rather 
than voltage, which Krell says 

makes the FPB 650M immune 
to the impedance characteristics 
of the interconnect cable feeding 

it. Price: $13,000 each, $26,000 

per pair. (Krell, 203/799-9954) 

PARASOUND TUNER/PREAMP/PROCESSOR 

Besides performing 
automatic setup and level 
calibration (with the help of a 

supplied mike), the AVC-2500 

has separate, 24 -bit DSP chips 

for Dolby Digital, DTS, and 

THX Ultra processing. There 

are eight digital inputs (four 
coaxial, two optical, one 

AES/EBU, and one laserdisc 
AC -3), six A/V inputs 

(composite and S -video), two 

component video inputs, and 

six audio -only inputs. Features 

include a "party" mode that 
sends a summed mono signal 
to every speaker, two -zone 

operation, a 20 -preset AM/FM 

tuner, and a digital attenuator 
that detects and eliminates 
digital overload. Price: $3,295. 
(Parasound, 415/397-7100) 
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InnerSound Eros is a bi -amplified Hybrid Electrostatic loudspeaker system including 400 watt base amplification and active crossovers. 
"This is the first speaker system to succeed at sonically marrying a dynamic woofer with an electrostatic for mid and upper frequencies, and it is the first electrostatic system of any kind (either full -range or hybrid) to furnish truly excellent quality bass." - Peter Moncrieff, International Audio Review 
"The first reflected highs you hear arrive about a week later than the direct sound. The result is that the Eros sounds so clear you almost can't believe it." 

- Dr Robert Greene, Fi Magazine July 98 
"...this is a warm, most romantic sounding speaker ... warmer and more romantic than you'd expect an electrostatic design to be, and with considerable dynamic 'snap' and gradation. All of which would be as nothing if things didn't sound so alive." - Harry Pearson, The Absolute Sound, May/June 98, Issue 112 
"Truly stunning." - Chris Beeching, Audio Quarterly 
InnerSound Inc., 1700 Hwy 16, Whitesburg, GA 30185 USA. Tel: (770) 838 1400. Fax: (770) 838 0111 
Innersound (UK), International House, Horsecroft Road, Harlow, Essex CM19 5SX. Tel: 44 1279 442700. Fax: 44 1279 442701 

INNER/OUND 
www. I n n e rSo u n d. N et 



LUSCIOUS LOGIC 
Home theater is supposed to be 

where surround shines. But I 

haven't really been bowled over 

by the modest A/V surround system in my 

bedroom or the multimedia setup in my 

home office. And though I applaud the ad- 

dition of surround to home music systems, 

I've not exactly bruised my palms with 

clapping. No, the most impressive surround 

I've heard in the past few months was in 

two Volvos: the C70 coupe and S80 sedan. 

I'd always half -suspected that the car 

would be a great place for surround. Now 

that I've heard Circle Surround in my own 

car and Dolby Pro Logic in the Volvos, I 

know my suspicions were correct. On the 

road, surround's main benefit is that it adds 

ambience-and ambience is very scarce in 

cars. (Even a big car's interior is a lot small- 

er than any room in your house that isn't 

known for its plumbing. And car acoustics 

are weird, with glass casting harsh reflec- 

tions and lots of upholstery soaking up 

sound and cutting reverberation time. Mu- 

sic wasn't meant to be heard in such 

spaces.) Surround supplies the big -hall am- 

bience and lets the music breathe. It lets me 

breathe, too; in surround, I find the music 

far more relaxing. 

You will not get 

such ambience 
from car stereo 

DSP, mainly be- 
cause it adds extra 

reverb-especially 
to the front chan- 
nels, where it only 

muddies up the 
sound. (If that's 
what you heard at 

concerts, you'd de- 

mand better seats.) 

Surround decoders, 
however, extract 
natural ambience already in the recording. 

The ambience from a good surround sys- 

tem helps make up for the car's 

strange acoustics and the fact 

that, wherever you sit, you're far 

closer to one speaker than the 
others. With surround, the sonic 

environment of the recording 
venue overrides the limitations 
that the car's acoustics impose. 

Whether the perspective's ac- 

curate is another story. The CDs 

I've played through Circle Sur- 

round and Dolby Pro Logic de- 

coders in cars have included ster- 

eo recordings and CDs encoded 

for Circle Surround, Dolby Sur- 

round, and a few other matrixes. 

Only when the disc and the play- 

T'hc buttons controlling surround are convenientl 

placed at the top of the Volvo S80's heed unit. 
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back system used the same matrix could I 

trust the instrument locations. And al- 

though playing stereo material in surround 

does not give you exactly what the record's 

producer intended, it's still magnificent, es- 

pecially in the car. 

Whatever the perspective, instruments 

were more firmly localized in the C70 and 

S80 than in my own car. I credit that to the 

Volvos' factory -installed center -channel 

speakers and to some of the modifications 

Volvo made to its Pro Logic decoder. Nor- 

mally, a center speaker firmly localizes 

sound in the middle of the front sound 

field. Though that's right where you want it 

in a home theater, because you're already 

looking there to watch the screen, it's not 

necessarily right for the car, where you're 

facing down the road instead of toward the 

center of the dash. So Volvo added a Bi - 

Phantom Frontal Locator circuit, which 

feeds part of the center -channel signal to 

the left and right speakers. This localizes the 

sound dead ahead of you. By turning a cen- 

ter -channel level control, you can move the 

image toward the car's center line or away 

from it. 
Another change to the basic Pro Logic 

circuit was made because the Volvos, like 
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news notes 
If you can't see the NXT SoundVu 

speaker on this notebook computer, 
that's because it's invisible-but it's 
there. However, you won't see it in 

stores for a while. 
SoundVu, which shares 

part of its technology 
with NXT's flat -panel 
speakers, is ultra - 
thin, transparent, 

and can be bond- 

ed directly to 

plastic or 
glass 

surfaces. 
Potential applications 

include computers, video, and car, 
stereo. 

Lucasfilm now has two Home THX 
standards. The original standard has 
been renamed THX Ultra, and a new 
category, THX Select, has been 
added to accommodate mid -priced 
home theater components-including 
VCRs, which must pass a battery of 
viewing and listening evaluations and 
lab tests. 

This futuristic -looking gadget is 

Sennheiser's Surrounder, a surround 
sound collar. Because it rests on 
your shoulders, not your head, it 
can be heavier than headphones 
without causing dis- 
comfort. And be- 

_.. 

cause it does 
not turn when your head does, you 
don't feel the sound field shifting 
mysteriously as you move. Designed 
for computer gaming, the Sur - 
rounder is $249.95. 

most cars, deliver most of their bass 
through their rear speakers. To ensure full 
bass in Pro Logic mode, the low bass is fil- 
tered out of the two -channel signal before it 
goes to the decoder and is fed directly to the 
surround channel. 

With CDs, I could set the Volvo systems 
for full Dolby Pro Logic decoding, Dolby 3 

Stereo (which puts three channels across 
the front but does not decode the surround 
channels), or plain stereo. For FM listening, 
the choices were just Dolby 3 or stereo. Ac- 
cording to Hans Lahti, who's worked on 
Volvo's sound systems since 1995, "You can 
get funny reactions if you're driving in an 
area with changing reception quality. When 
the reception goes between stereo and 
mono in such areas, the sound in the sur- 
round channel cuts in and out." I didn't 
notice this with the Circle Surround de- 
coder I tried in my car last year, but the rear 
channels did get noisy when FM reception 
was poor; I don't know if this would hap- 
pen with Pro Logic. 

I really enjoyed what Dolby 3 Stereo did 
for FM. It firmed up the soundstage and 
gave me a sense of fullness and spacious- 
ness without muddying up the sound. Even 
so, I missed having full surround for FM lis- 
tening. (Volvo is beginning to supply it on 
the C70 and should have it on the S80 
soon.) The Volvos' Pro Logic circuits pro- 
duced such luscious ambience from stereo 
CDs that I'd expect them to do the same 
from FM. 

Both Volvos were comfortable, respon- 
sive, and fun to drive, which put me in a re- 
sponsive mood, and both (especially the 
S80) were quiet enough to let me hear nu- 
ances reasonably well. Yet although their 
sound systems were similar in principle, 
they differed quite a bit in detail. The C70's 
surround system had a double -DIN Alpine 
head unit, with slots for cassette and a 

three -CD magazine, and a center -channel 
speaker that stood out from the dash like an 
afterthought. The S80's center speaker was 
faired smoothly into the dashtop contours, 
and its Mitsubishi head unit had a single - 
CD slot, no tape player. Both cars had sound - 
system controls on their steering wheels 
and tuners equipped for RDS. 

The Alpine head unit in the C70 coupe is 

also used in the C70 convertible and V70 
wagon. These three cars have identical 
dashboards but wildly differing acoustics. 
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So the head unit carries four equalizer 
curves and automatically selects the right 
one for whichever model it's installed in. 
Why four EQ curves for three models? Be- 
cause the convertible gets separate curves 
for top -down and top -up operation-auto- 
matically selected, of course. That will let 
your surround shine where the sun does, 
weather permitting. 

Solid -State 
Centennial 

Officially, solid-state electronics is just 
over a half -century old, based on the 
transistor developed at Bell Labs in 

1947. Unofficially, it hits the century mark 
this year, the anniversary of Ferdinand 
Braun's 1899 patent for a crystal detector. 
Braun's detector, a semiconductor crystal 
contacted by a single wire, was the "cat's 
whisker" of crystal radios; in modern ter- 
minology, it was a diode. 

Diodes can rectify current, but triodes 
can amplify it. Throughout the tube era, re- 
searchers tried to create solid-state amplify- 
ing devices. Julius Lilienfeld, a German sci- 
entist, patented a field-effect transistor in 
1926 (although 
there's no proof 
he ever got it 
working). Rob- 
ert W. Pohl, an- 
other German, 
made a solid- 
state amplifier 
in 1938 that used 
salt as its semi- 
conductor, but 
it was too slow 
to be practical. 
William Shock- 
ley tried in 1939, 

without success. 

Bell Labs' original 
point -contact transistor 

Shockley's later work did lead to the 
point -contact device invented by his col- 
leagues at Bell Labs, John Bardeen and Wal- 
ter Brattain, in 1947. But for all the publicity 
it garnered, it was not the device that started 
modern solid-state electronics. The credit 
for that must go to the bipolar transistor, 
which Shockley invented a month later. 



DVD Recorders? 
Hold Your Wallet, 
Not Your Breath 

ill DVD recorders supplant 
VCRs? Probably, but not this 

year. 

There's no shortage of technology avail- 

able. That's half the problem: too many 

companies offering technologies that do the 

job but aren't compatible with one another. 
/ At least three types 

of recordable DVD 

are now available 
or computer use, 

nd only one is 

laimed to be read- 

able on existing 
DVD-ROM drives 

and DVD players. 

The other half of 

the problem is the 

need for copy pro- 

tection. It's safe to 

sell DVD recorders for computer use, but 

any company that brings out a stand-alone 

DVD recorder for home theater will almost 

certainly be hip deep in lawsuits within 

days. Analog technology's replacement by 

digital has made the music and film indus- 

tries a lot warier of home recording than 

they were even when the movie studios sued 

Sony in an attempt to kill home VCRs. 

Furthermore, there's not much to record on 

DVD yet. You won't find digital video out- 

puts on DVD players nor, as far as I know, 

on digital TV equipment. You will find digi- 

tal audio outputs on DVD players, but vir- 

tually all of them downsample 96 -kHz au- 

dio to 48 kHz. About the only unrestricted 

digital A/V connections you'll find are the 

IEEE -1394 jacks on digital camcorders and 

video editing gear and on a few (mostly 

Sony and Macintosh) computers. 

t. That will all change once the film, music, 

áand home theater companies agree on a 

3 copy -protection system everybody can live 

with. For now, plenty of competing protec- 

tion systems are being proposed, with no 

-2 signs of any gaining the upper hand. I've 

eheard there will be some industry -wide 

agreement by the end of this year, maybe by 

this summer. But even if that does happen. 

the hardware standards need to be pinned 

down. 
It took about 15 years from CD's intro- 

duction until affordable CD recorders hit 

the stores. It's taken far less time for DVD 

recording to become possible, and making 

it practical shouldn't take too much longer. 

But if recordable DVD takes too long to 

launch, it will find some newer recording 

system nipping at its heels. 

New Life for 
Old CDs 

hat can you do with unwanted 

W CDs and CD-ROMs? Readers of 

the British magazine New Scien- 

tist came up with some interesting sugges- 

tions. Enver Yousuf of Cookham, Berkshire, 

proposed stringing them together to make 

modern versions of 1970s bead curtains. 

Derrick Hastings of Mill Lane, Cheshire, 

hangs them above the fruits and vegetables 

in his garden to scare birds away. Mark 

Roberts (no address given) turns them into 

furniture glides. Kriss Buddle, of London, 

melts them into homemade Frisbees by 

centering each disc in a cereal bowl, stack- 

ing six more bowls above the disc, and heat- 

ing everything in an oven for 20 minutes. 

Peter Macinnis, of New South Wales, Aus- 

tralia, having given the matter much 

thought, submitted a baker's dozen sugges- 

tions. The most practical was notching the 

discs' edges to make circular saw blades for 

cutting balsa wood and Styrofoam. But my 

favorite was to put CDs around a goldfish 

bowl, shiny side in, so the fish will feel less 

lonely and hemmed in. 

news notes 
Harman Kardon has introduced a 

DVD player with computer serial 

ports. The RS -232 and RS -485 ports 

on its Signature 3.0 are for connec- 

tion to computerized or touchpanel 

control systems. 

"Pure Malt" may sound like a 

strange name for speakers, but it's a 

logical one: The oak for the cabinets 

of these limited -edition loudspeakers 

comes from barrels once used by Sun- 

tory for aging whisky. Pioneer intro- 

duced the model in Japan late last 

year. 

Power -operated doors are nothing 

new in car stereos, where they un- 

cover CD and tape slots or make 

the head unit "disappear" when you 

park. Neither reason explains the 

doors on Kenwood's Excelon car 

amps. Closed, they cover the controls 

and cooling fan but can be opened 

by operating a switch on the amp it- 

self or on an Excelon head unit. And 

should the amp's temperature reach 

176° F, the door will open automati- 

cally and the fan will turn on. 

Garrard, once one of the world's 

largest turntable manufacturers, is 

back from the dead. Loricraft Audio In- 

ternational, in Marlborough, England, 

is the current owner cf the trademark. 

It is now rebuilding Garrard 301 and 

401 transcription tables and has intro- 

duced a new model, the 501. 
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DEFINING AFFORDABLE HIGH END LOUDSPEAKER CABLES 

Twenty years of avant-garde 

manufacturing and engineering enables 

I<IMl3ER I<ABLE to offer the most 

significant 'sane' loudspeaker cables 

in High End audio. 

The Monocle, BiFocal (biwire) and 

TriFocal (triwire) cables allow signal to 

flow untouched by external vibration 

and RF influences. Each model 

has been engineered and precisely 

manufactured by KIMBER I<ABLE 

to deliver the highest fidelity while 

maintaining a conservative price. 

Visit our web site or contact us for more 

information and your nearest dealer. 

Monocle X - $58o eight foot pair* 
Monocle XL - 88o eight foot pair* 

Sixteen 
discrete 
conducting 
mediums 
(çawg / 6mm) 

KIM3ER KABLE 
!¡/7 

" \ (f 1!L i' C 

2752 South 1900 West Ogden Utah 84.4.01 801-621-5530 fax 801-627-6980 www.kimher.com 



MIhat kind of a number se - 

quence is this? Nothing 

more than the channel 
count in the evolution of 

sound reproduction in 

the home. We start with 

mono, progress to stereo, and (ig- 

noring quad) arrive at the five -chan- 

nel system that now dominates 
movie sound and is becoming in- 

creasingly important for straight 
music recording. The "ten" in the se- 

quence refers to something altogeth- 

er new, something that was demon- 

strated in January at the Consumer 

Electronics Show in Las Vegas. 

While first-day attendees were lis- 

tening to progress reports on 

DVD-Audio and Super Audio 

CD at the Convention Center, 

Tom Holman was busy at the 

Alexis Park Hotel, site of the 

high -end audio exhibits, 
putting the finishing 
touches on his 10 -channel 

playback system. (He ac- 

tually refers to it as a 10.2 - 

channel system, because 

there are two subwoofers 

in it, but it's the other 
channels that are of pri- 
mary interest.) 

The roots of this system 

go back at least to the In- 

ternational Alliance for Multichan- 

nel Music in 1996. At this confer- 

ence, Holman observed that to 

obtain a significant improvement in 

spatial impression it is necessary to 

effectively double the number of 

channels. The biggest problem for 

Holman was not deciding the num- 

ber of channels, but where to put 
them. It would be so easy to waste 

precious channel capacity by putting 

some of them where their benefit 
would be marginal. With that in 

mind, he surveyed the literature in 

psychoacoustics to determine where 

the wide -range speakers in a 10 - 

channel system should logically go. 

Holman's search corroborated 
two fundamental observations. First, 

our ability to localize sound sources 

is greatest in front of us, where aural 

and visual cues can be compared and 

CURRENTS 
JOHN EARGLE 

ONE, TWO, FIVE, TEN 
...AND COUNTING 

correlated. Second, our judgments of 

spaciousness in any listening envi- 

ronment depend a great deal on ran- 

domly related reflected sounds from 

broad zones to the left and right of 

us. Curiously, our angular acuity in 

those directions is fairly weak, which 

is why we turn our heads and look if 

we want to identify a specific source 

direction. Holman also considered 

the nature of sound in typical con- 

cert halls, where direct sound from 

the stage is followed almost immedi- 

ately by a volley of enveloping reflec- 

tions from the sides and then by the 

development of a truly random, 
global field of reverberation. 

Taking these somewhat divergent 

observations as a starting point, to- 

gether with the standard five -chan- 

nel layout of three front speakers and 

two surround speakers to the sides, 

Holman developed his assignments 

for the additional five channels. He 

determined that three standard front 

channels (left, center, and right) are 

sufficient for a listener to pin down 

direct on-stage events over a total in- 

cluded angle of about 60°. These 

needed to be supplemented, howev- 

er, by a more widely spaced front 
pair, to reinforce the earliest side re- 

flections. Holman located these 

channels at angles of about ±60° rel- 

ative to the forward listening axis 

and in the same plane as the three 

main front channels. 
The next addition was a prosceni- 

um pair. In typical concert halls, a 

great deal of sound is reflected down 

toward the audience and contributes 

to a sense of overall envelopment. 

Holman put the loudspeakers for 

these channels at a 50° elevation, 
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with a horizontal spacing of approximately 
±30° relative to the forward listening axis. 
(That is, more or less above the main front 
left and right speakers.) 

The wide -front and proscenium channel 
pairs are fed from appropriately placed mi- 
crophones. The primarily reverberant out- 
put from these speakers typically arrives at 
the listener less than 100 milliseconds after 
the direct sound from the three main front 
loudspeakers. 

The final supplement to the main speak- 
er array was a single rear center surround 
loudspeaker. The two 
conventional surround 
speakers are usually 
placed at angles of 
±110° to ±120° relative 
to the forward axis. 
(That is, slightly rear- 
ward of the sides of the 
listening position.) 
They are normally 
placed higher on room walls than the front 
channels and are often of dipole design, for 
increased diffusion. The rear center channel 
locks in place the back -of -the -room contri- 
bution to reproduced reverberation, re- 
gardless of head orientation. 

With these five new channels, Holman 
expected the listener would be immersed in 
an acoustic environment where normal 
head movements would cause little, if any, 
impairment of the rock -solid stability of 
the perceived sense of space. In support of 
this thesis, he presented a 20 -minute music 
and effects program at CES. The demon- 
stration was conducted in a darkened room 
so that visual cues-which in the small 
space would often be quite contrary to the 
auditory ones-were eliminated. 

The program began with a ping-pong 
game in simple stereo, which in short order 
became a flurry of balls seemingly coming 
from everywhere! Two symphonic exam- 
ples followed. Inasmuch as these recordings 
are experimental and intended for technical 
evaluation only, Holman has asked that I 

not identify their source. The orchestral 
performances were thoroughly profession- 
al, however, and the recording venue was 
spacious and reverberant. 

With one of the recordings, an excerpt 
from a choral/orchestral performance, I 

conducted an interesting experiment: I 

turned off the rear three channels. What I 

then heard was a naturally spacious presen- 
tation from the front half of the listening 
room. After all, there were four channels of 
early reflections in addition to the three 
channels of direct pickup. Engaging the 
three rear channels "livened" the overall 
sound through the addition of more rever- 
beration, but the overall sense of envelop- 
ment did not significantly increase. 

Another experiment involved cutting off 
the front four supplementary channels 
(wide and proscenium) and listening to the 

channels in combination 
with the three rear 
channels. A familiar 
problem cropped up: 
I always felt the urge 
to turn up the rear 
channels to provide 
the sense of ambience 
and envelopment 
that was, in this 
experiment, missing 

from the front of the room. As a result, the 
level of the rear trio of channels became 
very critical; what worked for one seating 
position simply did not work for the seats 
one row in front or farther back. It's a com- 
mon problem in five -channel direct/ambi- 
ent recordings that lack early side -oriented 
reflections in the surround channels. 

So the purpose of doubling the number 
of channels is not to double the number of 
point -source positions (although this 
might possibly be appropriate for certain 
works, such as Hector Berlioz's Requiem or 
William Walton's Belshazzar's Feast, where 
off-stage brass ensembles are called for). 
Rather, the purpose in doubling the num- 
ber of wideband channels is to heighten the 
sense of realism and, coincidentally, free up 
the fore-and-aft seating constraints. With a 
10 -channel system like Holman's, I believe 
it would be possible to reproduce surround 
sound quite credibly in a room seating up- 
wards of 40 or 50 people-with just a little 
breathing space around the loudspeakers. 

In the demonstration, Holman also 
played a passage of pop music that had 
been extensively "rechanneled" to take ad- 
vantage of the extended palette of spatially 
diverse early reflections. It worked well, 
which means nobody's pop multitrack 
master tapes can really be called obsolete 
until some interesting experiments in re- 
mixing have been conducted. 

three main front 

DOUBLING THE NUMBER 
OF CHANNELS HEIGHTENS 

THE SENSE OF REALISM 

AND RELAXES 

SEATING CONSTRAINTS. 

A 
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MONDO AUDIO 
KEN KESSLER 

(DIGITAL) 
BROADCAST NEWS 

A 

dmit it. Although the United 
Kingdom may be a backwa- 
ter country desperately as- 
piring to Third World status, 
it does on occasion come up 
with the goods. True, the 

British Empire is now reduced to a 

sheep -covered rock in the South At- 
lantic; the passing of Diana has 
robbed it of its prime celebrity; 
Rolls-Royce, Rover, and Bentley are 
German (oygevalt), while Jaguar and 
Aston -Martin are American; and 
British rock circa 1999 simply sucks. 
But the odd glimmers of excellence, 
innovation, and bravery remind me 
of why I was inspired to move here 
from America. (How curious it is to 
be vindicated by something as unim- 
portant as this year's British sweep of 
the Oscars. Say what you like, but fi- 

nancing and Gwyneth Paltrow aside, 
Shakespeare in Love is a British flick.) 

This time, it's the lead in digital 
broadcasting. Arcam, though hardly 
a world player, beat the major-league 
Japanese brands by releasing the 
"World's First 
Digital Radio 
Hi-Fi Tuner." 
For nearly a 

year, the launch 
of this partic- 
ular product 
has given the 
company 
something to 
crow about, the latest instance being 
a breathless follow-up press release 
that must have been written with a 
new word processor that had a func- 
tion key for "Overstatement." 

Maybe I'm in the minority, im- 
mune to the seductive hype, because 
I absolutely despise British radio. (It 
is easy to do if you grew up on the 
fringes of a reception area where lis- 
teners could hear Cousin Brucie, 
Murray the K, and other DJs whose 
boots their British equivalents were 
unworthy of licking.) I find it amaz- 
ing that anyone, including a PR hack, 
can show enthusiasm for a medium 
that has been, and continues to be, ham- 
mered by cable, satellite, the Internet, 
and other media feeding free sound 
into the home. (Calling it "digital" 
can't disguise it from being mere 
"radio.") But Arcam's Rob Follis de- 
serves a medal for trumpeting the 
launch of digital radio with such 
ebullience, feigned or real. 

Whatever cynicism I'm demon- 
strating is the byproduct of wit- 
nessing myriad format launches for 
more than a quarter -century. Given 
that the world was far less jaded in 
the decade after World War II and 
probably a nicer place to be, regret- 
tably I was too young to notice that 
the LP was replacing the 78, mono e 
was losing out to stereo, and tubes zñ 

were all but replaced with transis- 
tors. At the time, I was more interest- 
ed in Howdy Doody and Captain 2 
Kangaroo. But I did witness-first as 
a consumer, then as a retailer, and fi- 
nally as a writer-the births or 
deaths of 8 -track, cassettes, Elcaset, 
pre -Dolby surround sound (quad), 
dbx, DAT, DTS, CD, DVD, laserdisc, 
CD+G, CD -I, CD -V, and too many 
others to allow something as minor 

as digital radio 
to set my pulse 
racing. I'd be 
far more im- 
pressed by a 

button on a 

tuner that can 
send 50,000 
volts to a DJ's 
private parts 

every time he says something inane 
or plays a Celine Dion track. 

Still, in a period best described as 
a lull-while we wait for DVD-Au- 
dio and possibly Super Audio CD to 

ARCAM'S ROB FOLLIS 

DESERVES A MEDAL FOR 

TRUMPETING THE LAUNCH 
OF DIGITAL RADIO 

WITH SUCH EBULLIENCE. 
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reach the market-companies like Arcam 

have to work all that much harder to grab 

one's attention. Everybody in the retail 

trade, the audio press, and, yes, the buying 

public expects a steady flow of new product 

announcements, but they're usually of the 

new amp/new speaker/new player variety. 

Nothing earth -shattering, just introduc- 

tions of new models, most of which are 

made in the month of January. What we 

need on occasion-from, say, March to 

September-is something truly fresh, if not 

always truly exciting. 

It was Arcam's task, in promoting its Al- 

pha IODRT digital tuner to alert the world 

to the first actual digital radio broadcasts. 

(You in the United States are also in a tran- 

sitional period at this very moment, only 

for something far more rewarding: high - 

definition television. This shows you the 

difference in priorities: You guys get killer 

TV; we get to hear overpaid cretins droning 

on with greater fidelity.) The birth of digital 

radio reminds me, unfortunately, of the 

launch in the last decade of stereo TV (via a 

system called NICAM in the U.K.). Numer- 

ous press reports touted the wonders of 

stereo as applied to television shows; a 

quarter of my life later, I'm still waiting for 

the local transmitter to deliver two -channel 

sound for the BBC networks. Anyway, after 

a good six-month lead-in, in which it was 

impossible to escape hearing about the Al- 

pha 10DRT, it was announced on March 

15th that true digital radio broadcasts could 

be plucked from the ether. 

Or, as Arcam's Rob Follis put it in a wide- 

ly dispersed e-mail: "Radio changes irrevo- 

cably on March 15 and the U.K. becomes 

the first country in the world where there is 

a national Digital Radio network, and 

thanks to Arcam, the only one where a con- 

sumer can walk in to a hi-fi shop and actu- 

ally buy a Digital Radio." 

A little editing wouldn't have hurt, but 

you get the drift: "We beat the Yanks." Or, 

rather, "they" beat the Yanks, for I am 

still-and forever will be-a Yank. 

Then the real breast -beating com- 

menced. If Follis were truly a child of the 

computer era, his press release would have 

arrived via the Net accompanied by stream- 

ing digital audio-in particular, the strains 

of "Rule Britannia," "God Save the Queen" 

(not The Sex Pistols' version), and "Land of 

Hope and Glory." Instead, the release mere- 

ly stated, "Digital Radio arrives Mon. 15 

March and it doesn't come from Osaka, 

Seoul, or Silicon Valley." Take that, Asia and 

America! "U.K. beats the world with na- 

tional Digital Radio On -Air Now." Ditto! 

"ARCAM of Cambridge U.K.," it contin- 

ued, "beats the world to introduce: The 

World's First Digital Radio Hi-fi Tuner- 
the Alpha 10DRT." Double ditto! 

"Cutting -Edge Digital Technology De- 

signed And Built In The U.K." and "Arcam, 

the U.K.'s leading manufacturer of quality 

hi-fi, is proud to announce retail availability 

IT'S A DIFFERENCE IN 

PRIORITIES: YOU GET 

KILLER TV (HDTV); WE 

GET OVERPAID CRETINS 

IN HIGHER FIDELITY. 

of the world's first home Digital Radio Tuner 

(DRT), the Arcam Alpha 10DRT. The Future 

of Radio starts here!" And "The A10DRT is 

in full production and from Monday March 

15, 1999, will be available nationally through 

around 100 Arcam hi-fi dealers within range 

of a BBC Digital transmitter." 

Aah, there's the rub: "within range of a 

BBC Digital transmitter." In other words, 

everyone who lives outside of London is ex- 

cluded. Follis, ever the optimist, revealed, 

"All BBC stations are on -air now and over 

60% of the U.K. can already receive BBC 

Digital Radio programmes. Rapid expan- 

sion of the network is planned and Com- 

mercial Radio goes live in October 1999. 

"Digital Radio," the release said, "is the fu- 

ture-it will replace all current broadcasting 

over the next decade. There is one fixed tech- 

nical standard [this is not Betamax]. The fu- 

ture is assured, even for early adopters. Exist- 

ing MW/LW/FM transmitters will all be 

turned off within 10-15 years." 

Oops, there goes my Sequerra and my 

Marantz IOB. 

"The Alpha 10DRT," the release contin- 

ued, "is a genuine world first. The first 

home DRT to be developed and the first to 

go on retail sale. This is a stand-alone com- 

ponent, easily added to any hi-fi system, 

much as one would add a new CD Player. 

The cost is £800 [approximately $1,280], re- 

markable value for high performance hi-fi, 

incorporating radical new technology. In 

real terms, it is less than half the price of a 

CD Player when CD started in 1984 and, 

once you've bought it, the music is free. 

Hundreds of units have been pre -sold to ra- 

dio & hi-fi enthusiasts and broadcasters." 

Maybe Pfizer should have used Rob Follis 

to launch that other great British invention: 

Viagra. 

Under "Reasons to Buy Digital Radio," 

Follis really let rip with the superlatives: 

"`Near CD' Digital sound quality-the 
sound is markedly better than current FM 

Stereo and blows MW & LW into the dust. All 

digital programming will be in stereo (except 

sports commentaries). Connected through a 

hi-fi system, the A 10DRT brings the studio or 

concert hall right into the home. 

"Interference -free reception-no hiss, no 

snap, crackle & pop, no birdies, just clear, 

clean sound. 
"Existing stations," Follis's release 

promised, "go national in stereo-Virgin & 

Talk, currently available nationally in poor - 

quality mono Medium Wave, will now be 

available in Digital Stereo, as will Classic 

FM and BBC Radios One to Five. 

"Many new Digital Only stations-the 
BBC is already transmitting live Parliamen- 

tary broadcasts and increased live sports 

coverage. Extra music programming fol- 

lows shortly. From October '99 there will be 

seven brand-new Digital Only commercial 

stations-the only way to hear them is to 

buy a Digital Radio. 

"Never again turn on the radio and won- 

der what you are hearing-a built-in display 

shows full text info on songs, plays, presen- 

ters, etc. Tuning is easy because all stations 

can be found by name." Which is something 

we've enjoyed in part for years with RDS. 

But let's not allow that to undermine the 

launch. A 

Further to my column in the April 

issue about the British hi-fi industry's 

changing fortunes, I am pleased to report 

that Epos has survived its transfer from 

Mordaunt-Short to Michael Creek of Creek 

Audio. Epos will be operating as a separate 

company and maybe reached at: 2 Bellevue 

Rd., Friern Barnet, London N11 3ER, Eng- 

land; phone, 011 44 181 361 6734; fax, 011 

44 181 361 4136; epos-acoustics@ibm.com; 

www.epos-acoustics.com. 
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1 started, as most things seem to 
th ays now that I've settled into my 
30 with some brash young punk spout - 

ff something that jolted me with a 
fear for the survival of man both as 
itnal and a society. This kid was a 

onkey, an I.S. geek. You know the 
oung male gearhead, the kind of 

rho in my day drooled over hi-fi 
ma but nowadays doesn't so much read 

as look at the pictures, so he's "up 
on'echnology" but thinks Linux sucks 

umb and drags a blanket around. 
rung tech monkey was sitting in 

on a meeting at the Audio offices recent- 
ly, hunched over a Powerpoint-loaded 
laptop and jabbing at the keys while his 
organ grinder, a well-groomed and 
dynamic fellow in his 40s, gave us a well- 
groomed and dynamic presentation on 
that latest of Internet marvels-MP3. 

MP3 (full name: MPEG-1 layer -3) is 

all the rage these days, and with good 
reason. This popular "freeware" com- 
pression format lets you shrink PCM 
audio files (like CD tracks) down to less 
than a tenth their original size, so you 
can shoot them over the Net in mere 
minutes instead of hours. Download any 
one of the dozen or so free MP3 en- 
coders and playback software floating 
around the Net (www.MP3.com is where 
the toys are), and you can turn your PC 
into a serious audio fun box in the time 
it takes to peel a ripe tangelo. 

The reason MP3 is so hot right now, 
despite the almost total lack of interesting 
program material on the Net, is because 
every goateed ryberpundit is yammering about how MP3 will spell 
the end of the recording industry. In other words, "Why would I buy 
CDs or DVDs at Tower if I can just troll the Web for free MP3 files 
and play 'em on my PC instead?" The operative model here seems to 
have come from "Why should I pay five bucks for a copy of D -Cup 
when I can download all those daily freebies off alt.binaries.pic- 
tures.of.I.don't.care.what.it.is.just.so.long.as.it's.naked?" It's a 
model that I'm sure covers most, if not all, of the bases in your aver- 
age goateed cyberpundit's world, but probably not yours or mine. 

I mean, I have lots of fun with MP3, but I view it as simply a fast 
and convenient way to e-mail music back and forth to friends for a 
quick listen, in a format that sounds pretty good but is obviously 
not distortion -free. It's certainly no replacement for high -quality 
music formats like CD or DVD-Audio, although I'm heartened by 
all the hubbub that MP3's kicking up, because any time kids get 
juiced about audio, I'm all for it. 

But lost in the buzz about MP3 is a rational discussion of just 
how good it sounds in the first place. This is perfectly understand - 
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What Does 
It Really 

Sound Like? 
by Corey Greenberg 

able. When I first heard an MP3 file, I was pleasantly surprised, 
and I'm a seasoned audiophile. It's amazing that MP3 sounds as 
good as it does, considering that more than 90% of the original 
PCM digital data is tossed out with the coffee grounds and fish 
heads by the time the MP3 encoder is finished dumbing it down to 
a Music McNugget. A kid whose primary music system is a boom - 
box, shelf system, or the little plastic speakers that came bundled 
with his PC could be entirely forgiven for hearing no difference 
between the two whatsoever. And when one file takes up less than 
a tenth the space on a hard drive, which one do you think is going 
to win out? 

Back at the MP3 presentation to the Audio editors, tempers were 
flaring. You just don't toss off cheery pronouncements like "MP3 
offers CD -quality sound!" and "MP3 can take the place of an 
entire hi-fi system!" in front of veteran audio pros like Ed Foster 
and Dan Kumin unless you're looking to get all of the skin blis- 
tered off your head, which is pretty much what happened to this 
poor fellow. 
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And that's when our young tech monkey, clearly in way over his 
head, suddenly jumped to his beleaguered boss's defense with, 
"He gu s MP3's digital, right? So that means it's CD quality!" 

Yeesh. id got drowned out in an avalanche of howls, I 
ught ab t what he'd said and why. Certainly a young tech 

monkey of day isn't going to find a review of MP3's sound qual- 
i ^' the ges of Wired, or even in most hi-fi mags, for that mat- 
te ins ad of giving the kid a lecture he'd just ignore anyway, I 
de o sit down and actually do a fair and comprehensive 
co ` arison to settle, once and for all, whether MP3 really is "good 
enough" for music. 

Since MP3 is primarily a PC -based audio format, I used two 
computer setups to compare favorite CD tracks with their MP3- 
encoded versions. My trusty Dell Dimension XPS desktop served 
as the first test bed. The Dell is a fully loaded 350 -MHz P -II 
screamer (well, a year ago it may have "screamed like a white 
`v^** Little Richard used to say, but that was before the new 
500 -MHz machines came out) with 128 megabytes of RAM, a 16 - 
gig hard drive, a Plextor 8X20 SCSI CD- 
R drive, and Event's audiophile -grade 
Gina sound card with 20 -bit A/D and 
D/A as well as S/P DIF digital input and 
output. This is my main recording rig, 
and lately it's been hitched up to an 
NAD Model 116 preamp, which feeds 
line -level audio to a pair of NHTPro's 
excellent new M-00 active near -field 
monitor speakers, crossed over at 80 Hz 
to an NHT SW3P subwoofer. This has 
proven to be an outrageously good 
monitoring system; sitting at my desk 
with these high -resolution near -field 
speakers just a few feet from my face, I 

hear things on CDs plain as day that 
used to take the almighty resolving 
power of big Grado headphones to 
tweeze out of a mix. 

But that's the audiophile -approved, best -case scenario. Back in 
the real world, lots of people work and play on laptops. So almost 
as a lark, I also did a round of comparisons on an IBM Thinkpad 
560X, a 200 -MHz Pentium MMX notebook PC with 96 megabytes 
of RAM, a 2 -gig hard drive, external Ricoh SCSI CD -R drive con- 
nected via an Adaptec PC card SCSI adaptor, and a built-in Crystal 
Semiconductor -based sound card of decent (though hardly audio- 
phile -grade) quality. No special playback gear was used with the 
Thinkpad; monitoring consisted of simply plugging a pair of 
Grado SR -60 headphones into the IBM's stereo headphone jack! 
And, of course, the IBM/Grado rig turned out to be the most 
revealing test of the differences between straight PCM and MP3 
digital audio. Whether it's PC -based audio or high -end audio in 
the living room, it's always the same deal: No matter how much I 

try to set up an optimized, idealized test bed for reviews, it's always 
the real -world setup that turns out to be the most illuminating. 

To move the CD audio onto my hard drive for the MP3 encod- 
ing and the side -by -side comparisons, I used Syntrillium 
Software's Cool Edit Pro audio editor to convert the stereo CD 

tracks to uncompressed Windows PCM .WAV files and to play 
them back during the listening tests. (A free two -channel -only 
"lite" version, Cool Edit '96, is available for downloading at 
www.syntrillium.com.) 

Generating MP3 versions of these same audio tracks was a piece 
of cake with Telos Systems' Audioactive Production Studio MP3 
encoder, which compresses .WAV files into MP3 files (you can get 
a 30 -day working trial version of the software at www.audioac- 
tive.com). Because Audioactive Production Studio is just an 
encoder, I used the popular (and free) Winamp MP3 player 
(www.winamp.com) during the comparisons. 

One thing that no one seems to mention when they're jizzing 
about MP3 is how long it actually takes to make MP3 files. It's not 
like WinZipping a data file in a matter of seconds; MP3 encoding 
takes a long time-longer than the song, in most cases. A fast 
Pentium II rig with lots of RAM helps greatly, but even with my 
beef -injected Dell desktop, it took a while to make the MP3s. 
Forget about doing an entire CD in minutes. That's going to take 

you an hour, while your PC slows down 
everything else in the process. 

It's also been my experience that the 
ultimate sound quality of MP3 encod- 
ing tends to vary not only with the kind 
of encoder software you use (I've had 
mixed results with some of the freeware 
available on www.mp3.com, though 
anything using the "Fraunhofer" 
scheme, like the Audioactive encoder, 
generates good -sounding MP3s) but 
also according to the kind of music 
you're working with. Because the com- 
pression is so aggressive, it's sensitive to 
the spectral balance and intensity of 
whatever audio you feed the encoder. 
Slow, languid classical music is real easy 
for MP3 to clone without serious audi- 
ble consequences. But try compressing 

some full -on rock with a steady bass line, loud electric guitars, har- 
mony vocals, and in -your -face cymbals, and you start to hear all 
kinds of weird, phasy crap filling in the gaps where some of the 
music used to be. 

All that in mind, I chose an assortment of much -loved CD 
tracks for the comparisons. The MP3 files were held to the same 
44.1 -kHz sampling rate as CD, with the data rate scaled down to 
the de facto MP3 standard 128 kilobits per second. Some have 
reported better -sounding results encoding MP3s at higher bit 
rates, but that makes for larger files, which kind of begs the ques- 
tion of what exactly are we accomplishing here? In any event, files 
with bit rates lower than 128 kbps sound pretty nasty, while going 
higher doesn't improve the sound enough to make a much larger 
file worth the extra modem time. No wonder, then, that 128 kbps 
has become the MP3 standard on the Net; it definitely offers the 
biggest bang per bit with the current generation of MP3 encoders. 

Despite all this tech spew, creating an MP3 file from a CD track 
is really easy. I loaded each CD into the CD -R tray-any standard 
CD-ROM drive with digital audio extraction (DAE) capability will 
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work fine in this application-and captured its output with Cool 

Edit Pro as a straight PCM .WAV file. Then I converted the files to 

MP3 with Audioactive Production Studio, saving the original 

.WAV files for later comparison. 

The tracks I chose were The Beatles' "Taxman" (Revolver), 

Guided By Voices' "Watch Me Jumpstart" (Alien Lanes), John 

Coltrane's "My Favorite Things" (My Favorite Things, recently 

remastered on Atlantic), and David Bowie's "She Shook Me Cold" 

and "All the Madmen" (The Man Who Sold the World). 

les' an" features a spare electric rock mix, while 

knit Le on/McCartney harmonies present MP3 with 

ge of p serving both voices without audible artifacts. 

atch Me umpstart" is a great song by a great band, but 

t lo -fi an mainly mono. It serves here as a stand-in for 

indie rock today, which is mostly engineered by faux - 

dumb -asses posing as "analog minimalists." Trane's "My 

hings" is straight -ahead, cleanly recorded stereo '60s 

feature enough searingly 

e 

e clos 

e cha 

BV's 

e mix 

nearly 
anarchi 
Favorit 
jazz, w 

recorde 
guitar, 
fuzz ba 

RAWK! 

car 

he two full -on Bowie cuts 

mbals, thick Mick Ronson 

d bottomless, out -of -control 

-not to mention the most 

nflected vocals of Bowie's 
to..iaafi any perceptual en- 

coder's ability to perform clean, trans- 

parent audio compression on a busy, 

full -range mix. Plus, I just like the 

music. 
I'll cut to the chase: No matter 

which track I used for the comparison, 

MP3 didn't even come close to "CD 

quality." I mean, it's really good for 

doing a bite -sized Music McNugget to 

e-mail to your friends, but as some- 

thing to listen to in place of CDs or, 

soon, DVD-Audio discs? Not a chance. 

For those children who may still be up 

at this hour, Mistah Corey's here to tell 

you that just because it's digital doesn't mean that MP3 has CD - 

quality sound. It has roughly the same degree of grunge and col- 

oration as a cassette dub. In fact, they sound quite similar overall. 

Depending on the music track, I heard varying degrees of the 

same three characteristics from every MP3-encoded file I col , 

pared to the original PCM track: (1) a noticeable roll -off in the 

highest octaves; (2) an edgy emphasis in the low treble, which 

added a tinny, unwelcome distortion to vocals, horns, and guitars; 

and (3) less low-level detail, such as reverb tails and echoes-the 

"ambience" that gives the sense that the music is happening in a 

real room. 
Some of the tracks sailed through MP3 encoding with fewer 

dents and dings than others. The Guided By Voices cut was the 

only one that didn't suffer significantly from its conversion to 

MP3, probably because it's a mono recording to begin with and 

very dirty and band -limited, to boot. Although Alien Lanes is one 

of my very favorite records of the last 10 years, GBV's Robert 

Pollard recorded it on a crummy four -track cassette "Portastudio." 

So there's no real low end-no real high end, either-and lots 

cool, shattering distortion that may or may not have been in 

Pollard's original game plan. I made a very careful cassette dub of 

this CD for a girlfriend once, and she asked me if it were a boom - 

box tape I'd made from the last row at one of the band's concerts. 

Lo -fi in all its glory-MP3 goes with this kind of stuff like Shields 

goes with Yarnell. 

The other MP3 tracks suffered from more audible coloration, 

though in different areas. The Beatles' "Taxman" lost its top end, 

while Paul's ripping guitar solo took on a raspier edge. But what 

stuck out like a sore thumb was what MP3 did to Paul's and John's 

harmony vocals: The data compression made them sound like one 

vocal track run through a Hanger, with some random, phasy crap 

swirling underneath. The Coltrane MP3 track sounded pretty 

close to the CD tonally, but his saxophone came across a bit dirtier 

and the lively, "wet" studio ambience behind all the musicians 

dried up considerably. 

Each of the Bowie tracks uncovered a different problem with 

MP3. "She Shook Me Cold" features a monolithic, early Sabbath 

sludge riff; later on, Bowie drops out and 

lets the band move into sort of a power 

trio tribute to Cream (producer/bassist 

Tony Visconti even stops playing com- 

pletely toward the end, just like Jack 

Bruce used to do in the middle of songs 

whenever he felt like walking over to the 

drumkit and punching Ginger Baker's 

lights out). This Ryko-remastered CD of 

a 1971 recording pulls off that "loud but 

clean" thing as well as anything on my 

shelf, but via MP3 the song loses much 

of its glossy sheen and the instruments 

sound like they're scraping against each 

other. This track suffered the greatest 

sonic damage from its conversion to 

MP3. The other Bowie track, "All the 

Madmen," starts off with Bowie singing 

over acoustic guitar strums and a flute 

section straight out of the Enchanted Forest. After MP3, Bowie's 

voice loses much of its stark clarity, and the nice, fat studio reverb 

swimming around his vocal track largely vanishes. The damage 

here is more subtractive than additive (as in the case of "She 

Me Cold"), but the fact remains that the sound of both 

ngs is obviously changed, and not for the better, by the effect of 

P3 encoding. 
If you haven't messed around with MP3 yet, you should give it a 

. It's a lot of fun, and you can really get caught up in trading 

usic over the Net and the like. But music lovers-specifically 

ung music lovers-who are looking to MP3 as a primary music - 

livery medium will ultimately be disappointed by its sound 

ality if they ever listen on a good audio system. We should really 

nsider MP3 as merely a cool way to send audio files across the 

quickly and easily without mucking up the sound as badly as 

alAudio or other streaming audio formats. If you think of it as 

e e-mail equivalent of a cassette dub, MP3 makes a lot of sense 

r a lot of people, including me. But CD -quality sound, it's not. 

otdiiy a long shot. 

ust because 
it's digital 

doesn't mean 
that MP3 has 

CD -quality 
sound. 

A 

AUDIO/JUNE 1999 
33 



S 

EQUIPMENT PROFILE 
EDWARD J. FOSTER 

SONY DVP-S7700 
DVD PLAYER 

ony's newest DVD player, the DVP- 
S7700, looks a lot like its first, the 
DVP-S7000 (May 1997 issue); they 
share a distinctive touch, a display 
panel that normally hides the disc 
tray and many of the controls. Fortu- 

nately, the similarity is not just skin deep. 
The S7700 is a most worthy successor to the 
S7000, acclaimed by just about every re- 
viewer (including me) as perhaps the finest 
DVD player yet produced. 

Dimensions: 17 in. W x 43/8 in. H x 
131/4 in. D (43 cm x 11.1 cm x 33.5 
cm). 

Weight: 15.4 lbs. (7 kg). 
Price: $1,199. 

Company Address: 1 Sony Dr., Park 
Ridge, N.J. 07656; 201/930-1000; 
www.sel.sony.com. 

But before I go into how good the DVP- 
S7700 is, let me describe it. First, it has just 
about every connection you could want. Like 
the S7000, the S7700 has simultaneous video 
output in all three 
consumer formats: 
NTSC composite, S - 

video (which is also 
called Y/C, or lumi- 
nance/chrominance), 
and component (color 
difference). Duplicate 
sets of composite- and 
S -video outputs enable 
you to feed more than one TV. All RCA jacks 
are gold-plated, including the video jacks, 
the two sets of stereo analog audio connec- 
tors, and the coaxial digital -audio output. 
As there is also a Toslink optical digital con- 
nector, this Sony player can feed virtually 
any downstream processor. 

The DVP-S7700 goes beyond its prede- 
cessor in being able to pass DTS signals to 
an external decoder and in having D/A con- 
verters that can handle 24 -bit audio sam- 
pled at 96 kHz. Its digital outputs, however, 
can't pass 24-bit/96-kHz signals; because of 
an industry -wide copy -protection agree- 
ment, these signals are converted to 16- 
bit/48-kHz before being handed off to other 
components. Although the S7700 can read 
video DVDs and audio and video CDs, it 
cannot read CD-ROMs, Photo CDs, or the 
data areas of CD-Extra discs and DVD- 
ROMs. Thanks to its dual -laser pickup, the 
S7700 recognizes CD -Rs, which most DVD 
players do not. 

With its front panel closed, the DVP- 
S7700 looks deceptively simple. On the left 
are the power switch and its two-color LED 
for on/standby as well as a gold-plated 
headphone jack and its level control. On the 
right are the buttons that control the panel 
and disc tray. Most of the panel is blank 
save for the display, three tiny transport 
buttons, and an LED that indicates when 
DTS recordings are playing. (No DVD play- 
er I know of decodes DTS internally, so 
those recordings can't be heard via the 
headphone jack or the analog outputs on 
the back.) When you press the buttons that 
control the disc tray or open the panel, the 
panel swings out and slides down to reveal 
the tray and additional buttons. To the left 
of the tray are buttons for setup, video 
noise reduction, and moving to the previ- 
ous or next section of a disc. To the tray's 
right are buttons to display disc titles and 
menus and to return to the prior menu 
screen. There's also a four -arrow cluster 

and an "Enter" pad 
for navigating the on- 
screen menus. 

All the functions 
I've described, and 
more, can be con- 
trolled from the sup- 
plied remote. Even 
though the remote is 

preprogrammed to 
control a number of companies' TVs and 
A/V receivers (the default settings are for 
Sony products, naturally), this isn't a learn- 
ing remote; you can't "teach" it to recognize 
additional control codes. 

Like the S7000's remote, the DVP- 
S7700's is slightly wider than the norm, giv- 

SONY'S DVP-S7700 
IS A WORTHY SUCCESSOR 

TO THE UNIVERSALLY 

ACCLAIMED S7000. 
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ing it room for buttons that are large 

enough and far enough apart for normal - 

sized fingers to operate. Many of the pads 

can be distinguished by touch. Some of the 

most important ones glow slightly in the 

dark, as do the volume and muting controls 

for your sound system and the buttons 

for TV channel, volume, and source 

("TV/Video"). 
A ring on the remote can be used as a 

shuttle or jog control. In shuttle mode, you 

can change play speed (normal, two levels of 

slow motion, or fast play at two, ten, or thir- 

ty times normal speed) and direction. When 

you press the "Jog" button (which then 

lights up), the S7700 switches to frame -by - 

frame play, forward or back, at a rate deter- 

mined by how far you turn the ring. A pad at 

the center of the ring replicates the four -ar- 

row pad on the player's front panel for navi- 

gating on -screen menus. 

As with most DVD players, the S7700's 

setup menus present options for dynamic 

range control (compression for late -night 

listening) and parental control (to restrict 

children's viewing of certain discs). You're 

also given choices for the default language 

for soundtracks, subtitles, and menus. (Not 

all DVDs support these features, however.) 

Some of the setup options you'd use to 

match the DVP-S7700's operation to your 

MV system are fairly common, too. On the 

video side, you can set the picture format 

to 16:9 widescreen, 4:3 letterboxed, or a 

screen -filling 4:3 "PanScan." Options are 

more plentiful on the audio side. You can 

choose to have the Sony's digital outputs 

deliver Dolby Digital signals to a suitable 

surround decoder or to deliver a two -chan- 

nel mixdown if your Pro Logic decoder 

works in the digital domain (using analog 

connections would entail needless conver- 

sions to and from the analog domain). If 

your system has no DTS decoder, DTS out- 

put can be disabled to prevent noise from 

being heard when DTS discs are played. 

Other setup menus are distinctly uncom- 

mon. You can, for example, turn off the dig- 

ital outputs altogether, to preclude any pos- 

sibility of contaminating the analog audio 

with digital noise. You can select a "Sharp" 

or "Slow" characteristic for the digital filter 

that removes out -of -band artifacts from the 

output signal. "Track Selection" lets you 

choose whether or not the S7700 will give 

priority to the soundtrack that contains the 

most channels. (Some players 

default to a disc's two -channel 

soundtrack, which is desirable only o 

if you don't have a Dolby Digital 

decoder.) You can also switch in 

an attenuator to reduce analog 

output level; this will prevent 

overloading downstream MD con- 

verters. 
There's still more to the setup 

list. You can elect to have a blue or 

black screen background when the 

player is stopped. You can choose 

whether the S7700 starts playing as 

soon as you apply power to it 

(timer mode), does nothing un- 
til you command it to (normal 
mode), or goes into one of its two 

demo modes (mainly for use by 

dealers). You can set the front - 

panel display to be bright, dim, 

or off altogether. 
Needless to say, the Sony DVP- 

S7700 provides the usual DVD fea- 

tures (multi -angle viewing, multi- 

ple audio languages, multiple 

subtitle languages, and so forth) 

when it's playing a disc that sup- 

ports them. You can set the Sony +0.8 

for repeat play, programmed play, +0.4 

and random play (though I doubt z 0 
anyone would want random play of 

anything but CDs). 
-0.4 

You can choose how much infor- -0.8 

mation the on -screen display will 

convey. The simplest level shows 

where you are on a DVD and the 

S7700's operating mode. The next 

level adds info about the DVD's fea- 

tures (languages, camera angles, 

and surround) and which of them á +s 

you're using. The final screen shows +a 

all of the above plus the current bit 

rate-interesting to techno-freaks 

like me. 

Information about a DVD's fea- 

tures and where you are on the disc 

also appear in the DVP-S7700's 

front -panel display. But what im- 

pressed me most was that it shows 

index numbers on CDs that have them and even in CD players. As you can see, this 

that you can advance to specific index player is just loaded with goodies. 

points. You can't skip from one index point 

to another (you must enter both the track Measurements 

and index numbers each time)-but to The reason the Sony DVP-S7700 has an 

have indexing at all is a rarity these days, audio attenuator became clear when I 
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measured its analog output level for a full- 
scale (0-dBFS) recording. With the attenua - 
tor off, it was 1.5 dB higher than the quasi - 
standard 2 volts, which could perturb a 
touchy A/D converter. The attenuator took 
care of this by reducing the output almost 
precisely 6 dB. After testing the attenuator, I 

left it off. The headphone jack also had sub- 
stantial output, enough to drive just about 
any headset to an adequate level. Output 
impedances were fine, although a bit lower 
impedance on the line output wouldn't 
have hurt. 

Figure 1 shows the DVP-S7700's fre- 
quency response with both of the "Audio 
Filter" setup options. The "Sharp" filter 
provides maximally flat response up to 20 
kHz, then attenuates information very 
steeply above that point (not seen in the 

10k 20k 

graph). The "Slow" filter, in order 
to be even marginally effective in 
reducing beat noise, has to start 
rolling off within the audio band; 
even so, the "Sharp" setting re- 
duces aliasing far more effectively. 
Some audiophiles, chiefly in 

o Britain, are in love with "slow" fil- 
ters. With all due respect, I find 
that preposterous! Why would I 

want to listen to gobs of intermod- 
ulation between the clock signal 
and the music's high notes and 
overtones? Maybe this hash is sup- 
posed to compensate for the treble 
rolloff the "Slow" filter produces, 
but I suspect that a few self-styled 
"golden ears" believe "different" 
sound means "better" sound. 

I made all my audio measure- 
ments using both filter settings, to 
show just how bad things get with 
the "Slow" filter and also how ter- 
rific they are with the "Sharp" set- 
ting. I've included results in the 
graphs and "Measured Data" for 
"Slow" filtration only when they 
differed from the "Sharp" results to 
a significant degree. 

Now to return to Fig. 1, there's 
no ripple in any curve, but the 
curves taken with the "Sharp" filter 
are essentially dead flat to 20 kHz 
while those with the "Slow" setting 
begin to roll off above 5 kHz. (I 
stopped the "Slow" curves at 17.6 
kHz because the output contained 

more intermodulation distortion than true 
signal at higher frequencies.) Output levels 
with both settings are almost identical 
(within 0.03 dB), and the channels are very 
well balanced. 

Although I couldn't plot the two filters' 
responses above 20 kHz, they can be in- 
ferred from the wildly differing curves of 
total harmonic distortion plus noise (THD 
+ N) versus frequency in Fig. 2. This graph 
compares distortion for both filters with 
the standard analysis passband of 22 kHz 
and for the "Slow" filter setting with my an- 
alyzer's bandwidth increased to 80 kHz. 
Widening the passband may not seem 
cricket, but a 22 -kHz passband makes sense 
only if the ultrasonic artifacts (residual car- 
rier and beats) in the output signal are so 
minuscule that they won't cause problems 

THIS IS ONE 
DVD PLAYER 

THAT BEGS TO BE 

SERIOUSLY LISTENED TO. 

and will remain inaudible. But here a 12.5 - 
kHz signal produces a 31.6 -kHz beat whose 
level is fully 21% of the desired signal (only 
13.5 dB down), and a 16 -kHz tone creates a 

28.1 -kHz beat at 35.5% (only 9 dB down)! 
Such high -amplitude beat products can't be 
ignored. They might be inaudible by them- 
selves, but they could cause trouble in your 
power amplifier and speakers. 

The cure was simple. When I switched 
back to the S7700's "Sharp" filter, the beats 
vanished. In Fig. 2, in fact, this player's 
THD + N with the "Sharp" filter is so low in 
level that it almost falls off the bottom of 
the graph. Simply by switching from the 
"Slow" to the "Sharp" setting, the S7700's 
D/A converters miraculously go from being 
among the worst performers vis-à-vis THD 
+ N to among the best! 

The choice of filter did not seem to affect 
D/A converter linearity at 1 kHz (Fig. 3). 
With dithered recordings-which are, 
thankfully, about all you can buy these 
days-Sony's converters are utterly mar- 
velous; DACs don't come any more linear 
than this! 

Figure 4 shows one channel's fade -to - 
noise linearity error. These results are mar- 
velously good! I averaged the data to remove 
the statistical variation caused by dithering; 
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MEASURED DATA 

('1)li) 
Line Output Level: 2.37 V at 0 dBFS. 

Line Output Impedance: 790 ohms. 

Headphone Output Level: Maximum 
voltage, 4.87 V; maximum power, 29.3 

mW into 600 ohms and 27.5 mW into 

50 ohms. 
Headphone Output Impedance: 175 

ohms. 
Channel Balance: ±0.06 dB. 

Frequency Response: "Sharp" filter, 20 

Hz to 20 kHz, +0, -0.12 dB; "Slow" 

filter, 20 Hz to 17.6 kHz, +0, -2.72 dB. 

THD + N at 0 dBFS, 20 Hz to 20 kHz: 

"Sharp" filter, less than 0.0049%; 
"Slow" filter, less than 42.8% with 22 - 

kHz measurement bandwidth and less 

than 60% with 80 -kHz bandwidth (see 

text). 
THD + N at 1 kHz: "Sharp" filter, below 

-92.9 dBFS from 0 to -90 dBFS and 

below -96.1 dBFS from -30 to -90 
dBFS; "Slow" filter, below -87.1 dBFS 

from 0 to -90 dBFS and below -96.6 
dBFS from -30 to -90 dBFS. 

Maximum Linearity Error: Undithered 
recording, 0.86 dB from 0 to -90 dBFS; 

dithered recording, 0.15 dB from -70 
to -100 dBFS. 

S/N: A -weighted, 125.7 dB; CCIR- 
weighted, 119.8 dB. 

Quantization Noise: -95.6 dEFS. 

Dynamic Range: Unweighted, 98.4 
dB; A -weighted, 101.2 dB; CCIR- 
weighted, 92.1 dB. 

Channel Separation: Greater than 111.6 

dB, 125 Hz to 16 kHz. 

I) 

Luminance Frequency Response: 0.5 to 

4.2 MHz, +0.4, -0 dB; less than 2 dB 

down at 5.5 MHz. 
White (Luminance) Level: 102 IRE. 

Black -Level Accuracy: No measurable 
error. 

Gray -Scale Accuracy: No measurable 
error. 

Chrominance Frequency Response: Less 

than -2 dB down at 2.75 MHz. 

Chroma Level Accuracy: Multipulse 
method, -0.3 dB; color -bar method, 
0% to 2%, depending on color. 

Chroma Phase Accuracy: No meas- 
urable error at any color. 

Chroma Differential Gain and Phase: 

No measurable error. 

Chroma-Luma Time Displacement: No 

measurable error. 

Overshoot: 0 IRE. 

Chroma Burst Level: 40 IRE, peak to 

peak (perfect). 
Sync Pulse Level: 41 IRE (1 IRE high). 

the noise contribution of the D/A converter 

and the output amplifier was around -116.8 

dBFS (and some of that probably came from 

my test analyzer). The noise floor is thus 

down between the 19th and 20th bits -can't 
say I have ever seen better. 

Figure 5 compares THD + N versus level 

at 1 kHz. I used the same analysis band- 

width (22 kHz) for both filters, to place 

them on the same footing. (If you look at 

the 22- and 80 -kHz "Slow" curves of Fig. 2 

at 1 kHz, you'll see each curve has just be- 

gun to rise above its noise floor by about 

the same amount. This convinced me it 

would be okay to use the 22 -kHz passband 

for both filters in Fig. 5.) The difference be- 

tween the two sets of curves in Fig. 5 is not 

as significant as it might appear, since I've 

used a very sensitive scale for THD + N in 

order to make it easier to see. Compared to 

other converters, Sony's DACs do very well 

with the "Slow" filter, but with the "Sharp" 

option, they're simply fantastic! From 0 to 

-10 dBFS, distortion is clearly higher with 

the "Slow" filter. Below -18 dBFS, "Slow" 

seems better than "Sharp," but the tiny dif- 

ference (a dB or so) can be traced to re- 

duced high -frequency noise caused by the 

"Slow" setting's treble rolloff. As far as I'm 

concerned, the "Sharp" option is preferable 

in this regard as well as all others. 

The DVP-S7700's dynamic range and 

quantization noise were as fine as I've ever 

measured -even from CD players. Figure 6 

shows noise for a "silent," unmodulated, 

digital track and for a track modulated with 

a 1 -kHz signal at -60 dBFS. Except between 

150 Hz and 4 kHz (where a 1 -kHz signal 

overrides it), noise in the modulated (top) 

curve is below -100 dBFS at all audio fre- 

quencies. The rise above 20 kHz indicates 

that Sony makes effective use of noise shap- 

ing to achieve this remarkable perform- 

ance. The noise floor is even lower on the 

"digital silence" curve, because the S -7700's 

D/A converters mute when the -signal is un - 

modulated (as do most DACs). Note also 

the virtual absence of hum (the 120 -Hz 

component at -140 dBFS in the bottom 

curve is hardly meaningful), which shows 

that Sony did an excellent job with the 

S7700's circuit layout and grounding. 

Figure 7's plots of interchannel crosstalk 

look ordinary enough -until you notice 

how very low the crosstalk is. At 1 kHz, 

worst -case separation is 135 dB; even at 16 

kHz, it's about 112 dB. This is further evi- 

dence of Sony's excellent circuit layout and 

grounding. 
Lately I've been critical of the DACs 

Sony's been using in some products, be- 

cause I know that the company can make 

some of the finest D/A converters on this 

planet. I've yet to find a CD player that 

sounds better than Sony's CDP-XA7ES or a 

DVD player that could significantly better 

the DVP-S7000's sound. Well, Sony is now 

back in the saddle. The DVP-S7700's con- 

verters are nothing short of terrific if you 

use them with the "Sharp" filter. 

With one minor exception, it's hard to 

fault the S7700's video performance; the re- 

sults in "Measured Data" read like perfec- 

tion personified. Chroma response, which 

is difficult to test accurately, was down a bit 

more at the composite output than on 

some players. (And I'm not sure you'd see 

the slight chroma rolloff on any TV that has 

composite -video inputs only.) At the com- 

ponent (color -difference) outputs, chroma 

response held up very well out to the ends 

"of the measurement range, and luminance 

response was down less than 1 dB at 5.8 

MHz. First-rate! 

Use and Listening Tests 

A player like Sony's DVP-S7700 begs to 

be listened to, and listened to seriously. 

Some people who buy it (maybe most) will 

never take advantage of the excellent D/A 

converters hidden inside. They'll transfer 

multichannel soundtracks in the digital do- 

main to a surround processor or A/V re- 

ceiver and therefore listen to music in stereo 

via that route, too. But it would be a pity: 

It's a rare processor whose DACs come 

close to equaling those in the S7700. If I 

owned this player, I'd use separate connec- 

tions for music and home theater. For mu- 

sic, I'd use the S7700's analog output (and 

I'd make sure I had one of the increasingly 

rare preamps or receivers that simply pass 
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analog signals rather than screw them up by 
digitizing them and then passing them 
through mediocre DACs). Only for movies 
would I use a digital link, to take advantage 
of Dolby Digital surround. (I'm assuming 
you have a Dolby Digital decoder. If you 
don't, get with it!) 

I auditioned the DVP-S7700 both ways. 
For music, I used it in an all -analog system 
in my listening room with a Bryston BP -20 
preamp, a Bryston 4B -ST power amp, 
and Mirage 0M-8 speakers. In my home 
theater, I connected it through an EAD 
TheaterMaster Ovation MV preamp to a 
five -channel Adcom amp and Paradigm 
speakers. I evaluated video on a Pioneer 
rear -projection monitor. 

I put the DVP-S7700 up against my refer- 
ence CD player, a Sony CDP-XA7ES, the 
stiffest competition I know of. I wouldn't 
say the S7700 was quite as smooth and ef- 
fortless as the XA7ES, but it came remark- 
ably close. Since both machines can play 
CD -Rs, I dealt up one of my own, a piano 
recording of Debussy's "Estampes" I made 
in the Bruno Walter Auditorium of the Per- 
forming Arts Library in Lincoln Center. The 
sound was a tad less fat and a bit drier on the 
$7700, but its balance was equally good. 
Overall, the sound was excellent, certainly 
the best I've heard from a DVD player. 

Anne-Sophie Mutter's rendering of the 
Sibelius Violin Concerto, with Previn and 
the Staatskapelle Dresden (DGG D112075), 
was recorded using Deutsche Grammo- 
phon's 4D system. (That is about as all- 
digital as a recording can get: Signals are 
digitized by stacked 18( -bit A/Ds at the mi- 
crophones, and the resultant 21 -bit data is 

mixed digitally in a proprietary console.) 
The CDP-XA7ES was a tad smoother on the 
violin overtones, but I'm not convinced it 
was "more accurate" in this respect. Image 
depth was better on the XA7ES, too. But I 

could really get involved with the sound of 
the DVP-S7700, which is about the best en- 
dorsement I can give. 

Ditto for the 20 -bit recording of Music of 
Manuel de Falla (Dorian DOR 90210), 
made in Venezuela with the Simón Bolívar 
Symphony Orchestra of Venezuela under 
Eduardo Mata. The S7700 was exceedingly 
clean and did a marvelous job on the bass 
clarinet. It reproduced the varying colors of 
Marta Senn's voice pristinely-again, not 
with the depth of the XA7ES, nor quite as 
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smooth and effortless, but an eminently 
satisfying sound nonetheless. Telarc's re- 
cording of Bach's Mass in B Minor (CD 
80233), which I'd originally turned to for 
checking how the S7700 handled index 
marks, sounded better to me on this DVD 
player than on my CD machine; the S7700's 
slightly brighter sound seemed to liven up 
Robert Shaw's plodding performance and 
too -careful soloists. 

In my home theater, with the EAD Ova- 
tion supplanting the S7700's DACs (and 
sounding marvelous), I paid closest atten- 
tion to the Sony's video performance and 
features. The S7700 had the best slow and 
fast motion I've seen from a DVD player. It 
never stumbled, always found "I" frames to 

THE SONY DVP-S770O'S 
VIDEO RESOLUTION 

WAS NOTHING 
SHORT OF MAGNIFICENT. 

lock onto, and patched them together in the 
smoothest fashion imaginable. Further, it 
worked in reverse as well as it did in for- 
ward; what most DVD players do in reverse 
is best described as ludicrous. 

Although I could not see any effect from 
pushing the DVP-S7700's video noise - 
reduction button (nor had I measured any 
effect), this didn't bother me in the slight- 
est; I don't understand why one needs video 
noise reduction in a DVD player. All the 
usual DVD features worked fine, and pic- 
ture resolution was nothing short of mag- 
nificent. The tightest portion of the tightest 
wedge patterns on a test DVD were clean as 
a whistle, and they extended to 5.8 MHz- 
about 465 lines. Whatever's on a DVD, the 
S7700 will resolve it. 

The Sony DVP-S7700 is my favorite 
DVD player so far. I like it even better than 
the DVP-S7000, and that's saying a lot. 
Highly recommended! A 
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EQUIPMENT PROFILE 
D. B. KEELE, JR. 

SNELL ACOUSTICS 
XA 90ps SPEAKER 

Seldom do I get really excit- 
ed about a speaker I am 
about to test. But when I 

first received press informa- 
tion on Snell's new five - 
speaker XA series of high - 
end stereo and home theater 
speakers, I was especially 
enthusiastic about two ac- 
tive -woofer tower systems 
that head the line, the XA 

90ps (reviewed here) and the XA 75ps. 
They seemed to have almost every feature I 

would have included had I designed them 

myself. XA, which stands 
for Expanding Array, is a 

technique to control ver- 
tical directivity down to 
much lower frequen- 
cies than is typical in 
comparably sized speak- 
ers. It is the brainchild 
of Snell's president and 
chief designer, David 
Smith. 

Since my (favor- 
able) review of 
Snell's $1,400/pair E.5 
tower (Audio, Sep- 
tember 1998), the com- 
pany has been busy de- 
signing and producing 
new speakers and updat- 
ing previous models. 
The Snell lineup now 
comprises more than 30 
speakers in six series. 
(The models in the XA 

series also include two 
center -channel speakers 
and a surround speaker, 
the SR 30mp. The latter 
is an intriguing dual - 
mode design that can 
be switched to radiate 

either a diffuse -field dipole pattern or a 

direct -field monopole pattern.) 
The XA 90ps is a large, floor -standing 

tower with a total of eight drivers. The sys- 
tem has two woofers, two lower mid- 
range drivers, two upper midranges, and 
two tweeters (one on the front and one on 
the back). The two 10 -inch woofers are 
mounted vertically on the lower half of the 
front baffle and are driven by an internal 
300 -watt amplifier. 

The rear panel is all business. Starting 
from the top, it carries a 1 -inch dome 
tweeter, four large ports, the input termi- 

AUDIO/JUNE 1999 
42 

nals, and the woofer amp's heat sink, pow- 
er -cord socket, and controls. These include 
several bass -related switches and knobs that 
Snell calls environment -compensating con- 
trols. Among them are a single -band para- 
metric equalizer that enables separate ad- 
justment of boost and cut levels, center 
frequency, and bandwidth; switches for the 
rear tweeter; and a boundary control affect- 
ing mainly the lower midrange. An infrared 
remote control lets you adjust the tweeter 
and bass levels and "Bass Shape." 

All the XA speakers share the same de- 
sign philosophy based on the D'Appolito 
array, a symmetrical driver arrangement 
named after its originator, Joseph D'Ap- 
polito. This array positions identical, paral- 
lel -connected midranges or woofers above 
and below a central tweeter to achieve a 
completely symmetrical vertical radiation 
pattern. 

A D'Appolito array is fairly common in 
home speakers, showing up in nearly 10% 
of the models I have tested for Audio in the 
last decade. Unfortunately, most of these 
D'Appolito designs have suffered from nar- 
row vertical dispersion at crossover, largely 
caused by wide separation of the midrange 
drivers relative to the wavelength of the 
crossover frequency. Usually, the wide spac- 
ing was imposed by the drivers' size, which 
prevented their acoustic centers from being 
positioned close together. 

Snell minimizes this problem in the XA 
series by using small midrange drivers and 
placing them close to the tweeter. Typical 
speakers have midrange/woofers whose 
diameters are 4 to 6 inches; the XAs' mid - 

Rated Frequency Response: 32 Hz to 
22 kHz, ±3 dB. 

Rated Sensitivity: 90 dB at 1 meter, 
2.83 V rms applied. 

Rated Impedance: 4 ohms, nominal. 
Recommended Amplifier Power: 100 to 

300 watts. 

Dimensions: 541/2 in. H x 11 in. W x 
191/2 in. D (138.4 cm x 27.9 cm x 49.5 
cm). 

Weight: 125 lbs. (56.8 kg) each. 
Price: $7,000 per pair; available in 

cherry or black painted oak veneer. 
Company Address: 143 Essex St., 

Haverhill, Mass. 01832; 978/373-6114; 
www.snellacoustics.com. 



ranges are just 21/2 inches in diameter! These 

are combined with a 1 -inch dome tweeter 

(crossed over at 3 kHz), in a compact D'Ap- 

polito assembly that Snell calls a midrange - 

tweeter -midrange (MTM) module. (The 

MTM, which operates down to 400 Hz, is 

used in all the XA speakers.) The MTM's 

tweeter is set into its front panel in a mildly 

flared depression that restricts its vertical 

radiation and improves the speaker's time 

coherence. 
The XA 90ps also has two larger, 61/2 - 

inch, lower midranges positioned symmet- 

rically above and below the MTM module. 

This assembly forms a larger D'Appolito ar- 

ray with the MTM at its center. It operates 

down to 100 Hz, where the 10 -inch pow- 

ered woofers kick in. 

BUILT-IN PARAMETRIC EQ 

GIVES THE XA 90ps 

MORE BASS ADJUSTABILITY 

THAN ANY OTHER SPEAKER 

I'M AWARE OF. 

Except for the rear -baffle tweeter, which 

is a 1 -inch dome mounted near the top of 

the cabinet, all of the Snell's drivers 

are in a vertical array on the front panel. 

The two 10 -inch woofers appear to be 

housed in separate, cylindrical black enclo- 

sures, slightly larger than the woofers, that 

extend from the front to the rear of the cab- 

inet. Looks are deceptive, however, because 

the inside of the enclosure is accessible 

acoustically to both woofers; together with 

four vent tubes opening at the back of the 

cabinet, it forms a large bass -reflex system. 

The vent tubes, 21/2 inches in diameter and 

9 inches long, are generously flared. 

The woofer cylinders and their metal 

grilles dominate the front view, lending the 

speaker an air of power and authority. The 

top five drivers are covered with a single 

punched -metal grille that plugs into the 

front baffle. 

The cabinet is very solidly constructed 

of 3/4 -inch medium -density fiberboard 

(MDF), further strengthened by three in- 

ternal shelf braces. The front baffle is cov- 

ered with a curved, 3/4 -inch -thick subpanel 

that carries the top five drivers and provides 

a smooth surface to reduce diffraction 

effects. The large lower midranges 

have sealed enclosures, as does the 

MTM assembly. 90 

On the speaker's rear baffle is an 

elaborate input -connection panel 

containing two switches and a pair 

of bi-wirable double -banana jacks. 

Along with controls for the woof- 

ers' amplifier are knobs and 

switches for the single -band para- 

metric equalizer. The latter pro- 

vides a degree of bass adjustability 

matched by no other speaker or 

subwoofer I'm aware of. Power is 

supplied by a standard, three -wire 

detachable AC line cord. 

The XA 90ps's passive crossover, 

which is nicely constructed and 

uses air -core inductors, is attached < -720 

to the inside of the input -connec- 

tion panel. Heavy -gauge stranded 

wire connects the drivers to the 

crossover. The individual sections 

of the crossover form a second -or- 

der high-pass filter for the front 

tweeter, a first -order high-pass for lao 

the rear tweeter, second -order 
high- and low-pass filters around 

the small midranges, and a first -or- 

der high-pass and second -order 
low-pass around the lower -mid- 

range drivers. Snell says that al- 

though most of the crossovers are 

second -order electrically, they're Fig. 3-Horizontal off -axis 

fourth -order acoustically, with an frequency responses. 

in -phase Linkwitz-Riley design. 

Except for the lower midranges, which 

are sourced from Peerless, all the drivers 

used in the XA 90ps are custom designs 

made for Snell by Seas. All are magnetically 

shielded. The woofers are dual -spider de- 

signs, in which the driver motor's station- 

ary center pole extends out through the 

cone, with a second spider connecting 

them. The extra spider functions as a dust 

cap and also adds a degree of fore-and-aft 

stability to the moving system. The center 

pole doubles as a heat pipe, terminating in a 

heat sink that is clearly visible when the 

woofer's grille is removed. The heat sink's 

appearance contributes to the Snell sys- 

tem's heavy-duty, no-nonsense look. 

FRONT DRIVERS 

1k 

FREQUENCY - Hz 

Fig. 1-One-meter, on -axis 
frequency response. 

-180 

-540 

-º00 
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Fig. 2-On-axis phase 
response and group delay. 
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20 

Measurements 
Figure 1 shows the Snell XA 90ps's on - 

axis anechoic frequency response in several 

100 1k 

FREQUENCY - Hz 

10k 20k 

different modes and the response of the 

rear tweeter. The curves combine ground - 

plane bass measurements with measure- 

ments taken in a large anechoic chamber, 

with the test microphone 2 meters away 

and on the front tweeter's axis. The curves 

were smoothed with a tenth -octave filter. 

The curve labeled "Bass at 7 O'Clock" in 

Fig. 1 was taken with the rear -panel bass 

level control fully counterclockwise, its 

minimum setting. Despite the knob's des- 

ignation, this turns the bass amplifier off. 

The curve marked "Bass at 12 O'Clock" was 

taken with the bass control set to its mid- 

point, the bass parametric EQ off (i.e., the 

boost/cut level at 0 dB), the remote con- 

trol's "Bass Level" at 0 dB, and the remote's 

"Bass Shape" set to "Reference." 

The curves in Fig. 1 marked "Treble 

Boost" and "Treble Cut" were taken with 
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tion, the "Cinema" setting added a 
boost above 30 Hz and a cut below 
that point. The boost reached a 
maximum of 5 dB at 40 Hz, then 

TEF 

20 100 

100 

1k 
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Fig. 4-Vertical off -axis 
frequency responses, 
above axis (A) and 
below axis (B). 

the remote control's treble switch set to its 
boost and cut positions and the rear tweeter 
turned off. (When power to the bass ampli- 
fier is killed, an internal relay in the cross- 
over's high -frequency circuit de -energizes 
and automatically puts the speaker into the 
treble -cut mode.) Figure 1 also includes re- 
sponse of the tweeter on the rear baffle, tak- 
en from the rear of the speaker with the test 
microphone on axis. Note that in the ane- 
choic test chamber, the rear tweeter, whether 
on or off, has no measurable effect on the 
system's front axial response. 

The XA 90ps's overall response curve, 
with the bass amp on and treble boost en- 
gaged, is remarkably flat, extended, and free 
of aberrations; there's a slight downward 
slope, at about 1.2 dB/octave, beginning at 
2 kHz. With the tilt, the curve fits a fairly 
tight, 5.5 -dB, window over a broad range 
from 34 Hz to 20 kHz. If the slope were 
compensated for, the curve would fit a very 
tight window of about 3.5 dB. Above 2 kHz, 
the rear tweeter's output rises at about 
6 dB/octave and roughly equals the front 
tweeter's output above 10 kHz. 

Not shown in Fig. 1 is the effect of the 
rear -panel boundary switch. It affected the 
frequency range from about 100 to 300 Hz, 
with a maximum reduction of only 2 dB at 
225 Hz that tapered off to 0 dB at frequen- 
cies above and below. Also not shown is the 
effect of the remote's "Bass Shape" control. 
Compared to the switch's "Reference" posi- 

10k 20k 

10k 20k 

tapered gradually to 0 dB above 150 
Hz. At 20 Hz, the "Cinema" posi- 
tion supplied about 4.5 dB of cut. 
In effect, the "Cinema" position 

A supplies a bass boost in the range 
where typical bass energy in movies 
predominates (this also applies to 
bass in rock music, pop, and jazz) 
and cuts the woofers' drive for low- 
er bass. The low cut will actually 
improve the Snell system's power 
handling by acting like a rumble fil- 
ter for unwanted low -frequency 
content. 

To determine the crossover char- 
acteristics between the lower and 
the upper midranges, I ran a re- 
sponse through the bi -wire connec- 

tions with the high and low sections of the 
crossover reversed (not shown). The level 
was reduced over the range of about 300 Hz 
to 1.5 kHz; the greatest reduction, 10 dB, 
was at about 450 Hz, the apparent crossover 
point. This modest reduction in level indi- 
cates that the respective outputs will not be 
solidly in phase when connected normally. 
Ordinarily this would cause some lobing er- 
ror, but because of this speaker's symmetri- 
cal D'Appolito-style driver arrangement, 
no error occurs. 

Although not shown in Fig. 1, the grille 
affected the response above 6 kHz by only 
±1 dB. In other words, you can listen to the 
Snell with its grille in place and have no 
worries about its effect. Above 600 Hz, the 
right and left speakers matched closely, 
within about ±0.75 dB. But between 100 
and 600 Hz, the match was not as good- 
one of the speakers produced 1.5 to 2 dB 
more output than its mate. 

The phase and group -delay responses of 
the Snell XA 90ps, referenced to the tweet- 
er's arrival time, are shown in Fig. 2. The 
phase curve falls smoothly as frequency in- 
creases but levels out above 6 kHz, in the 
tweeter's range. This phase behavior, similar 
to that of most other direct -radiator speak- 
ers whose drivers are mounted on the same 
plane, indicates that the acoustic output of 
the midrange and bass drivers lags the 
tweeter's. When averaged between 800 Hz 
and 2.5 kHz, the group -delay curve reveals 
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B 

The rear 
panel of 
the XA 90ps 
is busy and 
businesslike. 

the lag to be about 0.15 millisecond. Even 
though this is quite modest, the XA 90ps 
will not preserve signal wave shapes. 

Figure 3 shows the XA 90ps's on -axis 
frequency response and its horizontal off - 
axis responses, which are quite smooth 
and flat even to 30° off axis. At 45° off axis, 
significant rolloff and undulations are evi- 
dent above 3 kHz. (The Snell speaker's 
large size and heavy weight precluded my 
running the complete set of off -axis meas- 
urements that form the basis of my usual 
"3-D" displays.) 

Figure 4A displays the above -axis fre- 
quency responses from 0° to 20°, at incre- 
ments of 5°. The curves are exceptionally 
smooth and flat. Significant directivity is 
evident down to below 200 Hz. The only 
mentionable anomaly is the broadening of 
response between 14 and 15 kHz, where the 
off -axis responses exhibit a slight peak. 

The corresponding below -axis frequency 
responses (Fig. 4B) essentially mimic the 
above -axis curves and are at least as smooth 
and flat. These vertical off -axis curves are 
the best I've seen from a non -coaxial mul- 
tidriver speaker system. 

Averaged from 250 Hz to 4 kHz, the XA 
90ps's sensitivity measured a high 89.6 dB, 
essentially the same as Snell's 90 -dB rating. 

The Snell XA 90ps's impedance magni- 
tude (Fig. 5A) is shown with the rear tweet- 
er on and off and with the boundary switch 
in the normal position. Overall, the speak- 
er's impedance is quite low, dipping to 2.9 
ohms at 210 Hz and to 3.3 ohms at 2 kHz. 



In the bass range below 200 Hz, however, 

the impedance continually rises (except for 

a wiggle between 80 and 100 Hz). This ris- 

ing low -frequency impedance is caused by 

the high-pass capacitor in series with the 

system's lower -midrange drivers. Above 

100 Hz, the Snell's impedance varies from a 

low of 2.9 to a high of 9 ohms. Based on 

these extremes, cable series resistance 

should be no more than about 0.05 ohm to 

minimize cable -drop effects. For a run of 10 

feet, this corresponds to 14 -gauge (or heav- 

ier), low -inductance cable. 

Figure 5B shows the system's impedance 

phase with the rear tweeter on and the 

boundary switch in the normal position. 

Unlike a conventional speaker with unpow- 

ered woofers, whose impedance phase ap- 

proaches 0° at low frequencies, the phase of 

the XA 90ps verges on a constant negative 

value of -77° through the low bass. This re- 

flects the series capacitance of the high-pass 

filter feeding the lower -midrange drivers. 

Note that if the input impedance were 

purely capacitive, the phase would be -90°. 

The -77° implies some resistive component 

to the input impedance, probably a result of 

the paralleled resistance of the bass amplifi- 

THE XA 90ps'S HIGH 

PEAK ACOUSTIC OUTPUT 

PLACES IT AT THE TOP 

OF ALL THE SPEAKERS 

I HAVE TESTED. 

er's input. A maximum phase of +33° (in- 

ductive) is reached at 2.9 kHz. 

Based on the low minimum impedances, 

I don't recommend driving two of these 

speakers in parallel. A single XA 90ps should 

be a fairly easy load for any competent amp, 

however; in fact, its high impedance at low 

frequencies offloads the main amplifier and 

raises the amp's effective power because it is 

not supplying high bass energy on bass - 

heavy program material. 

The XA 90ps performed superbly when 

subjected to a high-level sine -wave sweep. 

The cabinet walls were virtually vibration - 

free. The woofer's maximum excursion was a 

healthy 3/4 inch, peak to peak, and I couldn't 

detect any dynamic offset. A strong mini- 

mum excursion occurred at 33 Hz, the 

vented -box bass system's reso- too 

nance frequency. The Snell's vent 

wind noise and turbulence were 

very low, hardly noticeable even at 

the rear of the speaker despite high 

drive levels at box resonance! 

The XA 90ps's four ports pre- 

sented a rare opportunity to lower 

the tuning frequency of the vented 

enclosure and thereby extend the 

speaker's low -frequency response. 

(Electro -Voice first popularized this 

scheme commercially in the early 

1970s with its "step-down" tuning.) 

When I blocked two of the ports 

by stuffing each with a rolled -up 

hand towel, the tuning frequency 

dropped to 28 Hz. When three 

ports were blocked, the tuning fre- 

quency fell to a low 20 Hz. 

Detuning is not without trade- 

offs, however. This trick greatly in- 

creases low -frequency output and 

decreases distortion at and near the 

lowered tuning frequency, but it de- 

creases a speaker's maximum out- 

put and increases distortion at 

higher frequencies (where the box 

was tuned originally). For the XA 

90ps, this would be a reasonable 

trade-off because of its already high 70 

maximum output at higher fre- 

quencies. Although the Snell XA- 

90ps's deep -bass performance with 

program material such as pipe -or- 

gan pedal notes would improve, 

this speaker would then perform 
less well on material containing strong up- 

per bass, such as rock and pop music. 

To measure raw and smoothed 3 -meter 

room response (Fig. 6), I placed the XA 

90ps in the right-hand stereo position and 

aimed at my listening seat, where the test 

microphone was positioned at ear height 

(36 inches). Below 100 Hz, the response was 

taken unsmoothed and with a slow sine - 

wave sweep to highlight any narrow peaks 

or dips. And to illustrate the effects of the 

XA 90ps's bass controls, I extended the 

measurements to a very low 10 Hz. (I usual- 

ly limit my low -frequency room responses 

to 100 Hz.) I set the bass controls as follows: 

overall bass level at 12 o'clock, no EQ (level 

at 0 dB), rear tweeter off, boundary switch 

in normal position, remote bass level at 0 

dB, remote "Bass Shape" at "Reference," 
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and remote treble on boost (lots of controls 

and settings!). 

Above 600 Hz, the smoothed curve in 

Fig. 6 fits a tight, 6 -dB, window all the way 

to 20 kHz. You can see that it is fairly linear 

except for some ripples between 900 Hz and 

3 kHz and a moderate tilt upward above 

15 kHz. Between 100 and 600 Hz, the 

smoothed curve contains peaks at 130 and 

530 Hz and a substantial dip at 300 Hz. The 

range below 100 Hz-which is where the 

XA 90ps's two 10 -inch woofers operate-is 
particularly interesting. With the speaker's 

bass controls set to their mid -position (12 

o'clock), the XA 90ps provided significant, 

bass boost in my listening room. The boost 

reached a maximum at 28 Hz, nearly 20 dB 

greater than the average response above 

1 kHz. A sharp dip was evident at 50 Hz, as 

B 

10k 20k 
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was a wider but much deeper dip between 
75 and 100 Hz. 

To flatten the response, I turned the rear - 
panel bass control down to the 10 o'clock 
position and introduced parametric equal- 
ization (PEQ) of -10 dB at 30 Hz with a 
bandwidth of 0.2 octave (coincidentally, 
these settings occurred with all three 
PEQ controls fully counterclockwise). The 
dashed curve in Fig. 6 is the flattened re- 
sponse. I probably could have gotten the 
curve a bit flatter had I messed around a lit- 
tle more with the controls. 

Notice that I attacked the large peak 
rather than attempting to fill in the notch 
between 75 and 100 Hz. Of course, the 
speaker has only one PEQ filter. However, 
even if I had additional PEQ filters avail- 
able, it is usually not good practice to intro- 
duce large amounts of localized boost to fill 
in dips. You run the risk of overloading the 
speaker, because it probably can't play loud 
enough at the dip. Moreover, dips are usual- 
ly quite position -dependent, which means 
the boost may generate a peak in the re- 
sponse at a slightly different position in 
your listening room. 

The XA 90ps's E1 (41.2 -Hz) harmonic 
distortion with the PEQ off, the rear -panel 

overall bass control at 12 o'clock, 
and the remote controls set as in 
Fig. 6, is shown in Fig. 7. At an 
equivalent maximum power of 200 

+zae watts (28.3 volts rms into the rated 
4 -ohm load), the second and third 
harmonics rise just to moderate 
levels, 9.1% and 3.6%. The only 

zoo 
significant higher harmonic is the 
fifth, at a low 0.5%. The speaker 
sounded quite clean and powerful 
at this level. At 41 Hz, a 200 -watt 
input to the XA 90ps generated a 
very loud 111 dB SPL at 1 meter in 
a free field. 

The XA 90ps's A2 (110 -Hz) 100 - 
watt bass harmonic distortion (not 
shown) consisted of a low 2.1% 
second harmonic and 1.1% third; 
higher harmonics were below the 
floor of the measurement display. 
The distortion at 440 Hz (A4) was 
similarly low, only 2.9% second 
and 1.2% third. 

The Snell speaker's intermodu- 
lation (IM) distortion (not shown) 
versus power, generated by 440 -Hz 

(A4) and 41.2 -Hz (E1) tones of equal power, 
reached a very low level of 1.2% at 200 
watts. 

Figure 8 shows the XA 90ps's short-term 
peak power input and output (with con- 
trols set the same as for Fig. 7). The peak 
input power starts out strong, 100 watts at 
20 Hz, and climbs quickly, through 1 kilo- 
watt at 37 Hz, to reach a high peak of 3.4 

THE SNELL XA 90ps'S 
BASS OUTPUT 

EXCEEDED THAT 

OF SEVERAL SUBWOOFERS 

I HAVE TESTED. 

kilowatts at 63 Hz. After dropping some- 
what, to 2.1 kilowatts at 100 Hz, it rises 
smoothly above 700 Hz, into the range of 5 

to 6.4 kilowatts. Between 160 and 250 Hz, 
my test amplifier reached its limit (because 
of the speaker's low impedance) before the 
XA 90ps did. 

At 20 Hz, the peak acoustic output with 
room gain starts quite high, at 103 dB SPL, 
rising quickly through 110 dB at 26 Hz and 

a loud 120 dB at a low 34 Hz. After reaching 
a very high maximum of 129.8 dB at 63 Hz, 
the peak acoustic output declines only 
slightly and remains very loud-in the 
range of 124 to 127 dB-at all higher fre- 
quencies. Its very high, flat, and extended 
peak acoustic output places the Snell XA 
90ps at or near the top of all the systems I 

have tested. Indeed, its bass output exceed- 
ed that of several subwoofers I've measured. 

Use and Listening Tests 

When I first saw the Snells in the truck 
that delivered them, I thought I was getting 
a pair of coffins! Each XA 90ps comes in a 
very rugged wood and plywood container 
that weighs nearly 70 pounds by itself. This 
is one of the few shipping containers I have 
no reservations about reusing when I pack 
up the speakers and return them to the 
manufacturer. 

The Snell XA 90ps itself is very hand- 
some but quite imposing, with a definite 
no-nonsense, all -business look. Thanks, in 
part, to the large cylinders behind the 
woofers, the Snells look very powerful even 
when not making a sound. My review sam- 
ples were supplied in cherry veneer, which 
is quite good-looking but somewhat on the 
light side (a black oak finish is available on 
special order). The construction, fit, and 
finish of the XA 90ps are of the highest 
quality. 

The XA 90ps is not a speaker you can just 
unpack, position, and plug in. For best re- 
sults, its many controls must be set for the 
desired response when the speaker is in the 
desired operating position. Having individ- 
ual bass controls on each speaker enables 
you to match their response to an asym- 
metrical listening environment. Although 
the adjustments can be roughly set by ear, 
getting best results requires acoustic test 
equipment-a third -octave real-time ana- 
lyzer or such computer -based equivalents 
as the TEF System 20 or MLSSA. 

The XA 90ps's 18 -page owner's manual, 
which also covers the XA 75ps and XA 55cr, 
is well written and covers just about every- 
thing you need to know about setting up 
and using these speakers. Several pages are 
devoted to the XA 90ps's bass controls and 
their proper adjustment. I did the initial 
setup with my TEF analyzer and the final 
tweaking with an AudioControl SA -3050A 
real-time third -octave analyzer. 
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My auxiliary listening equipment includ- 

ed B&W 801 Matrix Series 3 speakers, a 

Crown Macro Reference power amplifier, 

Straight Wire Maestro cabling, an Onkyo 

Integra CD player (Model DX -7711), and a 

Krell KRC preamp. Snell provides 13/4 -inch - 

long threaded spikes with adjustment nuts 

for the bottom of the speaker, to help en- 

sure stability on a carpet. I chose not to use 

them because the speakers were quite stable 

on their own. 

From first to last, listening to the XA 90ps 

speakers was an extremely enjoyable experi- 

ence. Their sound was quite lively, dynamic, 

and smooth, with very even horizontal and 

vertical coverage. Their bass was very pow- 

erful yet clean and effortless at all playback 

levels, and it extended smoothly down into 

the lower 20 -Hz range. The XA 90ps's bass 

output equaled or exceeded that of my 

B&W speakers on everything I played except 

material having high levels of bass below 20 

Hz. It took some 3 to 4 dB of attenuation to 

bring the Snell's sensitivity down enough to 

match the B&W's. 

I did all of my listening in stereo, with the 

speaker grilles in place. (I did not use the 

Snells' LFE bass inputs, because my stereo 

music setup has no LFE output.) In my lis- 

tening room, the Snells stood out about 28 

inches from a hard -surfaced wall and were 

canted in toward me. I set their bass PEQ 

for the flattest response (as shown by the 

"With EQ" curve in Fig. 6), then covered 

these controls with the caps Snell thought- 

fully provides to keep them from being 

reset inadvertently. However, I raised the 

rear panel's bass level control from the 10 

o'clock setting I used for flattest response 

in Fig. 6 to 12 o'clock, then compensated 

for this by setting the remote's bass level 

control to -4 dB and the "Bass Shape" con- 

trol to its "Reference" position. These 

changes gave me the flattest possible meas- 

ured response in the room while enabling 

me to boost bass substantially with the re- 

mote control. For rock and sound effects 

that could profit from accentuated bass lev- 

els, I set the remote's bass level to +6 dB and 

put the "Bass Shape" control on the "Cine- 

ma" position (hey, sometimes you just can't 

get enough bass!). 

With everything set for flat frequency 

response, the bass was very smooth and ex- 

tended and never unduly emphasized indi- 

vidual notes. Reproduction of male speak- 

ing voices was exemplary, with no trace of 

chestiness or speaking -in -a -barrel effects. 

Even when boosted, the bass did not exhib- 

it any unwanted one -note resonances; it 

simply grew louder. 

I had a lot of fun adjusting the Snell's 

many controls, which gave me a freedom to 

experiment that most other speakers don't. 

The only downside to having so many con- 

trols is complexity and greater potential for 

mistakes. The remote control's bass and 

treble adjustments proved very handy. 

(Even if most audiophile components did 

not lack bass and treble controls, being able 

to make these adjustments from your lis- 

tening position would be a rare pleasure.) 

The remote's treble boost/cut feature pro- 

vided a convenient way to attenuate the 

FROM FIRST TO LAST, 

I ENJOYED LISTENING 

TO THE SNELLS' 

LIVELY, SMOOTH, 

AND DYNAMIC SOUND. 

highs when listening to, for example, poorly 

recorded vocalists with spitty sibilants. You 

can control both speakers at once by point- 

ing the remote at either one, because Snell 

provides a 12 -foot cable to carry remote 

commands from speaker to speaker. Red 

lights surounding the XA 90ps's infrared 

sensors blink to acknowledge the remote's 

commands. 
I wished the rear tweeters could have 

been turned on and off from the remote. 

However, I generally preferred leaving them 

on. They added a degree of spaciousness 

and air that I quite liked. 

The XA 90ps excelled on a wide range of 

material: rock, special effects, audiophile - 

recorded solo female vocalists, complex or- 

chestral music, and chamber music. The 

soundstage often seemed somewhat closer 

to my listening position and more up -front 

than that produced by the B&Ws, because 

the Snells have narrower, better controlled 

vertical dispersion. In effect, the Snells have 

less room sound because of their greater di- 

rectivity, which makes them very suitable 

for home theaters. 
The most fun I had with the XA 90ps 

speakers was with two CDs of airplane 
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sounds: Round Sounds, Vol. 1 (AC -1006), 

the sounds of radial -engine prop planes, 

and Supersonics (AC -1008), jet sounds from 

military A-10 Warthogs, C -5A Galaxies, SR - 

71 Blackbirds, and others. (Both of these 

discs are available from Aircraft Records, 

P.O. Box 1232, Sonoma, Cal. 95476.) The 

Snells sounded incredible on this material, 

particularly track 1 of Round Sounds, a 1941 

Boeing Stearman biplane. When I played 

the speakers very loud, the plane's sound 

was extremely realistic, with wall -shaking 

bass; only the smell of aircraft exhaust was 

lacking-I actually knocked a couple of 11 

pictures off the wall. (Hey, we don't always 

have to sit around drinking Perrier and lis- 

tening to string quartets.) 
With pink noise, the Snells were just as 

smooth as the B&Ws and exhibited hardly 11 

any midrange or upper -frequency tonality. 

The XA 90ps passed the stand-up/sit-down 

test with flying colors, producing no tonal 

changes when I stood up. On the test of low- 

frequency third -octave band -limited pink 

noise, the XA 90ps's output equaled or ex- 

ceeded the 80l's maximum at all bass fre- 

quencies from 25 Hz and up. I heard no 

wind noise from the port, even when listen- 

ing at the rear of the cabinet, an advantage 

over the B&W. In the 40-, 50-, and 63 -Hz 

bands, the Snells could play significantly 

louder than the B&Ws, making the XA 90ps 

speakers the loudest I have tested. This was 

well demonstrated by the Snells' very loud, 

clean reproduction of rock kick drums. The 

XA 90ps's bass fully equaled the B&Ws' re- 

sponse except on one organ CD that had 

high-level 17 -Hz pedal notes; on that, the 

B&W won out. However, when I plugged 

three of the XA 90ps's four port tubes, which 

significantly lowered its vented -box tuning 

frequency, the Snell won. 

Everything considered, the XA 90ps is 

speaker for all seasons: It performs equally 

well on intimate chamber music, loud conil 

cert pop/rock, and sound effects. Its very 

well -controlled vertical dispersion makes it 

highly suitable for home theater and stereo 

listening. Its powerful bass response elimi- 

nates any need for subwoofers. Its goad 

looks, its well-built cabinetry, and the ex- 

treme flexibility of its highly adjustable bass 

amplifier make it a good match for any listen- 

ing environment. At $7,000 a pair, it is a sig- 

nificant investment but well worth the mon- 

ey. I give it my highest recommendation. A 
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owever much we high -end types 
might deny it (and most of us are 
reluctant to face the fact head-on), 
frequency response rules. "Air," 
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diophile thought-call it the pragma- 
tists-maintains that virtually every tweak 
we undertake, from room treatments to 
loudspeaker spikes to 
C -note -per -foot inter- 
connects, enters its 
bottom -line effect in 
the frequency response 
ledger. 

If you really want 
to influence frequency 
response, however, 
there's no tool like an 
equalizer. You don't hear much about EQ in 
audiophile circles these days, but that does 
not change the fact that equalization is a 
powerful and potentially useful way to 
achieve a wide range of audio goals. Audio - 
Control, the veteran Seattle -area manufac- 

turer whose EQ solutions for home, car, 
and home theater audio systems are widely 
known for quality and value, has recently 
introduced an updated version of one of its 
classic products. 

The AudioControl C-101SE is a "Special 
Edition" of the venerable C-101, a 10 -band 
stereo octave equalizer combined with a 10 - 
band real-time spectrum analyzer (RTA). 
(The C-101SE also incorporates a defeat - 
able, 18-dB/octave Tchebychev filter at 20 
Hz. Like just about everyone else, Audio - 
Control labels this a "subsonic" filter, but 
"infrasonic" is the more correct term.) The 
SE mods include some uprated componen - 
try for improved dynamic range and a 
changeover to spiffy, "ice -blue" LEDs (in 
place of red) for the dancing -column spec- 
trum -analyzer displays. 

The C-101SE is constructed in no-non- 
sense fashion on a comparatively heavy - 
gauge sheet -metal steel pan with a top/ 
sides cover of the same stuff. Finish of the 
brushed -aluminum front panel is a rather 
nice gunmetal tone, which, unfortunately, 
makes the black panel graphics tough to 
read in poor light despite their larger than 
average size. 

The controls on the equalizer's front 
panel are all pushbuttons, save for a small 
knob that adjusts display sensitivity (uncal- 
ibrated, but with a detent) and, of course, 
20 sliders that deliver an indicated 15 dB of 
boost or cut individually to each channel. 
Frankly, I have never much understood the 
left/right controls on program EQs; I 

wouldn't know when or why to equalize 
stereo playback channels differently. (Even 
in AudioControl's own manual, none of the 
application -note examples suggests the use 

of split settings.) 
Eight buttons on 
the front panel 
toggle the LED 
display on or off, 
select fast or slow 
response and 2- or 
4-dB/LED sensitivity, 
and turn on or off the 
equalizer and the in- 

frasonic filter actions. There are also keys to 
apply processing to record -out signals for 2? 

equalizing tapes, to engage the C-101SE's s 
own tape monitor inputs, and to activate 
its on -board pink -noise source for the 
RTA function. AudioControl describes this á 

EQUALIZATION 

IS A POWERFUL AND 
POTENTIALLY USEFUL WAY 

TO ACHIEVE A WIDE 
RANGE OF AUDIO GOALS. 
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generator as a "lab -grade, triple -source cir- 

cuit that employs special averaging circuits 

to eliminate inaccurate measurements." 

The controls surround the RTA display, 

which deploys a vertical column of nine 

LEDs (eight blue plus one amber in the cen- 

ter) for each of the ten octave bands. These 

bands are assigned center frequencies of 32, 

60, 120, 250, and 500 Hz and 1, 2, 4, 8, and 

16 kHz. 

There's also a front -panel phone jack to 

accept the measurement microphone that is 

necessary for analysis. The supplied mike, 

THEC-101SE 

IS PRETTY MUCH DEVOID 

OF MEANINGFUL 

DISTORTION. 

said to be lab -grade, is of unspecified origin 

and has a dynamic capsule about 5 millime- 

ters in diameter. 
On the back panel are two quartets of 

RCA jacks, marked "Main In/Out" and 

"Tape In/Out"; the C-101SE thus replaces 

the tape loop it will occupy in most systems, 

which is a thoughtful touch. Another is an 

AC convenience outlet, similarly replacing 

the one the C-101SE very well may use up 

on your main system component (receiver 

or preamplifier). 
Inside, the C-101SE's layout was surpris- 

ingly simple, occupying a single standard- 

grade circuit board. Each stereo EQ band 

consists of a single IC and a half dozen each 

of resistors and capacitors, no more. Aside 

from the associated power supply and in- 

put/output circuitry, and the slider/control 

board bolted to the front panel, that's all 

there is. 

Measurements 
The AudioControl equalizer proved to be 

a very good performer. Noise and distor- 

tion were minimal, and its EQ shaping and 

control looked very good to me. 

Figure 1 shows the C-101SE's frequency 

response with all sliders at their detents. 

There is less than 0.5 dB deviation over the 

entire audio range, which is outstanding 

considering that these not -quite -flat curves 

suggest that the AudioControl does not 

"tap out" its EQ circuitry at the 

control detents. Figure 2 plots re- 

sponse of the equalizer's infrasonic 

filter, which measures almost spot 

on its spec of -3 dB at 20 Hz and 18 

dB/octave thereafter. With many 

loudspeakers, especially ported de- 

signs, such filtering may be neces- 

sary to eliminate intermodulation 

distortion from warp -spectrum in- 

frasonics, whether on analog LPs, 

tapes, or the surprising population 

of CDs that reveal significant 
content below the audible range 

(mostly environmental rumbles in 

the recording venues). 

Figure 3 shows the C-101SE's 

noise spectrum, relative to a 0.5 - 

volt output, with all sliders at their 

detents. The power -line peak at 180 

Hz is the most notable feature here 

(the 31 -kHz bump is computer - 

monitor pollution), but it's still 

way, way down. I never heard any 

buzz or hum, even in an ear -to - 

tweeter test, short of full gain on 

the preamp master volume. 

Figure 4 plots total harmonic 
distortion plus noise (THD + N) 

versus frequency under two differ- 

ent conditions. The lower, flatter 

pair of curves straddling 0.02% are 

for a 500 -millivolt input with all 

sliders nudged just upwards off 

their detents. The upper curves, 

which clearly reveal the ten EQ 

center frequencies, are THD + N 

for all sliders set for maximum 
boost. The average increase is less 

than an order of magnitude, which 

tells me that the only real differ- 

ence here is 15 dB or so of noise- 
in other words, the C-101SE is 

pretty much devoid of meaningful 

distortion. 
With all controls detented, the 

C-101SE accepted 10 volts of signal 

before clipping its inputs; maxing 

out all sliders dropped the overload 

point to 0.9 volt. And with two 

slider pairs maxed (that of the test 

frequency plus either neighbor 

pair), the input overloaded at 1.9 

volts. This should be ample head- 

room for real -world signals with 

any rational EQ curve. Display sen- 
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sitivity was variable over a range of 
about ±10 dB. 

Figure 5 shows channel separa- 
tion in both directions. Although 
there's more leakage into the left 
channel than into the right, cross- 
talk in either direction is well be- 
low what would be required for any 
audible impairment. 

Abbreviated EQ curve families 
for three sample frequencies -32 
Hz, 500 Hz, and 8 kHz-are shown 
in Fig. 6. (The amounts of boost 
and cut indicated are actual values 
rather than the front -panel indica- 
tions.) In all cases, the AudioCon- 
trol's EQ characteristics are con- 
sistent and predictable (the re- 
maining bands behaved almost 
identically). The channels tracked 
very closely, and overshoot was 
minimal. In other words, boosting, 
say, the 500 -Hz band did not in- 
duce reflexive dips around 50 Hz 
and 6 kHz. These sorts of interac- 
tions are quite common in less ex- 
pert equalizers and even many 
bass/treble tone controls. This is 
important, because it can easily be 
argued that boosting the 32 -Hz 
band by 6 dB, for example, will- 
on most music, much of the 
time-have significantly less tim- 
bral impact than a corresponding, 
unintentional interactive dip of 
1 or 2 dB at 500 Hz. 

Frequency accuracy was excel- 
lent: The actual center frequencies 
for the curves plotted in Fig. 6 were 
31.5 Hz, 450 Hz, and 8.2 kHz. Max- 
imum boost and cut was about 
14.5 dB in the bass bands, about 
12.5 dB at 500 Hz, and 13.2 dB at 8 

kHz. When both bands adjacent to 
any other were boosted or cut, 
maximum action in the band in 
between rose by about 3 dB, as you 
might expect. All three curve fami- 
lies demonstrate that filter Q 
increases with gain either way 
(they're not constant -Q), which is 

about universal among affordable 
equalizers. This means that you get 
more of a shelving action with 
small settings (Fig. 6A reveals this 
most clearly), with a progressively 
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MEASURED DATA 
Frequency Response, Sliders at De - 

tents: Left, 20 Hz to 20 kHz, +0.4, 
-0 dB; right, 20 Hz to 20 kHz, +0.2, 
-0.1 dB. 

THD + N at 500 -mV Input, 20 Hz to 
20 kHz: Less than 0.02%. 

A -Weighted S/N re 500 mV: Left, 99.9 
dB; right, 102.8 dB. 

Input Impedance: Greater than 100 
kilohms. 

Output Impedance: 100 ohms. 
Sensitivity: 475 mV output for 500 mV 

input, all sliders at detents. 
Display Sensitivity: 330 mV for 0 -dB 

indicated, sensitivity knob at detent. 
Channel Separation: Greater than 50 

dB, 20 Hz to 10 kHz; 43 dB at 20 kHz. 

narrower, more peaking result at large con- 
trol deflections. I found that all bands' pan- 
el markings effectively exaggerated by 1 to 3 

dB. In other words, ±3 dB indicated yielded 
about 2 dB of boost/cut; ±9 dB indicated 
typically induced about 6 dB of gain/attenu- 
ation. This could conceivably be feature 
rather than bug. If so, I applaud it: People 
often overuse EQ, and slightly overstated 
panel markings just might help encourage 
restraint. 

In Fig. 7, finally, is an arbitrarily created 
compound curve, by which I mean to show 
how the C-101SE behaves with control set- 
tings closer to the sort one might actually 

I NEVER HEARD ANY 
BUZZ OR HUM, EVEN IN 

AN EAR -TO -TWEETER TEST 

AT MAXIMUM 
PREAMP GAIN. 

use. In this case, the 32-, 60-, and 120 -Hz 
sliders were all set at +9 dB indicated; the 
250 -Hz sliders stayed at their detents; 500 
Hz, 1 kHz, and 2 kHz were set to about -5 
dB indicated; and 4, 8, and 16 kHz were all 
set to -9 dB indicated. The point, as far is it 
goes, is that the C-101SE's bands integrate 
nicely, giving you a broad range of shelving 
actions, "knees," and peaking options to 
play with. 



Use and Listening Tests 

I connected the C-101SE into the main 

tape loops of my system, permitting it to 

process all sources. For most of the test pe- 

riod, electronics consisted of NAD S100 

preamp and S200 power amp. 

I began by plugging the supplied meas- 

urement microphone into the front -panel 

jack and firing up the pink -noise generator, 

locating the mike at my normal listening po- 

sition. I was surprised to discover that, at 

least according to the C-101SE's bouncing - 

LED analyzer, my Platinum Solo speakers 

were surprisingly accurate at my chair. By 

this I mean entirely flat (within the C-101SE 

analyzer's 2 -dB resolution) through the 

midrange, with a rise of perhaps 5 dB be- 

tween the 120- and 32 -Hz columns and a 

shelf down, about 3 dB, from 4 kHz on up. 

This, actually, is just about what I would de- 

liberately choose and what most of us proba- 

bly think "flat" sounds like-in fact, truly 

flat on this type of analyzer usually sounds 

awful in real rooms. This result gratified 

me because, like everybody else's, my sys- 

tem's composition and (especially) setup lo- 

cations evolved by ear; it's always nice to 

have your subjective 
taste confirmed by 

modern machinery! 
Equally surprising, I 

found that the RTA 

curve remained very 

similar when the ana- 

lyzer mike was moved 

anywhere within a 

roughly 2 -foot cube 

centered on the listener's head position; 

this is good news, since it suggests that ultra - 

precise listening position is not so critical. 

Of course, the AudioControl's full -oc- 

tave (and 2 -dB) resolution is relatively 

coarse and thus doubtless conceals a multi- 

tude of ills. A 10 -band RTA cannot be truly 

useful for analyzing frequency response be- 

yond reporting overall response trend lines, 

as relatively narrow -band anomalies will 

not show up. But this is probably for the 

best, especially in an equalizer/analyzer: 

Trying to employ conventional analog 

equalization to iron out narrow response 

wriggles is almost always futile or worse-a 
bit like trying to squeeze the goat back out 

of the python. 
I spent some time listening to the C- 

101 SE with all sliders set to their detents, to 

see if I could detect its presence in 

the signal path. Over loudspeakers 

the answer was just about unequiv- 

ocally "no." Listening through 
headphones to top -grade solo pi- 

ano recordings, I decided that I 

could just discern a difference. This 

was very difficult to character- 

ize. There was no perceptible 
change in noise floor and no 

change in response per se. But the 

stereo image of the hall -sound 
"air" seemed just perceptibly wider 

with the AudioControl in the loop 

than it did without it. (This turns 

out to have been an interesting psy- 

choacoustic result; see the "Meas- 

urements" section, and take anoth- 

er look at Fig. 1.) 

I tried a very minimalist EQ curve on my 

system, reducing the top -octave shelving by 

about 1 dB and pushing down the bottom 

end's up -tilt, as a whole, by a couple of dB 

(this resulted in a very slight dip at around 

120 Hz). On Natalie Merchant's Ophelia, a 

rather nicely recorded pop CD (Elektra 

62196), the effect was to focus the treble a 

bit more sharply and 

to add a trace of bass 

definition. I didn't 
bother debating with 

myself whether the 
system was "better" 
or "worse" with the 
equalization engaged 

or disengaged, but I 

was satisfied that it 

sounded about equally high -quality either 

way; the rest is a question of taste. 

I also tried the C-101SE as a true pro- 

gram equalizer. Traffic's Mr. Fantasy is one 

of my best -loved pop titles but is rather 

regrettably balanced, dropping like the 

proverbial stone below about 100 Hz and 

above about 12 kHz. Dialing in the classic 

"smiley face" curve, with a slight mid -smile 

notch to reduce the disc's slight midrange 

honkiness, made a world of difference. But 

there's sort of a catch: I am so used to the 

album's thudding, low -cal bass and dull, 

splatty treble that hearing it with at least 

some foundation and sparkle in place 

sounded almost-well, wrong. It was a bit 

like those digitally reconstituted recordings 

of famous virtuosi, such as Cortot: Without 

all the scratching, popping, and hissing, it 
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THE C-101 SE'S BANDS 

INTEGRATE NICELY, 

GIVING YOU 

A BROAD RANGE OF 

OPTIONS TO PLAY WITH. 
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Fig. 7-Sample equalization 
curve, sliders set to +9 dB (at 

32, 60, and 120 Hz), to 0 dB 

(at 250 Hz), to -5 dB (at 500 
Hz, 1 kHz, and 2 kHz), and to 

-9 dB (at 4, 8, and 16 kHz). 

10k 20k 

just doesn't convey quite the same histori- 

cal awe. 

With the analyzer mike unplugged, what 

you see in the C-101SE's LEDs is the spec- 

tral activity of the incoming signal. The dis- 

play is uncalibrated, since it is only meant 

to show relative levels, but I found that with 

the sensitivity knob at the detent it takes 

330 millivolts to light the am- 

ber "0" LED midway up each 

band's nine -LED column. 
This sensitivity is actually a 

little low for most acoustic 
music (classical and jazz), but 

a slight twist of the knob fixes 

that. 
The AudioControl C-101SE 

is an impressively high-per- 
formance signal processor, 

given its affordable price. It's 

impossible to speak of a pro- 

gram equalizer as transparent 
in the audiophile sense-after 
all, equalizers are supposed tp 

make an audible difference. 
But the AudioControl wás 

as able to induce subtle, po- 

tentially useful alterations 
as to cause overexaggerated, 

musically destructive ones. 

In other words, as with any 

weapon, the onus of wielding 

the C-101SE's considerable 
power responsibly lies with 

the user. Thus applied, it can 

prove a valuable and versatile 

tool. A 



EQUIPMENT PROFILE 
BASCOM H. KING 

TACT AUDIO 
MILLENNIUM 

DIGITAL AMPLIFIER 

The TacT Audio Millennium does an 
amplifier's job, converting a low- 
level input signal to one that can 
drive speakers. But, says TacT, it's 
not an amplifier: It's a digital -to - 
analog (D/A) converter that "just 

happens to put out enough current and 
voltage to drive speakers directly." To the 
best of my knowledge, it's unique. 

Four selectable digital inputs and a vol- 
ume control enable the Millennium to serve 
as a digital preamp as well as a D/A convert- 
er and power amp. You can add four analog 
sources by plugging in an optional analog - 
to -digital (A/D) converter (due late this 
year at about $1,500). 

The TacT Millennium's output stage is 

essentially that of a switching (Class -D) 
amplifier. The signal reaching this stage 

consists of pulses of varying width that 
switch rapidly between power -supply rails; 
this is called pulse -width modulation 
(PWM). At the amplifier's output, the train 
of variable -width pulses is sent through a 
low-pass LC filter to turn it back into an 
analog signal that can drive a speaker. But 
that's just a small part of the Millennium's 
circuit, and the differences between it and 
conventional switching amplifiers outweigh 
the similarities. 

A Class -D amplifier accepts analog input 
signals, which are applied to a modulator 
that converts their varying voltages into 
pulses of varying width. The pulses switch 
(usually at around 500 kHz) between fixed - 
voltage supply rails. Negative feedback is 
typically applied to help linearize the 
process. Because the output signal's level is 

set by the signal level feeding the modula- 
tor, any volume control in a Class -D amp 
must precede the modulator. 

The TacT Millennium accepts only digi- 
tal input signals. So instead of an analog-to- 
PWM modulator, it uses proprietary, 
Equibit digital signal processing (DSP) to 
convert the incoming PCM (pulse -code 
modulation) data stream to PWM (see 
block diagram, Fig. 1). This conversion is an 
open -loop process that does not depend on 
negative feedback from the amplifier's out- 
put for linear operation. (For more details, 
see "Equibit Conversion.") Before this con- 
version takes place, however, the PCM in- 
put signal is run through a sampling -rate 
converter to reduce any jitter in the incom- 
ing signal (and to change the sampling rate 
to 44.1 kHz, if the need arises; the Millenni- 
um can accept sampling rates of 32 to 48 
kHz and word lengths of 16 to 24 bits). 

One of the most important differences 
between the TacT Millennium and a Class - 
D amp is its system for controlling volume. 
You can't vary a digital signal's level by 
putting a volume control in the input data 
stream, as you would with an analog amp. 

TACT'S DIGITAL AMP 
CAN ALSO BE LOOKED AT 

AS A D/A CONVERTER 

WITH ENOUGH OUTPUT 

TO DRIVE SPEAKERS. 

And analog volume controls at the amplifi- 
er's outputs would require costly heavy-duty 
components and would waste much of the 
amp's power as heat. Instead, TacT Audio de - 

Rated Power: 8 ohms, 150 watts/ 
channel; 4 ohms, 2 ohms, or 1 ohm, 
250 watts/channel. 

THD + N: 0.015%, 20 Hz to 20 kHz, at 
150 watts out into 8 ohms. 

Dimensions: 173/4 in. W x 53/4 in. H x 
161/4 in. D (45 cm x 14.5 cm x 41.3 
cm.). 

Weight: 62 lbs. (28 kg). 
Price: $10,295. 

Company Address: 201 Gates Rd., Little 
Ferry, N.J. 07463; 201/440-9300; 
www.tactaudio.com. 
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vised a clever way to control the level at the 

Millennium's output stages without using a 

conventional volume control. 

Amplifier output stages are essentially 

valves that control the flow of power from a 

supply to a load, continuously varying the 

flow according to the signal's level. Output 

level is a function of the signal and of the 

power available from the supply. Analog 

amps control volume by varying the signal 

level that reaches the output stage, and 

Class -D amps do it by varying the signal 

level fed to the modulator. But the Millen- 

nium's volume control changes the power 

from the output stage's supply rather than 

DIFFERENCES BETWEEN 

THE MILLENNIUM 

AND CLASS -D AMPS 

FAR OUTWEIGH 

THE SIMILARITIES. 

the signal level reaching that stage. (To 

change the signal level reaching the output 

section would have required recomputing 

the signals at the DSP stage, lowering their 

modulation level as the volume was turned 

down. That would have reduced signal 

quality by reducing the number of bits per 

sample at low volume settings.) 

The output stage gets its power from a 

switching supply that alternates rapidly be- 

tween its full voltage (+55 volts DC) and 0 

volts. Turning the Millennium's volume 

control sends the supply a digital command 

to change its duty cycle, the amount of time 

it's switched on rather than switched off. 

Reducing the supply's duty cycle reduces its 

average output because it is delivering full 

voltage less of the time. This reduces the 

power available from the output modules. 

For example, with a fully modulated (0- 

dBFS) digital input signal and the volume at 

its maximum setting (99.9 dB), the supply 

voltage is at its maximum and the amp pro- 

duces its maximum power. At a volume set- 

ting of 74.3 dB, the supply voltage is down to 

about 3 volts, for an output of about 0.5 

watt. Below 3 volts, however, the supply's 

performance drops; any further volume re- 

ductions are achieved in the DSP stage, by 

changing the modulation level of the pulse 

train feeding the output modules. 

One potential 
drawback of this 
volume -control 
system is that it 

might not provide 
enough signal level 

from low-level dig- 

ital recordings to 

get reasonably loud 

sound from ineffi- 

cient speakers. Ap- 

parently, the same 

thing occurred 
to TacT, as it has 

brought out a new 

version of the amp 

with 12 dB more 
gain. (The company says this up- 

grade will be available to owners of 

the version I tested for about $200 

to $300.) 

The Millennium's actual output 

circuit is a full -bridge design built 

around four MOS-FET output de- 

vices. Great care and effort were ex- 

pended in the layout, shielding, 

and drive -waveform optimization 

for this output stage in order to 

keep electromagnetic radiation ac- 

ceptably low. 

Even if you didn't know how the 

Millennium amp worked, its ultra- 

modern look would suggest there 

was something special to its design. 

The sculpted front panel draws 

your eye to the display and to the 

large, heavy volume -control ring 

that revolves around it on ball 

bearings. The display tells you the 

volume setting, which source is 

selected, and whether the amp has 

locked onto the input signal. A 

button to the left of the display se- 

lects analog signal sources (if the 

optional A/D converter is used), and 

a button to the right selects digital 

inputs. The power switch is at the 

lower left. The included remote du- 

plicates the front panel's functions 

and adds controls for output polarity, max- 

imum volume, and display brightness. 

On the rear panel are three S/P DIF digi- 

tal inputs (one RCA jack and two BNC con- 

nectors) and an XLR jack for AES/EBU dig- 

ital signals. The selected digital signal is also 

fed to an S/P DIF RCA -jack output. A five - 

CONTROL 
PANEL 

VOLUME 

INPUT 

SELECTION 

S/P DIF 
INPUTS 

SYNCHED f - 
CD CONNECTION L 

DIGITALLY 
CONTROLLED 
SWITCHING DC 
POWER SUPPLY 
(3 TO 55 VOLTS) 

DIGITAL 
INPUT 
SECTION 

ANALOG - 
INPUTS _ 

OUTPUT 
MODULE 

PCM 

16 TO 24 BITS 

EXTERNAL 
A/O CONVERTER 
(OPTIONAL ) 

MOW 
OUTPUT FILTERS 

OUTPUT 
MODULE 

PWM 
CONTROL 

PWM 
CONTROL 

OSP SECTION 
(PCM TO PWM 
CONVERSION) 

MASTER 
CLOCK 

Fig. 1-Block diagram. 
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Fig. 2-Frequency response 

as a function of loading. 

Fig. 3-Square-wave 
response for 3 kHz into 

8 -ohm load (top), 3 kHz 

into 8 ohms paralleled by 

2 pF (middle), and 22 Hz 

into 8 ohms (bottom). 

pin XLR jack labeled "Clock Gate" can b)e 

used for synchronized connection to a CIO 

player, locking the player's clock to the M4- 

lennium's for reduced jitter. (Using this 

jack disables the AES/EBU input and by- 

passes the sampling -rate converter.) TacT 

says even cheap CD players can be modified 
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frequency. 

for this connection; the company will sell 
modification kits (for about $450) for in- 
stallation by the technician of your choice. 

Another five -pin XLR jack is provided 
for the optional external A/D converter. 
As an alternative, TacT will be offering RCS, 
a room -correction system. This will include 
four analog iiípuls and will perform A/D 
conversion as well as time -domain equal- 
ization customized for your room and 
speakers. The internal version of RCS will 
be about $2,250, including microphone; the 

Measurements 
Except where noted, I used 16 

bit test signals sampled at 44. 
10k kHz. The two channels behave 

very similarly; results are present 
ed for the right channel unies 
otherwise noted. 

Frequency response for a variety of load 
s plotted in Fig. 2. Interestingly, the Millen 

nium's output impedance interacts wit 
he NHT dummy speaker load to boost th 

output above the amp's open -circuit out 
put level at 3 kHz or so. The response varia - 
ions seen for the dummy load will proba- 
ly be audible if your speaker's impedance 
haracteristics are similar to this load's. 

Output impedance (computed by compar- 
ng the amp's 8- and 4 -ohm output levels) 

as 0.16 ohm, which is reasonably low. 

t 

b 

c 

w 

100 200 

500 

external version (which adds digi- 
tal inputs and outputs, a graphic 
display, and other features) will 
start at about $2,950 with mike. A 

three -pin XLR jack is provided on 
the Millennium's rear panel for 
the internal RCS module's mike. 

A DB -9 serial port serves several 
purposes: connecting a computer 
used for setting up the RCS mod- 
ule, interfacing with Crestron 
home -control systems, and in- 
stalling software upgrades. Two 
very high -quality, gold-plated five - 
way speaker binding posts per 
channel and an IEC line -cord con- 
nector round out the rear panel. 

The Millennium is beautifully 
constructed of machined alu- 
minum. The front panel is an im- 
pressive 15/8 inches thick, making 
the rear panel's 3/8 -inch thickness 
seem modest by comparison. Ver- 
tical aluminum plates, about 5 

inches in from either side, act as 
heat sinks, and a plate between 
them supports a large toroidal 
transformer. The main processing 
board has its own shield of milled 
aluminum. Machined, gold-plated 
bars connect each channel's out- 
put filter to its speaker terminals. 
The amp's bottom and its U- 
shaped top and side cover are 
black, contrasting nicely with its 
silvery front and rear panels. 

20k 
1 

d 

s 

h 

e 

EQUIBIT 
CONVERSION 

Although the Equibit converter does 
not use negative feedback, it does re- 
compute its output pulse widths to 
compensate for nonlinearities in the 
conversion from PWM to analog audio 
at the Millennium's output. The con- 
verter also uses oversampling and noise 
shaping to get around some limitations 
of PWM and of PCM-to-PWM conver- 
sion. The PCM signal is passed through 
an eight -times oversampling digital 
filter (which steps up the data rate to 
352.8 kHz, the DSP section's switching 
frequency), and then the data's 16 -bit 
words are truncated to 8 bits. Noise 
shaping compensates for the resulting 
drastic increase in noise and distortion 
and restores dynamic range. A correc- 
tive signal is generated from the least 
significant 8 bits, which were removed 
by the truncation, and it pushes the 
added noise and distortion up to in- 
audibly high frequencies. B.H.K. 

For my square -wave analysis (Fig. 3), I 

selected test signals of 3 kHz and 22 Hz in- 
stead of my usual 10 kHz and 40 Hz. The 
Millennium's passband, like that of most 
digital audio gear, is limited to just over 20 
kHz, so the harmonics that make a 10 -kHz 
square wave square would have been fil- 
tered out and the trace would have become 
a sine wave; at 3 kHz, the amplifier passes 
enough odd harmonics to define the wave 
shape. I selected 22 Hz because I could easi- 
ly generate a digital square wave at that fre- 
quency. At 3 kHz, the waveform when the 
Millennium was feeding an 8 -ohm resistive 
load (top trace) is symmetrical and its 
shape indicates the linear phase characteris- 
tic of an FIR (finite impulse response) low- 
pass filter; rise and fall times were 20 mi- 
croseconds. Adding a 2-microfarad capacitor 
across the 8 -ohm load (middle trace) 
makes the waveform asymmetrical and in- 
creases overshoot, both signs of nonlinear 
phase characteristics. There's virtually no 
tilt in the 22 -Hz trace (bottom), a sign of 
very extended low -frequency response. The 
ringing seen in this trace is not related to 
the TacT's performance but was caused by 
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the absence of harmonics above the tenth in 

the test signal. 

When testing total harmonic distortion 

plus noise (THD + N) versus output in 

analog amps, it's customary to control the 

output by varying the input level. That 

would be misleading, however, when testing 

a digital amp like the Millennium. As you 

can see in Fig. 4 (plotted at 1 kHz with an 8 - 

ohm load), lowering the input level raises 

measured THD + N because lowering level 

in the digital domain reduces the number 

of bits per sample. Keeping the signal level 

THE TACT MILLENNIUM 

SOUNDED VERY SMOOTH, 

COHERENT, DETAILED, 

AND INVOLVING. 

(actually, modulation) constant while vary- 

ing the volume setting, as you normally do 

while you're listening, yields much better 

performance. 
Note also the effects of changing the 

measurement passband. There is signifi- 

cantly more noise and distortion with my 

Audio Precision test system's 22 -kHz, 36- 

dB/octave low-pass filter than with its 20 - 

kHz brick -wall filter, whose cutoff is even 

sharper. This is because of the noise shap- 

ing involved in the Equibit PCM-to-PWM 

conversion. The results with the 20 -kHz 

brick -wall filter are a better indication of 

what you'll actually hear, because noise 

above 20 kHz is inaudible (though it may 

affect tweeter performance in other ways). 

The curves in Fig. 4 do not suddenly 

shoot up at the end as the amp goes into 

clipping-this amp cannot clip. Distortion 

does turn up a bit as we approach the am- 

plifier's maximum output, 178 watts per 

channel into 8 ohms (higher than the rated 

150 watts), but the Millennium cannot be 

driven beyond that point. The curves I 

made while varying input level end at 0 

dBFS, the highest possible digital level, and 

the input was a constant 0 dBFS for the 

curves made while varying the volume set- 

ting. Furthermore, because the TacT ampli- 

fier's power supply did not sag over time 

(or with changing AC line voltages down to 

108 volts), there was little difference be- 

tween its dynamic and steady-state 

power. 

Figure 5 shows distortion (THD 

+ N at 1 kHz and SMPTE IM) ver- 

sus power output for 4- and 8 -ohm 

loads. For these tests, the Millenni- 

um's volume control was at maxi- 

mum and the digital signal level 

was varied. Measured SMPTE IM 

was higher than I expected (al- 

though it's mostly noise), for rea- 

sons I cannot satisfactorily explain; 

a quick check of CCIF two-tone 

distortion yielded better results. 

Here, too, the curves end without 

shooting into clipping. The 4 -ohm 

curves extend a bit past 300 watts, 

again surpassing the amp's power 

rating. 
For Fig. 6, a plot of THD + N 

versus frequency at several power 

levels, I used a fixed digital signal 

level of -0.2 dBFS to eliminate 

even the faintest possibility of clip- 

ping and varied the Millennium's 

volume setting to change output 
power levels. At higher power lev- 

els, distortion rises with frequency; 

the drop in distortion above about 

5 kHz was caused by my 20 -kHz 

brick -wall filter, which attenuated 

the resultant harmonics. 
These days, there's a lot of dis- 

cussion about new recording for- 

mats with word lengths up to 24 

bits and sampling rates to 96 kHz. 

The Millennium can't handle 96 - 

kHz signals (a Mk. III version, now 

in the works, will be able to) but 
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can handle up to 24 -bit signals. You'd ex- 

pect increasing the word length to reduce 

deviation from linearity, at least at low sig- 

nal levels. This was true when I switched 

from 16- to 20 -bit data (Fig. 7). I saw no 

further improvement when I tried 24 -bit 

data, because those extra four bits were down 

in the noise floor. Increasing word length 

can also reduce distortion. If I'd used 20 -bit 

instead of 16 -bit signals for Fig. 4, the dis- 

tortion measured with the 20 -kHz filter and 

varying input level would have been about 

15% to 20% lower; however, the results tak- 

en by varying the Millennium's volume set- 

ting would not have changed much. 

Figure 8 shows the distortion spectrum 

when the Millennium was reproducing a 

1 -kHz tone at 10 watts into 8 ohms. Above 

2 kHz (the second harmonic), the odd har- 

monics dominate, but they're too low in 

level to make the sound harsh. If this data 

were plotted on a logarithmic rather than a 

linear frequency scale, you'd also see the 

noise starting to ramp up rapidly above 10 

kHz because of the rise in high -frequency 

noise (mostly beyond the audio range) 

caused by the amp's noise shaping. 

The Millennium's noise shaping also ex- 

plains why my measurements of output 

noise varied quite a bit with bandwidth. 

With a "silent" digital signal and the TacT 

amp's volume turned all the way down to 

0 dB, wideband noise was 16 millivolts 

(mV); a narrower test bandwidth, 22 Hz to 
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ASSOCIATED EQUIPMENT USED 

Equipment used in the listening tests 
for this review consisted of: 

CD Equipment: Classé Audio DAC-1 
and MSB Technology Link DAC 2 D/A 
converters, PS Audio Lambda Two 
Special and Sonic Frontiers Transport 
3 CD transports, Sony CDP-707ESD 
CD player, Pioneer DV -414 DVD 
player, Genesis Technologies Digital 
Lens anti -jitter device, MSB Tech- 
nology ADD -1 Digital Audio Director 
switcher and A/D converter, and DGX 
Audio DDP-1 digital preamplifier used 
as an A/D converter 

Phono Equipment: Kenwood KD -500 
turntable, Infinity Black Widow arm, 
Win Research SMC-10 moving -coil 
cartridge, and Vendetta Research 
SCP2-C phono preamp 

Additional Signal Sources: Nakamichi 
ST -7 FM tuner, Nakamichi 1000 cas- 
sette deck, and Technics 1500 open - 
reel recorder 

Preamplifiers: First Sound Reference II 
passive, First Sound Presence Deluxe 
line stage, modified Quicksilver Audio 
LS, and Dynaco PAS -2 

Amplifiers: Arnoux Seven -B stereo 
switching amp, Quicksilver Audio 
M135 and Quicksilver Audio Silver 60 
mono tube amps, and Sumo Polaris 
and Parasound HCA-3500 solid-state 
stereo amps 

Loudspeakers: B&W 801 Matrix Series 3 

speakers used as subwoofers with 
Dunlavy Audio Labs SC -III speakers; 
Tannoy Churchill and Genesis Tech- 
nologies APM-1 speakers 

Cables: Digital interconnects, Illuminati 
DX -50 (AES/EBU balanced); analog 
interconnects, Vampire Wire CCC/II 
and Tice Audio IC -1A; speaker cables, 
Kimber Kable BiFocal-XL and Mad- 
rigal Audio Laboratories HF2.5C; 
Tice Infinite Speed Reference power 
cable 

22 kHz, yielded a far lower reading of 330 
microvolts (µV), or 0.33 mV. A -weighting, 
which counts higher frequencies more than 
lower ones, yielded a reading of 600 µV. 

Raising the volume setting to 80 dB just 
about doubled the band -limited and A - 
weighted noise (to 620 µV and 1.1 mV, re- 
spectively) but did not increase the noise 
significantly enough to influence the wide - 
band result. 

Raising the digital input level to -138 
dBFS did not appreciably change these 
measurements. However, when I tried my 
even narrower 20 -kHz brick -wall filter, the 
noise for a -138-dBFS input dropped to 28 
µV with the volume set at 0 dB and to 85 µV 
with the volume at 80 dB. Increasing the in- 
put word length to 24 bits just about halved 
the 85-µV reading, to 44 µV. 

With the volume set to 99.9 dB, its high- 
est setting, the output noise did increase 
considerably: The output noise with 16 -bit 
words rose to 6.2 mV but was much lower, 
850 µV, with the 20 -kHz brick -wall filter. 
Increasing the input word length to 24 bits 
lowered the 850-µV result to 398 µV. 

The Millennium's damping factor is 
plotted in Fig. 9. The amp's volume -control 

tracking was well-nigh perfect down to -77 
dBFS (which was as far as I measured). 
Channel balance at all volume settings was 
off by a relatively inconsequential 0.29 dB. 

Conventional gain and sensitivity meas- 
urements don't apply to an amplifier that 
accepts only digital input. The nearest 
equivalent result I can give is that the TacT 
Millennium delivered 1 watt into an 8 -ohm 
load with a signal level of -22.3 dBFS. 

Interchannel crosstalk for a 0-dBFS digi- 
tal input, with the Millennium's volume set 
for about 20 volts out (50 watts into 8 

ohms), was down more than 110 dB from 
20 Hz to 10 kHz and increased to -93 dB at 
20 kHz. Under more realistic conditions (a 
digital input of -10 dBFS and the Millenni- 
um's volume set at 80 dB), crosstalk was no 
higher than -110 dB up to about 4 kHz and 
increased to -83 dB at 20 kHz. In each case, 
the results were about the same from left to 
right as from right to left. 

The TacT Millennium drew 0.39 ampere 
from the AC line at idle, 0.4 ampere with 
each channel putting out 1 watt into an 8 - 

ohm load, and 0.66 ampere with each chan- 
nel putting out 10 watts into 8 ohms. This is 

considerably higher efficiency than you'd 
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get from a conventional Class -AB solid- 
state amplifier of similar power capability. 
For example, a 100 -watt Class -AB amp I 

happened to have on hand in my lab drew 
0.84 ampere at idle, 0.98 ampere at 1 watt/ 
channel out, and 1.6 amperes at 10 watts/ 
channel; a Class -AB amp rated at the same 
150 watts/channel as the Millennium would 
draw even more. 

Use and listening Tests 
The TacT Millennium's sound was very 

smooth and involving. From the first, I 

found it more coherent than that of most 
amps, with less harshness when playing dif- 
ficult material at loud levels. Ambient re- 
flections from the walls of the recording 
venue were very clearly reproduced. One 
critical listener thought the high frequen- 
cies were a little grainy compared to the 
sound from some of my tube power ampli- 
fiers used with a First Sound Reference II 
passive preamp. 

Of the digital program sources I listened 
to through the Millennium amp (see "Asso- 
ciated Equipment Used"), I generally pre- 
ferred the sound from the Pioneer DV -414 
DVD player. This is one of the very few 
DVD players I know of that can deliver 96 - 
kHz digital output, but since the Millenni- 
um can't handle this sampling rate, I set the 
Pioneer's output for a 48 -kHz sampling fre- 
quency. This enabled me to play some of 
the great -sounding 96-kHz/24-bit discs 
from Chesky and Classic Records through 
the Millennium. These discs still sounded 
more transparent, however, using the DV - 
414's D/A section or external 96/24 D/A 
converters through either of my First 
Sound preamps into Quicksilver Audio Sil- 
ver 60 tube amps. 

I couldn't play some CDs realistically 
loud through the Millennium amp, because 
the material on those discs had a high peak - 
to -average ratio. For example, Ron Tutt's 
drum solo on track 5 of The Sheffield Drum 
Record (Sheffield Labs CD -14/20) could not 
quite reach live levels when the Millennium 
was driving Dunlavy SC III or Genesis 
APM-1 speakers but almost made it with 
the more efficient Tannoy Churchills. Still, I 

got more than enough volume from the 
vast majority of CDs I played. 

I also played analog sources through 
the Millennium, using either MSB Tech- 
nology's ADD -1 Digital Audio Director or 


