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One of the greatest
benefits of working
in the hi-fi industry
is meeting the tal-
ented and interest-
ing people who
design the products
that result in so
much musical satis-
faction for so many
music lovers. High-

end audio companies often represent the vision of
one person, and that person’s personality is
ingrained in every component of his/her company’s
products. Charles Hansen, who started Avalon and is
now president of Ayre Acoustics, embodies all of that.
Unlike the many designers who come from an electri-
cal engineering background, Charlie is educated in
physics. From my first conversations with him I’ve
been struck by his candor as well as his approach
and philosophies regarding audio. If something
sounds better to him, he goes with it regardless of
what the prevailing wisdom or measurements might
say. His designs feature unique power supply innova-
tions, truly balanced topologies with discrete circuits
used wherever possible, and zero global negative
feedback. I first got to know Charlie after getting
hooked on Theta’s Dreadnaught power amplifier, on
which he did the basic design work and that I’ve
been using for a reference for two years. In addition
to their highly regarded preamplifiers and power
amplifiers, Ayre’s D-1x is one of the finest CD/DVD
players I’ve auditioned. I started this interview by ask-
ing Charlie how he got interested in this shared pas-
sion we call hi-fi…  

I've been around hi-fi systems as long as I
can remember. My father is a real music
lover and he had Dyna electronics built from

kits in the early '60s. I was fascinated with his sys-
tem, but he wouldn't let me touch it because I was
only about six years old! He gave us kids his old
mono record player in a stand-up cabinet with an
Eico amplifier.

By junior high school I had taken over the Eico and
was always tinkering with it. I would even cut classes
and hang out in the school library reading books like
Elements of Radio by Marcus and Marcus—a great
introductory text, if you can still find it. That led to a
job in the repair department of the local stereo shop
by the time I started high school. I was too young to
drive so I had to hitchhike there. The shop had
McIntosh and JBL to begin with, and when the high-
end began we were right there with Audio Research,
Magneplanar, Linn, and Levinson. A group of us were
really into the new frontier that high-end represented,
and we spent a lot of time listening to music and
building home-brew projects. (Tommy Thompson and
Charles Roe, if you're still out there, give me a
holler!)

Then you studied physics in college?

Studying physics was a good thing and a bad thing.
On the one hand, I learned the fundamentals about
things and how to analyze things in a rigorous way.
On the other hand, we don't really know that much
about how the universe works. We have equations
that describe gravitational forces, and we can predict
the motion of bodies with incredible accuracy, but
nobody knows what gravity really is or how it really
works. In the physics department, it's easy to develop
a certain intellectual arrogance that can be a real
impediment when it comes to understanding hi-fi
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equipment. For example, I doubt many physics professors
would accept the fact that interconnect cables have any impact
on sound quality!

How did you get from physics back to audio?

After I graduated, I had worked out some seemingly simple the-
ories of the behavior of speaker driver diaphragms that led to a
real breakthrough in the ability to achieve transparency and
freedom from coloration, from top to bottom. I started Avalon
Acoustics with a woodworker friend, Bob Grupp. We didn't
know much about the realities of running a business, but luckily
there were some key people that kept the company alive along
the way, including Richard Broida, Jeff Rowland, and finally
Neil Patel. I learned an incredible amount about the processes
of both listening and designing from Neil, which helped enor-
mously when I started doing electronics at Ayre.

How did Ayre Acoustics come about?

I started Ayre with a couple of friends, Peter Bohacek and Katie
Lehr, in 1993. The goal was to bring that "magic" level of per-
formance we had achieved at Avalon down to a more reason-
able price level. You know how it is when your system is really
singing, and you play it for other people? Whether they're
audiophiles or not, the reaction is usually, "Wow, I didn't know a
stereo system could sound like that! I can hear so much more
of the music!" And then at some point they ask the price, you
tell them, and they just say, "Oh, well. It sounds great but I
can’t afford that."

While it's great to build an all-out “statement” sort of product—
and you learn a hell of a lot when you do that—there are just a
few lucky souls that will get to own and enjoy that design.
We're going to keep building statement products, but at the
same time we're going to keep transferring that knowledge to
our less expensive designs. We really want to broaden our
audience and bring a different kind of musical experience to
more people.

What things have you learned from the state-of-the-art prod-
ucts you’ve designed that have trickled down to your more
affordable products?

We've learned a lot about how to achieve a really musical
sound with virtually any type of music. There is a lot of gear out

there that can shine with one type of music, but really falls
apart with another. For instance, it's tough to beat a good sin-
gle-ended triode for sheer beauty with chamber orchestra or
string quartet. But put on a rocking, dynamic piece and the
music tends to just sit there without coming to life. Some gear
will sound fantastic with a reference-quality recording, but real-
ly nasty with an average recording. Some gear makes every-
thing sound "good" because it colors the sound, sweetening
everything.

With Ayre equipment, when you put on a great recording, of
course it sounds great. But even when you put on an average
recording you'll say, "The recording isn't all that great, but listen
to how beautiful those vocal harmonies are!" The equipment lit-
erally gets out of the way. This year we launched a new series
of products that represent a real breakthrough. In the two-chan-

nel lineup, we have the AX-7 integrated amplifier and the CX-7
CD player (reviewed in APJ #9, pg. 37), and they’re both stun-
ning. They'll hold their own against just about anything at any
price. When you talk about sheer musical enjoyment, when the
system just gets out of the way and the music comes alive,
they're right up there with the best.

Tell me a bit about your design philosophies. Many designers
feel that judicious use of global feedback is beneficial, but your
products are zero global feedback. Why?

In my experience, the most musically natural sound comes
from circuits without feedback. Feedback was invented by
Harold Black in the 1920s for the telephone company. There
were repeater amplifiers along the telephone lines that would
boost the signal to make up for the losses in the long wires. It

www.audioperfectionist.com



REPRINT

3

was very important to have exact gain matching between these
amplifiers, and this was extremely hard to achieve due to the
variations in the amplifying tubes. By applying feedback to the
amplifier circuits, the gain was now set by resistor values rather
than by the tube characteristics, resulting in improved gain
matching. This is the real reason negative feedback was devel-
oped.

Feedback also happens to improve the measurable character-
istics of amplifier circuits by increasing the bandwidth, reducing
the distortion (at least for steady-state signals), and lowering
the output impedance. And this is why its use became so uni-
versal in audio circuits. For decades, it was assumed that there
was a direct correlation between measurements and sound
quality. But there is something about feedback that we can't
really measure that seems to have a detrimental effect on the
sound quality of real musical instruments. It seems to be relat-
ed to time domain performance.

Time domain performance? Can you elaborate?

Well, the simplest way to think about this is that feedback can-
not respond to an error until after the error has occurred. And
this correlates pretty well with what we hear. Compared to a
zero-feedback design, adding feedback seems to overempha-
size the leading edge of transients. This can give a more
"spectacular" sound in the hi-fi sense, but it is less musically
natural than a zero-feedback design. And this sonic
"thumbprint" seems to exist under a wide variety of conditions.
On the other hand, a zero-feedback design becomes very
chameleon-like from a sonic standpoint. In my experience, the
zero-feedback designs will "get out of the way" of the music
with a wide variety of source material. And with our designs
there isn't any reason to use feedback. The Ayre V-5 power
amplifier has a bandwidth of around 200kHz, distortion of
around 0.1% at 100 watts, and an output impedance of around
0.2 ohms. This level of measured performance is unprecedent-
ed for a zero-feedback design. There's really no reason to use
feedback when we can achieve such numbers without it.

You also employ discrete circuits wherever possible in your
statement products. Tell me more about this.

Using discrete circuits versus integrated circuits is like making
a cake from scratch versus making it from a mix. Clearly, it’s
easier and cheaper to make a cake from a mix, and you don't

have to know that much about cooking to do it. But I don't real-
ly think Betty Crocker knows more about making cakes than a
great French dessert chef! It's a similar situation with audio cir-
cuits. Discrete circuits offer a greater opportunity to use the
highest quality components, in any conceivable configuration,
and adjust all of the parameters to obtain the highest possible
performance for a specific application. This is the only way to
go if you are making a true state-of-the-art product.

How do you approach that kind of sound quality without the
benefit of discrete circuits in your AX-7 integrated amp and CX-
7 CD player?

We are now using ICs (integrated circuits) in some of our less
expensive products designed by Dr. Barrie Gilbert, one of the
"godfathers" of analog circuit design. Now, it’s very important to
differentiate between the terms "integrated circuit" and "op
amp" (operational amplifier). We’re using integrated circuits,
which simply means that there are many transistors created at
once on a single piece of silicon. An op amp, on the other
hand, uses negative feedback as its fundamental operating
principle. You cannot use an op amp in a zero-feedback circuit. 
The topology of the IC we use in the less expensive products is
very similar to the topology of our discrete circuits. We've fig-
ured out how to implement these monolithic ICs with zero feed-
back. By using two of them together, and modifying their char-
acteristics, we can get within spitting distance of the perform-
ance of our discrete circuits at a much lower cost. The critical
advantage here is that the monolithic design of the IC means
that all of the transistors are matched extremely closely. In con-
trast, with our discrete circuits we have to spend a lot of time
measuring, sorting, and matching transistors, which translates
to a more expensive final product. By using an IC in a way that
hasn’t been done before, we’re able to achieve a real break-
through in performance at a real-world price point. It's great to
make an all-out assault on the state of the art, when the only
limit is your imagination. But the real challenge is to bring those
lessons back to the real world where more people can enjoy
the fruits of our labors.

Your power supply technology incorporates inductive filtering,
which I’m starting to see on more and more products these
days. How does this improve sound quality?

Well, you've got to remember that there are two different ways
to use filter inductors in a power supply. The first way is before
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the initial filter capacitor, immediately after the rectifiers. The
second way is after the initial filter capacitor. The first method
is called an "inductor-input filter" or a "choke-input filter” (with
the emphasis on "input"). The second method is called "choke
filtering" or "inductor filtering." If you look closely at the adver-
tisements, you'll see that most companies offering chokes are
actually using "choke filtering,” which is much less expensive
than "choke-input filtering.”

Both methods will reduce high-frequency noise coming in on
the AC line, which is a good thing from a sonic standpoint. But
only the inductor-input filter will produce a continuous charging
current to the initial filter capacitor because the energy stored
in the magnetic field of the inductor is slowly released into the
capacitors. Any other method results in sharp pulses of charg-
ing current to the capacitors. An inductor-input filter provides a
much purer source of DC than does a conventional supply,
which results in improved sound quality. The problem is that
the cost of the supply is roughly doubled, which really only
makes it applicable to cost-no-object designs.

When we started working on our new product line, we knew
from the beginning that we wouldn't include a true inductor-
input filter. We decided instead to develop a new circuit that
would be immune to any noise induced into the circuitry from
the power supply. The result was our "current-mirror amplifier."
This circuit has around 1000 times (or 60dB) greater rejection
of noise from the power supplies.

Do you use any other techniques to address noise on the AC
line?

Yes, there is another extremely important element to achieving
the best results. We used to use ferrite-based filters to clean up
the incoming AC power. They do a really good job because
they don't try to block the RF energy or shunt it to ground,
which can't really be done in an effective manner. Instead, they
literally absorb RF and turn it into heat. The musical result is a
blacker background, reduced grain and hash, and sweeter high
frequencies. Unfortunately, ferrite filters become magnetized
over time. I don't fully understand the mechanism involved, but
you can easily hear the sonic effects—the sound becomes hard
and glassy, with squashed dynamics. If you demagnetize the
ferrite, it will sound good again, but only for a few days. Then it
becomes magnetized again. To solve this problem, we devel-
oped a filter—called the Ayre Conditioner—that absorbs RF

energy in the same way as a ferrite, but it is completely non-
magnetic. Also, it operates in parallel with the AC line, so there
is no restriction of current flow whatsoever. Normally with
power line conditioners, there are sonic tradeoffs. Some things
(like treble purity) improve while other things (typically dynamic
impact and bass authority) get worse. The Ayre Conditioner is
the only filter we've found that does only good things to the
sound.

Switching gears, let’s talk about digital sound. “Upsampling” is
being referred to by some in the industry as a “magic bullet”
that improves playback of the entire existing CD collection.
What would you want Journal readers to think about with
respect to this topic?

First, "upsampling" is a marketing term, not a technical term.
From a technical standpoint, there is absolutely no difference
between upsampling and oversampling. Thirty years ago, the
marketing fad was low distortion. Now it is upsampling. When
manufacturers talk about upsampling, they are referring to the
fact that there are two separate digital filters being used. Since
changing anything will change the sound of a component, it is no
surprise that adding another digital filter will also change the
sound of a component. However, you could achieve the exact
same results by using one digital filter that had the characteristics
of the composite of the upsampling and existing digital filters.
In other words, from a technical standpoint there is absolutely
nothing new about upsampling. Even the idea of cascading dig-
ital filters is old hat—virtually all digital filters are a cascade of
2x stages. For example, an 8x interpolation (oversampling) fil-
ter comprises three 2x stages in cascade to achieve an overall
rate of 8x. There are some "upsamplers" that are realized in
external boxes. In this case, you have to remember that a sig-
nificant portion of the sonic impact of such a device comes
from the fact that the jitter spectrum will always be modified.
None of this should be taken to mean that upsampling players
sound bad. On the contrary, improving a digital filter can
improve the sound of a digital player. It's just that there is a lot
of misleading marketing going on out there. You should always
buy a component because it sounds good to you in your sys-
tem, and not because of the marketing claims behind it.

Some people have been drawing a distinction between
"upsampling" and "oversampling" based on whether the prod-
uct also interpolates the word length as well as the sample
rate, i.e., converting 16-bit signals to 24 bits.
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This is total B.S. All digital filters work by multiplying the data
by coefficients. The way that you make a 16-bit word into a 24-
bit word is simply to multiply it by an 8-bit coefficient. Normally,
the coefficients are much longer than 8 bits. For example, if
you multiplied 16-bit data by a 24-bit coefficient, you would end
up with a 40-bit word. This then must be rounded (or truncated)
to get back to 24-bit data at the output of the digital filter. Any
currently available digital filter will "interpolate" 16-bit input data
to 24 bits at the output. But no matter what you do, when you
start with 16-bit data, you will only have 16 bits of precision in
the output. Even if you multiplied by 1000-bit coefficients,
increasing the actual resolution of the original signal is impossi-
ble.

Charlie, your Ayre D-1x is one of the best sounding CD players
I’ve ever heard. (Reviewed in APJ #9, pg. 33.) In addition to
the D-1x, you’ve introduced a new CD player—the CX-7—at a
time when many other high-end companies are scrambling to
release DVD-A and/or SACD players. Why?

First of all, thanks for the kind words on the Ayre D-1x. We
spent over two years on that project, and we’re very happy with
the way it turned out. The fact that our first digital product was
so well received gave us a lot of credibility in this arena.

As you mentioned, we've just released our second digital prod-
uct, the Ayre CX-7, and the reaction has been overwhelmingly
enthusiastic. We chose to make it a CD-only player simply
because that is the most cost-effective route to enjoying music.
At this point in time, adding support for SACD or DVD-Audio
sharply increases the cost of a player. Given the limited
amount of software titles that are available, paying thousands
of dollars extra for the capability to play a handful of titles
doesn't make a lot of sense for most people. Unfortunately,
given the economic realities facing the software producers, this
situation isn't about to change anytime soon. Frankly, I have
my doubts about the viability of either of the new formats as
anything other than audiophile niche products. We're still look-
ing at the possibility of making a universal player, but until we
can offer something that makes sense (at least on some level),
we're going to hold off.

But even if DVD-A and/or SACD were to survive as a niche format,
aren't high-end audio and companies like Ayre Acoustics where that
niche will be? In other words, aren't your customers the kinds of people
who will be looking for a high-resolution player?

Well, you've got to remember that Ayre has been at the fore-
front of these new technologies from the very beginning, being
one of the very first high-end companies to offer a DVD player.
And to tell the truth, we thought there would be a flood of other
companies following in our footsteps, but that simply has not
happened. Only a handful of high-end companies offer DVD
players, and some of them have already dropped out of the
game. The reality is that it is extremely difficult to implement
these technologies in a meaningful, viable way. It's like they
say, "If it were easy, everyone would be doing it!"

So, yeah, our customers would love to buy a "universal" player
that sounds great, looks great, and costs $5,000. But when
they find out that they would be lucky if a $5,000 universal
player would sound as good as a $2,000 CD-only player, then
they're not so sure that's what they really want. At the same
time, they're afraid to spend any significant amount of money
on a player that won't play all of the new so-called formats. (I
say "so-called" because it's not clear to me that a few dozen
titles, or even a few hundred titles, really constitute a format.)
They're afraid that if their new machine won't play all the new
"formats" that they'll get stuck with an expensive boat anchor!

A big part of the problem lies with the way the magazines have
been reporting on these new "formats." They've created com-
pletely false expectations in the minds of consumers—hype
about “universal” players and how they will solve all of the con-
sumers' problems. For instance, every time a new multichannel
DAC chip is released, there is some article proclaiming how the
"universal" players are right around the corner. This is com-
pletely erroneous. It's like saying, "I can get a carburetor in the
mail from JC Whitney, so it'll be really easy to build a new car
from scratch."

Now, if you want to build a true universal player, you've got to
include multichannel capabilities. And I have yet to see a single
article on multichannel sound that addresses the obvious issue
of quantity versus quality. In my personal system, I've got a
very enjoyable setup. The speakers cost $8,000 a pair, the
amp costs around $4,000, the preamp is another $8,000, and
the digital front end is around $8,000 or more. Throw in $6,000
of cabling and the grand total is over $30,000. It sounds great,
and I love listening to music through it. But let's say that I want-
ed to go multichannel. I would have two choices. Either I could
sell everything off and spend an equivalent amount on a multi-
channel system, or I could add on to my existing system. Well,
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assuming that I want to maintain the same performance level,
the latter proposal borders on the preposterous. Right off the
bat we're looking at another $30,000 for amps, speakers, and
cabling. And for multichannel equipment, there isn't anything
made that will even come close to the performance of my pre-
amp and player, regardless of price. And that assumes that I
even have space for all of that equipment in my house, which I
don't!

The other choice would be to downgrade and keep the overall
investment the same. Is there anyone out there that can look
me in the eye and, with a straight face, tell me that I'll be happy
going from two $4,000 speakers to six $1,200 speakers? I don't
think so. I remember when I owned $1,200 speakers and,
frankly, I'm much more interested in upgrading my speakers
than downgrading them. And it's still not clear if either format
will survive. Some people are saying they're already dead.
Without thousands, or better yet tens of thousands, of titles, I
don't think you've really got much. The problem is there's not
really any incentive for the software companies to make new
titles. So like I said, we'll keep looking at it. When we can offer
something that makes sense, we'll do it. But between the direc-
tion the Japanese majors are going with the new formats and
the expectations that have been created by the magazines, we
manufacturers have got our work cut out for us. But, hey, that's
our job, so I can't complain too much! Besides, I've got this
idea for a player that might be just the ticket…

Charlie, thanks for taking the time! I think you’ve given Journal
readers a lot of interesting things to think about!

Ayre’s Charlie Hansen isn’t the first product designer to tell me
that the greatest challenges in audio aren’t in the megabucks,
all-out assaults on the state of the art. Far trickier, it’s said, is
to design an audio component that challenges its pricier com-
petitors in quality for a lot less money. Just how close can Ayre
get to the performance of their reference quality K-1x ($7,000-
$8,600) preamp for a mere $3,000? The answer to that ques-
tion is the K-5x.

Design, Form and Function
The K-5x
is a fully
differen-
tial (bal-
anced)
solid-

state line stage preamp with remote control. Like the K-1x (and
per Ayre design philosophy) it incorporates no global feedback.

The chip-based, digitally controlled volume controls that are
common at this price point weren’t good enough for Hansen
and company, so the K-5x features a proprietary volume control
with FET switches that switch discrete metal-film resistors.
Hansen is extremely proud of the performance of this volume
control versus the off-the-shelf solutions that are available. It
sports 66 levels in 1dB increments.

Where the K-1x features a separate outboard power supply
and is built entirely with discrete circuits, the K-5x is a single
box (with a removable power cord) that relies on monolithic cir-
cuits in the signal path similar to those used in Ayre’s CX-7 CD
player and AX-7 integrated amp. The K-5x cannot be outfitted
with a phono section, and it’s no wonder—there’s no room in
the box! That sucker’s packed!

The K-5x has a cool looking silver aluminum case and, overall,
it matches the industrial-style CX-7 and AX-7. Good looking in
a spare way, the K-5x’s look is all business with one excep-
tion—the mystical touch of using celestial symbols instead of
names or numbers for input selection.

A row of buttons on the front panel features these lucky
charms: a star, a planet, a comet and a moon. Just above
these celestial input symbols is a display with blue characters.
A single knob for volume and a mute button are the only other
features on the front panel; the K-5x is on all the time so no
power button is needed.

The K-5x features two balanced and two single-ended inputs.
Outputs are also one each balanced and single-ended, in addi-
tion to a pair of single-ended tape loop outputs. Any input can
easily be set to Processor Pass-Through mode, which means
the input is set to unity gain, allowing the external source compo-
nent to control the volume for that input. As the name indicates
this allows you to connect a surround sound controller/processor
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to your hi-fi without the hassle of swapping wires.

As you’ll read elsewhere in this issue of APJ, it’s critical for
avid music listeners and audiophiles to have an alternative to
using a surround controller as a line stage. To set up an input
for Processor Pass-Through you simply unplug the K-5x for ten
seconds and then plug it back in while holding down the input
selector for the desired input. Now the K-5x’s display will show
“PP” when that input is selected.   

According to Ayre the microprocessor that commands all of this
impressive functionality in the K-5x stays in “sleep” mode until
it receives a command, which it executes before returning to
sleep mode again to negate noise contamination from the
microprocessor.

The Ayre K-5x is fully featured, and yet it’s also easier to use
than just about any I’ve experienced. You can control every-
thing from the remote, and its user interface is so clean and
simple I just don’t see how it could be any better. 

Performance
The K-5x user manual states that it needs 100-500 hours of
music played through it before it breaks into its full perform-
ance envelope. While I found this to be true I’d also note that it
does make very good sound right out of the box. It sounds just
a hair cold and a little mechanical, maladies that disappear
after a few hundred hours are on it.

As for listening, the K-5x right away struck me in much the same
way as the other Ayre components I’ve heard. Sonically it’s very
much in tune with the house sound over at Ayre. I immediately
took notice of the detail I was hearing.

Right out of the gate I was somewhat stunned by how revealing
and detailed the K-5x is. It just doesn’t sound like a $3K pre-
amp. As with other Ayre components, the background is velvety
black and quiet. Words like “purity” and “clarity” come to mind.

The focus is exceptionally sharp, and the soundstage has
depth and dimension. Is it a baby K-1x? Yes, I think you could
say that. The K-5x does many of the things that the K-1x does,
just not to the same degree.

The most noticeable areas of performance in which the K-5x

falls short compared to its big brother are that it doesn’t match
the K-1x’s staggering amount of dynamic contrast, nor does it
focus to quite the same razor-sharp degree, and its resolution
of inner detail isn’t up to the same level of “you are there”
transparency. And for $4-5K less, it damned well shouldn’t!

There are small criticizms. This preamp sounds killer and, like
the K-1x, it has as little of its own signature as I can imagine. In
other words, I couldn’t detect any nip or tuck from neutrality. This
thing just lets you hear the music and the components connect-
ed to it without imposing its own signature on the music. You can
absolutely plug this thing in and just dive into your record collec-
tion.

Comparing this product to the other preamps in its price range is
interesting fun. Although the ARC SP-16L is a tube preamp, it
sounds more solid-state than Ayre’s brand of solid-state! The Ayre
is far more liquid sounding and yet is noticeably more resolved.

By comparison, if the K-5x has a polar oposite, the Rogue
Audio Magnum Ninety-Nine is it—not as extended at the fre-
quency extremes, not as spatially resolved or as dimensional
or defined. And the VTL 5.5 isn’t as quiet or refined as the
Ayre, but is in some ways more spectacular to listen to with its
light and airy tube glow.

The Ayre is more ergonomically refined than the VTL or the
Rogue, has a more sophisticated volume control, and it’s the
only preamp we looked at below $4K that’s fully balanced. The
Ayre K-5x is a very compelling package to be sure.

Conclusion
The Ayre K-5x is a killer preamp and a hell of a deal for $3K. Its
performance truly transcends its price point, making it the choice
for fans of solid-state sound at that price. I can unequivocally
state that you should NOT buy a solid-state preamp anywhere
near this price before looking up an Ayre dealer.

What’s more, the K-5x is so liquid and musical that those who pre-
fer the less golden-sounding tube gear may want to give it a listen
to see if Ayre’s brand of solid-state sound is something they could
live with. My experience with preamps to date indicates that high-
end performance starts at $3K with the Ayre K-5x.
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I agree. This is where the high-end starts for solid-state pream-
plifiers. The K-5x sounds crisp and clear with lots of resolution
and it provides three-dimensional imaging that’s not often
encountered in solid-state components. It’s a very attractive
piece that’s easy and convenient to use. It’s made with high
quality parts like other Ayre products.

The K-5x compares favorably with any solid-state preamplifier,
except its big brother, the K-1x, which stands alone and estab-
lishes the performance standards for the class. Compare these
preamplifiers with any surround sound processor for an ear-
opening experience.

In the course of my career in audio I have listened to many,
many solid-state preamplifiers, including those marketed prima-
rily to the carriage trade with list prices that regular people like
us never actually pay. Although some were beautifully built—
and beautiful—I have been disappointed by the performance of
nearly all of them. Solid-state preamplifiers tend to deliver
music that has a slightly sterile sound and an image that is
somewhat two-dimensional. This sound may seem clear and
detailed to some but the results are often musically unsatisfy-
ing for me. The Ayre K-1x is an exception.

The K-1x is an all-transistor component that offers all the clarity
of the best solid-state products along with exceptional dynamic
contrast and remarkably three-dimensional imaging. This
results in a more natural presentation that allows the listener to
become more involved with the music.

Outside
The Ayre K-1x is stur-
dy and functional in
appearance. The
inductor-filtered
power supply is
housed in a sepa-

rate enclosure with
a removable power cord. This power supply enclosure is

attached to the main chassis with an umbilical cord that can be
disconnected only at the supply end.

The thick, nicely finished front panel of the main chassis is
rather spartan in appearance. The large volume control knob
sits in a milled recess towards the upper left. Two knobs,
roughly centered, are used to select the input and direct that
signal, or another, to the record outputs. You can listen to one
signal and record another at the same time if desired.

There are three indenta-
tions near the
right side of
the front panel
that contain the
IR (infrared)
receiver to accept
the remote control signals, a
mute/operate switch, and an LED that
displays operational status. There is no power
switch. When the power supply is plugged in the circuit is hot.
If power is interrupted, there is a delay to allow circuit stabiliza-
tion.

The rear panel contains a mirror image of connectors. The left
channel inputs and outputs are duplicated by those for the right
channel, and the left and right channel connector groups are
inverted to provide the shortest possible signal path internally.
There are 3 balanced, and 3 unbalanced inputs for each chan-
nel, with the optional phono stage input placed at Balanced 2.

There are unbalanced tape-outs for each channel and a cen-
trally located ground connector. There are two pairs of bal-
anced outputs and one pair of single-ended outputs positioned
near the outer edges, at each side of the back panel.

With the exception of remote-controlled mute and volume, this
preamp is operated manually. There are no visible frills and no
mechanical gadgets to fail. This is high-end audio with few con-
cessions to ergonomics.

The lack of fancy automation is likely to render a product that is
both quiet and bulletproof in operation, which is confirmed by
my personal experience.

The optional remote control is housed in an aluminum extru-
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sion and there are few buttons. You can raise and lower the
volume and mute the output from the remote control. The input
must be manually selected and manually directed to the tape
outputs. I’m old-fashioned and this suits me fine.

Inside
The K-1x incorporates all the features that an audiophile could
imagine in a solid-state preamplifier, and implements these fea-
tures with the finest parts available.

The power supply includes inductor-input filtering, and multiple
“Ayre Conditioners” (power-line RFI filters) are applied at
strategic points. The signal path is incredibly short and almost
no wire is used. Attenuation is accomplished by mechanical
switches with solid silver contacts that place precision resistors
in the signal path.

The preamplifier is a discrete, all-FET design with no negative
feedback and the attenuators utilize Shallco solid silver contact
switches. The signal path is remarkably short with all input and
output connectors, along with the active circuitry for the line stage,
placed on a single circuit board that is mounted near the back
panel. The circuit boards are made from special “high-speed”
material. The preamplifier features balanced circuitry throughout.
The dual-mono, balanced phono boards (optional) reside along
the sides of the enclosure and have adjustable gain and load-
ing. Adjustments are accomplished by inserting precision resis-
tors in sockets and tightening setscrews, which firmly attach
these components to the circuit boards. It’s not convenient but
it’s very effective.

You can select the exact
amount of gain necessary
to match virtually any
cartridge and that car-
tridge can be loaded
with exactly the imped-

ance required for the
best sound and damping. Many resistor values are furnished
with the preamplifier and you can add anything that you desire.

Much of the enclosure is filled with air that is interrupted only
by control shafts that run from the front panel knobs to the
switches located on the board at the back of the chassis. The
chassis is rather tall to accommodate the Shallco switches,

which are linked together by an ingenious system utilizing a
cogged belt and a stepper motor to facilitate exact level track-
ing and remote volume control.

The Shallco switches are solid silver contact mechanical
devices that act as stepped attenuators by selecting fixed, pre-
cision resistors to control volume. Four units are necessary to
provide attenuation on each leg of each channel in order to
provide completely balanced, dual-mono operation.

The mechanical arrangement is functional and beautiful and
represents a real engineering achievement, in my opinion.
When volume is adjusted, either manually or remotely, a slight
“clunk, clunk” sound announces your accomplishment. A real
man enjoys some audible confirmation.

Sound and Performance
I have used the Ayre K-1x as a reference preamplifier for about
two years. During that time it has performed flawlessly while
providing me with musical enjoyment and serving as a reference
tool and as the centerpiece for Audio Perfectionist seminars.

The sound from thispreamplifier is almost completely transpar-
ent with virtually no audible flaws. I’m a very experienced lis-
tener and I was unaware of any shortcomings and probably
would be still if I had not directly compared this preamplifier to
state-of-the-art tube units that sell for about fifty percent more.
Among solid-state units there are none better and, in my expe-
rience, no all-transistor device sounds as good.

The K-1x is virtually free from additive coloration. It offers a
transparent window to the performance, which is presented with
dynamic authority and an excellent rendition of rhythm and pace.
SOTA tube products, which are usually somewhat less reliable
and generally cost much more, can provide slight but perceptible
improvements in the resolution of subtle details in the recording
along with a sense of greater extension at both frequency
extremes. That’s the only criticism that I can muster.

Conclusion
The K-1x is the finest solid-state preamplifier that I’ve heard. I
have lived with it as a reference component for an extended
period and I still have immense respect for it. You can pay a lot
more but you can’t buy a component that is made with better
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parts and you can’t aspire to a transistor device that is quieter
or sounds better, in my humble opinion.

The optional phono stage in this preamplifier is the quietest and
most functional phono preamp that I’ve experienced. It has provi-
sions for adjusting gain and loading, making it one of the most
adaptable phono stages available. Oh, and it sounds great, too.

Phono cartridges are inherently balanced and the Ayre phono
stage has completely balanced circuitry. You’ll have to alter
your phono cables slightly to take full advantage of this capabil-
ity (see the Ayre web site), but you’ll probably be rewarded with
the blackest background and the widest dynamic range you’ve
ever heard from vinyl.

The line stage version of the K-1x costs $7,000 and the fully-
loaded version that I have with the optional phono and remote
sells for $8,600. I’ve listened to products selling for triple the
price that can’t equal the performance of the Ayre K-1x. I never
thought I’d call a product that costs more than $8K a bargain
but that’s probably the best description for this audiophile com-
ponent. It’s the best solid-state preamp I’ve ever heard and it’s
far from the most expensive.

Ayre Acoustics
2300-B Central Ave., Boulder, CO 80301

Phone: 303 442 7300
www.ayre.com

www.audioperfectionist.com

APJ


