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My favorite recent (for me) development is adding iPad control of my music system via Apple’s free 
Remote app. My server is a bare-bones iMac running iTunes and Pure Music (the latter is essential, in 
my view). Until I acquired an iPad, I had to choose music at the computer in the front of my room with a 
mouse. Now I can sit in the listening chair and access my music library via the iPad’s brilliant interface. I 
spend more time enjoying music and less time standing at the CD cabinet with my head turned sideways 
looking for a particular disc. There’s no going back.

Despite the wholesale migration toward file-based music systems, I was surprised by an incident 
involving a visiting loudspeaker manufacturer who was setting up a pair of speakers in my listening room. 
After the speakers were roughly in place and we were about to listen to music for the first time, I showed 
the speaker manufacturer my disc player, opened the drawer, handed him the remote control, and invited 
him to play his reference discs so that he could dial-in the speakers’ positions. “Discs?” he snorted. “I 
don’t play discs.” He proceeded to pull out his tiny laptop computer and ask me for a USB connection to 
my DAC so that he could play his music from iTunes.

The world has embraced computer-based audio systems, but audiophiles have been a bit more 
cautious. That’s because we refuse to compromise sound quality for convenience, and have generally 
stuck with the tried-and-true until we’re sure that computer audio can deliver sound quality on par with 
the best CD. That promise is now a reality: USB interfaces and USB cables have greatly improved; 

FROM THE Editor

  Click here to turn the page .

I don’t know about you, but I find myself playing fewer and fewer CDs these days. It’s 
not that I’m listening to music any less, but rather that I’m accessing that music 
from a  server rather than from physical media. This trend is accelerating as music 
servers sound better, are easier to set up and use, and have become more convenient.

The Computer-Audio Revolution
software such as Pure Music gets the best possible sound from iTunes; today’s DACs offer 
unprecedented performance and value; and storage is so cheap as to be virtually free. 
With pennies-per-megabyte disc drives, there’s absolutely no need for lossy compression 
formats such as MP3.

Computer audio is a powerful tool for accessing and enjoying music, not just because 
of the convenience factor but for two other compelling attributes; the ability to buy music 
downloads and the opportunity for listening to high-resolution digital. Browsing a music 
store from your listening seat opens up a world of new musical discoveries, and high-
resolution digital offers a more involving listening experience than standard-definition 
digital. Together downloads and high-res offer a powerful synergy.

Back in the 1990s when audiophiles were hoping for a better-sounding successor 
to the compact disc, we had no idea that just around the corner lay the potential for 
bypassing physical formats altogether. Establishing a new packaged-media format is an 
unbelievably long and expensive process, with no guarantee that the format will succeed 
in the marketplace. But the combination of computer audio and the Internet has given 
us access to high-resolution digital audio without the need for a physical format. Instead 
of waiting for record companies and hardware manufacturers to fight it out, often with 
competing formats, we can instead download, 24 hours a day, high-resolution music to 
our music servers right from the listening seat.

If that’s not a revolution, I don’t know what is. 
Robert Harley
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Nuforce DAC-100 
NuForce’s new DAC-100 is a digital-to-analog converter coupled with a high-power 
headphone amplifier. It features a precision 32-bit digital volume control and a high-
resolution analog RCA output stage, and includes a wireless remote. The DAC-100 
accepts up to four digital input sources with a digital input stage that operates in 
asynchronous mode. A 24-bit/192kHz DAC stage accurately converts digital audio 
data back to an analog signal at its native sampling rate—no up-sampling or other data 
manipulation is employed. Unlike more common digital volume controls operating at 24- 
or 16-bits, the 32-bit dynamic range of the DAC-100’s volume control avoids any loss of 
low-level resolution. The analog preamp stage is a “minimalist” design that approaches a 
“straight wire with gain” level of performance. The headphone amp delivers enough power 
to drive most headphones with absolute authority and provides 500-milliwatts of single-
ended Class A power, held by many audiophiles to be a headphone amp’s purest circuit 
topology. Price: $1195 nuforce.com

New Products 
Coming Your Way
Neil Gader

oN tHE HoRIZoN

PREvIOUS PAGE NEXT PAGE

www.theabsolutesound.com

http://bit.ly/LG57LI
www.nuforce.com
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Lindemann USB-DAC 24/192 
The compact and well-crafted Lindemann USB-DAC 24/192 is based on an XMOS-DSP with enormous computing 
power (500Mips) that can transmit music files of up to 24-bits and 192kHz in asynchronous mode. The converter section 
features an ultra-stable master clock (<2.5ps jitter), which guarantees the highest possible D/A conversion quality. Instead 
of the usual linear phase filter, an acoustically optimized minimum phase filter with “apodizing” characteristics has been 
used. Operation is straightforward: no driver required for Apple computers. For Windows computers, Lindemann offers 
a certified driver from Germany’s professional audio sector, which works extremely well with all models of this operating 
system including 64-bit. 
Price: $1100. oneworldaudiousa.com

oN tHE HoRIZoN 

Baetis Audio Media Server 
This small media server can handle more types of audio and video than any other audiophile player, server, or computer—CDs, 
DVDs, Blu-ray Discs, Super Audio CDs (DSD files), high-definition digital downloads, live streaming of the Berlin Philharmonic 
Digital, and much more. The Baetis computer rips bit-perfect, uncompressed audio to Blu-ray Discs for long-term permanent 
storage. Browse through thousands of albums, concerts, and movies on your monitor’s screen and play back files in perfect 
bit-streaming mode to your digital-to-analog converter (DAC) or multichannel DAC/preamp/video processor (pre/pro). It’s also 
the central server for whole-house music and video, and connects to your Android or iPad when you’re traveling. It does all 
this without any noise coming from the server itself. The Baetis offers up to 12TB of direct-connect storage as well as network-
attached storage. Price: $2995, Web site direct ($3995 retail price, more depending on retailer setup and assistance). 

baetisaudio.com

Bel Canto C7R Receiver 
The C7R receiver is a cool-running, high-output analog and digital 
media center with a DSP-controlled tuner and DAC that feature low jitter 
and high AC-isolation for low noise. It’s loaded with connectivity—two 
24/192 S/PDIF, two 24/192 TosLink, one 24/96 USB, one mm phono, 
and one analog line-level inputs. Outputs include an RCA line out and a 
headphone output. The C7R’s REF150S-based power supply includes 
the REF Series filter board. Like all Bel Canto components the C7R runs 
so cool it can be placed in a wide variety of locations. The 24-bit digital 
volume control is completely transparent and accurate throughout 
the volume range. Advanced engineering details abound: 0.1% audio-
grade resistors, Class A output circuitry, and low-noise power-supply 
components. Add a Bel Canto CD3t transport and you’ve got an entire 
system in two high-performance half-width cases—just pick speakers. 
Price: $2995. belcanto.com

www.oneworldaudiousa.com
www.baetisaudio.com
www.belcanto.com
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Esoteric K-05 CD/SACD Player
The K-05 player combines CD/SACD playback and adds an outboard DAC for decoding digital audio 
stored on a PC, MAC, or media server. Replacing the vaunted X-05, it utilizes the highly regarded 
ESOTERIC VRDS transport mechanism and is fitted with the finest digital-to-analog conversion circuits 
using AKM 4399 DAC chips in a dual-differential design. New in the K-05 is an improved voltage-
controlled crystal-oscillator (VXCO) clock generator with its own dedicated power supply. The K-05, like 
its bigger siblings, the K-01 and the K-03, has multiple digital-to-digital conversion capabilities whereby 
material being played or streamed through the K-05 can be upsampled to as high as 176.4 kHz at 32-bits 
or upconverted to DSD (Direct Stream Digital) before the signal is sent to the D/A converters. Five separate 
digital filters are included to customize the character of the sound to one’s own personal taste. And in the 
tradition of the “K” Series products, premium construction is exemplified in the sculpted aluminum panels 
and the massive anti-resonance steel subchassis. Price: $8300. esoteric.teac.com

Light Harmonic Da Vinci 384k Asynchronous USB DAC
Da Vinci delivers exceptional clarity and detail, sparkling transparency, a best-
in-class noise floor, and audio playback virtually indistinguishable from the 
best analog source. Features, many with patents pending, include 40 super-
shunt power regulators, dedicated digital power supply, a jitter-free three-
layer buffer, three highly precise crystal-oscillator clocks, a sample rate up to 
384kHz, resolution up to 32 bits, and a Duet Engine that doubles a file’s original 
sampling rate without digital oversampling, upsampling, or noise-shaping. 
Automatic Least Significant Bit correction provides 100-percent accurate bit-
perfect audio as it extends 16-bit signals to 24- or 32-bit signals, and 24-bit 
signals to 32 bits. In addition, a dramatic two-piece rotating aluminum chassis 
completely isolates the power circuitry, which is the cleanest possible, while 
unique gear-shaped heatsinks eliminate the need for a cooling fan. 
Weight: 61 lbs. Price: $20,000. lightharmonic.com

B.M.C. Audio DAC1 PRE Digital-to-Analog Converter with DIGM, Preamp, and Hi-Res USB
The B.M.C. DAC1 delivers a musical experience that is opulent, rich in details, and emotionally affecting. It 
includes “digital intelligent gain management” (DIGM) for lossless volume control of B.M.C. power amplifiers, 
B.M.C.’s proprietary Current Injection analog-signal-processing circuitry, low and high oversampling rates, 
balanced XLR and standard RCA outputs, and push/pull Class A output drivers that can drive power amplifier 
inputs as well as headphones. The proprietary Superlink connection transmits signals over four 75-ohm BNC 
cables from compatible devices like B.M.C.’s BDCD1 belt-driven CD player/transport, creating a soundstage 
that’s wider and more detailed, intense, and realistic. Price: $6290. bmc-audio.com

www.esoteric.teac.com
www.lightharmonic.com
http://www.bmc-audio.com
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Simaudio Moon 180 MiND Music Streamer
The Moon 180 MiND Music Streamer allows you 
to stream digitally stored music from a computer, 
NAS, the Internet, subscriber-based music 
services, or a UPnP-enabled device to an audio 
system through a standard Ethernet connection 
or wirelessly over a WiFi network, and provides 
a simple means for efficient access to large 
collections of music. The included control app 
can operate on an Apple iPhone, iTouch, iPad or 
any Android-powered device. Digital music files 
are supported up to 24-bit/192kHz resolution; 
however, the current limit on wireless streaming 
is 16-bit/48kHz. A jitter-free digital audio signal is 
output from the MiND streamer via any one of its 
three different digital outputs that is connected 
to a digital-to-analog converter. Finally, the MiND 
control app is fully compatible with systems 
using a Moon preamplifier or integrated amplifier 
equipped with SimLink capability.
Price: $1250. simaudio.com

oN tHE HoRIZoN 

Cambridge Audio Stream Magic 6
With the Stream Magic 6, the digital music enthusiast can experience premium-quality audio from 
music stored on PCs, Macs, and NAS drives, all instantly accessed thanks to its UPnP audio-streaming 
compatibility—with no complicated setup or software required. Stream Magic 6 sports twin 24-bit digital 
inputs, which allow TVs, Blu-ray Disc players, iPod/iPad docks, and any other gadgets with a digital 
audio connection to be significantly upgraded. Additionally a 24-bit USB audio-in enables high-quality 
audio from PCs and Macs, thanks in part to the pair of Wolfson DACs mated to the same 24-bit/384kHz 
upsampling system seen in the recent Dac Magic Plus. And wireless connectivity to home networks 
allows the Stream Magic 6 to be added to an existing system effortlessly. Additionally there’s a native 
iPhone or iPad app, which offers control of every feature as well as adjusting the volume of either the 
Stream Magic 6 or a Cambridge Audio amp or AV receiver. Price: $1149. audioplusservices.com

Simaudio Moon 380D D/A Converter
The Moon 380D digital-to-analog converter is an ultra-high-performance DAC with versatile functionality. 
Designed around the M-AJiC32 circuitry (an asynchronous jitter-elimination system) performing in true 32-bit 
fully asynchronous mode, it features the ESS SABRE32 Ultra DAC operating in 32-bit Hyperstream, where 
the conversion process uses an astonishing eight DACs per channel. There are eight digital inputs covering 
the full gamut of connections, and all of these inputs can accept a signal up to 24-bit/192kHz resolution. 
Also Simaudio includes both a full digital monitor loop (S/PDIF) to accommodate external devices such 
as a room-correction component, as well as one S/PDIF digital output. Optional is the Moon MiND music 
streamer module, which is actually a ninth digital input accessed via WiFi or Ethernet connection. Also 
available is a high-quality remote-controlled volume circuit feeding both balanced and single-ended analog 
outputs. Price: $3900, base version; add $600 for analog outputs; add $1200 for the Moon 

MiND streamer. simaudio.com

T+A DAC 8
The DAC 8 is the latest offering from German 
high-end audio specialist T+A (Theory + 
Application). Designed to operate purely as 
a digital-to-analog converter, it features a 32-
bit, 384kHz Sigma-Delta, 8x oversampling, 
dual-mono quadruple arrangement (employing 
eight 32-bit Burr-Brown converters in a double-
symmetrical circuit like T+A’s top digital source 
components). Oversampling is carried out by 
a sophisticated 56-bit signal processor, for 
which T+A has developed algorithms specific 
to the equipment to enable perfect timing 
characteristics. Two separate mains power 
supplies are employed for the analog and digital 
sections. The DAC 8 features eight total digital 
inputs, including USB up to 24-bit/192kHz, 
plus two high-quality analog outputs, one 
balanced (XLR) and one single-ended (RCA). The 
volume control allows the user to install active 
loudspeakers, even with very long interconnect 
cables, or to employ the DAC 8 as a digital 
preamplifier in conjunction with external power 
amplifiers. A special small remote control handset 
also operates all functions. 
Price: $2900. ta-hifi.com

www.simaudio.com
www.audioplusservices.com
www.simaudio.com
http://www.taelektroakustik.de
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COMPUTER AUDIO & iTUnEsdemystified

What is computer auDio?
Simply put, computer audio is the playback 
of digital music files from a computer or hard-
drive-based storage device. Computer-audio 
playback can be as simple as playing those files 
on a portable media player like an iPod, iPad, 
or smart phone such as the iPhone, or it can 
be as sophisticated as a home-entertainment 
system using a high-end digital-to-analog 
converter (DAC). Beyond that, computer audio 
is an ecosystem in which all of the technology 
works in flawless harmony to enhance our 
collective music-listening experience. Whether 
you’re a teenager listening to your favorite 
new “essential band,” or a forty-year-old 
teleporting himself back in time, computer 
audio is the gateway that delivers our music 
with unprecedented quantity, quality, and 
portability. 

In this brave new world of computer-
based digital audio, the current reality is that 
a compressed 256kbps MP3 digital music 
file can sound better than a mediocre LP, 
a lossless 16-bit/44.1kHz digital music file 
can sound better than the CD it was ripped 
from, and a high-resolution 24-bit/88.2kHz 
digital music file can offer an as-good-as-or-
better-than-vinyl sonic experience without our 
beloved vinyl’s flaws. 

Notice there are lots of “cans” in the 
sentence above. This new world of iPods, 
computers, and hard drives still shares much 
with the familiar world of hi-fi knowledge and 
know-how. Great audio is possible in this new 
digital-music-file world, but it is not automatic. 
Just as adjusting the stylus rake angle properly 
is critical to getting the best performance from 
a turntable, knowledge is required to optimize 

The AudioQuest Team

the hardware and software that define the 
performance boundaries of your computer-
audio experience.

AudioQuest’s Computer Audio Demystified 
is a guide created to help you navigate this 
transition from the compact disc player to file-
based music-library management, and to get 
the computer on which you are storing your 
digital music files and the home entertainment 
system on which you play them back on 
speaking terms. Along the way will be easy 
instructions for getting the most performance 
and convenience out of the music stored on 
your hard drive or computer. With this guide 
we’re going to dispel some of the myths about 
computer audio, and teach you how best to 
acquire, rip, store, and back up your digital 
music library using iTunes—the most popular 
digital-music-management system in the 
world today. We’re also going to offer some 
proven tips and techniques for enthusiasts 
looking to use computer audio as the basis for 
a “best it can be” system. 

Computer audio is for every music lover 
at any and all budget and aspirational entry 
points. 

computer auDio noW
As Apple has demonstrated with iTunes, getting 
started with computer audio is and should be 
fast and simple, regardless of whether you’re 
using a Mac or a Windows-based PC. While the 
latest and greatest iterations of both the Mac 
and Windows operating systems offer valuable 
new computer-audio enhancements, all that’s 
required to get started is a computer running the 
Mac OSX 9 (or newer) operating system, or a PC  
running the Windows XP (or newer) OS. At 

the simplest level, getting your digital music 
library to your home-entertainment system 
can require a single run of HDMI, TosLink 
optical, or even analog-mini-to-RCA-stereo 
cable directly from your computer. Or, instead 
of going directly from your computer to your 
home-entertainment system, you can also 
stream content from your computer to a 
stand-alone set-top box connected to an AV 
receiver or surround processor. Apple TV 
is a great example—a tiny box, one HDMI 
cable, and you’re in business. But the first 
step is to determine how you expect to  
connect your computer to your audio system.

•  Analog. All modern computers are equipped 
with an internal sound card and an analog 
3.5mm “headphone” output. This terminal 
can be used to connect headphones, an 
amplifier, or a pair of powered desktop 
speakers to the computer. This approach 
results in employing the computer’s standard 
internal D-A conversion, which is typically not 
a high-performance solution. Aftermarket 
sound cards with traditional RCA stereo 
analog outputs can be purchased to improve 
performance.

•  S/PDIF (Sony/Philips Digital InterFace). 
S/PDIF refers to the coaxial and TosLink 
optical digital connections that have become 
ubiquitous in the consumer electronics 
world—featured on virtually every AV receiver 
and surround processor manufactured since 



11  Guide to Digital Source Components www.theabsolutesound.com

Go to: Contents | From the Editor | on the Horizon | Feature Articles | Disc Players | DACs | Music Servers & Accessories | Integrated Amps with USB DACs | Music Features

PREvIOUS PAGE  NEXT PAGE

the 1990s and on scores of DACs. Even some 
computers come equipped with a TosLink or 
coax digital output. Mac computers come 
with a headphone output that doubles 
as a TosLink optical digital-audio output 
when used with the appropriate cable. 
On computers not so equipped, a S/PDIF 
output card can be added. In addition, there 
are a number of devices available that will 
convert USB to S/PDIF, allowing computers 
to be used as a source for traditional S/
PDIF-equipped electronics gear. S/PDIF 
is a unidirectional (single direction) digital 
connection capable of transmitting digital 
signals in a number of digital audio formats, 
including the uncompressed 16-bit/44.1kHz 
PCM used to encode compact discs. 
S/PDIF has no defined data rate and is 

therefore compatible with high-resolution 
digital music files up to 24-bit/192kHz. With 
S/PDIF, the original word clock is extracted 
from the digital-audio data packet via a PLL 
(Phase-Locked Loop receiver), which can be 
prone to jitter. However, there are a number 
of sophisticated and mature solutions that 
correct for jitter. Performance can be state 
of the art. S/PDIF offers a connection that is 
reliable in up to 20-meter lengths of cable.

•  HDMI/mini display port. As HDMI became 
the standard digital audio/video interconnect 
in consumer electronic components, many 

computer manufacturers equipped their 
products with this connection. HDMI provides 
bi-directional communication between 
connected devices. If an HDMI device offers 
digital-audio capability, it is required to 
support stereo PCM (uncompressed), the 
baseline format. Clocking issues and jitter 
often hinder HDMI’s audio performance. 
Other formats are optional, with HDMI allowing 
up to eight channels of uncompressed audio 
at bit-depths up to 24 bits and sample-rates 
as great as 192kHz. HDMI also supports 
compressed digital-audio formats such 
as Dolby Digital and DTS, and up to eight 
channels of DSD audio (the digital encoding 
used on Super Audio CDs). HDMI 1.3 and 1.4 
support lossless compressed audio in the 
form of Dolby TrueHD and DTS-HD Master 
Audio, each of which can support up to 7.1 
channels of high-resolution audio. 

•  USB. USB stands for Universal Serial Bus. 
All modern Mac and Windows computers 
feature one or more USB ports and include the 
necessary USB hardware and device-driver 
support. True to its name, USB is an honest-
to-goodness universal open standard. As 
a result, the number of computer audio 
products on the market that use the USB 

interface is substantial and growing. USB.
org has established a set of open standards 
that allows any manufacturer carte blanche 
access to USB technology. USB offers bi-
directional communication and excellent 
audio performance potential, as it has the 
ability to operate in either asynchronous or 
adaptive transfer modes. (These distinctions 
will be explained in full later in this guide.) 
USB cable runs are limited to five meters 
unless a repeater or active USB-to-Ethernet 
converter is used.

•  FireWire. FireWire, also known as IEEE1394, 
was developed as a high-speed serial bus 
that can move large amounts of data in 
real time at speeds of up to 800Mbps. For 
the playback of digital music files FireWire 
offers excellent performance potential, as 
it too can operate in either asynchronous 
transfer mode or adaptive transfer mode. 
Although any computer with a FireWire 
connection will have the requisite drivers 
that allow a computer to communicate and 
transfer data to and from an external FireWire 
hard drive, FireWire audio devices, such as 
DACs, require special drivers since there are 
no universal FireWire device-drivers built 
into the Mac OSX or Windows operating 

systems. FireWire also offers bi-directional 
communication and a 5-meter-maximum 
cable length.

•  Audio over Ethernet. AoE was developed for 
high-fidelity, low-latency audio, and offers the 
potential for low jitter and high performance. 
There are several different and incompatible 
protocols for AoE. Using Category-5 cable, 
each protocol can generally transmit as many 
as 64 channels of audio at 48kHz. Some can 
stream signals with sample rates as high as 
192kHz, as well as bit-depths as great as 
32 bits, with a corresponding reduction in 
channel capacity. Ethernet offers a reliable 
connection with a maximum cable length of 
1000 feet. There are a multitude of excellent 
products from Sonos, Meridian-Sooloos, 
Linn, Naim, and Squeezebox (to name 
but a few brands) that move digital music 
files between a computer or NAS (Network 
Attached Storage) hard drive to a digital-
audio device or home-entertainment system 
over Ethernet. However, while performance 
over Ethernet can be outstanding, to one 
degree or another the systems from some 
of these manufacturers require proprietary 
components from the same brand to be 
networked together, creating something 
of a “closed system.” While this is not a 
performance limitation, it is something to be 
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aware of when system planning. Note that 
iTunes does not allow music to be streamed 
over Ethernet to third-party hardware using 
the iTunes interface. However, a number 
of third-party streaming devices such as 
the Sonos gear can access the root file 
structures containing the digital music files 
that comprise your iTunes library. 

•  Wi-Fi Streaming. As the name implies no 
wires are required to move your digital music 
files among computers on your wireless 
network, or from your computer to your 
home-entertainment system. The Sonos 
and Squeezebox devices are examples. 
There are some limitations both in sonic 
performance and the sizes of digital music 
files that can be accommodated. However, 
Wi-Fi can be extremely convenient. Using 
Apple’s Airplay, you can stream your iTunes 
library music directly to a lot of newer AV  
receivers and speaker systems and other 
components for playback (examples include 
new Denon and Marantz AVRs and the 
newest B&W Zeppelin speaker systems). 
This means your entire iTunes library is 
accessible simply and effectively over Wi-
Fi via an Airplay-compatible component 
anywhere in the house. Apple also sells 
simple, inexpensive Airport Express boxes 
that plug into any AC outlet and can stream 

music from any iTunes library on the network 
(on a Mac or Windows PC) using Wi-Fi. With 
a simple mini-cable or TosLink optical digital 
audio connection to a powered speaker 
or amplification component, you’ve got 
distributed audio.

•  DLNA (Digital Living Network Alliance). DLNA 
distributes digital media from computers 
and media-server devices to a variety of 
electronic components with embedded 
DLNA Client capabilities over Ethernet/Wi-Fi. 
For example, a growing number of flatscreen 
TVs on the market and Sony’s PlayStation3 
are DLNA “digital media player” client-
devices that can access content from DLNA 
media servers like computers, NAS drives, 
etc. Both the server and client devices 
must be DLNA-compatible for content to 
be shared. DLNA is Windows-centric, and 
early reports indicate that DLNA can have 
interoperability quirks depending on the 
hardware platform(s) employed. In addition, 
third-party software suites like TwonkyMedia 
are required for Mac computers to be part of 
the DLNA ecosystem. 

taking control
Regardless of what type of computer audio 
connection works for you, mobile devices 
using Apple’s iOS or Android’s operating 

system make superb and sexy touchscreen 
remote controls for distributed digital music 
libraries. For iTunes libraries, Apple offers its 
own free Remote app for iPod Touch, iPad, 
and iPhone at its App Store. Naim, Meridian-
Sooloos, and Sonos are among the many 
companies that make remote-control apps 
for their network music systems that work on 
Apple iOS mobile devices. Using tablet PCs 
like the iPad for control enhances the usability 
of a digital music library so dramatically that 
you’ll likely find that you listen to more music 
more often in more areas of your home. 

storing anD Backing up Your 
music Files 
The sonic benefits of higher data rates and 
lossless/uncompressed music files are 
tangible and substantial. Fortunately, hard-
drive storage is less expensive than ever for 
those who wish to indulge in higher-quality 
storage-intensive digital music files. A one-
terabyte external hard drive provides enough 
space to store approximately 2000 CDs as 
uncompressed AIFF or WAV files, and there 

are many options from name-brand hard-drive 
manufacturers starting under $100. This is a 
very good thing, as personal computer form 
factors have changed substantially over the 
years. While those using traditional desktop 
towers will find adding more internal hard 
drives to their computers simple and cost-
effective, users with Mac or Windows laptops, 
iMacs, or Mac Mini computers will likely opt for 
external storage devices. External hard drives 
eliminate the single point of failure, so that 
even if your computer crashes all the money 
and time spent ripping your music collection 
into your computer are not at risk. 

The cost of external hard drives increases 
with the speed of the drive, the quality of 
the drive, and the speed of the connectivity 
options. USB 2.0 (480Mbps) and 3.0 (5Gbps) 
drives are the least expensive, with FireWire 
and eSATA-compatible drives costing a bit 
more. However, speed is your friend when 
it comes to these connections, as the data 
transfer for ripping and backups is not only 
faster but sonically superior as well. While 
eSATA is very fast (3Gbps), its use is more 
prevalent on Windows-based computers 

COMPUTER AUDIO & iTUnEsdemystified



13  Guide to Digital Source Components www.theabsolutesound.com

Go to: Contents | From the Editor | on the Horizon | Feature Articles | Disc Players | DACs | Music Servers & Accessories | Integrated Amps with USB DACs | Music Features

PREvIOUS PAGE  NEXT PAGE

than on the Mac platform. However, for 
a nominal charge, peripheral devices  
such as PCI cards are available for either 
Apple or Windows-based computers. FireWire 
800 is common among Mac computers and 
allows transfer speeds of up to 800Mbps. 
FireWire 800 drives typically aren’t much more 
expensive than USB drives. In the near future 
some newer computers will be equipped with 
input/output connections for the emerging 
Thunderbolt interface, which will increase 
transfer speeds dramatically to 10Gbps. The 
faster the connection is between the external 
hard drive used for storing digital music 
files and the computer, the better the sonic 
performance of the computer-audio system 
will be.

When choosing connectivity options for 
external hard drives there are some potential 
performance pitfalls to avoid. One of the more 
common mistakes is to use the USB bus to 
retrieve music data from an external hard drive 
while simultaneously using it to send music 
data to an external USB-audio decoding-device 
such as a DAC or a USB-S/PDIF converter. 
This causes an issue known as “synchronous 

conflict.” While this won’t 
prevent music from playing, 
it does significantly reduce 
the performance potential of 
the computer-audio playback 
system. When possible avoid 
synchronous conflict when 
using a USB audio-decoding 

device by simply connecting an external hard 
drive via FireWire, eSATA, or Ethernet (in the 
case of a NAS drive). 

Faster data-transfer speeds from the external 
hard drive to the computer also improve audio 
quality. If you have a choice between a hard drive 
that supports FireWire 800 with its 800Mbps 
transfer speeds and a drive that supports USB 
2.0 at 480Mbps or FireWire 400 at 400Mbps, 
and the FireWire 800 is a few extra bucks, 
buy the FireWire 800 drive, knowing that your 
money is well spent. When the ThunderBolt I/O 
interface is available, its 10Gbps transfer speed 
is likely to increase performance as well. 

NAS (Network Attached Storage) hard 
drives use Wi-Fi or Ethernet and allow multiple 
computers/devices on the network to access 
the stored music files. Using hardwired 
Ethernet tends to offer the most reliable and 
robust performance with NAS drives. Gigabit 
Ethernet offers transfer speeds as high as 
1Gbps and allows cable runs up to 1000 feet 
without the use of repeaters or boosters.

Always be mindful that hard drives can and 
do fail! Your music collection and the time you 
invested in ripping your music are incredibly 
valuable assets that have to be protected via 
regular backups; to do this, we recommend 
using an additional external hard drive(s). This 
means connecting another hard drive to the hard 
drive on which you’ve stored your music and 
backing up your library either by a hardwired 
interface or over a network. With larger music 
files and libraries we recommend performing 

your first major backup by a hardwired interface. 
Backups can be as simple as a file-drag-and-
drop exercise, but this method becomes tedious 
if applied to your entire library. There are a 
variety of third party backup software suites 
for Windows and Mac that will perform a first 
complete backup to external hard drives, and 
execute subsequent incremental backups that 
only capture new files and update changed files. 
Apple offers its own Time Machine backup utility 
integrated in the Mac OSX operating system. 
Carbon Copy Cloner (bombich.com) and Chrono 
Sync (econtechnologies.com) are affordable and 
effective solutions that offer expansive features 
for automating and synchronizing backups 
between computers or external hard drives. Not 
only are the backups incremental, the files are 
backed up in a simple file/folder structure. Time 
Machine backups embed all the files into one 
monolithic, compressed file format. 

A more sophisticated and robust backup 
scheme is RAID, which stands for Redundant 
Array of Independent Disks. RAID provides 
increased storage functions and reliability 
through redundancy. This is achieved by 
combining multiple disk drive components 
into a logical unit, where data is distributed 
across several drives. When one drive fails, 
you simply replace the failed drive with no 

downtime or loss of data. RAID is very effective, 
but might be beyond the average person’s 
capabilities to implement properly. A company 
called Drobo (drobo.com) offers turnkey 
“BeyondRAID” products that automate backup 
and provide multiple hard-drive arrays with 
full data redundancy. These options are more 
complicated and pricier but, again, if a hard 
drive fails no data is destroyed and you don’t 
lose any music listening time—simply swap out 
the failed drive and keep listening. Think of this 
as an insurance policy. 

not all Digital music Files are 
createD equal
The Best Audio Comes From the Best 
Source Material 
Whether you’re ripping your own CD library or 
acquiring downloads from on-line music sites 
such as HDtracks (hdtracks.com) or iTunes, 
choosing the best music file-format and import 
settings will play important roles in determining 
the ultimate quality of the playback. To many, 
digital music files have become synonymous 
with low-bit-rate, inferior-sounding MP3 or AAC 
(Advanced Audio Coding) downloads. MP3 
and AAC are “lossy”-compression file-formats 
that permanently throw away most of the data 
in the original music file—sometimes as much 
as 90% of the original data! Fortunately not 
all digital music files are created equal. It’s 
never really just 1’s and 0’s. Apple’s iTunes is 
capable of supporting lossless compressed 
and uncompressed music files as large as 
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32-bit/384kHz. While 128kbps AAC files are 
popular at Apple’s iTunes store, MP3s and 
AAC files come in a variety of data rates. Higher 
data rates such as 192kbps or even 320kbps 
are also offered from a number of sources, and 
the result is audibly better sound. In addition, 
AAC or MP3 files at higher bit-depths, such 
as 24 bits, sound far superior to typical 16-bit 
lossy files (examples can be found at KEXP.org 
under “podcast”). In more and more cases, 
high-resolution digital music files with greater 
bit-depths and higher sampling rates can be 
downloaded as either uncompressed files or 
files with lossless compression. HDtracks 
not only offers uncompressed 16-bit/44.1kHz 
downloads, it houses an ever-growing 
collection of high-resolution downloads at 
up to 24-bit/192kHz. In addition, artists like 
Radiohead and Nine Inch Nails have offered 
uncompressed high-resolution downloads 
from their own Web sites. Uncompressed 
or losslessly-compressed high-resolution 
digital music files have the potential to sound 
dramatically better than CDs and compressed 
MP3 or AAC files. So if you have a choice in 
your downloads, opt for the highest data-rate/
bit-depth and the least compression you can 
get and your ears will thank you. 

When ripping your own CDs to your library, 
you’ll have even more control. In iTunes you 
can choose higher bit-rate MP3 and AAC 
(192kbps or 320kbps) for your music, or you 
can choose to rip and store your music using 
an uncompressed audio format such as AIFF  

or a lossless-compression format such as 
Apple Lossless, each of which is the qualitative 
equivalent of the Compact Disc. As you’ll learn, 
metadata like song titles, album art, and other 
convenience features can be downloaded 
from the Internet and directly through iTunes, 
J. River, and other music-library management 
and playback suites. Metadata is a big-time 
enhancement to the convenience of using 
computer audio for music-library management, 
but not all file formats support it. Here’s a list 
of the prevalent lossless/uncompressed file 
formats and their respective strengths and 
weaknesses:

Apple Lossless Compression. This is an 
Apple file format option in iTunes that employs 
“lossless” compression, which reduces the 
stored data to as little as half of the original 
music file’s size, but restores them to the 
original bit-for-bit-identical music file on 
playback. The process is not unlike a Zip file 
in which a large amount of data is “zipped” 
down to a smaller file size for storage and 
then “unzipped” to its full size when opened. 

In spite of this being an Apple technology, 
iTunes running on Windows XP/Vista/7 is fully 
compatible with Apple Lossless, with full rip 
and playback capabilities, and Apple Lossless 
offers full metadata support on both platforms. 
Since the original music file is restored bit-
for-bit, Apple Lossless files offer much better 
sound than lossy MP3s and are compatible 
with high-resolution music files. Interestingly, 
uncompressed music files such as WAV or AIFF 
can sound better than lossless compression 
formats like Apple Lossless or FLAC. Perhaps 
this is because they don’t require the additional 
step of being “unzipped” and restored to their 
original PCM data package during real-time 
playback. Listen and you’ll hear the difference.
 
FLAC (Free Lossless Audio Codec). Like 
Apple Lossless Compression, FLAC employs 
“lossless” compression, which reduces the 
stored music file’s size, but then restores 
the data package to the original bit-for-bit-
identical music file on playback. It supports 
high-resolution audio with greater bit-depths 
and sample rates and also supports metadata 
tagging, and will retain metadata when the files 
are backed up. In spite of the fact that FLAC is an 
extremely common and accepted format, it is 
not supported by iTunes. This means you can’t 
rip, store, or play back FLAC music files using 
iTunes. A variety of programs are available for 
converting FLAC files to iTunes-compatible file 
formats such as Apple Lossless, AIFF, WAV, 
MP3 or AAC, including Max (sbooth.org/max), 

Fluke (macupdate.com/app/mac/28768/fluke), 
and DB Power Amp (dbpoweramp.com/dmc.
htm).

Be aware that FLAC files are high-quality 
files and that converting them to MP3 or AAC 
will permanently delete much of the data 
from the original music files. To maintain the 
integrity of FLAC files it is important that they 
are converted to a lossless or uncompressed 
file format such as Apple Lossless, AIFF, or 
WAV. This is essential!

WAv (Waveform Audio File Format). WAV 
is a music file-format capable of storing 
Linear PCM audio (the digital encoding 
format used on compact discs) in completely 
uncompressed form. Ripping a CD and 
storing it as an uncompressed WAV results in 
“bit-perfect” storage; the ripped music file is 
identical to the original CD data package. WAV 
files can also store high-resolution music files 
at greater bit-depths and sampling rates than 
CD’s 16-bit/44.1kHz resolution. Uncompressed 
WAV files can be ripped and played back in 
iTunes and are very high quality. However, they 
do take up more hard-drive storage space than 
AAC, MP3, or Apple Lossless. WAV files have 
one notable limitation: They do not support 
attached metadata tagging. Things like album 
art, song titles, and other convenience features 
that enhance music-library management and 
playback will be lost in subsequent generations 
(backups). 

If you have already ripped your music as WAV 
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files you can convert them to AIFF using iTunes. 
This is easy to do. Simply highlight all the WAV 
files you wish to convert and then use the 
“Advanced” drop down menu from the iTunes 
Navigation bar and select “Convert to AIFF.” Be 
certain that you have enough available hard-
drive space, as this will temporarily double the 
amount of storage occupied by the music files 
you’ve chosen to convert. Once iTunes has 
completed the WAV-to-AIFF conversion, you 
can delete the WAV files. Note that for high-
resolution files we recommend using Max or 
some other aftermarket file converter. ITunes 
will not convert high-resolution files at full 
sample rate.

 
AIFF (Audio Interchange File Format). 
AIFF is similar to WAV. This music file format 
is capable of storing uncompressed Linear 
PCM audio. Ripping a CD and storing it as 
uncompressed AIFF results in “bit-perfect” 
storage, with the ripped music file identical 
to the original data on the CD. Like WAV files, 
AIFF files can also store high-resolution music 
files at high bit depths and sampling rates. AIFF 
files can be created and played back in iTunes 
on Mac OSX and Windows XP/Vista/7 and are 
very high quality. But they, too, require more 
hard-drive storage space. AIFF files support 
permanent metadata tagging, like album art, 
song titles, and other convenience features 
that enhance music-library management and 
playback. Backups of AIFF music files will 
retain all of the metadata, making AIFF the 

best all around choice for performance and 
convenience. 

Storing your digital music files in lossless or 
uncompressed form doesn’t mean you have 
to reduce the amount of music stored on your 
iPod, iPhone, or mobile device. ITunes allows 
users to convert higher-data-rate music files to 
128kbps AAC on the fly as the music is sync’d 
to the mobile device in question. There is no 
need to maintain separate high and low bit-
rate libraries.

PLAYING DIGITAL MUSIC FILES
The USB and FireWire Difference
USB and FireWire offer a variety of options 
for playing back your digital music files and 
don’t require a proprietary or closed system of 
media servers and playback devices from any 
single manufacturer. Most simply, there are 
powered speakers that accept a USB or mini-
USB input from your computer; such small 
stand-alone speakers require no additional 
electronics to make detailed sound right 
on your desktop. Moving beyond that, USB 
and FireWire DACs and preamp/processors 
open the door for connecting your computer 
to component-based home-entertainment 
systems on the desktop and elsewhere in 
the house, and don’t require a proprietary or 
closed system of connected components/
media servers to function. The DAC receives 
its digital data streams over USB or FireWire 
and converts them to an analog stereo output. 
Inexpensive DAC solutions abound, but for 

enthusiasts wishing to push the computer-
audio performance envelope, the sky is the 
limit. Computer audio transferred via USB or 
FireWire doesn’t just have the potential to be 
as good as a Compact Disc; both can offer 
substantially better performance. 

Since the advent of the Compact Disc in 
the 1980s, computers have played a part in 
mastering the digital music we all listen to. 
But time-domain errors have always plagued 
CD playback. Jitter is the most prominent of 
these. Digital audio encodes amplitude in time. 
Jitter refers to errors in the timing of the 1’s 
and 0’s that make up the PCM digital-audio 
bitstream. If the timing is off anywhere in the 
signal path, it results in a distortion of the 
original recording. “Clocks” in the components 
that convert digital signals to analog are used 
to determine the proper timing sequence for 
the 1’s and 0’s based on the sample rate. 
Clocking errors are a common source of jitter. 
The ubiquitous S/PDIF interface was originally 
developed for testing and analysis, not high-
performance audio playback. S/PDIF digital 
audio transmission can create high amounts 
of jitter in a digital playback system with the 
transport operating on a fixed-frequency 
clock and the DAC-receiver using a variable-
frequency clock that has to re-clock as each 
and every packet of audio data is received. 
Large buffers and superior phase-locked loop 
(PLL) receivers can overcome jitter with CD 
playback to some degree. USB and FireWire 
have the ability to transmit high-quality audio 

signals without introducing jitter into the 
playback system, making USB and FireWire 
DACs a superb choice for high-performance 
computer-audio systems.

The two popular modes of transmitting 
USB and FireWire audio from a computer 
to an external DAC are Adaptive mode and 
Asynchronous mode. Let’s talk about Adaptive 
mode first. As the name implies, adaptive 
mode uses an adaptive clock, better known 
as a variable-frequency clock. Because of the 
nature of variable-frequency clocks, this mode 
is susceptible to jitter. Adaptive mode is similar 
to S/PDIF in that as the audio data comes over 
the USB or FireWire bus the system references 
the 12MHz audio clock on the computer’s USB 
bus. In other words, the computer controls the 
audio data transfer rate. Because computers are 
always multi-tasking this results in inconsistent 
timing for the audio-data transmission, which 
in turn causes timing errors in the derived 
master-audio clock in the DAC, as its variable-
frequency clock attempts to re-clock the audio 
stream upon receiving each and every packet 
of data. Think of this as a game of catch in 
which you’re catching one ball after another 
as they’re being thrown to you, but each ball 
is being thrown at a different speed. When the 
timing of delivery is consistent and you know 
precisely when to expect the ball, everything 
goes smoothly. When the ball arrives before 
or after you’re expecting it, you have to adapt 
quickly before the next ball comes, and you are 
more likely to drop the ball sometimes. Another 
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issue is that the 12MHz clock-rate of the USB 
bus and the sample rate of almost all music 
(16-bit/44.1kHz) are not divisible by one another. 
This creates an additional layer of complexity 
for the DAC to overcome. There are adaptive 
mode DAC solutions available that substantially 
reduce the level of jitter and offer untarnished 
audio performance. But the essential takeaway 
is that the adaptive-transmission method itself 
creates jitter (just as S/PDIF interfaces do), and 
that jitter must be dealt with elsewhere in the 
playback system for high-performance sound. 

Asynchronous mode USB and FireWire 
transmission is quite different. With true 
asynchronous transmission the DAC is 
remarkably immune to jitter because a buffer 
in the DAC controls the flow of the data. The 
DAC controls the audio-transfer-rate from 
the computer, ignoring the computer’s USB 
bus clock and instead slaving the computer 
to the buffer in the DAC. The DAC requests 
the packets of audio data from the computer 
and stores this data in its buffer. The DAC’s 
buffer and the digital converter chip itself are 
then synched with a single fixed-frequency 
clock. This method assures near-perfect, 
virtually jitter-free transmission. To get back 
to the game-of-catch analogy, think of it as 
asking for a ball to be thrown, catching the 
ball, setting it down, and asking for another, 
and so on, in perfect timing and rhythm; you 
are always ready before asking for the next 
ball to be thrown. Because an asynchronous 
DAC controls the audio data-flow instead of 

the computer, jitter is not introduced into the 
playback system during this process. Because 
jitter is not introduced into the playback system 
to begin with, it doesn’t need to be corrected.  

Currently most USB and FireWire DACs 
operate in Adaptive mode. Asynchronous 
mode DACs are fewer because there are 
currently no turnkey OEM solutions available. 
Adaptive mode DACs are capable of great 
sound, and we aren’t discouraging their use, 
but asynchronous DACs offer the potential for 
state-of-the-art digital playback. 

Parenthetically there is such a thing as a 
“synchronous mode” USB DAC. Because 
the audio device is slaved directly to the 
computer’s clock, synchronous devices are 
very susceptible to high levels of jitter and are 
virtually extinct in today’s USB/FireWire DAC 
market. 

PLAYING DIGITAL MUSIC FILES
iTunes and Alternative Music Player 
Software Suites
Playing digital music files on a computer 
requires a software-based audio-playback 
program running on that computer. Apple’s 
iTunes is so simple that hundreds of millions 
of people use it every day on both Mac and 
Windows computers. It excels at both library 
management and music playback, and allows 
users to sync music files to a wide variety of 
smart phones and portable music-playback 
devices. To use iTunes with an external USB 
or FireWire DAC requires manipulation of 

the audio input and output settings in the 
computer. Essentially you have to route the 
sound to your external DAC instead of to the 
computer’s internal electronics and speakers.

With the release of Mac’s 10.6.4 Snow 
Leopard operating system, iTunes now 
supports music files with bit rates as high 
as 32-bit/384kHz. However, if your music 
library comprises music files with different 
sample rates (for instance, if most of your 
music is 16-bit/44.1kHz material ripped from 
your own CDs, and only some of your music 
files are 24-bit/96kHz), you need to be aware 
that it’s best to play your music files in their 
native sample rates and avoid sample-rate 
conversions in iTunes. As an example, while 
it might seem like a good idea to configure 
your Mac’s Audio MIDI setup to output 96kHz 
and “upsample” your 44.1kHz material to 
that higher sample rate, you are not, in fact, 
increasing the resolution of the 44.1kHz music 
file during playback. Since 44.1kHz is not an 
even multiple of 96kHz, sample-rate converters 
have to make some very sophisticated guesses 
to perform these up-conversions; the resulting 
sample-converted data is a mere estimate that 
doesn’t necessarily bear any relationship to 
the original data package. To repeat: The best 
sonic performance will be achieved by sending 
your digital music files to an external DAC at 
their native sample rates. 

Playing music files at their native sample 
rates using iTunes requires manually adjusting 
the outbound sample rate in your Mac’s Audio 

MIDI setup so that it matches the sample rate 
of the music file. For example, if you want to 
play a 96kHz song, the MIDI output must also 
be set to 96kHz. If the MIDI is set to 44.1kHz 
and you select a 96kHz song, the song will 
still play, but it won’t play at the native rate 
of the file. Instead, the file will go through a 
sample-rate down-conversion and play at 
the lower 44.1kHz sample rate, negating the 
sonic benefits of the higher sample rate. As 
noted, this is true in the opposite direction as 
well. If the MIDI is set to 96kHz and you play a 
song encoded at 44.1kHz the music file will be 
“upsampled” from 44.1kHz to 96kHz with the 
undesirable results described above. 

While the Mac operating system supports 
sample rates beyond 96kHz, Windows 
operating systems do not. Windows 7 only 
supports music files up to 24-bit/96kHz. For 
those interested in playing files larger then 
96kHz, a third-party driver must be installed. 
(Thesycon offers a free driver at thesycon.de/
eng/usbio.shtml.) Be aware that using iTunes 
on the Windows operating system also requires 
users to manually adjust the computer’s audio 
output settings to ensure native-sample-rate 
playback. On Windows-based PCs, QuickTime 
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is used to configure the computer’s audio 
output settings when playing digital music files 
using iTunes. 

There are, however, a number of third-
party music-player software suites that will 
automatically detect each music file’s native 
sample rate when it’s played and adjust your 
computer’s audio-output settings accordingly, 
so that all of your music files are automatically 
transmitted to external audio devices at their 
native sample rate. Additionally, these third-
party music players are format-neutral. They 
will play almost any digital music file-format 
including FLAC, Ogg Vorbis, Musepack, 
WavPack, Monkey’s Audio, Speex, Apple 
Lossless, AAC, MP3, WAV, and AIFF. Many 
of the third-party music players for Mac 
computers operate as a nearly invisible skin 
over iTunes, meaning the user still manages 
his/her library with the iTunes interface, which 
is often as seamless as using iTunes itself 
and allows iTunes to do what it does best in 
managing your library, importing and playing 
music, and syncing to mobile devices. Other 
music player developers chose to develop 
their own GUIs. Aside from convenience, it’s 
also important to note that almost all of these 

third-party music players sound noticeably 
better than iTunes itself! 

The first decision in choosing an alternative 
player suite is whether you want something that 
works in conjunction with iTunes or something 
that replaces it. Replacing iTunes most often 
means giving up a lot of convenience in library 
management and playback. Leaving the Apple 
ecosystem entirely means leaving behind fast 
and easy syncing with mobile devices and 
other Apple-based music-distribution features 
as well, like Airplay and using the Remote 
app on an iPad as a control device. While a 

program like Decibel (sbooth.org/Decibel) 
offers outstandingly pure sound quality, the 
convenience of iTunes is what got a lot of 
us hooked on computer audio to begin with. 
Not being able to use the iTunes GUI will be 
viewed by many as a major weakness when 
considering some music-player suites.

Of the available suites for Mac users, 
PureMusic (channld.com/puremusic) is among 
the best we’ve found. Its playback is bit-
perfect, meaning it doesn’t alter digital music 

files on playback as some suites do. It costs 
$129 (at the time of this writing), is very robust 
and reliable, and improves the sound of stock 
iTunes substantially. Amarra (sonicstudio.
com/amarra) is another option that offers 
upgraded sound over stock iTunes. Its most 
recent software iteration is bit-perfect on 
playback, and it too uses the iTunes interface. 
An Amarra license is pricey, however, at $700. 
Decibel (sbooth.org/decibel) is inexpensive 
($33 at the time of this writing) and also offers 
outstanding sound quality. While it can play 
back music and playlists from your iTunes 
library, it doesn’t employ the iTunes interface 
for library management or playback. You have 
to manually select the music files you want to 
play and “load” them into the Decibel player. 
While this is more cumbersome, the sound 
quality is so good that the extra steps will be 
justified for many audiophiles.

In the Windows world J. River Media Center 
(jriver.com) offers a stand-alone solution that’s 
a complete alternative to iTunes for $50. In 
other words, J.River users don’t use iTunes 
at all for ripping, storing, and playing back 
their digital music files. J.River is compatible 
with Windows 2000, XP, Vista, and Windows 
7 and Home Server, and will sync music and 
other media to iPods, iPhones, Android-based 

phones, and other mobile devices. It supports 
a wide variety of digital music file formats 
including FLAC, WAV, and AIFF, including 
high-resolution files up to 24-bit/192kHz. It will 
retrieve and attach metadata from the Internet 
and, better still, it sounds better than iTunes on 
the Windows 7 platform.

Everything Matters
As with any audio system, everything matters 
when pursuing the best performance. Whether 
you are using an external USB or FireWire 
DAC or an AV receiver, the quality of the 
DAC is critical. In addition to the preamplifier, 
power amplifiers, and speakers, the cabling 
and accessories matter every bit as much in 
a computer-audio-driven system as in an all-
analog audio system. The analog interconnects 
that connect your outboard DAC to your 
stereo matter, as do the AC power cables 
that connect the computer audio components 
to your home’s AC power. But there are new 
considerations worth discussing as well. 

The computer hardware itself matters. In 
addition to its typical chores, your computer 
is also undressing your audio from one of the 
many file-container formats referenced above 
to play back your music in real time. More CPU 
processing-power and more RAM make your 
music playback sound better. Additionally, 
newer 64-bit operating systems like Windows 7 
and Mac OSX tend to offer better sound quality 
than older 32-bit operating systems. Whether 
the hard drive you store your music on is internal 

COMPUTER AUDIO & iTUnEsdemystified
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or external, the quality of that drive and how 
it’s connected to your computer impacts 
your computer-audio sound. Higher transfer 
speeds sound better, so faster-spinning hard 
drives sound better. A 7200-rpm drive offers 
better audio performance than a 5400-rpm 
drive. Solid-state drives with no spinning 
discs sound better still, but before purchasing 
a solid-state drive check the specifications for 
speed and get the fastest transfer speed you 
can afford. Since solid-state drives are still 
inordinately expensive, most of us are likely to 
stick with traditional hard drives for the near 
future. In addition, as we outlined previously, 
be sure to use hard drives with the fastest 
data-transfer speeds and configure your 
computer components to avoid synchronous 
conflict while transferring your music data.

As you can see, until large solid-state hard 
drives are the norm, it’s a myth that computer 
audio gets rid of the spinning disc. Hard drives 
are spinning discs, too, albeit discs that spin 
really, really fast! Mechanically isolating both 
the music server/computer that’s playing music 
files and any external hard drive or NAS drive 
that is storing the digital music files improves 
computer audio sound quality dramatically. 
Computers, external hard drives, routers, and a 
host of peripherals you might have connected 
to your audio computer will have electronically 
noisy, “dirty” switching power supplies. Isolating 
these computer components from your other 
gear with high-quality power conditioning is 
very important. 

And, of course, 
the new cables 
matter. When 
using a USB 

or FireWire DAC, the USB and/or FireWire 
cables that connect the computer and DAC 
have a profound impact on the sound you 
hear, just as the sonic characteristics of the 
DAC itself do. 

It was never really just 1’s and 0’s to begin 
with, and that’s still the case today. But 
what’s perhaps more surprising and less 
intuitive is that the peripheral cables that 
connect to the computer also make such a 
staggering qualitative difference in sound 
quality. The FireWire, USB, and Ethernet 
cables that connect the computer to external 
drives and devices can all add distortion to 
the signal. Therefore, the entire computer 
audio experience can be improved by using 
cables that are inherently lower in distortion 
throughout your entire computer audio 
system.

getting started With Computer audio
Now that you’re armed with some crucial 
knowledge, you’re ready to get started. 
(For greater detail, see our iTunes set-up 
guides for Mac OSX and Windows 7/XP at 
audioquest.com/pdfs/CA-Setup-Guide.
pdf.) Most import-antly, have some fun and 
discover new music or rediscover the music 
you already have. The computer-audio future 
is now.  

computer audio & ituNeSdemystified
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We frequently use the terms “CD-quality” or 
“high-resolution” to describe digital audio 
sound quality. But what exactly do those terms 

mean?
“CD-quality” and “high-resolution” are convenient shorthand, 

but they convey nothing about sound quality. It’s a mistake to 
assume that “high-res” formats (loosely defined as a sampling 
frequency of greater than 48kHz and a word length greater than 
16 bits) are always audibly superior to CD-quality audio. In fact, 
audio signals are subjected to many vagaries that far overshadow 
the sampling frequency and number of bits in each sample. This is 
why some “high-res” files sound mediocre and some CDs sound 
spectacular.

Let’s first look at the range of sound qualities possible from the 
CD format. For this discussion we won’t even consider the massive 
quality differences in the recording itself, but how sound quality is 
affected by what happens after the recording is made. 

In the early days of the compact disc, record companies were 
in a headlong rush to reissue their catalogs on this new medium. 
Consequently, they didn’t take the time to find the original 
mastertape, select the finest analog-to-digital converters, and 
perform the transfer using state-of-the-art techniques of the day. 
Record company executives, and even some technical people, 
believed that A/D conversion was all the same; once the music 
had been converted into bits the sound was perfect. This mentality 

led to the tragic destruction of many analog mastertapes after the 
44.1kHz/16-bit transfer was completed.

Here’s how a CD release might have happened in the first 
ten years of the compact disc. The guy in charge of the record-
company vault is told to retrieve the analog “master” and send it to 
the CD pre-mastering studio. He grabs the first box he finds that 
includes the word “master” on the spine. What he doesn’t know (or 

perhaps doesn’t care about) is that this “master” isn’t the original 
master, but the “cutting master,” a fourth- or fifth-generation copy 
that has been equalized and compressed so that the audio signal 
best translates to the vinyl medium. But where’s the first-generation 
master? The original two-track master onto which the mix was 
recorded doesn’t usually leave the vault; it represents so much 
money and effort that it must be protected at all costs. Instead, 

What Exactly Are CD-Quality and 
High-Resolution Audio?
Why Sampling Frequency and Word Length Aren’t Everything

Robert Harley
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the engineer at the original recording session 
makes a one-to-one “safety master” that goes 
to the LP disc-cutting studio. The LP mastering 
engineer uses the safety master (or sometimes 
a copy of the safety master) to cut a variety of 
reference discs using different equalization and 
compression settings so that the producer and 
artist can listen to them on disc and choose 
which settings sound the best for that particular 
project. Once these settings have been decided 
upon, the mastering engineer makes a “cutting 
master” from the safety master that has been 
compressed and equalized to best fit the signal 
into an LP groove. (It might also have level 
adjustments and different fades.) This cutting 
master is then used to cut all lacquers for LP 
production; the engineer doesn’t have to recreate 
the equalization, compression settings, and level 
changes every time he cuts another lacquer. 
Often, a safety master is made from the cutting 
master, which sometimes serves as the source 
tape. The tape used to cut an LP is thus often 
three, four, five, or more generations removed 
from the “original mastertape,” and the signal on 
it has been processed to optimize it for the vinyl 
medium. Once the lacquers have been cut, the 
cutting master is sent to the record company for 
storage in its vault. This is true for mass-market 
releases; audiophile reissues are sometimes cut 
from the true original mastertape, which must be 
insured for a substantial sum before it leaves the 
record company’s hands. Strictly speaking, there 
is only one tape that can be called the “master,” 
and that’s the first-generation.

The CD pre-mastering house transfers this 
compressed and equalized multi-generation 
analog tape to digital, most likely with a Sony PCM-
1610 or PCM-1630, a device that incorporates in 

one chassis A/D and D/A conversion, along with 
electronics to format audio data into a video 
signal for storage on ¾” U-Matic videotape. The 
PCM-1630 had half a dozen op-amps in the signal 
path, crude A/D converters, analog brick-wall 
anti-aliasing filters, phase shift, and significant 
clock jitter. Nonetheless, it represented the 
industry standard until the mid-1990s.

The resulting videotape has encoded on it a 
digital representation of the analog master, but 
it’s not used to cut the CD glass master from 
which discs will be replicated. Rather, the audio 
data are transferred to another videotape though 
a digital audio editor (typically the Sony DAE-
1100). Why? Because record companies were 
afraid consumers would return CDs to the store if 
they heard any analog tape hiss on this “perfect” 
new medium of CD. The labels issued standard 
instructions to CD pre-mastering engineers to 
insert “digital silence” (all encoded data words 
are zero) between tracks, and to “follow the 
fades.” This is the practice of gradually reducing 
the signal level with the digital editor’s fader 
at the end of a song in perfect synchrony with 
the fade out on the master. Instead of allowing 
the audio signal to gradually disappear into 
tape hiss during the fade, the pre-mastering 
engineer slowly moved the digital fader down as 
the song faded out, reducing the level of signal 
and, with it, the tape hiss. One problem with this 
technique is that the digital editors of the day 
couldn’t perform the math quickly enough on 
16-bit signals (digital attenuation is realized by 
multiplying each sample by a number less than 
one), so the digital editor simply truncated (cut 
off) the two least significant bits, turning our 16-
bit system into a 14-bit system. A red LED next to 
the editing console’s fader warned the engineer 

when the editor truncated. Simply lopping off the 
two least significant bits has horrendous sonic 
consequences. The sonic harm of reducing 
the number of bits in each sample can be 
minimized by redithering, but that technology 
wasn’t available at the time. The CD mastertape 
used to cut the master glass was thus severely 
compromised by limitations of 1980s digital 
technology.

Quite apart from this problem of creating CDs 
from multi-generation analog tapes that have 
been converted to digital with crude technology, 
many artists and producers in the early days of CD 
didn’t realize that making a CD mastertape was 
a creative process, not merely a manufacturing 
step. In the late 1980s artists and producers 
began demanding to be involved in converting 
to digital their previous work for CD release. A 
dramatic firsthand account of this shift comes 
from the legendary recording engineer Roger 
Nichols. He and I were participants on a panel 
discussion on CD mastertape preparation at an 
Audio Engineering Society convention when he 
related this story. Nichols walked into a record 
store in the mid-1980s and saw, for the first time 

on CD, the Steely Dan albums he’d engineered. 
Nichols had not been involved in the creation of 
the CD mastertapes—nor was he asked to be. 
He bought the discs, took them to his studio, and 
was appalled by the sound quality. He notified 
Donald Fagan and Walter Becker, who upon 
hearing the discs demanded that the record 
company recall and destroy all the CDs (which 
they did). Nichols then investigated exactly what 
went wrong at every step of the process and 
discovered a scenario very similar to what I’ve 
just described: multi-generation analog cutting 
masters, low-quality A/D conversion, and other 
processes anathema to good sound. He then 
remastered the titles himself from the original 
mastertapes using state-of-the-art conversion 
technology. Nichols’ experience likely parallels 
that of many artists, engineers, and producers 
who realized that they couldn’t leave this crucial 
step to chance, and that they needed to take a 
hands-on approach to creating CD mastertapes.

It wasn’t just the primitive hardware that 
was to blame for poor CD sound; many record 
companies simply didn’t care about quality. When 
I worked in a CD mastering lab I received a digital 
mastertape that suffered from, among other 
problems, about 30 seconds of catastrophic 
speed deviation caused by someone accidentally 
brushing up against the analog tape machine’s 
spinning reel during the A/D transfer. When I 
notified the small record label of the problem, 
the label president himself was put on the phone 
and asked me, “If the customer puts the disc in 
a machine, will sound come out?” When I replied 
that it would, he insisted that we manufacture 
discs from this laughably flawed mastertape. It 
doesn’t take much imagination to realize that the 
other elements that went into making this digital 

What Exactly Are CD-Quality and High-Resolution Audio?

The high-resolution 
“numbers” don’t 

guarantee great sound; 
they merely provide the 

opportunity for  
great sound.
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master were not state of the art. Nonetheless, 
a CD made with all these problems I’ve just 
described could be called “CD quality.”

Now let’s take a look at the other end of the 
CD scale, using a Reference Recordings release 
as an example. If the source is analog, the A/D 
conversion is made from the first-generation 
analog master, played back on the same custom 
machine on which it was recorded. If the source 
is digital, the original 176.4kHz/24-bit source 
data are down-sampled to 44.1kHz/16-bit using 
today’s best conversion algorithm. Note that 
176.4kHz is an integer multiple of 44.1kHz, making 
the conversion less sonically detrimental than 
if the source were 192kHz. The A/D converter 
(Pacific Microsonics Model Two) is not just the 
absolute state of the art; it also applies HDCD 
encoding. When the resulting CD is played back 
on a bit-transparent music server feeding a very 
high-quality DAC with HDCD decoding, the sonic 
result is fabulous, far exceeding the performance 
anyone ever thought possible from 44.1kHz at 16 
bits.

The difference in sound quality between these 
two hypothetical CDs is vast, yet each is based on 
the same sampling frequency and word length, 
and each could be said to represent “CD sound 
quality.” And we’re not even talking about the 
differences in the fundamental recording quality 
that was available at the microphone feed, which 
themselves are enormous. 

Similarly, high-resolution digital audio exhibits 
a wide range of sound quality. Let’s again 
consider two hypothetical high-resolution files 
that represent opposite ends of the quality 
spectrum. In the first example, the high-res file 
could be simply a 44.1kHz/16-bit file upconverted 
to 96kHz/24-bit. Upsampling can have some 

advantages, but the upsampled file in no way is 
comparable to a “native” 96kHz/24-bit file. Once 
a signal has been subjected to 44.1kHz/16-bit 
encoding, the damage is permanent. What’s 
more, the 44.1kHz/16-bit source file that was 
upsampled to “high-res” could have been created 
by the nightmare scenario described above. 
Yet the 96kHz/24-bit file is labeled “high-res” 
because it carries the magic numbers “96/24.”

Even if the original digital master is a high-
resolution digital file created by a high-res 
A/D converter during the recording or mixing 
session, or a high-res file made from an analog-
tape transfer, the A/D converter itself exerts an 
enormous influence on sound quality. Clock jitter 
is just one variable among many in A/D quality, and 
is just as sonically detrimental in A/D conversion 
as it is in D/A conversion. The difference is that 
jitter added by the A/D converter is permanently 
imbedded in the signal, unlike D/A jitter that can 
be reduced by simply listening through a lower-
jitter DAC.

Then there’s the question of whether the 
datastream your DAC is converting to analog is 
identical to the datastream created by the A/D 
converter. It’s not a given that your music server 
is “bit transparent”—that is, that the server 
doesn’t corrupt the data and degrade sound 
quality. The Berkeley Alpha DAC Series 2 that 
I use (see my review in Issue 220) has a front-
panel HDCD indicator that illuminates only when 
it is receiving an uncorrupted HDCD datastream 
from an HDCD-encoded CD or a Reference 
Recordings HRx high-res file. It’s a sure-fire way 
of testing a server’s bit-transparency.

So what is “CD-quality” digital audio? The 
question is nonsensical because CD sound 
quality ranges from the dreadful discs made in 

the 1980s and some of the 1990s to today’s state 
of the art. The best modern CD releases, played 
on a music server through a high-quality DAC 
with low jitter, can sound amazingly great. In fact, 
such a CD will probably sound better than a true 
high-res file that was created with a mediocre 
A/D converter and played back on a DAC that 
wasn’t designed with acute attention to every 
detail. The high-res file has a major head start 
over the 44.1kHz/16-bit format, but that head 
start can easily be overcome with thoughtfully 
designed standard-resolution encoding and 
decoding hardware. 

The parallel question—what is high-res digital 
audio?—is equally misleading. High-res can be 
anything from a horrible-sounding upsampled 
44.1kHz file played on a server that’s not bit 
transparent through a poorly designed DAC to a 
Reference Recordings 176.4kHz/24-bit HRx file 
decoded by a Pacific Microsonics Model Two—
and everything in between.

The bottom line is that a high-resolution storage 
format isn’t a panacea; it’s simply a more accurate 
mirror of what you put into it. If the incoming signal 
is noisy, lacking in dynamics, bandwidth-limited, 
hard-sounding, etc., the high-res file will more 
accurately characterize those shortcomings. The 
high-resolution “numbers” don’t guarantee great 
sound; they merely provide the opportunity for 
great sound. Just as you wouldn’t judge a power 
amplifier based on its harmonic distortion specs, 
you shouldn’t make assumptions about the 
quality of an audio signal based on its sampling 
frequency and word length, or on labels such as 
“CD-quality” or “high-resolution.” The history 
of the source signal, along with encoding and 
decoding hardware implementation, trumps the 
storage format every time.

What Exactly Are CD-Quality and High-Resolution Audio?

Why 44.1kHz?
Have you ever wondered why such an odd number as 44.1kHz was chosen as CD’s sampling frequency? 

Why not 44kHz? 

The answer is that when the 3/4" U-Matic videotape format was pressed into service as the standard 

for CD mastertape production, the sampling frequency had to fit the structure of NTSC video, and a 

sampling frequency of 44.1kHz was the easiest fit mathematically with the black-and-white frame rate 

of 30 frames per second. 

Here's why: Digital audio data are represented as black and white "dots" in the video signal, with 

digital ones and zeros represented by full-scale white or black. Specifically, each line of the 490 active 

lines that make one video frame (525 lines, less 35 lines in the vertical blanking interval) stores three 

audio samples plus error-correction codes. If you multiply the number of audio samples per line (3) by 

the black-and-white video frame rate (30) by the number of active video lines (490), you get 44,100. 
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Not long ago my colleague Robert Greene posed himself a question, “Why are 
people reluctant to buy expensive turntables?” Then he shared his thoughts in 
an e-mail with Robert Harley, Jonathan Valin, and me. Recalling a visit to my 

place to hear a brand new Acoustic Research XA turntable—an almost fifty-year-old 
design that sold for the princely sum of $87 in 1968—I had found on eBay, he told RH 
and JV, 

Marantz SA8004 SACD Player
Nothing To Criticize, A Lot To Rave About 

Paul Seydor

EqUIPMENt REPoRt

 
We sat down to listen and what came out? Glorious music in every sense, including the strictly 
sonic. The AR arm and turntable were in no way embarrassed by being played through such a 
superlative set of electronics and speakers [McIntosh C46/MC402, Quad ESL 2805] and in such 
a nice room acoustically. The result was truly wonderful—pure, warm, low distortion, naturally 
balanced sound indeed, music essentially as it really is . . . . [If] one had listened to this system 
without knowing what the turntable/arm used was, one would have found rather little to complain 
about. I think no one would have said, wonderful speakers and electronics, but what on earth is 
wrong with the turntable. This would just not have happened. Of course, in direct comparison to 
other setups, one would have noticed differences and on occasion perhaps improvements, but on 
its own the playback was very satisfying indeed.

REG’s answer to his own question? Because 
“vinyl is a technology that works so well by nature 
that it sounds wonderful even in simple forms . . . 
the inexpensive stuff is just too good!” (Is a cliché 
here reversed—the very good now the enemy of 
the excellent?)

I thought about REG’s e-mail as I began this 
review of Marantz’s new SA8004, a superb-
sounding two-channel SACD and CD player 
priced at $999. It seems to me that after more 
than a quarter century compact disc technology 
has long since reached the point that vinyl itself 
did a few decades ago. I am not referring to the 
long-standing debate about whether digital is 
“as good as vinyl”—that’s an argument I don’t 
engage in any more (I just look for another bar). 
What I mean, rather, is that digital technology has 
advanced so that, like vinyl, it just works, reliably, 
dependably, predictably. Some of the strongest 
evidence for this is the proliferation of really good 
moderate- and lower-priced compact disc players 
TAS has reviewed the past several years. Surely 
even vinyl zealots would have to admit that it has 
been a very long time since even an inexpensive 
player from a reputable manufacturer has 
exhibited anything approaching the sonic nasties 
of early digital. And if the presence of excellent-
sounding modestly priced vinyl gear makes the 

extremely expensive stuff a cautious proposition 
in these economically parlous times, how much 
more is this true of digital, where last year’s state 
of the art is almost certain to be bested by next 
year’s moderately priced gear?

I knew there was something special about this 
new Marantz when I unboxed it. Many inexpensive 
components feel so light and cheaply made that 
if differently shaped they could easily serve 
as Frisbees. Not so the 8004. While no back-
breaker, it weighs in at a substantial seventeen 

Marantz SA8004 SACD 

Player

Playback formats: Disc—

SACD, CD, CD R/RW (CD 

DA/MP3/WMA); USB—

MP3/WMA/WAV/AAC, 

HDAM, and HDAM SA2

DAC: Cirrus Logic 

CS4398

Frequency response: 

SACD, 2Hz—50kHz 

(-3dB); CD, 2Hz—20kHz

Dimensions: 17 3/4” x 4 

5/16” x 13 9/16”

weight: 17.2 lbs

Price: $999

MARANTZ AMERICA, 

INC.

100 Corporate Drive

Mahwah, N.J. 07430-2041

(201)762-6500

usmarantz.com
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pounds and looks impressive, to boot. It’s obvious 
someone was paying attention to controlling 
chassis vibration and resonance. (I know that 
weight as such and a quality “feel” are at best 
imperfect indicators as to how good a component 
will sound; but I’ve never cared for equipment 
that looks or feels cheap, even if it sounds great, 
and there’s enough good-sounding budget-priced 
gear around to prove that inexpensive doesn’t 
necessarily have to equate to chintzy.) 

Setup’s a matter of plug (a generic pair of 
interconnects is provided, though I used Kimber 
Select), play, and start listening, which I did, 
following a 24-hour break-in with Reference 
Recordings’ Test & Burn In CD.

First up was a new Christmas release from 
the Anonymous Four, The Cherry Tree Carol 
[HMUSA, SACD]. A signature characteristic 
of recordings by the producer Robina Young 
and her engineer Brad Michel is how ideally 
they always manage to mediate focus and 
ambience. The four women are arrayed across 
the front, spread not too far apart and somewhat 
closely miked. Yet this is not a dry-sounding 
recording; indeed, a nice ambience is captured 
to create the illusion of singers performing in a 
recognizable space. There is nothing sonically 
“demanding” here except that any edginess or 
lack of midrange purity and naturalness will be 
instantly revealed as roughness or peakiness, 
while top-end constriction will exact a penalty in 
reduced atmosphere. This is also an exceedingly 
smooth recording in every respect, the four 
voices blending, separating, blending again like 
gossamer threads. But it should not sound warm 
as such, instead a bit cool, even austere, though 
the reverberation has a satisfying decay. While 

any resonant acoustic will obscure articulation 
of the lyrics somewhat, the microphones are 
proximate enough that the words remain very 
intelligible, especially during solo passages 
(e.g., the lyrics of the title carol can be totally 
understood without recourse to the booklet).

Not that the Marantz lacks warmth (more 
on this anon), as a drop-dead-gorgeous new 
recording of Bach’s cello suites demonstrates. 
The soloist is Luigi Piovano, first cellist of 
Rome’s National Orchestra of the Academy of 
Santa Cecilia. Piovano’s tone is golden and he 
has been recorded in a suitably accommodating 
acoustic in sonics that are almost voluptuously 
refulgent. (Lovers of the cello or the Bach should 
search this one out!) 

Just because I started with small material—
that is, numerically small—doesn’t mean this 
player can’t do the big stuff. Indeed, one of its 
strengths is the ease, grip, and aplomb with 
which it handles Mahler symphonies or Wagner 
operas, throwing wide and deep soundstages. 
Take the extremely demanding “Forging Song” 
from Siegfried in the Solti recording, the Marantz 
didn’t miss a trick, the soundstage reproduced 
exactly as the producer John Culshaw described 
it, with the title character dead center toward 
the rear while the screaming Mime runs helter-
skelter. And if it’s testicular slam you need to be 
reassured about, chase up a copy of Hindemith’s 
juggernaut Symphony in E flat in Leonard 
Bernstein’s pile-driving recording—slam that’ll 
knock you into the next county.

Something different, something blue—Kind 
of, to be precise, first in its two-channel SACD 
iteration, which for my tastes competes with the 
fancy vinyl reissues for listenability and vitality. 

The same virtues extend to the Legacy version, 
albeit in very slightly diminished measure. Using 
the same recording, in a direct comparison to 
the Benchmark DAC1 (fed from the 8004’s digital 
out), the Benchmark brings a bit more detail 
and resolution and an impression of fractionally 
greater neutrality. Does the 8004 suggest a hint 
of warmth? Perhaps, but we are talking subtleties 
here. 

A few years ago a friend of mine was buying 
a new CD player and had passed up a very 
expensive and highly reviewed model in his 
price range. When I asked him why, he replied, 
“Because it sounds like this,” imitating the 
excessive articulation (i.e., “tunefulness”) for 
which it was known, but which he felt was merely 
mechanical sounding. The 8004 will brook none 
of that. I’m not sure if the company’s designers 
specifically voice its components, but the ones 
I’ve both heard myself and read about from 
reviewers whose judgments I trust suggest that 
musicality defined in terms of roundedness and 
freedom from any sort of fatigue and harshness 
are priorities. Yet the Marantz is still capable of a 
very high order of resolution, indeed.

And something more. There’s an aspect to 
the reproduction of very inexpensive digital 
components that is difficult to define but that I 
often hear. It has to do with a subtle papery quality, 
a certain “thinness.” I employ the quotation 
marks because I don’t mean it in the sense of 
tonal balance, but as regards solidity, body, 
substantiality in the reproduction of voices and 
instruments. I hear none of these shortcomings 
from the 8004. Indeed, its presentation of all 
the tactile aspects of music—textures, tonal 
colorings and shadings, tastiness, that elusive 

sense of body—strikes me as unusually organic 
and integrated, while being very transparent and 
grain-free. 

Somewhere around this point in the review of 
a budget-priced component one is supposed 
to start voicing caveats and reservations. Not 
to be deficient in this regard, let me say that I 
can imagine some listeners finding the 8004 
perhaps a bit too smooth, given current tastes 
for components with rising top ends that result in 
an excessively crisp and, to my ears, a too bright 
presentation. So, yes, let me grant a slight touch 
of warmth, though that might also be a function 
of its satisfying sense of body. Whatever, no 
complaints here, because it sounds perfectly 
right and natural to me—I’m buying the review 
sample. The reality is that this player leaves me 
with nothing I feel like criticizing and a lot to rave 
about. 

Which is to say that we have come full to the 
modest AR XA turntable with which I began this 
review. There are obviously “better” players out 
there for a great deal more money, but plug the 
Marantz SA8004 into the most demanding setup 
you can find, put on a well recorded program, and 
sit back and listen. Trust me, you will not think 
there is anything wrong with the reproduction 
because what you’ll hear is truly wonderful—
pure, warm, low in distortion, music essentially 
as it really is.
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NuForce. Has a company ever been so aptly named? In a few years NuForce 
has gone from “Who’s that?” to “Oh, them!” due to a profusion of category-
leading computer and enthusiast two-channel audio products.

NuForce/Oppo BDP-93 NE and BDP-93 NXE 
Hot-Rodding a Bargain Blu-ray Player

Steven Stone

EqUIPMENt REPoRt

NuForce’s rags-to-riches market-share story 
could also apply to Oppo, whose universal disc 
players have become the  standard in high-
performance, value-oriented disc-spinners. If 
you have $500 budgeted to spend on a player, 
the Oppo BDP-93 is going to be at the pinnacle 
of your must-try and will-probably-buy list. 
Oppo also makes a higher-performance player, 
the BDP-95, for $995. This player was recently 
reviewed by Chris Martens on our Web site, 
AVguide.com.

Since Oppo has the $500 and $1000 price-
points nicely covered, it might seem odd that 
Oppo would even allow NuForce to make $400 
and $900 analog upgrade boards for the BDP-

93, let alone join forces in their development. 
But according to Oppo CTO Jason Liao, “I am 
deeply involved in supporting NuForce for its 
implementation of the NXE and NE audio boards 
on the BDP-93 platform, so I totally understand 
and appreciate the merits of the NXE and NE 
designs. The folks at NuForce also helped us 
with the 93/95 design and understand what we 
put into the BDP-95, and that’s why NuForce has 
no BDP-95 NE or NXE modification plans.”

NE OR NXE?
What do the NuForce upgrade boards do? Both 
versions are on a single board that anyone with 
some passing acquaintance with a screwdriver 

can install. But for those who know your own 
limits, NuForce offers an upgrade service. You 
can ship your Oppo to it for “factory installation.” 

The $400 BDP-93NE board delivers eight 
channels of analog audio with advanced analog 
filters to reduce phase shift, on-board linear 
processing for regulated and filtered DC power 
for all the analog stages on the new board, and 
elimination of the stock muting circuitry. The 
$900 BDP-93 NXE board adds a sophisticated 
clocking scheme to reduce jitter and a Silicon 
Labs VCXO to generate an asynchronous 
clocking signal that claims a PCM jitter spec of 
<3ps RMS.

Both boards were designed by Alex Dondysh 
and according to NuForce’s Jason Lim, “The 
standard board’s sonic goal was for 12AX7-type 
triode characteristics without tubes. Both boards 
take the BDP-93’s Cirrus Logic CS4382 DAC 
and alter it to run in single-ended mode, which 
changes the stock unit’s default cancellation of 

even-order harmonics.” But for the NXE Dondysh 
wanted a “more modern sound” with greater 
frequency extension, which he accomplished by 
using LME47960 op-amps instead of the OPA 
2134 op-amps he used on the NE board.

A NEW REVIEW SETUP 
To properly compare the sound of the NuForce 
BDP-93 NE with the BDP-93 NXE I needed to 
put together a review system where I could do 
real-time A/B comparisons between two analog 
5.1 feeds. My longtime reference controller, the 
Lexicon MC-12 HD, only has one analog pass-
through, so it wouldn’t work for this application. 
After reviewing my options I settled on the 
Parasound P-7. It has two matching 5.1 inputs 
and numerically delineated volume settings, 
making it ideal as a source-switching device for 
matched-level A/B listening tests. 

I also needed six matched meter pairs of 
interconnects that could fit into the cramped 
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spaces on the back of the Parasound and 
NuForce. For this purpose I chose Crystal Cable’s 
least expensive offering, its Piccolo Diamond. I 
decided on the Piccolo cable because it is  thin, 
quite flexible, uses connectors with a small 
footprint, and delivers a high level of transparency 
and neutrality.

Changing from the Lexicon MC-12 controller 
to the Parasound P-7 also required making other 
changes in my system. To handle digital AV 
sources such as the digital feed from my DirectTV 
receiver I purchased a used Anthem AV-20. I also 
installed the Wyred4Sound DAC 2 to handle 
digital conversion of high-quality two-channel 
sources, such as the Meridian/Sooloos Control 
15, in addition to more standard-definition digital 
sources, including a Sonos, Apple TV, and 
Squeezebox Touch. 

To get the most out of the NuForce BDP-
93 NE or NXE, it must be set up right. It’s not 
difficult, but you do have to have a few basic 
tools including a sound pressure meter and a 
tape measure. In the BDP-93’s set-up menu you 
need to input your speaker’s size, (large or small), 
crossover settings, and output levels. I settled on 
a 60Hz crossover point for music and movies 
based on my past experience with my room 
and current speaker system. Taking accurate 
distance measurements from speaker to center 
listening position is a two-person job unless you 
have a very stiff tape measure. Take your time to 
make sure your measurements are as accurate 
as possible because they are critical to the BDP-
93’s optimal performance. 

If you want to hear the differences between 
“right” and “wrong,” try changing your center 

speaker distance by a foot and listen to what 
happens. When you input the proper distance, 
the center speaker will virtually disappear. But 
with the wrong distance the soundstage will 
sound like three separate transducers rather than 
one contiguous space. Moving back to the right 
distance will pop the center of your soundstage 
back into focus. Try this a couple of times—it 
makes an excellent ear-training exercise.

THE SOUND
Since I’ve reviewed two samples of similar CD 
players before, I have a small collection of CD 
doubles, to allow me to play the same selections 
on two players simultaneously. For this review two 
discs saw particularly heavy rotation—William 
De Rosa’s  [Audiofon CD 72046] recorded by 
Peter McGrath, and Begona Olavide’s  [MA MO 
25A] made by Todd Garfinkle. I used these two 
recordings because they both employ acoustic 
instruments and were made in natural acoustic 
environments. Both also have wide dynamic 
ranges, accurate dimensional recreations, and 
are among a small handful of recordings that are 
both highly revealing and musically involving.

From early on in my listening sessions it 
was obvious that the two boards do not sound 
identical. The NXE delivers a more logical 
soundstage. Through the NXE I could locate each 
player’s exact location in space with much greater 
confidence than through the NE. Acoustic details, 
such as how the sound of William De Rosa’s 
cello reflects off the side of Noreen Cassidy 
Polera’s piano, were more obvious, as were the 
dimensions of the instruments themselves. 

The NE board also failed to deliver as much 

low-level detail as the NXE. Room sounds on 
both recordings were more obvious and more 
easily separated from the instruments through 
the NXE. In the lower midrange I could hear 
more information and additional detail from . 
This subtle yet pervasive difference added to the 
NXE’s believability.

Next up was dynamics. The NXE board 
generates greater dynamic contrast than the NE 
version. Percussion instruments’ dynamic peaks 
on  seemed louder and also measured louder 
even though the levels between the two players 
had been carefully matched using steady-state 
test tones. The piano’s  passages on  also 
displayed greater contrast through the NXE. 

Part of the NXE’s “more modern sound” is low-
bass extension. And by low bass I mean signals 
below 60Hz. The four subwoofers in my system 
displayed far more subsonic movement from the 
recording venue’s ventilation systems when fed 
from the NXE board. On music, this added low-
bass extension translated into a more solid and 
firmly rooted overall presentation.

Despite the NE’s supposedly more triode-like 
sound and less extended treble, I found the NE 
had a bright zone that made the lower treble 
region sound tinnier through the NE than the 
NXE. Bells, cymbals, and other high-pitched 
percussion instruments on  had a slight edge that 
wasn’t quite as natural or relaxed. On  when De 
Rosa’s plays upper harmonics on his cello they 
sound substantially harsher and thinner through 
the NE. Some listeners might find the NXE sounds 
“too dark” when compared to the NE, but I felt the 
NXE had a smoother frequency reproduction that 
gave it a less artificial character.

The NE’s bright zone also emphasized a slight 
amount of grain in the overall texture of the music. 
On  De Rosa’s cello had a rosiny edge through the 
NE that gave it a more nasal harmonic balance. 
Through the NXE this grain was gone, as well as 
the slightly nasal character in the cello’s upper 
registers. 

When I compared the two units using the 2L’s  
[2L-067-SACD] I heard all the same differences I 
heard with standard-definition discs. Once more 
I was struck by how “logical” the soundstage was 
through the NXE and how easy it was to locate 
instruments in the mix and to sense their actual 
physical dimensions. 

And how did the NuForce NXE board stack 
up against the most excellent Bel Canto DAC 
3.5 VBS I reviewed elsewhere in this issue? 
Using the S/PDIF output from the NuForce 
going to the Bel Canto I compared it with the 
NXE’s analog output. I was surprised by how 
similar these two components sounded. The Bel 
Canto’s exceedingly low noise floor resulted in 
slightly more inner detail and a wee bit better 

Price: $400 for NX board, $900 for NXE boards

NUFORCE, INC.

382 South Abbott Ave

Milpitas, CA 95035

(408) 890-6840

nuforce.com

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM
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spatial differentiation on my own live concert 
recordings. But on well-recorded commercial 
CDs such as Crooked Still’s , it was far more 
difficult to hear any differences between the Bel 
Canto and the NXE board, which says a lot about 
the overall sonic quality of the NuForce effort. 

Near the end of the review period I received 
the BDP-95 from Oppo. After a 48-hour burn-
in I compared it with the BDP-93 NXE. For two-
channel material I used the BDP-95’s dedicated 
balanced two-channel output most of the time, 
but I also listened to the single-ended RCAs. 
After many hours using CDs, SACDs, and Blu-
ray music discs, I declared a dead heat. The 
“best” sounding unit depends on your sources. 
For two-channel-only material the BDP-95 
delivered the best sonics. It combined slightly 
better overall low-level detail with superior 
low-frequency weight and definition. But on 
multichannel sources, such as music Blu-rays, 
the BDP-93 NXE had superior fidelity.

 
WHO NEEDS A NEW BOARD?
When I review a product, regardless of its price 
or category, I try to imagine who would be its 
ideal customer. The NuForce boards placed me 
in quite a conundrum trying to figure out which 
version of the Oppo/Nuforce would be right for 
whom. While the NXE board clearly outperforms 
the NE board, its price puts it above Oppo’s own 
upgraded player, the Oppo BDP-95. So many 
choices…

If you already own a BDP-93, the NE and 
NXE boards offer an almost no-brainer way to 
maximize your player’s analog audio quality 
while preserving all its other positive attributes. I 
found the NXE board outperformed the NE board 

in many important sonic parameters, and made 
a very convincing argument for bypassing the NE 
in favor of the NXE when you do upgrade your 
player. 

If you don’t own an Oppo player yet, trying to 
decide between an Oppo or an Oppo/NuForce 
isn’t quite as straightforward. If you have no plans 
to use analog outputs because you already have 
an excellent controller, receiver, or DAC to handle 
your D/A conversion, there’s no point in buying a 
NuForce board or an Oppo BDP-95 as the stock 
BDP-93 delivers the same digital signal via its S/
PDIF outputs as the BDP-95 or NuForce boards.

In my listening tests the NXE board performed 
on a sonic par with the BDP-95, but not 
significantly better. In terms of ergonomic 
flexibility the BDP-95 certainly offers more 
options, with both balanced and single-ended 
dedicated two-channel outputs. But the BDP-
95 delivers its best sound only from these two-
channel outputs. Multichannel music gets less 
attention. 

While the NuForce BDP-93NXE offers slightly 
less fidelity from two-channel-only sources 
when compared to the BDP-95, it outperforms 
the BDP-95 on multichannel material. In the 
end it all comes down to whether you wish to 
optimize your two-channel or multichannel 
listening experiences. If two-channel is your 
bailiwick the Oppo BDP-95 would be your best 
sonic choice, but if multichannel is where it’s 
at for you then the BDP-93 NXE is the one you 
should bring home.  
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Over the past several years, Oppo has steadily been carving out a healthy chunk 
of the disc-player market and for all the right reasons. From day one, the firm 
has followed a singular vision that involves building versatile players that 

combine often shockingly high levels of performance and value in equal measure. As a 
result, Oppo’s disc players have been winning friends, influencing people, and merrily 
re-writing the rulebooks that define exactly how much sound (and picture) quality one 
can reasonably expect from universal-disc player for a given sum of money. 

Oppo BDP-95 Blu-ray/Universal Player
A High-End Icon(oclast)

Chris Martens

EqUIPMENt REPoRt

But one other aspect of Oppo that’s also 
deeply admirable is its dedication to continuous 
product improvements. Let’s call this the “never-
miss-an-opportunity-to-make-a-good-thing-
better” impulse that, in my view, defines Oppo as 

a true high-end manufacturer (albeit one whose 
products are, by design, affordable). From year 
to year, the Oppo folks just keep on pressing 
forward in genuinely meaningful ways. 

Those of you who have followed Oppo since its 

inception know that the firm’s practice has been 
to produce really good, full-featured standard 
models, but then to offer somewhat more costly 
“hot-rod” models targeted specifically toward 
sound-quality-conscious music lovers. This 
basic practice continues with the firm’s new 
second-generation Blu-ray/universal players. 
Where Oppo’s BDP-93 ($499) serves as the 
standard model, the just-released BDP-95 ($999) 
stands as the flagship, audiophile-grade model. 

In the past, Oppo’s flagship players were often 
“tuned to the nines” versions of its standard 
models, but that’s no longer the case. While the 

BDP-95 shares some features with the BDP-93, 
it is in fact an entirely different player in ways that 
run more than “skin deep.” 

Audiophile Highlights

Apart from externally obvious differences, the 
BDP-95 differs from the BDP-93 (and from most 
other competing Blu-ray/universal players), by 
providing a distinctive array of audio features: 

•  Very high quality 32-bit DACs similar to those 
some high-end manufacturers use in multi-
thousand-dollar, two-channel CD/SACD 
players.
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•  Dedicated stereo analog output where 
“each output is driven by four DAC channels 
stacked together to achieve even higher 
performance.” (The stereo output offers two 
sets of output connectors: one set with RCA 
single-ended connectors and the other with 
XLR balanced connectors.) 

•  Multichannel analog outputs driven by a 
second set of the player’s two ES9018 DACs.

•  Substantial low-noise power supplies 
incorporating a toroidal power transformer 
“custom designed and built by Rotel.” 

•  Coaxial and optical digital outputs that allow 
the BDP-95 to be used as a digital transport 
to feed outboard DACs.

•  Expanded bass-management options with 
subwoofer crossover settings for 40Hz, 
60Hz, 80Hz, 90Hz, 100Hz, 110Hz, 120Hz, 
150Hz, 200Hz, and 250Hz. 

•  Powerful connectivity options, including 
a hard-wired RJ45-type Ethernet port, a 
wireless WiFi adapter, an eSATA port, and 
two USB 2.0 ports. 

•  Rich disc-and-media format support for 
Blu-ray Disc, Blu-ray 3D, DVD-Audio/Video, 
SACD, HDCD, CD, Kodak Picture CD, 
AVCHD, MP4, DivX, MKV, FLAC and WAV 
from recorded discs or, where feasible, from 
USB or eSATA drives.

As you look back over this list of highlights, ask 
yourself this: Have you ever seen a $999 universal 
player that offered an audiophile-oriented feature 
set like this? I certainly have not, which further 
underscores the value on offer here. 

The BDP-95, like many high-quality players, 
benefits from a generous amount of run-in time 

and needs plenty of warm-up before giving 
its best. It also tends, as do many other high-
end players, to benefit from extra care taken in 
selecting associated power cords and signal 
cables, so that some experimentation is the order 
of the day. Odd though this may sound, the BDP-
95 deserves—and in a sense almost demands—
to be used with very-high-quality cables that 
could potentially cost as much (or more) than 
the player does. Once these preliminary issues 
are resolved, however, the sound of the BDP-
95 becomes very special indeed—especially if 
you choose to listen through its balanced XLR 
outputs.

As I perceive things, the BDP-95 has three 
signature qualities that set it apart from the 
competition. First, the player has a highly detailed 
sound, yet a sound where the different aspects 
of “detail” are so thoroughly and beautifully 
integrated that you tend not, at first blush, to 
notice just how much sonic information the player 
is able to retrieve. When I use the term “detailed” 
to describe the BDP-95, I am thinking of a 
complete package that includes subtle timbres, 
textures, transient sounds, reverberations and 
echoes, and especially spatial cues. Put all of 

these elements together and there’s suddenly 
more “there” there.

Second, the BDP-95 is remarkably smooth 
sounding, which is all the more impressive when 
you consider that it is also highly detailed. In 
my experience, detail and smoothness don’t 
necessarily travel together, so it’s a rarity to 
find them working as synergistically as they do 
in the Oppo. There’s real sonic “magic” to this 
combination of virtues—sort of the audiophile 
equivalent of gain without pain. 

Finally, the BDP-95 is capable of exceptionally 
three-dimensional presentations, assuming your 
chosen recordings are up to the task. Three-
dimensionality, more than any other quality, 
gives the Oppo an overarching and holistic 
quality of sophisticated musicality, making it 
sound like a higher-priced component than it 
actually is. During my listening tests, for example, 
I compared the sound of a series of discs being 
decoded by the digital front end of the excellent 
Anthem Statement D2v A/V controller ($8499) to 
the sound of the same discs played through the 
BDP-95. I also did similar comparisons between 
the BDP-95 and two comparatively expensive 
reference players I had on hand: a Musical Fidelity 
kW SACD player and a Rega Isis CD player. The 
results were eye-opening.

First, I found the BDP-95 consistently 
outperformed the Anthem controller’s digital 
front end—sounding smoother, more detailed, 
and considerably more three-dimensional. I also 
found the Oppo was thoroughly competitive with 
(though perhaps not fully the equal of) my two 
high-end reference players. While I ultimately 
preferred my reference players to the Oppo, 
the Oppo sounded, in a qualitative sense, much 

more like the premium-priced reference players 
than unlike them. In short, the Oppo proved to 
my satisfaction that it could “play with the big 
boys.”

Let me provide a handful of illustrations to 
show how these qualities play out with real-
world recordings. As a starting point, listen to 
Musica Nuda’s cover of the classic Beatle’s 
tune “Come Together” from Live à Fip [Bonsai 
Music]. Musica Nuda represents a category-

Disc/file formats supported: Blu-ray Disc, Blu-ray 3D, 

DVD-Audio/Video, SACD, HDCD, CD, Kodak Picture 

CD, AVCHD, MP4, DivX, MKV, FLAC and WAV from 

recorded discs or, where feasible, from USB or eSATA 

drives 

Digital audio outputs: Two HDMI, two digital (one 

coaxial, one optical). 

Analog audio outputs: one 7.1-channel output, two 

stereo outputs (on single-ended via RCA jacks, one 

balanced via XLR connectors). 

Frequency response: 20Hz–20kHz (-0.3dB), 20Hz–

96kHz (-2.5dB)

Signal-to-noise ratio: >130 dB (A-weighted, mute) 

Dimensions: 16.875” x 4” x 12.25” 

weight: 15.4 lbs. 

warranty: One year, parts and labor 

Price: $999

OPPO DIGITAL, INC. 

(650) 961-1118 

oppodigital.com
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Have you ever seen a 
$999 universal player that 

offered an audiophile-
oriented feature set  

like this?
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defying collaboration between vocalist Petra 
Magoni and acoustic bassist Ferruccio Spinetti. 
The track opens with Spinetti vigorously playing 
the familiar opening theme of “Come Together” 
on his acoustic bass while what turns out to be 
a processed form of Magoni’s voice supplies 
what would normally be percussion and other 
instrumental accents. As the song evolves, it 
becomes clear that Spinetti’s bass will not only 
supply the traditional “bass part” of the tune, but 
will also—through Spinetti’s sheer dexterity and 
inventiveness—provide other instrumental parts, 
as well (so that, in essence, one hears acoustic 
bass playing the role of an ensemble). The BDP-
95 makes it easy to hear Spinetti apply various 
playing techniques as he draws multiple distinct 
voices from his instrument. 

At the same time, Magoni applies her expressive 
and malleable voice in a highly creative way, 
sometimes supplying traditional vocals, but at 
other moments shifting radically in pitch and 
texture to produce what almost seem like sounds 
produced by otherworldly instruments or even a 
synthesizer (an illusion reinforced by selective 
use of presumably soundboard-controlled reverb 
and echo effects). Again, the Oppo is so detailed 
that it invites you to explore and savor not only 
the core sound of Magoni’s voice, but also the 
many unexpected twists and turns it takes along 
the way. Though there are basically just two 
people performing, the illusion is that of hearing 
a large and eclectic ensemble at play.

One subtle yet very important aspect of 
the Oppo’s rendering of the song is the deft 
manner in which it provides low-level sonic 
cues that let you know the song is not—despite 
its occasional use of electronic effects—a 

traditional studio recording, but rather a live 
performance. In an almost subliminal way, you 
become aware that—behind the occasional 
technical pyrotechnics—the performance is 
being captured in a real recording venue before 
a live audience. A delicious three-dimensional 
moment occurs about a minute into the song 
as Magoni belts out the song’s signature chorus 
line “Come together...” from center stage, only 
to have a voice positioned at the far right rear 
corner of the soundstage complete the line “…
over me.” As the song powers to an abrupt close, 
the pent-up energy of the crowd erupts into 
enthusiastic applause that, through the Oppo, 
sound remarkably believable and realistic—not 
like “canned” white noise.

For another fine example of many of the Oppo’s 
musical strengths at play, try listening to the 
third (“The Alcotts”) movement of Charles Ives’ 
A Concord Symphony [SFS Media, Multichannel 
SACD).  Though only a bit more than six minutes 
long, this movement spans quite a range of 
orchestral moods, introducing everything from 
gentle, contemplative woodwind themes through 
powerful and sometimes deliberately dissonant 
brass and percussion outbursts. 

Throughout the movement, the BDP-95 
impressed me favorably in several ways. First, it 
caught the distinctive timbres of each orchestral 
section in a rich and vibrant way. You hear 
what Brant once described as the “athletic 
surefootedness” of the orchestration conveying 
Ives’ musical ideas in “clear, vivid, and intense 
sonorities.”  This player is all about getting the 
tonal colors and textures of instruments right.

Next, the sheer smoothness of the BDP-
95 allowed it to navigate the more angular and 

dissonant aspects of Ives’ themes in a way 
that revealed their intentional (and sometimes 
startling) idiosyncrasies, while at the same time 
allowing their richness and underlying beauty to 
shine through. If you know Ives’ music, then you 
may have found, as I have, that some disc players 
tend to turn it into a strident, jagged-sounded 
mess, but not so the Oppo. String tones, for 
example, sounded rich and buttery smooth, while 
brass section sounds had appropriate energy 
and bite, burnished with golden overtones. 
While the Oppo never hid or glossed over the at 
times quirky aspects of Ives’ themes, its inherent 
smoothness and tonal richness invited listeners 
to embrace the broader sweep and flow of the 
composition. 

Finally, the BDP-95’s three-dimensionality let 
me hear that this was a live recording (captured 
in Davies Symphony Hall, San Francisco), so that 
through myriad small sonic cues I got a sense 
of the orchestra as a living, breathing entity 
interacting with hall and audience. 

It is important to bear in mind, though, that 
the Oppo isn’t one of those players that pursues 
detail for detail’s sake; instead, the player’s many 
small sonic details coalesce to form an integral, 
organic whole that simply “sounds right.” If you 
stop to think about it, that’s one of the highest 
compliments any disc player could earn.

Are there caveats, here? There are a few, though 
it seems almost churlish to mention them given 
the many things the BDP-95 does well, and for 
so little money. From an operational standpoint, 
I would love to see Oppo configure this player so 
that it can serve as a USB DAC. Sonically, the 
Oppo already delivers very good-to-excellent 
performance in most areas, so that the player 

could perhaps best be improved by simply 
expanding upon its current core strengths: detail, 
smoothness, and three-dimensionality. About the 
only area where the BDP-95 might immediately 
benefit from a bit of extra work would be in the 
area of low-bass performance, where some 
competing players do offer a somewhat deeper 
and more powerful presentation with a bit better 
pitch definition in an absolute sense. But that 
said, let me also be clear on one fundamental 
point: Absolutely nothing I’ve heard at or even 
vaguely close to the BDP-95’s price can compete 
with its sound quality. 

The bottom line is this: The BDP-95 is by far 
the finest Blu-ray/universal disc player Oppo 
has yet produced. If you can afford one, then 
put the Oppo right at the top of your short list. 
If you can afford something more expensive, 
strongly consider buying the Oppo anyway. It’s 
that good.
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Cary Audio Classic CD 303T SACD 
Professional version SACD Player
Versatility to the Max

Wayne Garcia

EqUIPMENt REPoRt

When it comes to the current state of digital 
audio reproduction, it’s understandable that 
many of us are feeling a bit of anxiety on just where 
things are headed. Standard Red Book CD, whose 
reproduction quality has become markedly better 

during recent years, is teetering on the verge of…
uh, I’m not really sure what. Although more and 
more people are downloading music, CDs don’t 
(yet) appear to be disappearing. SACD, which 
is essentially a non-issue to the mainstream 

listener, appears to be thriving in the audiophile 
market, where many vinyl reissue specialists are 
releasing the same titles on both LP and SACD, 
and, I’m told, with equal commercial success. At 
the same time, music servers, and we won’t even 
get into the ubiquitous iPod, are increasingly 
popular for at least a few obvious reasons: less 
physical clutter—who, I ask, actually likes CD 
jewel cases?—higher resolution, as well as easy 
access to an entire music library. Still, some of 
us like owning, handling, and interacting with 
physical media—something that no digital 
replacement can duplicate, and, hence, one of 
the LP’s undeniable attractions and advantages. 
Just as e-readers are becoming another way to 
read books, newspapers, and magazines—for 
many of us, though not yet this writer—music 
servers are becoming another avenue to the 
enjoyment of music. 

Given that we’re standing in the middle of this 
digital audio crossroads, it seems logical for 
anyone contemplating the purchase of a new 
digital disc player to pause and ask a simple 
question: How, for at least the foreseeable 
future, do I envision using this thing? If you 

want maximum flexibility and at least a smidge 
of a feeling that your new component won’t be 
obsolete before you open the box, then you’ll 
want something like Cary Audio’s Classic CD 
303T SACD Professional Version SACD player. 

Although that cumbersome nomenclature 
includes the SACD tag, don’t be misled—Cary’s 
latest digital disc player is a remarkably complete 
digital-audio playback device. Its bag of tricks 
includes Red Book CD playback with selectable 
upsampling frequencies of 96, 192, 384, 512, 
and 768kHz. That’s an unusually large range—
big enough to keep the tweakers among us busy 
for eons. But the advantages of upsampling may 
have its limits, as we’ll get into shortly. The player 
also decodes HDCD-encoded CDs, which, 
though hardly a new technology, remains one 
of the most satisfying ways to achieve higher 
performance from the compact disc. SACD 
playback is, of course, a given here, both in two-
channel and multichannel modes. And unless 
told to do otherwise, the player automatically 
selects the SACD portion of multi-layer discs. 
Moreover, the 303T’s internal clock processes 
DSD at 22.5792MHz, which is double the norm. 

One thing you have to love about our audiophile community is the way we 
passionately embrace and hold on to technologies that the rest of the planet 
either views as outmoded or, in some cases, was never even aware of to begin 

with. Conversely, we are also more than happy to accept new technologies—should 
they prove to be sonically superior to those that came before. And frequently, these 
sometimes very different approaches to music playback—tube versus solid-state 
and analog versus digital are the two most obvious examples—simply coexist for as 
long as there are enough people willing to support them. 
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But high-quality CD and SACD playback is 
only part of what the 303T has to offer. It can also 
be employed as a standalone DAC complete with 
RCA, TosLink, and 24-bit/192kHz USB inputs. 
The latter is compatible with Windows (but not 
with the MAC OS), and Cary includes a CD-ROM 
to get you set up. Digital outs are available via 
AES/EBU, TosLink, and coax connections, while 
analog outputs offer single-ended RCA as well 
as balanced XLR.

Speaking of analog choices, the 303T’s analog 
output can run in either solid-state or tube mode, 
and the latter’s suite of four 12AU7s can be easily 
accessed, rolled, or replaced by means of a 
separately removable tray inserted into the unit’s 
top plate. 

As I said, the 303T offers maximum flexibility—
as well as ease of use. As you might imagine, all of 
these playback options require lots of switching. 
In that regard, both the 303T’s front panel and 
its remote-control wand are busier than those 
found on most disc players. But the Cary design 
team has somehow managed to arrange all these 
buttons in a fashion that, with just a bit of use, 
quickly becomes familiar. In my opinion this ease 
of use is crucial to the end user of a device that 
is, after all, supposed to bring us pleasure, not 
another dose of aspirin. 

At 34 pounds the 303T is solidly built and 
very nicely finished. The chassis sits on four 
adjustable conical feet designed to minimize 
vibrations from whatever rack or shelf the unit 
resides on. 

Finally, the 303T carries a price tag of $6500. 
Not exactly pocket change, but also not crazy 
money in our high-end world, especially given 
what this machine not only offers in flexibility but 

also in sonic excellence. 
The 303T’s basic sonic signature is on the 

warm side, and that’s true in the solid-state 
mode, too, before ever engaging the tube output 
stage. Yet this player doesn’t sound sluggish, 
just warm in a way that highlights musical 
expressiveness (as opposed to more angular, 
detail-oriented designs that may arguably deliver 
more impressive hi-fi effects). For instance, at the 
start of Gershwin’s “Oh, Lady, Be Good,” from 
Analogue Productions’ terrific-sounding edition 
of Count Basie and the Kansas City 7, we hear 
Basie’s nimble piano work, the trench-digging 
bass of Ed Jones, and Sonny Payne’s silky 
brushwork. Soon the rest of the ensemble joins 
in—two tenor saxes, trumpet, and guitar. The 
303T swings right along with the music’s ebbs 
and flows, presenting the tune with a matter-of-
fact ease, clarity, and balance. 

Michael Tilson-Thomas and the San Francisco 
Symphony’s beautiful DSD recording of 
Mahler’s Symphony No. 2 [SFS Media] is a great 
challenge to individual components as well 
as to the systems we evaluate them in. It’s got 
air and dynamic range galore, as richly varied 
a palette of tone colors and textures as you’ll 
find, orchestral scoring with the complexity to 
drive any system batty, as well, of course, as two 
female vocal soloists, a large mixed chorus, and 
a crushing final statement for pipe organ. Again, 
the 303T showed its inherent warmth, impressive 
composure, and sweeping musicality. It also 
delivered a convincingly massive soundstage of 
well-layered three-dimensionality, with plenty of 
ambience. On the other hand, if you want every 
last inner detail, exclamation mark, or tympani 
stroke to “wow” you, well, that’s not what Cary’s 

303T is about. What it will “wow” you with is a 
continuity of musical expression that, as noted 
above, sweeps you away with the musical whole.  

After enjoying a large range of SACDs and CDs 
over the 303T, I chose an old favorite of average 
sound quality but undeniably great music, 
Thelonious Himself [OJC/Riverside], to describe 
what you might expect to hear from this amazing 
array of playback options. In the standard 
44.1kHz setting, Monk’s piano was big, clean, 
and rich, with a healthy percussive strike and 
good, if somewhat “clangy” harmonic structure. 
At 96kHz the sound became airier, more focused, 
transparent, and less brittle up top. The 192kHz 
setting was richer, and less strident still, but 
perhaps not as immediate sounding. Moving to 
384kHz introduced a noticeably rolled-off top 
end as well as a veiling effect. And, for these 
ears, both the 512kHz and 768kHz modes were 
not only too soft and veiled, but also started to 
lose the music’s structure and continuity of line. 

Selecting the tube output setting didn’t 
simply add warmth, or richness, and a touch of 
romance to the sound; it also added consistently 
rewarding layers of harmonic complexity, air, and 
instrumental texture. After sliding back and forth 
for comparisons sake, I must tell you that I ended 
up leaving the 303T’s tube stage engaged for the 
remainder of the evaluation period.

You, naturally, may disagree, which is part of 
what makes our hobby so much fun. But one 
remarkable thing about Cary’s 303T CD/SACD/
DAC is that, no matter what digital audio media 
one may want to play through it, the owner of 
this design has access to an unusually complete 
range of media and playback options. And 
though no device is absolutely “future-proof,” 

the folks at Cary have come up with a terrific-
sounding design that at least offers a glimpse of 
that possibility.

Cary 303T SACD player

Compatible discs: SACD, CD, CD-R, CD-RW

outputs: Balanced XLR, single-ended RCA (analog,), 

AES/EBU, coax, TosLink digital)

tube complement: Four 12AU7

Dimensions: 18” x 5” x 15”

weight: 34 lbs.

Price: $6500

CARY AUDIO DESIGN

1020 Goodworth Drive

Apex, North Carolina

(919) 355-0010

caryaudio.com
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Esoteric K-03 CD/SACD 
Player 
Alan Taffel

EqUIPMENt REPoRt

In contrast, the K-03 is a real DAC. There are 
three digital inputs—coax, TosLink, and USB—as 
well as filter and oversampling options, just like 

an outboard unit. There is even an input for an 
external word clock. You won’t see that on many 
other digital players. Nor is the USB input an 

afterthought; it offers asynchronous clocking via 
one of multiple drivers, and supports the highest 
bit rates. The benefit of Esoteric’s approach 
is compelling: Owners get the inherent sonic 
advantages of having the transport and DAC 
in one box, along with the versatility and multi-
source support normally available only from 
stand-alone DACs.

This benefit also carries over to the K-01, the 
K-03’s big brother. Although I begged for the 
$22,500 flagship, with its quad power supplies, 
magnesium disc clamp, and sixteen(!) DACs, a 
sample could not be made available in time for 
this issue. I was forced to “settle” instead for the 
penultimate $13,000 K-03. This model makes 
do with just two power supplies, a Duraluminum 
clamp, and a paltry eight DACs. Specifically, the 
K-03 employs eight 32-bit AKM DACs (four per 
channel). The two units do not share identical 
transports, either, but they do have the same 
new clock and discrete, fully balanced analog 
modules.

Besides being a hybrid player/DAC, the K-03 
is also unusual in that it requires a great deal of 
configuration before it can—or should—be used. 
Most digital players are plug-and-play, but if 
you do that with this one you will not experience 
anything like its ultimate sound. Unfortunately, 
setup is no small task. First, one must endure 
a break-in period that amounts to over a month 
of continuous play. The second complication is 
due to those aforementioned upsampling, filter, 
and driver options. There are four upconversion 
choices, three USB drivers, and five filter 
settings. If that isn’t enough, the settings interact 

with each other, thus requiring a listen to every 
combination in order to find the best—a rather 
daunting proposition.  

And it needn’t be, because it turns out quite 
a few of these options are clearly inferior and 
could have been omitted without sacrifice. Why 
they were included is a puzzle. If you are curious 
about my adventures in Optionland, they are 
recounted in the sidebar, “A Surfeit of Settings.” 
If not, I can still save you a lot of trial and error 
by telling you that the “S_DLY1” “apodising” 
filter is the best, the choice between 2x and 4x 
upsampling is a matter of personal preference 
(although either one stomps the other options), 
and the asynchronous “HS_2” USB driver is the 
only one worth considering. I should also note 
that none of these is among the unit’s default 
settings, which are invariably the worst in their 
respective category. Another puzzle.

Thankfully, configuration needs to be done 
only once. The K-03 may not be plug-and-play, 
but at least it’s set-and-forget. And once set, 
any lingering consternation begins melting away. 
From a functional standpoint, the Esoteric has the 
silky-smooth operation, the weighty remote, and 
the rock-solid reliability one would expect in this 
price range. There are thoughtful touches, too, 
like the way the menu takes you to the parameter 
you last changed. 

The K-03 has quite a few operating modes, 
and most—but not all—of them deliver reference-
quality sound. Surprisingly, the least impressive 
(which is not to say unimpressive) mode is CD 
playback. I’ll explain why this is so surprising 
later on, but for now let me describe the sound. 

The Esoteric K-03 is not your usual CD/SACD player. Its designers have 
innovatively combined a highly refined CD/SACD transport and a full-function 
DAC within the same luscious chassis. Although on the surface that doesn’t 

seem so unusual, consider that very few digital players even bother to include an 
input for external devices like PCs, music servers, and cable boxes. Many is the time 
I wished I could plug one or more of those sources into a CD or universal player that 
I knew had a great internal DAC. Recently, more designers have incorporated the 
digital input feature into their players. But even those models generally offer only 
one such input, and that interface is virtually never USB.

34  Guide to Digital Source Components www.theabsolutesound.com

PREvIOUS PAGE NEXT PAGE



Go to: Contents | From the Editor | on the Horizon | Feature Articles | Disc Players | DACs | Music Servers & Accessories | Integrated Amps with USB DACs | Music Features

EqUIPMENt REPoRt - Esoteric K-03 CD/SACD Player

First the good news. With CDs, the K-03 sounds 
beautiful, delivers exceptional detail and spatial 
depth, and is tonally ravishing. On the other hand, 
it is missing the ultimate resolution, openness, 
and freedom from digital edginess that makes 
today’s reference gear so relaxing and engaging. 

For an illustration, listen to “Bydlo” from the 
Colin Davis rendition of Pictures at an Exhibition 
[Philips]. Although this is not a stellar recording 
overall, the track is a good test of timing and 
resolution. With respect to the former, the low 
strings that open the track should maintain a 
lumbering pace but should never plod. Through 
the K-03, plod they do. As for resolution, listen 
to the snare drum that enters at about 1:30 
into the track. Through my reference player—a 
combination Goldmund Mimesis 36 transport 
and the dCS Debussy DAC—the snare drum’s 
“papery” quality is quite distinct. On the Esoteric, 
that quality is missing, as are other subtleties 
such as the hall acoustics that surround and 
firmly place the solo horn’s position at the rear 
of the stage.  

Of course, my reference rig is significantly 
more expensive than the K-03. Heck, the dCS 
all by itself costs nearly as much as the Esoteric 
player/DAC combo. My disappointment with the 
latter’s CD sound is not so much because it does 
not equal the reference gear, but because it does 
not equal its own performance in other modes. 
So now that I have CD out of the way, let me turn 
to those.  

First and definitely foremost is SACD 
playback. Simply stated, the K-03 is the best 
SACD player I have heard—not by a mile, by a 
marathon. When playing my standard SACD 
torture test, Stravinsky’s Suite from L’Histoire 

du Soldat [Pentatone], the Esoteric imbues both 
strings and horns with a heretofore unheard 
burnished quality that amps up the disc’s already 
astonishing realism. The K-03 brings out—but 
never exaggerates—every detail. Nor is there a 
trace of edginess, and music has tremendous 
drive. As good as this hybrid disc’s CD layer 
sounds through my reference system, the K-03’s 
SACD rendition simply annihilates it. 

This difference is not simply due to the higher 
inherent resolution and analog-like nature of 
the SACD format. I played, for example, the 
“Out of the Woods” track from Nickel Creek’s 
eponymous first album through the estimable 
Marantz UD9004 universal player. The Marantz 
ably captures the liquidity that differentiates 
SACD from CD, but the UD9004 does not come 
close to matching the scale and sonic clarity of 
the K-03. 

I was in for another treat when I connected 
my CD transport to the Esoteric’s coax input. 
Oh my, the K-03 is one sweet DAC. As with 
SACD playback, rhythms are unflagging, details 
emerge clearly and naturally, and listener fatigue 
is non-existent. Dynamics are superb, as well. 
All of these factors raise the emotional quotient 
mightily. Indeed, as a pure DAC, the Esoteric is 
very much in dCS territory. It can’t quite match 
the latter’s sublime effortlessness and bass 
definition, but the Esoteric feels more open and 
light on its feet.  

By now it should be apparent that playing CDs 
through the K-03’s DAC via an external transport 
yields results that are distinctly superior to the all-
in-one mode. Take “Bydlo,” for example. Using 
an external transport, those previously missing 
hall acoustics reappear. Further, the external 

transport wrings out all the music’s drama, while 
the internal transport is emotionally circumspect. 
On a raft of material the K-03’s DAC always 
proved more detailed and neutral—and therefore 
more enjoyable—when driven externally. 

This should not be the case. Self-contained 
players at this level almost always sound 
better than an outboard transport, no matter 
how good, driving their DAC. The benefits of 
eliminating an S/PDIF connection and having a 
single master clock are nearly insurmountable. 
That the Esoteric does not follow this pattern is 
particularly puzzling. The only explanation I can 
see is that the K-03’s internal transport, for all its 
pedigree, is holding back the unit’s CD sound. 
Obviously, though, this comment does not apply 
to that same transport playing SACDs.

Back to the K-03 as a DAC, there is still USB 
to discuss. Here, again, Esoteric offers options. 
Three drivers are available. The first will load 
automatically when you connect the K-03 to a 
computer, while the other two must be downloaded 
from Esoteric’s Web site. As already mentioned, 
I experienced the best results with “HS_2,” the 
only driver that supports asynchronous clocking. 
However, all three drivers sounded significantly 
better when supplemented with ASIO, which 
bypasses any and all OS detritus, so I highly 
recommend you download the free ASIO4ALL for 
your media player of choice (sorry, Mac users). 
Using ASIO has the added benefit of enabling 
the K-03 to automatically adapt to sample and bit 
rates, relieving you from manually setting those 
in the OS to match each source file you play—a 
major pain.

Once everything is set, the magic begins. I 
listened to the new 96/24 version of Tom Petty’s 

“Refugee,” downloadable from HDtracks, and the 
sound was stunningly open, clear, and revealing. 
From the same source I downloaded a high-res 
file of Keith Jarrett’s Köln Concert and found it 
to be equally engaging. The real achievement of 
the K-03’s USB is that it seems to have banished 
entirely the artificiality that has plagued this 
interface. USB is a fast-evolving format, which is 
fortunate since it started out sounding so bad. 
Now, even though I proclaimed the dCS Debussy 
the best USB I had ever heard only a few months 
ago, I am bound to say that the Esoteric is even 
better.   

Lastly, the K-03 can serve as a linestage. Like 
many recent digital players and DACs, the K-03 
has a built-in volume control and can directly 
drive a power amplifier, obviating the need for 
a separate linestage so long as all sources are 
digital. In this mode, the K-03’s performance 

outputs: Stereo balanced analog, stereo balanced 

single-ended 

other connections: Coax, TosLink, and USB digital 

inputs; word clock input

Dimensions: 17 1/4” x 6 3/8” x 13 1/4” 

weight: 61.75 lbs.

Price: $13,000

TEAC AMERICA, INC.

7733 Telegraph Road

Montebello, CA 90640

esoteric.teac.com
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is largely dependent on the choice of music. 
Digital volume controls always cause a loss of 
resolution when they are turned down, and so 
pop/rock recordings, with their high mastering 
levels prompting a volume reduction, fare poorly. 
But classical music, which does not have hyped 
levels and so can be played with higher volume 
settings, sounded nearly identical to my reference 
linestage—an extraordinary accomplishment.  

In sum, the Esoteric K-03 is a brilliant concept, 
and delivers in nearly every category. Though 
its builders went overboard on configuration 
options, the rest of the design is unassailable, 
as is its sonic performance in all but one area. 
CD playback is good, and disappoints primarily 
compared to the K-03’s SACD, DAC, and USB 
performance, all of which are of reference caliber. 
I would urge you to give the Esoteric a listen, to 
hear just how good these can be.

Of the five filter settings, “None” is the 

inexplicable default. In this mode, the K-03 

sounds airless and sickly, and dynamics are 

voting in absentia. “FIR1,” a fairly standard filter 

with a variable frequency cutoff, is much better, 

with a breath of air and a modicum of timbral 

resolution. Unfortunately, FIR1’s dynamics are 

so exaggerated that on accented notes I felt like 

I was being jabbed in the eyes. Moving along to 

“FIR2,” which is the same as FIR1 but with a fixed 

80Hz cutoff, the sound takes on softer leading 

edges and dynamics are more manageable, 

though accents remain off-putting.

With “S_DLY1” we move into “apodising” 

filters and the difference is stark. The entire 

presentation is less in-your-face, and there is 

more air. Dynamics finally settle down into a 

natural stance, and a reduction in midrange bloat 

makes it easier to hear things like individual 

violin strings. Meanwhile, though “S_DLY2” is 

also an “apodising” filter, it seems to ring plenty. 

Moreover, this option doesn’t do much (though it 

does a little) to alleviate the issues I found with 

the FIR filters. FIR2 and S_DLY2 sound better or 

worse depending on the upsampling setting, but 

at their best neither compares with S_DLY1, the 

only option that really sounds “right.”

As with filters, “None” is the default upsampling 

setting. And as with filters that is a shame, for 

this setting is characterized by sluggish rhythms, 

coarse dynamics, and uninformative timbres. 

Switching to “2X Upsampling” reveals what 

a poor decision it would be to leave the K-03’s 

upsampling disabled. Here, rhythms snap into 

place and for the first time are unconfused. Also 

for the first time, instruments and dynamics can, 

when the music calls for it, display a degree of 

delicacy. “4X Upsampling” adds freer (but not 

exaggerated) dynamics and greater rhythmic 

swing, though this setting is not quite as clean-

sounding as 2X. 

“Upsampling to DSD” is an option for which 

I had high hopes. Selecting it, I was struck by 

how completely different it sounded compared 

to every other setting. On orchestral material, 

I almost felt as if I were listening to a different 

string section—one with a markedly darker sound. 

That’s not necessarily wrong (who knows how 

the real strings sounded), but the DSD setting 

was also noisier than—and not nearly as well-

sorted dynamically as—the 2X or 4X options. As 

a result, in this mode certain pieces of music, like 

the second movement of the Vaughan Williams 

Sea Symphony, lose much of their mystery 

and subtlety. I therefore recommend choosing 

between 2X and 4X upsampling, either of which is 

a valid choice that will be determined by personal 

preference.

The standard USB driver, dubbed “Normal,” is 

not bad, but it suppresses depth and transparency. 

Adding ASIO reaps a marked improvement in 

both areas. Drums and vocals emerge as if from 

behind a scrim, dynamics flourish, and there is 

much more detail with no downside. Nonetheless, 

the “HS_1” driver is worlds better, and better still 

with ASIO. HS_1, though, betrays the synthetic 

string sound I hear from so much USB. “HS_2” 

is clearly the best of the lot, being more spacious 

and having better bass definition. Here, for the 

first time, ASIO does not make a night and day 

difference, though it does supply better-behaved 

rhythms and is generally airier. 

As discussed in the main piece, ASIO would 

be recommended even if it made no sonic 

difference, because it gives the K-03 the ability 

to dynamically adapt to the incoming source’s 

sample and bit rate. This is a feature no computer 

audiophile should be without. Its absence means 

either manually changing sample rates all the 

time, or leaving them set to the highest the OS 

will support, and suffering the harmful sonic 

effects of asynchronous upsampling. 

A Surfeit of Settings
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I’ve lived with quite a few of the most 
ambitious digital-playback products in 
my twenty-one years as a full-time re-

viewer, but somehow never managed to 
audition a unit from England’s Data Con-
version Systems (dCS) until now. That’s 
a shame, because the dCS Puccini CD/
SACD player and U-Clock combination 
has turned out to be one of the world’s 
great digital front ends.

The company dCS has a long history of technical 
accomplishments in both professional and 
consumer audio. The firm pioneered many 
cutting-edge advancements, including the 
proprietary “Ring” DAC found in all its digital-
to-analog converters (see sidebar). Mike Story, 
dCS’s founder, was also at the forefront of 
high-resolution digital audio long before it was 
a commercial reality. I attended a paper he 
presented at an Audio Engineering Society 
convention in the early 1990s in which he 
correctly posited that the sonic improvement 

rendered by high sampling rates was the result 
of improved time-domain performance due to 
the relaxed filter requirements. That’s accepted 
wisdom today, but it was revolutionary nearly 
twenty years ago. Over the decades dCS has 
addressed such topics as upsampling, PCM-to-
DSD conversion, jitter, noise-shaping, the time-
domain performance of digital filters, and other 
issues long before they became part of the high-
end mainstream.  

dCS is again taking the technology lead with 
the U-Clock, a device that vaults the sound of 
the company’s Puccini CD/SACD player into new 
sonic territory while simultaneously expanding 
its functionality to incorporate state-of-the-art 
decoding of high-resolution digital audio from a 
PC-based music server.

The $17,999 Puccini player is the same model 
Jonathan Valin commented on in his review of 
the Scarlatti, dCS’s $67,000 three-box statement 
product (Issue 183). Jonathan concluded that 
the Scarlatti was the best digital he’d heard, an 
opinion apparently shared by quite a few high-

end manufacturers 
judging from the 
number who have 
purchased the 
Scarlatti for their own 
development work or trade-
show demonstration. Jonathan also 
thought that the less-than-third-the-price 
Puccini was very nearly as good as the reference-
quality Scarlatti.

The $4999 U-Clock improves the Puccini’s 
sound quality by delivering an ultra-precise clock 
to the player, reducing jitter. As has become 
abundantly apparent, great-sounding digital 
audio requires extraordinarily precise timing in the 
conversion of digital data to an analog waveform. 
My review of the $16,000 Esoteric G-0Rb rubidium 
clock (Issue 180) created skepticism among 
certain readers that human ears can detect timing 
variations that are measured in picoseconds 
(see, for example, the letter from Dave Martson in 
Issue 198). The objections to expensive outboard 

clocks are not based 
on these readers’ own 

listening experience, but purely 
on theoretical grounds—conventional clocks 
should be good enough, in their view. But there’s 
a simple way to determine for yourself if jitter is 
a factor in digital audio reproduction—listen to a 
Puccini with and without the U-Clock engaged. As 
we’ll see in the report on my listening impressions 
below, the difference is not subtle.

The U-Clock’s second important function is 
to allow the Puccini CD/SACD player to operate 
as a digital-to-analog converter for PC-based 
music servers that have a USB output. The 
U-Clock takes in digital audio data from a PC on 
the USB interface and converts it to S/PDIF for 

dCS Puccini CD/SACD Player and 
Puccini U-Clock USB Converter/Clock
Virtuoso!

Robert Harley
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presentation to the Puccini. That might not sound 
like a big deal—one can buy a box for $250 that 
does the same thing—but dCS has engineered 
a state-of-the-art USB interface that introduces 
absolutely no sonic compromises. Rather than 
considering USB a limiting factor in PC-based 
audio sound quality, dCS believes USB is the 
optimum interface if engineered correctly. 

In most digital interfaces, including S/PDIF 
and AES/EBU (a variant of S/PDIF), the source 
component (the CD transport or PC music 
server, for examples) is the master clock to which 
the receiving device must lock. Virtually all USB 
DACs operate in this way, which is known as 
“Adaptive Mode.” Asking the receiving device 
to lock to the source’s clock is problematic for 
several reasons. Although the USB interface 
was never designed for transmitting high-quality 
audio, it inherently has the ability to allow the 
receiving device to control the data rate from the 
source device—a feature not possible with S/
PDIF, AES/EBU, or even FireWire.

dCS has developed its own technology for 
exploiting USB’s built-in “feedback” system which 
allows its own high-precision clock to serve as the 
master, forcing the source (the PC-based music 
server) to slave to that clock. This technique, 
called “Asynchronous Mode,” transforms the USB 
interface into a high-quality interface. Rather than 
the computer establishing the clock precision (not 
a good idea for many reasons), the entire audio 
system is clocked by a high-precision crystal 
inside the U-Clock. Note that an asynchronous 
USB interface doesn’t automatically confer low-
jitter and better sound; it still must be implemented 
with a high-quality circuit.

Moreover, locating this asynchronous USB 
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Puccini CD/SACD player/DAC

Conversion: dCS Ring DAC

Sampling frequencies: Up to 96kHz/24-bit

Inputs: S/PDIF (x2) on RCA, clock on BNC

outputs: S/PDIF (x2), balanced analog on XLR, 

unbalanced analog on RCA

Dimensions: 18.1" x 4.4" x 15.8" 

weight: 26.6 lbs.

U-Clock

outputs: Clock signal on BNC (x4), S/PDIF on RCA 

(x2)

Inputs: USB

Dimensions: 18.1" x 2.3" x 16.1"

weight: 16.7 lbs.

SPECS & PRICING

the Puccini features an Esoteric transport 

mechanism (with a custom drawer) under 

dCS’s custom-software control. In fact, all 

the software inside the unit is written by dCS. 

this software can be updated by downloading 

new code distributed by dCS on a CD. the 

custom digital filter is implemented in two 

DSP chips and two field-programmable 

gate arrays. Four filter types are available, 

selectable from the front-panel menu system. 

Filter 1 has the widest bandwidth and is the 

recommended setting. Filters 2 and 3 roll off 

at progressively lower frequencies. Filter 4 is 

the “measurement” filter, and isn’t intended 

for listening. the filter choice affects the 

amount of out-of-band noise allowed through 

the system. All the filters are FIR linear-phase 

types. 

when you select PCM-to-PCM upconversion 

on the front panel, the digital filter feeds a 

modulator that converts the PCM data to the 

5-bit format required by the Ring DAC. If you 

select PCM-to-DSD upconversion, the filter’s 

output goes through an additional step of 

converting PCM to DSD before the modulator 

that creates the 5-bit Ring DAC code. 

the Puccini features exactly the same Ring 

DAC found in the $67,000 Scarlatti. this 

DAC, developed by dCS in 1992 and under 

refinement since, completely eliminates a 

source of distortion in conventional off-the-

shelf DAC chips. It is implemented with 20 

discrete devices per channel. Its fundamental 

nature lends itself to converting DSD signals, 

which is one reason why the Puccini sounds 

the best in this upconverting mode. (For a 

cogent explanation of how the Ring DAC works, 

see Jonathan valin’s sidebar on page 109 of 

Issue 183.) the Ring DAC’s balanced output 

feeds a fully discrete Class A output amplifier. 

this is the signal that appears on the XLR 

jacks. the single-ended signal is buffered by an 

op-amp-based circuit so that output levels are 

consistent between the balanced and single-

ended outputs (a balanced circuit inherently 

is 6dB higher in level). the power supply is a 

hybrid of switching and linear supplies that 

was newly developed from scratch for this 

latest generation of products. 

the Puccini is a very advanced product, both 

in its design and capabilities for the user. Note, 

however, that the Puccini requires greater 

owner involvement than other CD players with 

its selectable upsampling, selectable filters, 

upgradable software, and extensive menu 

system. RH

UNDER THE HOOD

U.S.
Puccini CD/SACD player/DAC

Price: $17,999

U-Clock

Price: $4999

DCS NORTH AMERICA

3057 Nutley Street

Fairfax, VA  22031

(617) 314-9296 

dcsltd.co.uk

jquick@dcsltd.co.uk

CLICK HERE TO COMMENT IN THE FORUM AT AvGUIDE.COM

Click here to j o in the d iscuss i on!
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interface in a separate chassis (the U-Clock) rather 
than in the DAC itself has many benefits. First, 
noise in the PC is isolated from the DAC by the 
U-Clock. Second, the DAC needn’t incorporate 
another clock running at a frequency unrelated to 
the audio-based clocks. Multiple clocks running 
at different frequencies within the same chassis 
can introduce cross-contamination.

The U-Clock is an apparently simple, yet 
brilliant, solution to adapting a CD player (the 
Puccini) to the needs of music-server owners. It 
solves sonic compromises of the USB interface 
with state-of-the-art design and implementation 
in a separate chassis, as well as allowing music-
server users to decode files through the Puccini’s 
outstanding DACs.

Although Jonathan covered the Puccini as a 
CD player in his review, let’s recap the machine’s 
highlights. The unit is simply stunning visually, 
with gracious curves and an unusual surface 
pattern etched into the shiny aluminum front 
panel. My only complaint is that the front-panel 
button markings are small and hard to read, a 
problem that diminished with familiarity. The 
drawer mechanism of the Esoteric-sourced 
transport is all-metal and operates silently and 
smoothly. A front-panel display allows the user 
access to a wide range of controls through an 
extensive menu system. One of these controls 
allows the user to select whether and how the 
signal is upsampled. One option is to convert 
any resolution PCM (from CD or files from a 
music server) to DSD before decoding (the other 
option is PCM-to-PCM upsampling). I found that 
the PCM-to-DSD conversion sounded the best, 
and this was the option I used for nearly all my 
auditioning. The display shows the clocking 

status via a clever icon of two gears meshing. The 
Puccini will decode 44.1kHz, 48kHz, 88.2kHz, or 
96kHz, all with up to 24-bit word length. Note that 
it will not decode 176.4kHz (such as Reference 
Recordings HRx files) or 192kHz.

The rear panel offers both balanced and 
unbalanced outputs, along with digital inputs and 
outputs (two each on RCA jacks). A BNC connector 
accepts the clock signal from the U-Clock. The 
Puccini has a variable output, enabling it to 
drive a power amplifier directly. You can select a 
maximum output level of 2V or 6V; I recommend 
the 2V setting if you are driving a preamplifier.

The U-Clock matches the Puccini visually, 
and the two look stunning together. The front 
panel has just two pushbuttons and three LEDs. 
The leftmost button and accompanying LED 
is intriguing, to say the least. Marked “Dither,” 
it modulates the clock edges in a controlled 
way in an effort to improve sound quality. It’s 
counterintuitive that changing the timing of the 
clock edges could make the Puccini sound 
better, but dCS found that this small variation 
“exercises” the PLL in the Puccini and results in 
better sound. The modulation is easily filtered 
by the PLL. You can judge for yourself simply 
by turning dither on and off. The second button 
selects the clock frequency, either 44.1kHz (used 
for 44.1kHz sources and multiples of 44.1kHz, 
including SACD) and 48kHz (for 48kHz and 
96kHz sources). 

 LIstenIng 
I started by listening to the Puccini as a CD and 
SACD player without benefit of the U-Clock. 
It was immediately apparent that this was one 
serious contender for the best digital I’d heard. 

The sound was immensely appealing, particularly 
the gorgeous, liquid, and glare-free midrange. 
The presentation was a bit set-back rather 
than forward, with tremendous depth, clarity, 
and transparency. There was also an intangible 
sense of sonic coherence that manifested itself 
as a kind of “musical rightness.” Whatever the 
Puccini was doing, it was different from other 
great digital I’ve heard.

After getting a general impression of the 
Puccini itself, I engaged the U-Clock. One little 
front-panel button-push vaulted what was 
already a spectacular sound into entirely new 
territory. The U-Clock snapped images into 
sharp(er) focus, increasing the sense of clarity, 
precision, and definition I had enjoyed from 
the Puccini alone. The heightened focus had 
a profound effect on the sense of instruments 
existing within an acoustic. Without the U-Clock, 
reverberation tended to be connected to the 
image itself, as though the image and the hall 
were merely variations of the same sonic cloth. 
With the U-Clock, the instrumental image was 
presented as a clearly defined object existing 
within an acoustic space rather than simply 
fused to it. The instrument and the surrounding 
acoustic were presented in a closer facsimile to 
what we hear it in life.

That was just the beginning of the U-Clock’s 
magic. The Puccini’s reproduction of timbre, 
which already had a bell-like clarity, was taken 
to a new level by the U-Clock. Timbres had 
greater palpability and realism, partly the result 
of less grain and edge (which were already very 
low) and partly because of greater resolution of 
textural detail. Similarly, the U-Clock made the 
Puccini’s reproduction of transient information 

even more lifelike. The leading edges of piano 
attacks, for example, had a trace of edge that 
vanished with the U-Clock engaged. Listen, 
for example, to the wonderful new recording of 
Vassily Primakov performing Chopin mazurkas 
on Bridge Records. The U-Clock made the 
piano more lifelike in transient attack, in richness 
of tone color, and particularly, in the sense of 
space surrounding the instrument. I pulled out 
this CD as a diagnostic tool to listen for specific 
sonic attributes of the U-Clock but immediately 
forgot about the sound and listened to the entire 
disc, completely captivated by the compositions 
and Primakov’s expressive performance. Such 
an experience is always the sign of a great 
component.

In short, if you own a Puccini the $4999 U-Clock 
is an essential upgrade.

The Puccini/U-Clock combination was “plug 
’n’ play” with regard to the USB interface. I 
connected a generic USB cable from my fan-
less, drive-less PC server to the U-Clock, 
selected the appropriate input on the Puccini, 
and the system played back my music files at 
a variety of sampling rates. I listened to files at 
44.1kHz, 88.2kHz, and 96kHz from the server, as 
well as CDs and SACDs played in the Puccini’s 
transport.

Getting back to the sound of the Puccini/U-
Clock combination, I found myself consistently 
and deeply engaged with the music. The dCS 
pair had a different presentation than I’ve heard 
before from digital that is difficult to describe. 
The Puccini/U-Clock was distinguished by a 
pristine clarity of timbre along with a crystalline-
like transparency of soundstage. It simply lacked 
the artifacts we associate with digital, such as a 

39  Guide to Digital Source Components www.theabsolutesound.com

PREvIOUS PAGE NEXT PAGE



Go to: Contents | From the Editor | on the Horizon | Feature Articles | Disc Players | DACs | Music Servers & Accessories | Integrated Amps with USB DACs | Music Features

synthetic gray pall overlaying tone colors, grain 
and glare embedded in timbres, and a sense 
of haze or opacity between you and the music. 
Instruments and voices were vivid and alive, yet 
the presentation was never forward. In fact, the 
sound was relaxed and engaging despite the 
sense of immediacy. Background vocals were 
revelatory in that I could clearly hear the timbres of 
individual voices and how they blended into each 
other. I was also struck by the sheer realism of 
Neil Young’s guitar on some 96kHz/24-bit tracks 
from Harvest sourced from the music server; it 
had more “guitarness” and less of a mechanical 
sound than I’ve heard from this track before. I got 
the impression of greater density of information, 
but not in an analytical way. I’ve heard a number 
of digital products that sound very clean, precise, 
and transparent, but those qualities are often 
accompanied by a mechanical character, a 
coldness or a stark sterility that doesn’t foster 
musically intimacy. The Puccini/U-Clock’s central 
triumph was the ability to sound super-pristine and 
precise, yet simultaneously warm and involving. 

An analogy that came to mind to describe 
the Puccini/U-Clock’s density of tone color and 
liquidity of timbre is of two identically colored bed 

sheets, one made from 600-thread-count cotton 
and the second made from 400-thread-count 
material. Put the 400-count sheet through the 
wash a few times and leave it in the sun for a day. 
Now compare the two sheets. The 600-thread-
count sheet is finer in texture, smoother, and 
more continuous. It’s also more richly hued and 
vibrant. The Puccini’s rendering of instrumental 
timbre is like that of the 600-thread-count sheet, 
while most other digital is analogous to the 
400-thread-count sheet.

In addition to this remarkably naturalistic 
rendering of timbre, the Puccini threw a stunning 
sense of space and depth, revealing the size of 
the hall and the spatial relationships between 
instruments. In addition, the background was 
jet-black which further highlighted the sense of 
image tangibility. The pair’s exceptional low-level 
resolution contributed to expansive sound as fine 
spatial cues in the back of the soundstage were 
rendered with great clarity. Reverberation decay 
was stunning in the way it maintained resolution 
down to the lowest levels, the smoothness of the 
decay, and the way it seemed to hang in space. This 
is one area where state-of-the-art modern digital is 
vastly better than earlier efforts, which truncated 
reverberation decay and sounded coarser and 
coarser at lower and lower levels. 

I found the Puccini/U-Clock highly involving 
rhythmically. The bass was extremely punchy and 
dynamic, with a very tight and controlled quality. I 
heard a dynamic coherence from top-to-bottom, 
as though the music “gelled,” heightening the 
feeling of musicians locking into a groove.

There’s one area in which the Puccini/U-Clock 
significantly distances itself from all competition, 
and that is in the reproduction of very fine high-
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frequency transient detail. I was floored by the 
Puccini’s resolution of micro-detail—think brushes 
on cymbals, shakers, the zils on a tambourine, 
gently struck triangles, and güiro. The lower the 
level and the more transient the nature of the 
signal, the greater the extent to which the Puccini 
outshone other digital I’ve heard. Information that 
was simply blurred by other digital was resolved 
with pristine and vivid clarity by the Puccini. 
For example, the triangle on Rachmaninoff’s 
Symphonic Dances had a delicacy that vividly 
conveyed the mechanism by which the sound was 
made. It wasn’t just a high-frequency transient, 
but a pitch accompanied by a strong sense of 
attack, ringing, and decay. But the track that most 
dramatically illustrated the Puccini’s unmatched 
performance in this area is the beginning of 
“Valentino“ by Victor Feldman on the JVC XRCD 
title Audiophile (a compilation of two records 
made in the 1980s, engineered by the great Alan 
Sides). The track starts with a rain stick behind 
Hubert Laws’ gentle flute passage. I’ve listened to 
this track countless times over the years, but have 
never heard the individual beads moving through 
the rain stick with such startling clarity. I point 
this out not because I enjoyed this quality for its 
own sake, but rather to illustrate how the Puccini 
accurately conveyed very fine transient detail, and 
how this fidelity fostered a sense of hearing the 
instrument itself rather than a reproduction of it.

It occurred to me that one reason the Puccini/
U-Clock rendered timbres with such realism 
could be this fabulous resolution of low-level 
detail, particularly low-level transients. Musical 
waveforms contain a richness of micro-dynamic 
structure (a reed moving back and forth, for 
example); accurately conveying that structure 

makes instrumental textures and tone colors 
more lifelike. Although we’re not consciously 
aware that the timbral realism is derived from this 
micro-transient information, it’s simply one less 
cue to the brain that we’re hearing a reproduction 
rather than the instrument itself.

Although I don’t have nearly as much 
experience with cutting-edge SACD playback as 
I have with CD, I thought the Puccini/U-Clock’s 
rendering of SACD was the best I’ve heard. 
Interestingly, however, the Puccini/U-Clock’s 
reproduction of CD was so good that it narrowed 
the gap I usually hear between CD and SACD. 

Finally, you’re probably wondering how the 
Puccini/U-Clock compares with the other great 
digital I’ve heard lately, including the Meridian 
808.2 and Spectral SDR-4000 Pro CD players, 
as well as the Berkeley Alpha DAC. Starting with 
the Alpha DAC, the Berkeley unit was a bit more 
forward in spatial presentation, presenting the 
front of the soundstage a little closer to the listener. 
The Puccini’s bass was leaner and tighter, with the 
Alpha DAC sounding “bigger” in the bottom end 
but somewhat less controlled. The Alpha DAC 
excelled at macro-dynamics with greater impact 
on timpani strokes, and also with a warmer and 
fuller rendering of bass guitar. As great as the 
Alpha DAC is, the Puccini/U-Clock combination 
bested it overall with a smoother rendering of 
midrange textures, a heightened sense of space, 
and, particularly, the resolution of transient detail. 
The Alpha DAC was at a disadvantage in the 
comparisons in that it was fed from the same 
music server as the Puccini, but through an AES/
EBU interface rather than through the U-Clock 
that locked the computer to its timing reference. 
Also, keep in mind that these are two very different 
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products; the Alpha DAC will decode up to 192kHz sources and has 
no USB input, disc drive, or SACD capability, but costs less than one-
quarter the Puccini/U-Clock’s price. 

The other contenders for the state-of-the-art in digital playback 
(at least in my experience), the Meridian 808.2 and Spectral SDR-
4000 Pro, make an interesting contrast with the Puccini/U-Clock. 
The Spectral and dCS better the Meridian in resolution of low-level 
detail, transient fidelity, and bass definition. But the Meridian excels, 
uniquely, in its portrayal of dimensionality—the impression of three-
dimensional instruments in three-dimensional space. The 808.2 is 
also remarkable in its reduction of hardness and glare, particularly in 
poor-sounding CDs. The Spectral’s strengths are in its portrayal of 
soundstage depth and resolution of fine spatial and timbral detail. I 
thought the Puccini/U-Clock rendered midrange textures with greater 
warmth and palpability. All four products have their own virtues, and 
all are contenders for the state of the art. 

Finally, you really need to hear the Puccini/U-Clock driving a power 
amplifier directly to fully appreciate its clarity and resolving power. 
Even the best preamplifiers shave off some detail and diminish the 
sense of immediacy and transparency that are the Puccini’s hallmarks. 

 
 ConClusion 
The dCS Puccini/U-Clock pair is an extremely sophisticated piece 
of engineering. Rather than working within the limitations of off-
the-shelf technology, dCS has developed a number of innovative 
and advanced technologies to extract the maximum performance 
from digital media. That effort has paid off in the listening room—
the Puccini/U-Clock delivers an enormously appealing and involving 
musical presentation that is in many ways competitive with the state 
of the art, and in some aspects establishes a reference-quality level 
of performance. 

The dCS’ sound was different from other top contenders I’ve 
heard, and I struggled to put that difference, and its effect on musical 
involvement, into words. But if I had to boil it down to a single idea, 
it would be that the Puccini/U-Clock simply presents more musical 
information to the listener without calling attention to the fact that it’s 
presenting more information.  

well, I was supposed to write a sidebar comment to this review, 

but what can I say that robert hasn’t already said better in this 

brilliantly worded and precisely accurate assessment?

I was very curious to see how my best friend and colleague in 

this industry would react to the Puccini, since he has so much 

more experience with the finest digital front ends than I do (and 

than virtually anyone else in this business does). Don’t take it as 

vanity on my part if I say I am delighted that he heard the Puccini 

as I do. It’s not ego, believe me; it’s relief. when I reviewed the 

Scarlatti/Puccini several moons ago, I thought both were “the 

best digital” I’d heard, but I thought this for a very specific 

reason and, let me add again, I thought this without having 

the vast comparative experience that robert has with digital 

sources. My reason for loving the Scarlatti and Puccini was that 

both sounded like analog sources without sacrificing digital 

virtues. By sounding like analog sources I don’t mean they made 

CDs sound like LPs, exactly. I mean that they shared with record 

and tape players a more “holistic” presentation than digital 

typically provides. 

to my ear, digital has always sounded—to greater or lesser 

extents—flat in aspect and piecemeal in presentation. CD and 

SACD present the trees, all right, right down to the veins in 

the leaves, but they invariably seem to lose sight of the scope, 

spaciousness, and sheer volume of the forest. It’s not that CDs 

and SACDs aren’t often sonically impressive—and lifelike. LPs 

do not typically have the extension and dynamic impact of CD/

SACDs, particularly in the bottom octaves; nor do they typically 

have the sheer crystalline clarity of digital sources. But…digital 

sources do not have what analog (at its best) has: a realistic 

warmth of timbre and richness of texture inextricably coupled 

with a lifelike bloom and body that make instruments and 

vocalists seem three-dimensionally “there”—perhaps a bit less 

“look-at-me” detailed than digital but more rooted, more present, 

more complete, more real. CDs and SACDs make musicians 

sound the way highly detailed photographs look; LPs and tapes 

make musicians sound the way statues in a statue garden look. 

with the dCS Puccini and the Scarlatti par excellence, this 

changed. the details they were adding didn’t just amount to 

hearing, oh, three more second violins more distinctly in the 

string section (although you could hear three more second 

violins more distinctly); rather, I was hearing the whole string 

section (and each violin in it) with a new-found fullness of timbre 

and texture and an unparalleled (in the digital realm) three-

dimensionality and ambient clarity. the dCS’s details didn’t stand 

out as individual parts; instead, the parts it was adding were 

making more complete wholes. robert put this better than I did 

when he said that the Puccini “simply presents more musical 

information to the listener without calling attention to the fact 

that it’s presenting more information.” this is precisely correct.

with the addition of the U-Clock, the gap between the Puccini 

and the Scarlatti (which has its own clock) has narrowed. robert 

once described the way timing errors (jitter) affect digital sound 

by analogizing an unclocked or poorly clocked CD player to 

hand-held binoculars—with their inevitable image blur caused by 

the shaking of your hands—and a precisely clocked CD player to 

image-stablilized binoculars—which “freeze” what you’re looking 

at, as if you’ve taken a jitter-free picture of it. once again, I can’t 

improve on this. this is exactly the difference that I heard with 

the U-Clock. what was a bit fuzzy—almost literally “jittery”—

snapped into focus. 

to an extent the U-Clock gives you the best of both the digital 

and analog worlds: increased (because better focused/timed) 

detail, and increased (because better focused/timed) wholes. 

the U-Clock is a no-brainer recommendation, as is the Puccini 

itself.

Jonathan Valin Comments
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According to Musical Fidelity, “the M1 and 
V-series offers state-of-the-art performance for a 
low price. It is done by solid commercial principles 
and state-of-the-art circuit/PCB design. The 
V-series has no extraneous anything. It is state-
of-the-art circuitry laid out to perfection with no 
trimmings, packaged in a simple low-cost housing 
made in large numbers.” How well does Musical 
Fidelity succeed at bringing the state of digital 
art to the masses? Well enough to elicit a gentle 
tugging at purse strings.

Fidelity Ain’t CheAp
Musical Fidelity has a blue-chip reputation that 
comes from making A-grade audio components 
for over two decades. Headed by designer 
Anthony Michaelson, Musical Fidelity specializes 
in electronics, and was among the first companies 

to make a high-end digital-to-analog converter 
(DAC). The V Series components were a big leap 
for Musical Fidelity, from the rarefied heights of 
“If you have to ask what it costs you can’t afford 
it” to “I’ll take one for each room.” Historically, few 
audio companies have succeeded in covering 
such a wide price range without shortchanging 
some parts of their lines. But Musical Fidelity has 
managed to consolidate its position at the über-
high end with products such as its Titan Class 
A power amplifier, while simultaneously creating 
the new M1 and V Series budget lines.

Technically, what differentiates the M1 DAC from 
its competition are its extremely low-distortion 
circuits (with overall distortion of less than 0.005% 
across the entire frequency band). The M1 DAC 
also uses a Class A analog output circuit that 
generates 2.25V RMS via its RCA single-ended 

outs and 4.5V RMS from its balanced XLR outputs. 
In addition, the M1 employs a special choke-
filtration system that acts like a power conditioner 
for its entire power supply.

Physically, the M1 DAC is an exercise in 
simplicity. The front panel is all black except 
for a tiny inset silver nameplate. The rest of the 
faceplate is empty save for the small white printing 
and tiny LED condition lights. There are only two 
control buttons on the front panel—one for on/off 
and the other for selecting the active input source. 
Small LED confidence lights show the incoming 
sample rate, input source, and whether the M1 
is properly upsampling the signal to 192/24. The 
M1 DAC doesn’t have a remote or an adjustable 
output level. It supports every sample rate from 
32kHz to 192kHz and has inputs for coaxial S/
PDIF, TosLink, AES/EBU, and USB.

The just-released V-Link USB-to-S/PDIF/
TosLink converter box takes a USB 1.1/2.0 input 
and outputs a S/PDIF signal via either TosLink or 
S/PDIF RCA connectors. The V-Link supports up 
to 96kHz/24-bit sample-rates. Its digital heart is 
the USB receiver TI TAS 1021chipset from Texas 
Instruments. Additionally the V-LINK uses a 
discrete crystal-oscillator for its clock reference 
and a discrete output chipset. The TAS1021 has 
been used by both dCS and Wavelength in their 
highly regarded USB DACs. Both wrote their own 
proprietary software for the TI TAS 1021 that 
enables asynchronous operation. Musical Fidelity 
also developed its own asynchronous USB-
protocol interface software for the TI TAS 1021.

Why did Musical Fidelity create the V-Link if its 
M1 DAC already had a USB input? The simple 
answer is that product cycles are much shorter 

Musical Fidelity M1 DAC 
and v-Link USB Adapter
Raising the Bar in Affordable DACs 

Steven Stone

I know the cynics in the audience may have a hard time believing this, but some-
times when I receive a component for review I don’t know its price. In the case 
of the Musical Fidelity M1 DAC and v-Link USB adapter, time had erased their 

price-point from my memory banks. When I finally discovered how little they cost—
$699 and $169, respectively—I was more than pleasantly surprised. Practically 
anyone who can afford a Mac Mini can probably also spring for a M1 DAC and v-Link, 
creating a playback system that will enthrall all who give it a listen.  
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with computer gear, and in the 1½ years since the 
M1’s USB input was developed, Musical Fidelity 
has had time to develop a much better USB 
application that uses the latest asynchronous-
data-acquisition methodology. The engineering 
and sonic differences between the M1 DAC’s USB 
and the V-Link’s USB input circuit implementation 
are not subtle.

“MusICaL” and “FIdeLIty” are LIke 
“Country” And “Western”—they Go 
toGether
For most of my review the V-Link and M1 DAC 
were tethered to my desktop system (see the 
review equipment list), and I connected the M1 
DAC’s balanced outputs directly to a pair of PSI 
Audio A 14M powered/active monitor speakers. 
I adjusted levels via the speakers’ individual 
volume controls. This allowed me to hear the M1 

DAC without the sonic limitations of a preamp and 
an extra run of cables. I also used the M1 DAC 
via its single-ended RCA outputs connected to 
my Accuphase P-300, which has its own volume 
controls so I could go preamp-less. Using either 
signal chain I could easily replace the M1 DAC 
with one of my other reference DAC/preamps for 
A/B comparisons.

Before comparisons let me talk about the sound 
of the M1 DAC by itself. First, forget about the USB 
input. It’s an ancient (by computer-time standards) 
USB implementation that sounds quite flat, both 
dimensionally and dynamically, when compared 
to the M-1’s other inputs. Pretend it doesn’t exist. 
After all, you’ve still got three other inputs—RCA 
S/PDIF, TosLink, and AES/EBU. If you require a 
USB input add the V-Link and you’ll be on a level 
playing field vis-à-vis the sonic capabilities of the 
other inputs.

While on the subject of USB and the V-Link, I 
can almost without reservations recommend it 
to anyone with a high-end DAC that lacks USB 
capabilities. It renders USB almost as well as the 
Empirical Audio Labs Off-Ramp 3 USB converter 
box. To compare the V-Link to Empirical I used the 
V-link’s coaxial output and the Empirical’s AES/
EBU output connected to the M1. This allowed 
for virtually instantaneous A/B switching via the 
M1’s front panel and the Audio Midi Setup when 
I used iTunes. Using Pure Music and Amarra was 
slightly more complicated. I needed to change the 
output device in Sound Preferences as well as 
in the program’s individual preference pane and 
then reboot the playback program. Still, with a bit 
of practice I got to the point where I could switch 
from A to B in less than 15 seconds.

In matched-level A/B tests the V-Link falls short 
of the Empirical Audio Off-Ramp 3, primarily 
because it’s slightly less three-dimensional 
than the Off-Ramp. However, in resolution and 
dynamics the V-Link was indistinguishable from 
the Off-Ramp. I spent some time listening to that 
old audiophile chestnut, from Rickie Lee Jones’ 
Pop Pop, “My One and Only Love,” and can’t 
say I’ve ever heard freer or more independent 
dynamics from each of the instruments. Rickie 
Lee’s voice, the acoustic guitar, acoustic bass, 
and accordion all displayed a dynamic autonomy 
I rarely hear in a recording but often experience 
at a live performance. These continuous micro-
dynamic adjustments that musicians make 
throughout a concert came through transparently 
and effortlessly. 

With computer audio there’s usually more 
than one way to get a musical file from storage 
to transducer. The more computer audio gear I 

review, the more ways I’ve found to hook that gear 
up. I started the review with the V-Link attached 
to the M1 running into the PSI A 14M speakers. 
But since the M1 has only fixed-level outputs, 

Musical Fidelity M1 DAC  

Line-level outputs: One pair RCA (phono), one pair XLR 

(balanced)

Digital inputs: One XLR AES balanced digital input; one 

RCA coaxial connector S/PDIF 32–192kHz (16–24-bit 

stereo PCM); one TosLink optical connector 32–96kHz 

(16–24-bit stereo PCM); one USB type “B” connector 

for computer/PDA 32–48kHz

DAC circuit: 24-bit Delta-Sigma (bitstream) dual 

differential oversampling to 192kHz

total correlated jitter: <12 picoseconds peak to peak

Signal to noise: >119dBA 

weight unboxed: 3.4 kg (71/2 lbs.)

Dimensions: 8-2⁄3” x 4” x 12”

Price: Black Finish $699, Silver $769

Musical Fidelity v-Link Asynchronous  

USB-to-S/PDIF Converter   

Sampling Rates: 32–96kHz

Bit depths: 16–24 bits 

Dimensions: 3-3/4” x 1-2/3” x 6-2/3”

Price: $169

TEMPO (U.S. DISTRIBUTOR) 

P.O. Box 541443

Waltham, MA 02454

(617) 314-9296

www.tempohighfidelity.com   

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM

www.tempohighfidelity.com
www.avguide.com
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I couldn’t control the subwoofer volume level 
except by adjusting the subwoofer’s input-level 
controls separately. This is easy if your subwoofer 
is within arm’s reach, as mine is, but for most folks 
it isn’t practical.

After a month I inserted the Bel Canto DAC 3.5 
into the system. This opened up quite a few new 
routing options for comparison, since the DAC 3.5 
has a volume control, two analog outputs, and 
an analog bypass. This way I could compare the 
Musical Fidelity M1 DAC’s analog output to the Bel 
Canto DAC. Also the Bel Canto 3.5 VB allowed me 
to hook up the V-Link to both the M1 and DAC 3.5, 
and to use the Empirical Audio Off-Ramp 3 with 
both DACs. This permitted quick A/B switching 
between DACs, USB converters, and various DAC 
inputs. Later I also substituted the Wyred4Sound 
DAC-2 and the Weiss DAC202 for the Bel Canto 
3.5 VB.

As I mentioned earlier, the V-Link is a wonderful 
way to get a 96/24 USB signal into any DAC that 
lacks USB inputs such as the Weiss DAC 202. 
Using the V-Link into the Weiss’ S/PDIF input 
produced results that were very close to the 
Weiss’ FireWire input. The FireWire input was still 
superior—it had better depth rendition and more 
of a three-dimensional presentation overall. But 
in other sonic respects the V-Link held its own. I 
was especially impressed with the V-Link’s ability 
to retain all the dynamic subtlety I experienced 
through the FireWire input. I also re-compared the 
V-Link to the Empirical Audio Off-Ramp converter. 
Through the Weiss, differences between the 
V-Link and the Empirical Audio Off-Ramp 3 were 
magnified. Once more the Off-Ramp revealed 
more dimensional information, but it also had 
greater dimensional solidity and more precise 

imaging, especially in defining the edges of each 
instrument in space.

Getting back to the Musical Fidelity M1 DAC. 
When I used it directly attached to an active 
speaker or an amplifier with an adjustable input-
level control, it was noticeably more revealing 
and delivered a higher level of fidelity than when 
I inserted a preamp into the signal chain. Even 
when I used the most expensive RCA cables 
I had available—a pair of $1840 Cardas Clear 
1-meter interconnects—the overall sound was 
still compromised compared to a direct-to-the-
amp connection. By the end of the review period 
I fervently wished the M1 was available with 

adjustable level controls so that it could be used 
without additional devices and cabling in the 
signal path. That way everyone could hear how 
good this DAC is in “stand-alone” mode.

When compared to a far more expensive DAC, 
such as the Weiss DAC 202, the M1 proved to 
be remarkably close in performance when it was 
connected directly into the PSI A 14M speakers. 
Sure, the Weiss was still superior, but overall the 
similarities between the two DACs were striking. 
Both produced equally large soundstages, solid 
palpable images, fast transient attacks, and 
wonderfully compelling listening experiences. Yes, 
if I could only chose one I’d go for the Weiss, but 

after a few minutes with the Musical Fidelity M1 it 
was difficult to focus on its deficiencies, such as 
they were, because its overall performance was 
so solid and musical.

rAisinG the BAr
Robert Harley recently sent all TAS reviewers a 
letter [published in this issue’s Letters section] 
from reader Bob Anselmo. Anselmo wrote, “It’s 
time to raise the bar on lower-cost equipment. 
We should expect lower-priced stuff to sound 
better than it did in the past.” I completely agree. 

The Musical Fidelity V-Link and M1 DAC 
certainly changed my opinion of what level of 
performance can be expected from a budget DAC 
and converter box. I won’t claim they equaled the 
performance of far more expensive electronics 
such as the Weiss DAC 202, but unless you plan 
to conduct tightly controlled A/B tests, you will 
be hard-pressed to hear the Musical Fidelity 
M1’s shortcomings. Unlike budget components 
of yore, where pleasant “grayish” sound was 
the best you could reasonably expect, the M1 is 
musical, arresting, and involving in the way a good 
audio component should be, regardless of price. 
Even if you can afford to pay more, maybe even 
a lot more, I strongly advise you to listen to and 
live with the Musical Fidelity M1 DAC and V-Link 
converter for a week in your system. Consider the 
bar raised.
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Simaudio Moon 100D 
USB DAC 
A Great Place To Start 

Neil Gader

Any conversation about computers reminds me of my son-in-law, Dan. Classic 
Gen Y profile. Thirty-two years old, just married, a professional with an 
advanced degree. Dan, like much of his generation, is a savvy computer guy 

(Apple, natch) and music junkie. Dan loves the indie scene, respects the classics—
classic rock anyhow. In most ways he embodies the audio ethic of his generation, 
meaning he’s a fervent music-downloader and disc-ripper. Dan pays very little out of 
pocket for his musical fix. Until recently his “system” was almost entirely iTunes/
iPod-based, but after discovering his dad’s vinyl collection he sprung for a budget 
turntable and speakers and began assembling an entry-level system. High end was 
the last thing on his mind. But that was then. He’s discovered that sharing a life and 
paying a mortgage leaves little room for earbud listening in the man-cave. Yet, with 
thousands of tracks on a hard drive that he wants to access through his growing 
two-channel rig, what to do? The short answer might be something along the lines 
of the Simaudio Moon 100D. 

The Moon100D is a stoutly built and elegantly 
finished component, whose looks are consistent 
with the extensive Simaudio lineup. Its front-panel 
layout includes LED indicators for sample rate 
and pushbuttons for power and input selection. 
The Moon 100D is based on the BurrBrown 
PCM1793 high-resolution 24-bit/192kHz D/A with 
an 8x oversampling digital filter. An asynchronous 
sample-rate converter upconverts all input 
signals to 24-bit/192kHz. As is Simaudio’s 
practice, a highly accurate digital clocking 
system maintains the DAC’s extremely low jitter 
levels. Three stages of DC voltage regulation are 
incorporated into the 100D power supply, as well 

as traditional Simaudio touches like pure-copper 
circuit board traces and a symmetrical circuit 
design. 

Taking centerstage is the USB input 
which accepts a digital audio signal of up to 
16-bit/48kHz. Like a favorite pair of slippers USB 
has become a mainstay of the computer world 
for its convenience—and this is in spite of the 
audio limitations that frequently draw fire in many 
high-end circles. Simaudio is refreshingly candid 
about the fact that due to jitter, phase errors, and 
other latency issues USB was never intended 
to appeal to audiophiles—it was meant for 
mundane data transfer only, not audio signals. In 
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Simaudio’s words, “We opted to provide the best 
possible power supply, D/A converter, and analog 
stage in the Moon 100D at this price level.” 

Simaudio, however, is an old hand at high-
end digital, so it’s armed the 100D with both 
optical and S/PDIF inputs to make the most 
of its 24-bit high-resolution DAC when used in 
conjunction with a CD transport’s digital output 
or a computer equipped with an S/PDIF high-
resolution soundcard. However, if your computer 
doesn’t have one of these outputs, don’t despair. 
There’s an easy work-around via a USB-to-S/
PDIF interface. There are quite a few available, 
reasonably priced, and many will work with 
USB datastreams up to 24-bit and sampling 
rates up to 192kHz. For example, near the top 
of the rung is a state-of-the-art $1695 model 
like the Berkeley Audio Design Alpha USB (Issue 
214) or the more down-to-earth $169 Musical 
Fidelity V-Link, a modestly priced 24-bit/96kHz 

asynchronous USB interface (Issue 213). While 
thousands of dollars apart, both take advantage 
of the superior continuous bitstream of S/PDIF.

Setup is a snap. Using my MacBook equipped 
with Pure Music software from Channel D, I 
clicked on the Sound icon of System Preferences, 
which identified the DAC instantly. Just double-
check that you’ve selected the USB for output, 
and you’ll be off and running.

For those of you accustomed to the run-of-the-
mill iTunes experience, straight-line performance 
through the 100D USB will be a revelation. A 
laundry list of deleterious artifacts, from indistinct 
imaging to tonal hardness to treble etch, will 
begin to fade away. Bass pitches and harmonics 
will tighten up and lighten up considerably. The 
overall sound becomes more robust and limber. 
There will be an expanded sense of musicians 
occupying physical space, rather than flat-footed 
images on a tent-card. Dynamics will be livelier, 
low-level resolution higher. In general, music via 
the USB provides an easy listening experience, 
while manifesting a character that is a bit darker 
on top and a bit truncated in bass decay. 

In retrospect, this signature is paradoxically 
the near polar opposite of early compact disc 
sound. Back then, CD was noted for its powerful 
bass punch and icy, often brittle treble. Here the 
100D USB input softens and shades the sound 
somewhat, and transients don’t quite have the 
urgent call-to-arms response of live music. It’s for 
this reason alone that I laud Simaudio for offering 
the S/PDIF option. Adding the V-Link USB-to-S/
PDIF interface allowed Jen Chapin’s cover of 
“Renewable” to develop a greater degree of 
openness and bloom across the tonal spectrum. 
As micro-dynamics fully ignite, it’s simply easier 

to trace individual notes in space, whether they 
be delicate piano motifs or the nylon-stringed 
guitar riffs from Ana Caram’s cover of “Fly Me To 
The Moon” [Chesky]. And on a 24-bit/88.2kHz 
recording like Malcolm Arnold’s A Sussex 
Overture [Lyrita], the orchestra seems to come 
alive in three dimensions—the once papery and 
pita-flat soundstage replaced with complex 
acoustic textures, the venue seemingly inhaling 
and exhaling with ambience and presence. But 
the improvement doesn’t just apply to high-res; 
the benefits are easily appreciated on stock 
16-bit/44.1kHz.

So how does the 100D compare to the 
prevailing digital standard of the last thirty 
years, namely CD? Close and growing closer, 
but ultimately falling short. Something like the 
primo Audio Research CD5 renders timbral and 
textural detail with more sophistication. When, 
for example, the melodies of singer Jen Chapin 
and the baritone sax begin to parallel each 
other, the CD5 maintains a warmer midrange, 
and breathes a bit more upper-frequency air 
and buoyancy into the performance. The CD5, 
to borrow an analog term, just seems to track 
a bit more cleanly, thereby allowing images a 
stronger sense of spread across the stage and 
a fuller, more complete sonic presentation. And 
while the sonic backgrounds that underlay a 
venue’s acoustic are very quiet through USB, 
they are midnight black with the ARC. In imaging 
and three-dimensional soundstaging, the S/PDIF 
input hews closer to the ARC with only minor 
subtractions in image focus. 

The 100D is a flexible and forward-thinking 
solution for addressing the diversity of computer-
based audio. It’s a glitch-free device with an all-

important upgrade path for those inspired to stay 
ahead of the curve. And to the extent that it allows 
a family member like Dan to have a few thousand 
tunes at the touch of a finger and to bypass the 
CD format entirely, its potential impact cannot 
be underestimated. When it comes to the brave 
new world of digital music there is seemingly no 
end in sight. But Simaudio offers an ideal place 
to begin.

Inputs: S/PDIF, USB, TosLink 

weight: 4 lbs. 

Dimensions: 5” x 2.9” x 6.5” 

Price: $600

 

simaudio LTd.

1345 Newton Road 

Boucherville, Quebec 

J4B 5H2   Canada 

(877) 980-2400

www.simaudio.com

speCs & priCiNg
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Although the 3.5 DAC VB looks very similar 
to Bel Canto’s previous flagship, the DAC 3, the 
design of the DAC3.5VB is virtually all new accept 
for the core of the digital-to-analog converter and 
the architecture of the analog output stage. The 
3.5 VB uses the same one-half-width cabinet 
design and front faceplate as the 3. Although 
you can identify a Bel Canto from a room away, 
figuring out which model you’re looking at isn’t 
so easy, since they all use the same thick metal 
faceplate with a large oval center cutout. Not until 
you look at its rear panel can you tell for sure that 
it’s a DAC 3.5 VB.

The 3.5 VB’s ergonomic features are nearly 
identical to those of its predecessor—one set of 
analog inputs as well as an AES/EBU, TosLink, 
and two S/PDIF digital inputs. But instead of a 
built-in USB input, the 3.5 has an ST fiber input. 
Value-conscious audiophiles might immediately 
see the lack of a USB input as a black mark and 
a loss of overall value compared to the DAC 3. 

They would be wrong. Eliminating a USB input 
from the DAC 3.5 is an acknowledgment by 
the Bel Canto design team that USB is better 
handled by an external device. USB technology 
continues to evolve at such a rapid pace that 
putting conversion inside a DAC hobbles a 
manufacturer’s ability to offer the most advanced 
USB implementation. If you want the most-
current USB interface, it’s highly doubtful you’re 
going to find it in a high-end DAC where the 
manufacturing process often takes more than a 
year from design through testing and production.

Bel Canto offers two ways to connect the DAC 
3.5 to a USB source. Either the S/PDIF or ST fiber 
version of its 96kHz/24-bit USB link can deliver 
up to 96/24 datastreams to the DAC 3.5. The 
ST fiber comes with a 25-foot-long glass-fiber 
cable, but it can easily support a 200-foot run. 
As you might surmise by its name, the Bel Canto 
USB Link is limited to a maximum resolution 
of 96kHz and 24 bits. If you want to listen to 

higher-resolution files you can use another USB 
converter since the DAC 3.5 can handle up to 
192k files through its S/PDIF inputs.

As with the DAC 3, the 3.5 includes a high-
quality analog preamp section that can be 
operated at a fixed level of 2.5 volts through its 
single-ended output or 5.5 volts via a pair of 
balanced XLR outputs. According to Bel Canto, 
“The entire analog section relies on a single gain 
stage biased to Class A, and direct-coupled 
throughout.” 

A push-button on the back of the units 
switches the 3.5 between variable-output and 
fixed-output modes. I’m not fond of this switch 
arrangement—it’s far too easy to accidentally 
change it while attaching cables blind to the rear 
of the DAC 3.5. Fortunately Bel Canto has made 
the push-button almost idiot-proof—it defaults to 
only 50% output if accidently depressed.

The remote control that comes with the 3.5 is 
adequate for its intended purpose, but it’s not 

as nice-looking or solid-feeling as the one that 
came with the DAC 3. The new remote is made of 
black plastic and lacks built-in illumination, while 
the old remote was aluminum and sourced from 
the same OEM as the Weiss DAC 202’s remote. 

Because the DAC 3.5 remote handles other 
current Bel Canto components such as the FM-1 
tuner and CD2 CD player/transport, it includes 
quite a few extra buttons. There’s a short 
learning curve to figuring out which buttons are 
functional. With the DAC 3.5 VB the things you 
can do with the remote include input selection, 
volume, balance, display options, and phase. 
Many audiophiles will celebrate the inclusion of 
the absolute-phase inversion control.

But if you always operate the DAC 3.5 VB from 
far away via its remote control you’ll miss one of 
its best ergonomic features—the volume knob, 
stepped in increments of 0.5 dB. Precisely setting 
the volume, especially for matched level A/B 
tests between different digital inputs, was a joy. 

Bel Canto 3.5 vB DAC/
Digital Control Center
Big Improvement

Steven Stone

Bel Canto evolved from a company known for single-ended tube amplifiers to one 
that has embraced digital technology in all its many forms. Today Bel Canto 
makes digital ICE-module-based power amplifiers as well as DACs, tuners, and 

preamps. Bel Canto’s top-of-the-line DAC, the 3.5 vB DAC, will be our focus here.
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This same volume control also serves as an input 
selector—push it in and you can toggle between 
sources. In my desktop setup I can reach down 
and switch inputs and adjust the volume without 
looking—that’s how easy this single knob is to 
find and use.

goIng FroM 3 to 3.5
According to Bel Canto’s chief designer John 
Stronczer, “The core DAC and analog stages 
(in the DAC 3.5) are essentially the same as 
those in the DAC3, but isolation from outside 
interference through the power supply plus high 
jitter-filtration allows the original core to perform 
at a significantly higher level.” 

Most of the improvements in the circuitry are in 
the areas that have an impact on the 3.5’s noise 
specifications. A major part of Bel Canto’s efforts 
went into a new power supply, the VBS1, that has 
so much isolation it reportedly mimics the virtues 
of a battery-based supply. This supply can power 
up to three Bel Canto devices simultaneously. 
Stronczer explains: “The DAC3.5VB combined 
with the VBS1 provides an extremely effective 
level of isolation from AC power noise. There’s 
over 100dB of filtering by 100Hz that isolates 
and protects the power supplies from noise 
modulation coming in through the power line.”

The VBS1 is an upgrade from the “basic” LNS1 
power supply, which comes standard with the 
3.5 VB. The LNS1 is an AC supply with a ground-
lift switch. I spent about a month listening to 
the 3.5 VB with the LNS1 before switching to 
the VBS1 supply. While I did notice a slight 
increase in soundstage size and a decrease in 
low-level noise in my desktop system, I suspect 
the amount of improvement gained by using 

the VBS1 supply will be directly commensurate 
with how much noise is on your home’s AC line. 
The worse your AC power is, the more the VBS1 
supply will improve the performance of the 3.5 
VB. I tested this theory by attaching my trusty, 
crusty, and slightly rusty Pioneer LD CLD-D704 
laser-disc player to the AC line and disconnecting 
my PS Audio Quintet, PS Audio Quiet-Lines, 
and Audioprism Noise-Sniffers AC conditioning 
units. This Pioneer LD player generates a great 
deal of audible AC noise from its power supply, 
so I use it to create a noisy AC environment. With 
the D704 on the line and no AC filtration the noise 
level of the 3.5 VB increased when using the 
LNS1 supply, but with the VBS1 supply I heard 
no changes in the overall noise level despite the 
artificially noisy AC line.

Since the VBS1 costs nearly half the price 
of a 3.5 VB, I would suggest trying both power 
supplies to see if the VBS1 makes an audible 
difference in your system before committing to 
its purchase. If you have clean AC power or an 
effective AC-filtration scheme, you may find the 
VBS1 to be unnecessary. The only way to know 
for sure is to try out both power supplies in your 
own system.

the sound
I’ve been listening to Bel Canto’s previous 
flagship, the DAC 3, for more than a year in various 
systems in my home, so I was very familiar with 
its signature. The new 3.5 VB delivers more and 
less—more information and low-level detail with 
less noise. But if you use one of Bel Canto’s USB 
Link interface devices you won’t notice much 
difference going from the 3.0 to the 3.5 VB. While 
the USB Link was an adequate USB interface 

device a year ago, it’s beginning to show its age. 
Both of the newer USB devices I had on hand, 
the less expensive Musical Fidelity V-Link and 
the more expensive Empirical Audio Off-Ramp 
4, delivered a truer picture of the DAC 3.5 VB’s 
sonics.

Since the Musical Fidelity V-link is only $179 
vs. $249 for the Bel Canto’s USB Link, it shouldn’t 
have outperformed the USB Link, but it did. 
Compared with Bel Canto’s USB Link the Fidelity 
V-Link was noticeably more incisive. For example, 
the USB Link removed some of the dimensional 
character of the music. On Kristin Granger’s solo 
CD, Part Circus, Part Rodeo, the song “Limbo” 
features dual lead vocals, but the primary vocal 
has a far greater three-dimensionality than 
the second voice. Through the Bel Canto USB 
Link dimensionality was reduced to the point 
that both lead vocals sounded nearly identical. 
Switching to the Musical Fidelity V-Link restored 
the differences between the two vocal parts. Also 
the Bel Canto adds what I can only describe as 
a slightly plastic coloration to the overall sound 
when compared to the V-Link. Clearly the DAC 
3.5 VB deserves a better USB interface than the 
current Bel Canto offerings.

To get a more complete measure of the DAC 
3.5 VB’s capabilities I tethered it to the latest 
version of Empirical Audio’s Off-Ramp 4 USB-
interface device. Turning the USB signal into a 
low-jitter, low-noise source improved the sound 
by several magnitudes compared to the USB 
Link. Images gained both dimensionality and 
solidity, to the point where on some chamber 
music recordings I felt as if I could walk around 
the players themselves. Even in my desktop 
system, where my ears are between two and 

three feet from the speaker drivers, the DAC 3.5 
VB tethered to REF 1000II combo was deadly 
quiet, with only the faintest hiss if I tried to use a 

Digital Section

Sampling frequency and word length supported: 

192kHz/24-bit 

Inputs: AES XLR, S/PDIF BNC/RCA, ST Fiber, and 

TosLink 

Clock jitter: 2 picosecond RMS 

Analog DAC section

Maximum output: 5.5V RMS balanced XLR, 2.5V RMS 

unbalanced 

output impedance: 200 ohms balanced XLR, 100 ohms 

unbalanced 

Frequency response: 20Hz–20kHz, +/-0.25dB

output noise: 3uV RMS A-weighted 20Hz–20kHz

Dynamic range: 126dB A-weighted 20Hz–20kHz

Analog ADC Section

Maximum input: 2.5V RMS unbalanced 

Input impedance: 12K ohms unbalanced 

tHD+N: 0.003%, 2.5V RMS in, 1kHz 

Dynamic range: 110dB, A-weighted 20Hz–20KHz

Price: $3495, VBS power supply $1495

BEL CANTO DESIGN, LTD.

221 North 1st Street

Minneapolis MN 55401

(612) 317-4550 

(866) 200-7342

belcanto.com

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM
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http://www.belcantodesign.com
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tweeter as an ear-bud. 
Another impressive sonic characteristic was the 

DAC 3.5 VB’s lack of audible electronic texture or 
grain. Especially when it was combined with the 
Bel Canto REF 1000II monoblock amplifiers, the 
sound was completely lacking in anything I could 
identify as an electronic artifact. Not only were 
the instruments and vocalists virtually grain-free, 
but also the spaces between them were, yes, 
that old cliché, blacker, with more negative space 
than I’ve experienced from other USB DACs. 

The other high-quality source I used with the 
DAC 3.5 VB was the Meridian/Sooloos Control 15 
network player. Using the S/PDIF RCA output into 
the DAC 3.5 VB produced similarly reference-
quality sonic results. Especially with high-res 
sources, such as the latest Paul Simon album 
So Beautiful or So What, downloaded in 96/24 
from HDtracks, the sound was spectacular. 
The overall imaging specificity and dimensional 
palpability were so fine that every instrument had 
a level of dynamic independence that startled me 
more than once.

When I compared iTunes to Amara and 
Pure Music, it was downright eerie how much 
additional low-level detail and spatial information 
were present. On the Fone recording of the 
Baroque opera Daniel and the Lions performed 
by the New York Ensemble for Early Music, 
going from iTunes to Pure Music made what I 
had thought was already a very spacious and 
dimensional presentation into a reach-out-and-
slap-you-in-the-face affair. Especially in the 
scene late in the opera when Daniel is thrown 
to the lions and all hell breaks out on stage with 
multiple drums and bells and other percussive 
elements making a huge racket, bouncing off the 

walls of the highly reverberant recording venue, 
the image didn’t break down or become less 
detailed. Even the singers at the back of the hall 
retained their dimensionality and decipherability 
throughout the scene. 

Near the end of the review period I switched 
from the Bel Canto Ref 1000II amplifiers to a 
Perreaux E110—a semi-vintage solid-state 100-
watt class A/B amplifier manufactured between 
1994 and 1998. It’s a fast and musical solid-state 
amp that delivers as dimensional an image as I’ve 
heard from any mid-power solid-state design. 
Its high-frequency presentation is particularly 
appealing—sweet, open, airy, and definitely not 
hyped up. The combination of the Off-Ramp 4, 
DAC 3.5 VB, and Perreaux E110 produced the 
most dimensionally precise and musical image 
I’ve experienced on my desktop system with 
both the Aerial Acoustics 5B and Studio Electric 
Monitor speakers.

CompAred to WhAt?
In Robert Harley’s review of the Berkeley Audio’s 
Alpha USB converter (Issue 214) he revisited how 
critical the de-jittering of the USB audio stream is 
to the overall performance of a computer-based 
audio system. I, too, have been finding that the 
quality of the digital source has become more 
critical in the recording chain, not less. This runs 
counter to the concept that DACs are getting so 
good that they are virtually immune to jitter, so 
that a low-cost high-jitter source will sound as 
good as an expensive low-jitter one. But with 
all the DACs I’ve been using, low-jitter sources 
still sound substantially better than higher-jitter 
sources. 

I spent quite a bit of time comparing the Bel 

Canto DAC 3.5 VB with the $1495 Wyred4Sound 
DAC2. The results reaffirmed the DAC2’s value. 
When both were fed identical digital streams from 
the Empirical Audio Off-Ramp 4 and tethered to 
my Accuphase P-300 power amp via its pair of 
line-level inputs, I could perform matched-level 
real-time A/B tests between two DAC/preamps. 
Using my entire arsenal of monitor speakers, I 
could not discern any sonic differences between 
the two DACs. 

But with different sources the two DACs could 
sound noticeably different. The Wyred4Sound 
being fed by its built-in USB sounded better in 
nearly every way than the Bel Canto DAC 3.5 
VB using Bel Canto’s USB Link. But when I 
substituted the Empirical Audio Off-Ramp 4 for 
the USB Link, the DAC 3.5 VB’s performance 
leapfrogged the DAC2. The DAC 3.5 VB produced 
a subtly more dimensional soundstage than the 
Wyred4Sound could via its own built-in USB 
implementation.

Of course I compared the Empirical Audio 
Off-Ramp 4 and Bel Canto DAC 3.5 VB combo 
to the Weiss DAC 202 connected via FireWire. 
In matched-level A/B tests I couldn’t reliably 
distinguish between them. Last time I tried this 
test using the Empirical Off-Ramp 3 tethered to 
the Bel Canto DAC 3.0, the Weiss emerged as the 
better-sounding DAC, but with the new Off-Ramp 
4 and DAC 3.5 the Weiss’ sonic advantages 
disappeared. After multi-day multi-source A/B 
tests between the two units I gave up listening 
for differences and enjoyed the music.

ConCLusIon
Reviewing mid-priced digital components 
ranks among an audio reviewer’s most difficult 

assignments. Both the advantages of the 
extremes—low price on the budget side and 
cost-no-object development and parts-costs in 
the super-premium side— means a mid-priced 
component has to be evaluated on its relative 
value in a rapidly changing highly-competitive 
marketplace. The next-generation products 
all too often displace today’s mid-priced value 
standouts. Bel Canto’s new flagship, the DAC 3.5 
VB is a fine example of this; it delivers noticeably 
lower noise and better overall sonic performance 
than Bel Canto’s previous top-of-the-line DAC 3.

The good news is with high-quality low-jitter 
sources the DAC 3.5 VB can perform on a level 
that equals the Weiss DAC 202, which is the best 
digital source component I’ve reviewed. The bad 
news is that by adding a USB interface box such 
as the Empirical Audio Off-Ramp 4 or Berkeley 
Alpha USB adapter and high-quality cables to 
connect it, you’ve elevated the DAC 3.5 VB with 
VBS power supply into the same price-range as 
the Weiss DAC 202.

But just because the Bel Canto 3.5 VB can’t 
be heralded as a price-performance value or 
“the best DAC I’ve ever heard” doesn’t diminish 
its overall worth. The Bel Canto equals the 
performance of the Weiss DAC 202 and does it 
at a very similar price. That’s certainly nothing to 
sneeze at. And if you sit down and listen to the 
Bel Canto DAC 3.5 VB using a high-quality digital 
source I’m confident that you will be impressed, 
just as I was, not only by its sonics but also by its 
ergonomic elegance and overall quality.   
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WhAt’s inside the Box
Before we dive under its hood, let’s take a 
moment to admire the Eximus DP1’s enclosure. 
If its carved aluminum chassis reminds you of 
designs from Resolution Audio and Constellation 
Audio, that’s because they were created by the 
same industrial designer—Alex Rasmussen at 
Neal Feay Design in Santa Barbara, CA. The 
DP1’s overall look is modern and clean without 
being too sterile or self-consciously retro. The 
figure-eight-shaped volume knob reminds me of 
my first Nagra field tape recorder, and besides 
being a nod to the past, the knob’s shape makes 
it easy to see your current volume level from 

across the room. 
Other niceties that I consider necessities 

include provisions for simultaneously active 
balanced XLR and single-ended RCA outputs. I 
used the balanced outputs for my main amplifiers 
and the unbalanced for a subwoofer. On the input 
side, all six of the digital inputs fully support 
192/24 format, including USB. The DP1 also has 
two analog inputs, allowing the unit to function 
as preamplifier. Analog devotees will appreciate 
that the DP1’s two analog inputs are pure analog 
with no A/D and D/A converters anywhere in the 
signal chain.

The front panel consists of a single on/off 

switch, a source-selector button with eight 
options, a source-lock LED, an on/off filter 
button, an upsample button with three options, 
a standard ¼” headphone jack, a 1/8” mini 
stereo input, and the master volume knob. The 
filter is exclusively for headphone listening; it 
engages a cross-filter circuit that’s intended 
to move a headphone soundstage out of your 
head. The three-way upsample button permits 
the user to choose no upsampling, upsampling 
to 96kHz, or upsampling to 192kHz. When you 
insert a headphone jack into the front headphone 
connector, the output to the back-panel outputs 
shuts off. While anyone who wants to use all 

three outputs simultaneously may find this 
feature to be a problem, I liked it. I could leave 
my amp and subwoofer on while listening to 
headphones. I also liked the single volume 
control for both headphone and regular listening. 
Couch potatoes, be forewarned, the DP1 does 
not include or support a remote control.

Most of the time I had the DP1 positioned so 
I could reach down with my left hand and adjust 
any of the controls without moving my head 
to look at them. It took maybe two days to be 
able to operate the DP1 “blind.” In my mind that 
constitutes an ergonomically well-designed 
audio component. 

April Music Eximus DP1 DAC, Preamplifier, 
and Headphone Amplifier 
Multi-Talented 

Steven Stone

What constitutes a mid-priced DAC? There’s a ton of room between the least 
expensive high-performance external USB DAC, such as the $169 HRT 
MusicStreamer II, and the most expensive, such as an $80,000 dCS combo 

stack. Almost any DAC that falls between $1000 and $10,000 could be considered 
“mid-priced” by some audiophile’s standards. So, while the $3200 April Music 
Eximus DP1 might be on the low side of mid-priced for anyone looking at $10,000 
DACs, it’s too pricey for someone on a $2000 DAC budget. But for $3200 the 
Eximus DP1 delivers a near state-of-the art DAC, robust USB implementation, low-
noise multi-input digital preamp, excellent headphone amp, and a stylish looking 
retro/modern custom enclosure.
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Under the hood, the signal chain uses 
the Cirrus Logic CS8416 input chip that can 
accommodate sampling frequencies up to 
192kHz, a low-jitter input receiver, and complete 
galvanic isolation to reduce external noise from 
external ground planes. In past reviews of DACs, 
I’ve seen and heard what a big difference the 
right USB implementation can make. April Music 
opted for the XMOS USB solution, which uses 
a 32-bit XS1-L1 processor and 1Mb of SPI flash 
memory. The digital signal then goes to a Burr-
Brown SRC4192 chip for upsampling and digital 
conversion. Finally the digital signal is returned 
to analog via the dual-mono current-output 
192kHz/24-bit Burr-Brown PCM1794A chip, 
which features less than 0.0004%THD and a 
dynamic range of 132dB. For its power supply 
the DP1 employs a custom-designed toroidal 
power transformer, which allows for very low 
output impedance. Even the circuit board has 
been physically optimized for low noise and 
maximum separation between digital and analog 
components. Finally, the component-output 
analog-buffer module and headphone-drive 
module are made up of discrete components 
rather than an off-the-shelf integrated circuit.

setup
Most of my listening was done at my computer 
desktop since this product was designed 
principally for this kind of listening environment. 
The signal chain was simple: USB from my Mac 
Pro to the DP1 and then a one-meter length of 
cable from the DP1 to a power amplifier. For 
some of my A/B tests I also used the DP1’s S/
PDIF and AES/EBU inputs.

The DP1’s 3V (single-ended) outputs are slightly 

higher in output than the usual 2V standard, so 
with amplifiers that have a higher than standard 
26dB gain you could have a gain mismatch, but 
none of my amplifiers displayed any problems 
from this higher output level.

If you plan to use the DP1 as a fixed rather 
than variable-level output device, don’t look for 
a button or switch to convert it to a fixed level. 
Merely turn the volume control all the way up for 
fixed-level use. While the first prototypes had a 
switch, April Music’s Simon Lee told me he opted 
for no switch in the production versions because 
listening tests determined that removing the 
switch delivered better sonic results.

the sound
When I listen to a stereo system the first question 
I ask myself is, “Which component is the weak 
link?” Whichever system I dropped the Eximus 
DP1 into, it was never the weakest link in the 
signal chain. During the time I’ve evaluated it, 
the DP1 was always articulate, dynamic, and 
musical. 

If I had to choose a single word to describe the 
sonics of the Eximus DP1, it would be “revealing.” 
Especially on higher-resolution material, such 
as my own live on-location recordings, I was 
amazed by the Eximus’ ability to expose even 
the subtlest soundstage cues. On my recording 
of a great young acoustic band, The Deadly 
Gentlemen, which I made with only two mics in a 
small schoolhouse, I could clearly follow the way 
the acoustic bass’ energy builds up in the corner 
of the room and then rolls out into the rest of the 
performance space. The DP1 portrays the three-
dimensionality of the soundstage as accurately 
and with as much detail as any DAC I’ve ever used.

I’ve written before about how important the 
USB interface is to the overall sonic quality of 
a USB DAC. The DP1’s USB is very good, and 
in the same league as the previous generation 
of Empirical Audio’s Off-Ramp 4 USB interface 
device. I did some matched-level A/B tests using 
the Off-Ramp’s S/PDIF output into the DP1 
compared to the DP1’s own USB implementation. 
Although it was not an ideal A/B, due to the lag 
time of software changes (closing and reopening 
Pure Music and iTunes as well as switching 
audio outputs from the system preferences 
takes at least 30 seconds), I could not hear any 
consistent and meaningful differences between 
the two signal chains. Sometimes I preferred 
one chain to the other, but my preferences were 
always source-material dependent. The DP1’s 
upsampling settings also affected which signal 
chain I preferred. Shortly after the DP1 arrived the 
Off-Ramp 4 went back to Empirical Audio for an 
upgrade to current specs, which will undoubtedly 
change its performance for the better. 

Unlike other DACs I’ve used with variable 
upsampling options, with the DP1 these different 
options not only made a sonic difference, but 
the setting that sounded most correct varied 
depending on source material. Sometimes within 
a single album I found that different cuts sounded 
better with different upsampling rates. On Randy 
Newman’s album 12 Songs, “Underneath a 
Harvest Moon” was best at 96k, “Burn Down the 
Cornfield” sounded better at 44.1, and “Lucinda” 
had the cleanest vocals at 192k. On my own 
96k/24 recording of Richard Stoltzman playing 
Copland’s Clarinet Concerto, I found that the 
96k upsampled rate had slightly better midrange 
presence and body on Stoltzman’s instrument 

than either the 44.1 or 192k settings. 
Anyone who’s come to the firm opinion 

that “upsampling is bad” will find the DP1’s 
upsampling a revelation. Unless you try all 
three settings on each track, you can never be 
sure which one is best. Sometimes I found that 
upsampling to 192kHz resulted in a tight and 
overly controlled sound to the point of becoming 
mechanical, but other times upsampling to 
192kHz delivered an additional level of control that 

Digital inputs: USB 2.0, I2S, two 75-ohm coax, 110-

ohm AES/EBU, optional, USB 2.0

Analog input: RCA, mini-jack

Analog outputs: RCA, XLR, headphone 

Input sampling frequency: Up to 192kHz

Upsampling: To 192kHz (default), 96kHz, or bypass

DAC: Two Burr-Brown PCM1794A 192kHz/24-bit

Dynamic range: 132dB

tHD+N: 0.0004%

Max input level: 4.8V RMS

output signal level: RCA, 3.0 V RMS; XLR, 3V RMS  

Dimensions: 208 x 62 x 291mm

weight: 8 lbs.

Price: $3195
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rendered slightly messy mixes more articulately 
than lower sampling rates. As it says in the DP1’s 
owner’s manual, “there are no fixed rules for the 
selection of upsampling.” That proved to be an 
understatement.

The Eximus DP1’s headphone filter’s effects 
were more consistent and less sonically 
illuminating. Whenever I employed the filter, 
regardless of the headphones, the results were 
a slower, thicker midbass and lumpier bass 
response. It was like going from a good modern 
tube amplifier to an unrestored 50-year-old triode 
amp—euphony and homogenization intruded on 
the signal. Perhaps for some listeners the filter’s 
soundfield effects will make up for the losses in 
harmonic balance and transparency, but I much 
preferred the DP1’s headphone feed without the 
filter in the circuit.

I used the DP1’s analog inputs to compare 
the Weiss DAC 202 with the DP1. Once more 
A/B comparisons took longer to switch than 
I would like—programs had to be shut down 
and reopened along with confirming the MIDI 
settings. But despite the delays it was clear 
that the DP1 was almost in the same league as 
the Weiss. Both did a superb job of illuminating 
the entire soundstage and placing instruments 
accurately. The Weiss produced a slightly larger 
overall soundstage, but the DP1 was equally 
well focused. Harmonically the two DACs were 
very similar, both with well-defined low bass and 
vividly dynamic contrast. At times I preferred the 
DP1, due in large part to its slightly lower noise 
floor. But the Weiss had extensive handicaps—I 
had to use its single-ended outputs rather than 
the balanced analog output. Plus there was 
additional cabling and analog circuitry and 

connections inside the DP1. So, I wouldn’t go so 
far as to say the DP1 was the Weiss DAC 202’s 
equal, but it was closer than I expected.

Comparing the DP1 with the Wyred4Sound 
DAC proved to be an equally interesting exercise. 
Even though the two DACs had very similar 
harmonic balances and dynamic signatures, the 
DP1 was a bit more musical and slightly less 
mechanical. The DP1 also had an ease to its 
dynamic presentation that I noticed especially 
on aggressive pop, such as Toy Matinee’s only 
release. The two DACs have similar feature sets, 
except the DP1 has two pure analog inputs. Still, 
the Wyred4Sound DAC2 is less than half the price 
of the DP1. And no, the DP1 doesn’t sound twice 
as good as the DAC2. But it does look better, with 
a far more ergonomically appealing front panel. 
Finally, the DP1 is more likely to transport you to 
the point where you don’t care much about the 
equipment because you’re enjoying the music so 
thoroughly.

And how does the DP1 compare with the Bel 
Canto Dac 3.5, which I reviewed in Issue 216? 
Unfortunately the 3.5 was returned to Bel Canto 
over a month before the DP1 arrived, so I never 
had an opportunity for any direct A/B testing. But 
I will share this comparison: The USB interface 
on the DP1 is noticeably better than the Bel 
Canto 96/24 Link USB interface box. Also, the 
sonic differences between the USB and the S/
PDIF inputs on the DP1 were much smaller than 
they were between USB and S/PDIF through the 
Bel Canto Dac 3.5.

I’d be remiss if I didn’t spend some time 
using the DP1’s headphone amp. The DP1 had 
more than enough gain and power to drive low-
efficiency headphones. I never got more than 1/3 

of the way up on the volume knob. The sound 
was clean and very well controlled, especially 
in the bass. And while headphones still lack a 
certain visceral power when it comes to bass, 
the DP1 did a yeoman’s job delivering some 
serious wallop when needed. Resolution and 
low-level detail were limited only by my choice of 
headphones. The best results came with my pair 
of Ultimate Ears Reference Monitor in-ear canal 
phones.

Final ThoughTs
When I asked Simon Lee, April Music’s 
president, what the design goals were for 
the DP1 he said, “I wanted to make a DAC/
preamp/headphone amplifier that can be used 
as a desktop high-quality USB DAC, high-end 
normal analog preamplifier, and top-quality 
headphone amplifier—all in one small box. 
My design goals were for a DAC/preamp that 
was internally complicated but externally user-
friendly and intuitive in operation, had natural 
sound, a reasonable price, and the best-quality 
headphone amplifier I could make.” I think he 
succeeded brilliantly.
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the younG BAsiCs
The Young DAC supports up to 384kHz/32-bit 
digital files via its proprietary USB driver, 192kHz 
via AES/EBU, S/PDIF, and 96kHz through its 
TosLink input. For outputs the Young has one 
pair of fixed-level, single-ended RCA analog. 

The Young front panel has only two buttons. The 
left-hand one turns the unit on and off, while the 
right-hand button selects the input. There is no 
remote.

The entire Young DAC is housed in a one-
piece half-sized ¼”-thick aluminum outer case. 

M2Tech Young DAC and Palmer Power Supply  
Great Sound, Low Fuss

Steven Stone

Italy may be better known for high-performance automobiles than high-
performance audio, but that doesn’t stop Marco Manunta, owner and designer 
of the Italian audio firm M2Tech, from creating cutting-edge digital devices. His 

first commercial product was a DAC for North Star Design in 1998. But the M2Tech 
breakout product was the HiFace USB adapter. The HiFace delivered acceptable 
USB sonics when most manufacturers were still struggling with basic USB interface 
methodology, and established M2Tech as a serious player in the evolving computer-
audio universe. Now M2Tech has a stand-alone DAC, the $1499 Young, as well as a 
matching accessory battery power supply, the Palmer ($1100). The Young attempts 
to build on the advances of the HiFace USB interface, but with additional inputs, 
greater resolution capabilities, and its own built-in digital to analog converter.

The front panel consists of a metal screen with 
regularly spaced circular holes. An LED display, 
tucked behind the front-panel’s center section, 
tells you which input has been selected and 
the bit-rate from that input. The LED display is 
available with either red or blue LEDs (the blue 
version costs $100 more.)

The Young can be powered via its supplied 15-
volt one-amp wall-wart or the optional Palmer 
battery power supply. The Palmer is housed in a 
chassis identical to that of the Young but without 
an LED display. The left-hand button powers up 
the Palmer, while the right-hand button enables 
the Palmer’s output. The Palmer will support two 
M2Tech devices requiring a 15-volt supply.

The Young uses a Burr-Brown DAC chip, but 
unlike most implementations, M2Tech uses only 
part of the chip. All the filtering and oversampling 

is performed by an FPGA (field-programmable 
gate array) integrated circuit. This circuit 
contains a collection of logic gates programmed 
with M2Tech’s proprietary algorithms, which, 
according to its designer, is “a faster and cheaper” 
way to realize signal processing compared with 
dedicated chips.

The Young’s 32-bit processing theoretically 
allows for up to a 195dB signal-to-noise ratio; 
however, the DAC itself only supports up to 
123dB signal-to-noise. The DAC’s limiting 
factor is thermal noise rather than sampling 
noise. M2Tech’s filters “bury” sampling and 
computational noise under the sampling noise, 
which M2Tech says makes the sampling noise 
“inaudible.”

The optional Palmer power supply uses a LI-
Po battery coupled with fast-charge circuit, a 
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15-volt post-regulator, and a pre-regulator. It is 
spec’d to supply a maximum output of one amp 
peak current delivery. M2Tech claims the supply 
is good for a minimum of 500 charge cycles, and 
its 4400mAh capacity allows for 9000 hours of 
battery operation before it will need replacement. 

instAllAtion And setup
Getting the Young DAC up and running is simple 
as long as you have an Internet connection. To 
get the latest USB driver for either Mac or PC you 
must go to the M2Tech Web site and download 
it. Once the driver was downloaded and installed 
(which took only a couple of mouse clicks), my 
Mac Pro desktop immediately recognized the 
Young, and it was added to the list of output 
devices in my selection box. Once it was selected 
I went to Apple’s MIDI control program to see 
what output rates were supported by the Young. 
As promised, the Young can handle everything 
from 44.1 to 384kHz at up to 32-bits via USB.

For most of the evaluation period the Young 
was connected to my Mac Pro desktop computer 
via an AudioQuest Carbon 1m USB cable. The 
Young also received a S/PDIF signal from other 
USB adapters, including the Empirical Audio Off-
Ramp 4 and Musical Fidelity’s V-Link, as well as 
TosLink directly from the Mac Pro’s digital output. 
The Young’s analog output level was controlled 
via the volume control in the April Music Eximus 
DP1 DAC/PRE by routing the Young’s output 
into the Eximus DP1’s analog inputs. Using the 
Eximus as a signal selector and analog volume 
control also made it possible to compare the 
Young’s DAC section with other DACs such as 
the Wyred4Sound DAC2 in matched-level A/B 
tests. 

All the USB DACs were connected to the high-
speed USB 2.0 ports. The port configurations 
were confirmed through Apple’s “About This 
Mac” control panels. When comparing USB 
interfaces and DACs, it’s important to confirm 
that the units being compared are receiving 
their datastreams over identical paths, so the 
evaluations are made on a level playing field in 
terms of data-stream capabilities.

the sound
With no user-adjustable filters or other ways to 
change the overall character of the Young’s sonic 
personality, what you hear initially is what you will 
get. Sure, a couple of days of run-in time seemed 
to remove a slight amount of midrange sheen, 
but burn-in didn’t result in a radical change 
of the Young’s harmonic balance or resolving 
capabilities. 

Using its proprietary USB driver, the Young has 
very little in the way of a unique sonic personality. 
The overall sound is clean with a pervasively 
silent background. The harmonic balance erred 
ever so slightly on the lean side of neutral. This 
wasn’t the result of a lack of harmonic richness or 
complexity, but more a function of the evenness 
of overall resolution. Unlike many DACs, which 
seem to have a bit less resolution in the lower 
midrange and upper bass frequencies than they 
do in the middle and upper treble, the Young 
’s resolution levels remain intact well into its 
midbass.

Lateral imaging specificity through the 
Young was quite impressive. While the overall 
soundstage size wasn’t greater than that of 
other premium DACs, such as the Weiss DAC 
202, the Young displayed a consistent ability to 

render each instrument in its own unique and 
well-anchored position. Also image edges were 
well delineated, and almost as clearly defined 
as through the Weiss DAC 202. The Weiss still 
managed to separate the instruments in a more 
definitive manner, but the improvement was 
subtle.

Three-dimensionality through the Young’s 
DAC section varied from good to excellent, 
depending on the input source. The best 
imaging came when I used the Empirical Audio 
Off-Ramp 4 as a USB converter and sent its 
output via RCA S/PDIF to the Young DAC. This 
combination resulted in a virtual dead heat with 
the April Music Eximus DP1 using its own USB 
interface. Only the Weiss DAC 202 or the Eximus 
DP1 tethered to the Off-Ramp 4 bettered the 
Young DAC in depth and dimensionality. To 
clearly hear these differences I needed to use 
a high-resolution (at least 96/24) music file of 
my own recordings. With most commercially 
available CDs these depth differences were far 
more difficult to discern.

I mentioned resolution briefly earlier, but low-
level resolution is certainly one of the Young’s 
strong suits. On some recordings, such as Andrea 
Wittgens In The Skyline, which I have listened to 
countless times, it was easier to hear deep into 
the mix. Third- and fourth-tier background vocals 
were better differentiated through the Young. In 
this performance parameter the Young coupled 
to the Off-Ramp 4 rivaled even the Weiss DAC 
202.

Upper frequencies through the Young 
combined openness and extension with a lack 
of edginess. On the well-recorded home-studio 
album Spoons of Honey by Alex Harte, the 

tune “Please Come Out” features delicate high-
frequency background effects that come and go 
throughout the song. The Young preserved the 
high-frequency transients and the delicate air 
around each cricket chirp and synth tail.

Midrange clarity, aided in part by the Young’s 
image specificity, made it seem as if I were 
listening through rather than to the Young. I have 
a set of my own recordings stored at various 
resolution files that I’ve been using to see how 
different DACs perform and sound with high-
resolution material. As I worked my way up the 

Sampling frequencies (kHz): 44.1, 48, 88.2, 96, 

176.4, 192, 352.8, 384 (frequencies above 96kHz 

not available on TosLink; 352.8kHz and 384kHz on 

USB only)

Resolution: 16- up to 24-bit (S/PDIF, AES/EBU, 

optical), 16- to 32-bit (USB)

Inputs: Two S/PDIF (RCA and 75-ohms BNC), one 

AES/EBU (XLR), one optical (TosLink),one USB 

(USB female Type B)

output: Unbalanced on RCA jacks

output voltage: 2.65V RMS 

Dimensions: 5” x 2” x 5”

weight: 2 lbs.

Price: $1499 with red LEDs, $1599 with blue LEDs; 

Palmer Power Station, $1100

TEAC AMERICA (U.S. Distributor)

7733 Telegraph Road  

Montebello, CA 90640

teac.com

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM

www.avguide.com
www.teac.com


57  Guide to Digital Source Components www.theabsolutesound.com

PREvIOUS PAGE NEXT PAGE

Go to: Contents | From the Editor | on the Horizon | Feature Articles | Disc Players | DACs | Music Servers & Accessories | Integrated Amps with USB DACs | Music Features

EqUIPMENt REvIEw - M2tech Young DAC and Palmer Power Supply  

resolution ladder from 44.1 to 96 to 192kHz, 
the primary difference was image solidity and 
dimensionality. On my 192/24 recording of The 
Deadly Gentlemen playing a live version of 
“Sober Cure,” the midrange is so noise- and 
grain-free that when the dog barks from the back 
of the schoolroom I whip my head around every 
time looking for that darned dog over my right 
shoulder. 

With so many places in the signal chain to add 
or subtract bass, I look for bass quality rather than 
quantity. The Young’s bass definition is exemplary 
and should give you enough clean low frequencies 
to do with what you wish. I used the very-easy-to-
dial-in Velodyne DD10+ subwoofer for a good part 
of the review, and being able to reach down from 
my seat and adjust the subwoofer levels was fun. I 
could be my own Fletcher-Munson curve.

CompAred to WhAt?
Since the Young is, in essence a DAC coupled 
to a USB converter, I spent quite a bit of the 
review period comparing its USB converter to 
other USB solutions I had on hand. The M2Tech 
USB driver ranked just behind the Empirical 
Audio Off-Ramp 4, but well ahead of other USB 
converters I tried. The Off-Ramp 4 produced 
slightly better dimensionality, image specificity, 
and inner detail than the M2Tech. The original 
Musical Fidelity V-Link (now superseded by 
the V-Link II) didn’t match the M2Tech in inner 
detail or definition. Compared to the M2Tech the 
V-link sounded slightly “foggy” with the spaces 
between the instruments lacking the absolute 
blackness and silence of the M2Tech. 

Since the Young has S/PDIF connections I was 
able to use the Empirical Audio Off-Ramp 4 to 

supply both the Young and another DAC with 
an identical digital feed. With this arrangement 
I could perform A/B comparisons between the 
Young’s DAC section and the other DAC. First, I 
compared the Young with the April Music Eximus 
DP1 DAC/PRE.

If you look at the Young’s specifications you’ll 
notice that its output is 2.65 volts. That’s hotter 
than the standard 2.0 volts I usually see from 
DACs. During A/B tests I had to compensate 
for the Young’s higher volume level. But once 
I got the knob-turn-differential down, I could 
switch from the Young to the Eximus DP1 in 
five seconds or less. In matched-level listening 
tests the differences between the two DACs 
were miniscule. The DP1 had a slightly deeper 
soundstage, but in all other performance 
parameters, I couldn’t discern any differences.

To compare the Young with the Wyred4Sound 
DAC2 I used the Empirical Audio Off-Ramp 4 to 
feed both the Young and the DAC2 with identical 
signals, and then I took the analog outputs from 
the Young and the DAC2 and connected them 
to the two analog inputs on the Eximus DP-1. It 
took a little while to accurately compensate for the 
volume-level variations, but once I had, the two 
DACs sounded far more similar than different. 
The Young had slightly better dimensionality and 
image edge-definition, but harmonic balance and 
dynamic range were identical.

Feeding the Young from different USB 
converters made more of a sonic impact than 
what I heard from any of the different DACs 
fed by the same USB converter. Going from a 
Matrix 96/24 USB converter ($60 on eBay) to the 
Empirical Audio Off-Ramp 4 was a lot like going 
from a 320kbs MP3 to an uncompressed 96/24 

file. Although the $60 Matrix produced passable 
(no, I’d even call it good) sound, with the Off-
Ramp the sound was there. 

And the Palmer? What did the $1100 power 
supply bring to the party? Without the Palmer, 
the Young produced a less dimensional image 
and suffered a slight loss in transparency. 
Switching from the Palmer to the AC wall-wart, 
the differences were harder to discern than when 
I went from the wall-wart back to the Palmer. After 
that changeover the soundstage was deeper, 
easier to hear into, and minute details were more 
readily apparent.

the younG And the reCkless
Priced at $1499 with a wall-wart power supply 
or $2599 with the Palmer battery power supply, 
the Young DAC falls into the low-to-middle price 
range for high-resolution DACs. And while no 
digital device is future-proof, the Young’s ability 
to handle up to 384/32 files, accept outboard 
USB converters, and switch bit-rates means it 
should easily stay current for quite a while. With 
multiple inputs, the Young makes an ideal digital 
hub and D/A converter for anyone who already 
owns a great analog preamp. For headache-free 
computer audio you can couple the Young to 
a Mac Mini running Pure Music or Amarra, and 
you have the makings of a great-sounding, low-
drama computer audio system that will amaze 
and delight.  
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Although the DAC1 is designed principally as 
a DAC, it is outfitted with a headphone amplifier 
and a high-quality volume pot, the latter enabling 
it to control headphone level and output level to 
an amplifier, but only for the digital source it is 

converting. Many audiophiles who purchased 
these units soon discovered that bypassing 
their own preamplifier made for even more 
transparent reproduction. This led Benchmark 
to introduce the DAC1 PRE, which adds two 

Benchmark Media Systems DAC1 HDR Preamplifier
Giant-Killer?

Paul Seydor

When Benchmark Media’s DAC1 digital-to-analog converter was introduced a 
few years ago, it not only garnered rave reviews, but those reviewers who 
performed rigorous laboratory tests only wound up confirming Benchmark’s 

claims that it was a virtually distortionless device.1 At the time Benchmark 
essentially serviced the professional audio market, where its products are widely 
used—it’s probably no exaggeration to say that at some point in the production of 
better than half of all digitally based music releases a Benchmark product is used 
for monitoring. But as happens every now and then, word gets out about really 
exceptional professional products—the original Rogers LS3/5a is a classic case in 
point—and soon audiophiles start buying them.

more coaxial inputs to the existing coaxial and 
TosLink inputs of the DAC1, plus a USB input and 
a stereo analog input, thus making it possible for 
audiophiles to hook up, say, their turntables (via 
phono preamplifiers) and their digital sources, 
including computers, all of which could be 
switched and level-controlled by the PRE. It’s 
hard to imagine Benchmark was here not looking 
beyond industry professionals to consumers. 
Many audiophiles, however, wanted all the DAC1 
PRE had to offer plus the convenience of remote 
control operation, which brings me to the subject 
of this review. The new DAC1 HDR consists of 
a DAC1, with the expanded input selection of 
the DAC1 PRE, together with a remote control 
handset that operates volume, input selection, 

on/off, and mute functions. The “HDR” stands 
for “HDR VC,” a propriety motor-driven Alps 
potentiometer that, quoting the manual, “avoids 
the dynamic range limitations of digital volume 
controls and the distortion and noise introduced 
by IC-based analog volume controls.”

Inasmuch as the DAC1, which constitutes the 
digital circuitry of the DAC1 HDR, is a known 
commodity, I shall not expend much print 
describing either its workings or its sound. I 
refer you instead to Robert Greene’s thorough 
review in Issue 183. A man hardly given to 
hype or overstatement, REG judged the sonic 
performance so neutral, transparent, noise-
and-distortion-free, and source-accurate that he 
pronounced digital’s initial promise effectively 
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realized: perfect sound, albeit within the Red 
Book CD standard.2 This correlates with my 
own experience of the DAC1, which I’ve used for 
some three years now with a variety of stand-
alone or integrated transports. According to 
Benchmark, the DAC1 circuitry inside the DAC1 
HDR is identical to what is in the original DAC1, 
and my listening tests confirm this. Given a bit-
accurate transport,3 the DAC1 HDR reproduces 
your CDs with something approaching peerless 
accuracy. This doesn’t necessarily mean you’ll 
like what you hear, but that isn’t Benchmark’s 
concern—truth in reporting is. Inasmuch as there 
are many ways for the digital nasties to enter the 
chain from recording through processing through 
manufacturing, it’s perfectly understandable why 
accuracy as such may not be every audiophile’s 
highest priority. But if it is yours, you will have 
to spend a great deal more money to buy 
greater accuracy than what this Benchmark is 
capable of, and even then the improvements, 
such as they are, will be incremental rather 
than dramatic. (It remains a fact of life—a 
happy fact for audiophiles—that as regards 
electronic components, especially digital ones, 
advancements in technology constantly lower 
the price point for ever-higher performance.)

“Super-clean, super-clear, super-quiet, super-
transparent.” These are the first notes I scribbled 
down several moments after I had recovered from 
the initial burst of Ingrid Fliter’s Steinway from her 
scintillatingly essayed program of the complete 
Chopin waltzes on EMI. She and her instrument 
are nicely captured with a good balance of focus 
and ambience such that when played back at 
moderate levels (“moderate” here means too loud 
for conversation), this recording affords a good 

row D or E perspective. As I was in a piano mood, 
next up was Martha Argerich’s justly acclaimed 
performance of Ravel’s Gaspard de la Nuit 
(DG). Here the perspective is close up and very 
personal, with a wealth of detail on display, both 
musical and extra-musical, from the delicacies of 
Argerich’s touch and phrasings to the pages of 
the scores being turned (at one point, just after 
the opening of the “Scarbo” movement, you 
can hear either the pianist’s or her page turner’s 
lips part). None of this extra-musical detail, 
incidentally, is due to any brightness or edginess 
that inheres in the Benchmark circuitry, nor does 
it detract from the you-are-there experience of 
Argerich’s thrilling performance.

As noted, inasmuch as I am already familiar 
with the DAC circuitry of the DCA1 HDR through 
a variety of front ends, I was most interested in 
evaluating the unit as a front end in and of itself, 
so I concentrated on a variety of vinyl and SACD 
sources. Once I report that it seemed to me to 
afford a fractionally more transparent window 
back to the sources than just about anything I’ve 
used so far, I don’t really have a whole lot more 
to say. The Christmas Revels is an LP I’ve used 
hundreds of times in evaluating equipment: When 
the Revelers wander in talking among themselves 
I heard at once greater inner detail and clarity 
allied to a more convincing presentation of the 
group, the soundstage, and the space than from 
any other control unit I’ve used, with the possible 
exception of Musical Surroundings’s SuperNova 
(which dispenses with a high-level gain stage 
altogether), and the SuperNova is scarcely better, 
if it is better at all (review Issue 200). When Room 
summons the group to attention by banging on 
a pan, the walls of the space are in clear and 

present evidence as never before. This motley 
group of players, including a children’s chorus 
and all manner of “olde” instruments, is also one 
of the toughest tests of tone color I know. Again, 
the DAC1 HDR splashed their hues all over the 
walls in a riot of holiday festivity. 

Suffice it to say that the tonal neutrality and 
resolution so widely observed in the DAC1 has 
been carried over into the HDR’s linestage. 
Components this electronically transparent can be 
very frustrating to write about it because they don’t 
give you a whole lot to describe. The DAC1 HDR is 
the same size as all the previous products in this 
series, which is to say so elegantly diminutive as 
to invite the word “cute,” strange as it may seem 
when applied to a piece of professional gear. Of 
course its small size must mean that it lacks truly 
wide dynamic range, the H(igh) D(ynamic) R(ange) 
nomenclature surely mere wishful thinking. Think 
again: I put on the most dynamically challenging 
source material I could find, including the classic 
direct-to-disc For Duke, the Sheffield Drum Test 
Record, Jim Boyk’s SACD Tonalities of Emotion, 
any number of Telarc’s symphonic productions that 
feature their Big Bass Drums (all in SACD)—never 
did I hear the slightest indication that anything 
was being withheld, damped down, suppressed, 
compressed, distorted, or unrevealed, regardless 
of level. And bass response is by any measure 
simply firm, ample, and strong—try the thundering 
coda in Richard Goode’s Waldstein (Nonesuch). 
All this from a DAC/preamp that costs $1895, is 
light enough to hold in one hand, has a footprint 
smaller than an iPad and is only about three times 
as thick (i.e., high), and that has the sheer gall to 
house its power supply in the same tiny chassis 
as the digital and audio circuitry. Metaphors fail 

me—but think, Toto, this isn’t Kansas any more or 
Alice, this is surely Wonderland indeed.

Criticisms? Virtually none related to sonic 
performance. I wish the excessively bright blue 
LEDs could be dimmed and some kind of volume 
indicator were visible from across the room. I do 
wonder about the decision to include only one 
pair of analog inputs, which forces users like 
me and I suspect many, if not most, readers of 
this magazine, who enjoy both vinyl and SACD, 
to endure the inconvenience of disconnecting 
the one in order to connect another. There is no 
room on the back of the chassis for another set of 
analog inputs unless Benchmark dispenses with 
two of the three coaxial digital inputs (which, I 
think, could easily be done: How many of us need 
more than one, especially with a TosLink and a 
USB input on hand?). Or perhaps the company 
could make an accessory outboard switching 

Analog input: One pair, unbalanced

Digital inputs: Five (one USB, one optical, three coaxial) 

outputs: One unbalanced pair, one balanced pair

Headphone outputs: Two

Dimensions: 9.5” x 1.725” x 8.5”

weight: 3.5 lbs.

warranty: 5 years 

Price: $1895

BeNchmark media sysTems, iNc.

203 East Hampton Place, Ste. 2

Syracuse, NY 13206

(315) 437-6300

benchmarkmedia.com

specs & priciNg
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www.benchmarkmedia.com
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box with two or three additional analog inputs. 
Although the channel-to-channel tracking of the 
HDR’s volume control is as precise as any I’ve 
ever used and far, far more so than most, I’d still 
like a balance control, but, again, there’s no room 
for one here. Neither is there a tape monitor or 
EPL loop or stereo/mono switching. 

All of which only underscores the obvious—
the DAC1 HDR is no more or less than what it 
purports to be: a high performance digital-to-
analog converter with an analog stereo input 
and essential but minimalist linestage functions, 
including volume control and input selection 
from a remote handset. Still, much as I have 
enjoyed using this superb product, I can’t help 
but wonder if Benchmark doesn’t have more 
products up its very inventive sleeves. I for one 
would stand in line to try out a true full-function, 
non-minimalist preamplifier from this company, 
one that, in addition to everything found on the 
DAC1 HDR, also provides a few more analog 
inputs, both RCA and XLR, a stereo/mono switch, 
and a balance control. Of course, it would have 
to be larger, probably twice the size of this unit, 
but that still leaves a pretty compact package. In 
the meantime, if your control and input needs are 
covered by the DAC1 HDR, my final word is that 
you will have to spend a very, very great deal of 
money to find a better DAC and linestage than 
are in this unassuming but nearly perfect unit. If 
I may be indulged one last allusion to the world 
of children’s stories: This little Jack may not slay 
every giant out there, but I’ll wager he’ll hold his 
own against any of them.

1 Benchmark publishes the most thorough test data of any 
manufacturer I‘ve ever encountered: 19 of the instruction 
manual’s 52 pages are taken up with performance graphs, 
measurements, and specifications.

2 That is an important qualification: good as Red 
Book digital has gotten these last several years, the 
improvements wrought from higher resolution digital 
formats (SACD, DVD-Audio, Blu-ray, etc.) are not to be 
minimized.

3 Because the DAC1’s Ultralock circuit eliminates all 
jitter except any that might inhere in the source itself, 
many consumers infer that the quality of the transport is 
irrelevant. This would be true only if all CD transports were 
bit-accurate. Some aren’t, and to that extent will yield 
unpredictable results with the DAC1 and also every other 
DAC. Alas, as with so many audio products, there is no 
necessary correlation between accuracy and price: Many 
cheap CD players and transports are bit-accurate, while 
some expensive ones aren’t. Owing to the high intrinsic 
performance of Benchmark DACs and DAC/preamps, if 
you’re getting weird results, I’d suspect the transport. PS

[For another view on the subject of bit accuracy in CD 
transports, see my blog “Transport Bit Accuracy” on 
theabsolutesound.com. —RH]
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From the founding of this magazine, Harry Pearson did our industry a great service 
by establishing a reference: the sound of unamplified live music in a natural space. 
As a result, designers began to pay attention to such crucial sonic phenomena 

as soundstages, timbres, dynamics, and the localization of musicians. However, an 
unintended consequence of HP’s radical reference was that the industry became so 
wrapped up in recreating the sound of live music, it often paid less attention to the 
experience of hearing live music. 

Bryston BDA-1 and 
Audio Research DAC7
Two Revolutionary DACs 

Alan Taffel

Listening to live music differs from listening to a 
recording, and not just in sonic terms. I find, for 
instance, that when I am at a live concert I can 
comfortably absorb and grasp new material on 
a first hearing. Yet when listening to a recording 
of new music, I usually need several playings to 
reach the same level of appreciation. Also, at a live 
performance an audience witnesses not only the 
physical but also the musical interplay between 
performers. In contrast, even very good-sounding 
audio systems often fail to convey the interplay that 
made a particular performance unique. And though 
stereo setups strive mightily to present a facsimile 
of the recording venue within our listening space, 
that is very different from the feeling of having a live 
venue—and its attendant acoustics—surround you. 
To cite one final example, consider how refreshed 

one feels after a live performance, as opposed to 
the fatigue that can result from even a short home 
listening session.

This dichotomy between live and recorded 
listening experiences began to occupy my noggin 
after I spent time with two new DACs from Bryston 
and Audio Research, the $1995 BDA-1 and $3495 
DAC7, respectively. These components are, in my 
view, at the vanguard of a new digital era. Like the 
best analog systems, they deliver not only state-of-
the-art sonics, but propel the listener right into the 
heart of performances. This is exactly what happens 
in the live listening experience.  

What these two DACs do is a bit difficult to 
convey because our industry has not spent decades 
establishing a vocabulary to describe the nature—as 
opposed to the sound—of live music. However, here 
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goes. HP often used photographic terms 
to help readers, through visual analogies, 
understand his sonic descriptions. I will enlist 
another of the senses—taste. For those who 
have ever eaten truly sublime food, you know 
what happens: You put a bite in your mouth; 
at first, individual flavors assert themselves, 
some more urgently than others; then 
those tastes begin to intertwine, playing off 
each other; finally, they form an integrated 
whole that is in perfect balance and makes 
complete sense. The wondrous part about 
this experience is that it requires absolutely 
no effort on the part of the diner; the process 
washes over you, explaining itself as it goes, 
leaving you with nothing to do but enjoy and 
appreciate the artistry that made it.

 This is also what happens during a live 
concert—just substitute instruments, notes, 
and musical lines for flavors. I submit that 
it is what should happen when we listen to 
an audio system. Unfortunately, most audio 
systems deliver the sonic equivalent of a 
heavy-handed stew. Flavors are inextricably 
mashed together, and sorting them out takes 
real work. This phenomenon is so pervasive 
that I believe most audiophiles do not even 
know they are hard at work. The system tells 
them “what” is happening musically, but 
the listener is left to fill in the “how” and the 
“why.” This is tiring! 

The Bryston and ARC DACs reveal, Linn-
style, the individual strands that make up the 
music’s fabric. But, as with tasting miraculous 
food, that is only the first step. They go 
further, allowing the listener to then hear how 
each instrumental line relates to the others, 

how they trade off, and why the composer 
wrote the music as he did. The same goes 
for the musicians themselves. Each has 
decided to play his line a particular way, yet 
each is simultaneously listening to his fellow 
musicians and making adjustments so his 
part fits and enhances the whole. Believe it 
or not, these DACs make all this plain as day.

Listen, for example, to the first in the 
lovely collection of Dvorák’s Serenades from 
Bohemia [Praga]. Through either of these 
DACs, one can clearly hear the purposefully 
steady tempo set out by the violin; the trading 
of the thematic line from strings, to piano, to 
woodwinds; the way each instrument uses 
dynamics to momentarily take the spotlight 
or step out of it; and the perfect synchrony 
of the ritard as the piece concludes. Sure, 
the recording also sounds good, with sweet 
timbres and a finely rendered soundstage, 
but this is so much more.  

Reading the above, without hearing the 
units themselves, one might too easily plop 
the BDA-1 and DAC7 into the category of 
“analytical” components. In a way, they are, 
in that they reveal a great deal about what is 
going on below the surface. But we typically 
associate the term “analytical” with cold-
sounding products that lack cohesion and 
soul, and require the listener to synthesize 
all the information into an integrated whole. 
That is manifestly not the case here. Instead, 
both these DACs are warm as the sun and, 
like that great bite of food, not only reveal the 
ingredients, but explain and combine them 
for you. This makes these DACs not only the 
most informative I have ever heard, but also 

the easiest and most relaxing to listen to. This 
is no mean feat. Indeed, it is revolutionary.

Although these abilities go a long way 
toward recreating the live experience, that 
experience is still not quite complete. One 
thing neither of these DACs can do is transport 
listeners to the original performance venue, 
a limitation inherent in their ability to play 
only two channels. Stereo will never enfold 
listeners in an acoustic embrace the way 
good multichannel can. However, for a host 
of practical reasons, most of us must simply 
set that particular dream aside.

In terms of sheer sonics, the Bryston and 
ARC share many qualities—but also differ in 
presentation and operation. By now this may 
go without saying, but both DACs deliver richly 
detailed timbres, have astoundingly high 
resolution, offer dynamics both nuanced and 
bold, and can paint wide deep soundstages. 
Both can be exquisitely delicate, as on the 
opening of the Beach Boys’ “Wouldn’t It Be 
Nice,” and both can rock out, as they do on 
the Stones’ classic “Gimme Shelter.” To my 
chagrin, both the BDA-1 and DAC7 handily 
put my reference unit to shame.

The ARC is the brighter of the two, but 
not in any negative sense of the term. The 
DAC7 just shines a brighter floodlight on the 
proceedings, and places the listener closer to 
the musicians than does the Bryston. The ARC 
also boasts better bass—with terrific definition 
and character—which gives it a warmer overall 
tonality. For its part, the Bryston offers more 
precise timing, slightly purer timbres, and 
sharper leading edges. This last characteristic 
renders the Bryston a bit more revealing, but 

BRYSTON BDA-1

Inputs: Two (each) digital USB, 

RCA, TosLink, AES/EBU, BNC

outputs: Analog balanced XLR 

and single-ended RCA

Resolution: 192/24 (S/PDIF), 

48/16 (USB)

Dimensions: 17" x 1.75" x 11.25"

weight: 18 lbs.

AUDIO RESEARCH DAC7

Inputs: Digital USB, XLR, RCA, 

BNC, TosLink

outputs: Analog balanced XLR 

and single-ended RCA

Resolution: 192/24 (S/PDIF), 

48/16 (USB)

Dimensions: 19" x 5.25" x 10"

weight: 11.5 lbs.

SPECS & PRICING

U.S.
BRYSTON BDA-1

Price: $1995

BRYSTON LIMITED

677 Neal Drive

Peterborough, Ontario, Canada K9J 7Y4

(705) 742-5325

bryston.ca 

AUDIO RESEARCH DAC7

Price: $3495

AUDIO RESEARCH CORPORATION

3900 Annapolis Lane N.

Plymouth, Minnesota USA 55447-5447

(763) 577-9700 

audioresearch.com

CLICK HERE TO COMMENT IN THE FORUM AT AvGUIDE.COM

Remember! You can go to another  
sect i on by c l i ck ing here .

www.audioresearch.com
www.avguide.com
http://www.bryston.com
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also makes the ARC more forgiving on inferior 
recordings. 

Differences between these DACs also relate 
to musical presentation. Although both DACs 
deliver the “heart of the performance” experience, 
they do not go about doing so in quite the same 
way. The Bryston is the more probing of the 
two, relaying the greater wealth of information 
about the composition and the performance. To 
extend the food analogy, the Bryston is more like 
deconstructionist cuisine. The ARC, on the other 
hand, is more organic. One is less aware of the 
whys and wherefores of the music, and more 
aware of how it fits together. These comments 
should not be taken as mutually exclusive; the 
Bryston also pulls everything together, and the 
ARC also presents gobs of musically relevant 
information. The difference is a matter of subtle 
emphasis. 

The biggest sonic difference between these 
two DACs is heard only when comparing their 
USB inputs. Neither of them surmounts USB’s 
inherent limitations, and neither supports high 
sampling rates or deep bit-depths. However, 
the ARC’s USB input is clearly superior to the 
Bryston’s, which sounds dull and cloaked. 
With the help of a bright-leaning USB cable to 
compensate, such as the Synergistics Tricon, the 
Bryston achieves a satisfactory result—which is 
about as good as USB gets. But the ARC needs 
no such assistance, since its USB input is neutral 
from the get-go. Indeed, using the Synergistics 
cable with the DAC7 places much more emphasis 
on USB’s high-frequency foibles than anyone 
should be forced to endure. 

From an operational perspective, each DAC 
has its own advantages. The BDA-1’s front panel 

features an incredibly useful LED arrangement 
that displays both the incoming sample rate and 
the upconverted rate. Two things to note here: 
First, upconversion is switchable on the Bryston, 
allowing purists to bypass it (though it really does 
improve the sound); and, second, the Bryston 
always upconverts to an integer multiple of the 
incoming rate rather than to some fixed maximum. 
The LEDs confirm, at a glance, the incoming rate 
(all the way up to 192/24 for S/PDIF), whether 
upconversion has been selected, and, if so, the 
new rate. The ARC has no comparable display.

Both the Bryston and the ARC offer a bounty 
of digital source options—though the BDA-1 has 
more of them—including a BNC connection. Here 
again, the Bryston is more user-friendly, allowing 
direct selection of the desired source from the 
front panel. The ARC’s front panel requires the 
user to scroll through inputs round-robin style, 
though its remote does permit direct selection. 
The DAC7’s remote also enables users to control 
the “transport” (play, stop, pause, skip) functions of 
their PC’s music server software, a slick and highly 
convenient feature. The BDA-1 does not ship with a 
remote, but the company separately offers the BR2 
($350), which also boasts the PC transport feature.

Clearly, though, the big news is not their feature 
sets but the level of live-performance musicality 
both of these DACs achieve. Choosing between 
them comes down to matters of preference and 
priorities. There is a lot of buzz right now about 
various digital products, some of which have 
astronomical prices and some of which have 
exotic designs. The fact that these two DACs have 
neither only reinforces their revolutionary nature. 
Believe me, this is where the buzz belongs. 
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Then along comes the $1499 Wyred 4 Sound 
DAC-2. It’s certainly priced attractively. Yes, it’s 
way more than a HRT Music Streamer II USB 
DAC ($149) or even a Music Streamer II+ ($350), 
but way less than a Weiss DAC 202 ($6670). 
Psychologically, $1500 is a figure that divides 
“might buy’s” from “hell no’s.” And when you 
factor in that the Wyred 4 Sound DAC-2 includes 
a very-well-thought-out analog preamplifier 
that can replace a separate preamp in an all-
digital system, the DAC-2’s obvious value and 
reasonable price make it even more enticing. 

The DAC-2 can serve as the control center for a 
high-end near-field desktop, a two-channel room 
system, or even in a multichannel system, which 
means that most, if not all TAS readers could 
easily find a place for a DAC-2 in their systems.

teCh tour—pArts Ain’t desiGn
As I enumerate the stuff inside the Wyred 4 Sound 
DAC, please consider that just because the DAC-
2 uses an ESS 9018 Sabre32 32-bit DAC doesn’t 
mean it will sound identical to other units that use 
this same part. DAC parts only have a “sound” 

Wyred 4 Sound DAC-2 
Digital-to-Analog Converter
Steven Stone

Just as the Tea Party is a reaction to what its constituents see as a runaway 
tax-and-spend government, so the resurgence of do-it-yourself and “high-
value” products reflects a rejection of price-no-object components by 

audiophiles of modest means. I empathize with this viewpoint. Over the years I’ve 
become less and less enamored of products above my own completely personal 
price-points. I won’t dispute that new stratospherically priced components often 
deliver a technological edge. But chances are good that the new methodology will be 
licensed to other manufacturers and incorporated into less expensive products in a 
matter of months. And then there is this: No matter how expensive and beautifully 
made a five-year-old DAC may be, its performance will be challenged by many far-
less-expensive current-production DACs. Sorry, but that’s the way technology 
works. For me, it makes more sense to spend big money on components that will not 
be eclipsed in six months or a year, such as a power amplifier or speakers, rather 
than a DAC.

within the context of the hardware and software 
in which they are employed. 

Wyred 4 Sound’s designer, EJ Sarmento, 
began with that Sabre chip and then formulated 
a fully balanced design around it. The Sabre is 
an eight-channel device that can be configured 
as a quad-differential circuit with four differential 
DACs per phase per channel, which delivers 
132dB of dynamic range. Because jitter is 
inevitable in an S/PDIF digital stream, the DAC-
2’s Sabre ESS 9018 deals with jitter in a clever 
way—by disregarding the clock signals coming 
from the source. Instead the Sabre re-clocks by 
instituting a discrete digital delay that can affect 
either the positive or negative edge of each duty 
cycle by up to 50%. The processor accesses 
the width of each digital pulse, compares it to 
past pulses, and assigns the pulse a particular 
quantified width. Then the device processes 
each pulse in turn with no attempt to re-time 
the clock, it merely time-stamps the information 
and passes it downstream. According to Wyred 
4 Sound, this methodology makes it possible 

for the DAC-2 to accept up to 50ns of random 
and 200ns of sinusoidal jitter with no audible 
effects. Technically, this is an asynchronous 
system, since the data flow is controlled by the 
DAC, not the computer. But this is not the same 
asynchronous methodology used by Wavelength, 
which focuses on the interface between the 
computer and the DAC.

Other technical features of the DAC-2 include 
automatic 386x oversampling, an oversized 
toroidal power transformer, 35-amp bridge-
rectified power supply with 88,000uF filtering, 
proprietary low-ESR “super caps,” Schottky 
bridge rectifiers, a fully discrete output stage 
using dual-differential input amplifier stages and 
Dale RN55d resistors, and a 32-bit digital volume 
control. All the circuit boards—digital, analog 
output, and USB input—are designed so they 
can be upgraded to allow for some degree of 
future-proofing.

Physically, the DAC-2 is compact, taking up 
only a half-rack width of 8 ½ inches. The front 
panel features a matte-finished face available in 
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either black or silver with three buttons (up, down, 
and power), and a vacuum fluorescent (VFD) 
display. The remote control is an inexpensive 
plastic job with volume, balance, power on/off, 
input selector, phase, mute, and HT bypass. This 
last button lets you route a two-channel analog 
signal through the DAC-2 so it won’t alter the 
volume of that input. 

On the back of the DAC-2 you will find an on/
off switch, two RCA coaxial S/PDIF inputs, two 
TosLink inputs, one AES/EBU input, one I2S2 
input (via HDMI), and one USB input. The DAC-
2 also has one pair of balanced XLR outputs, 
one pair of unbalanced RCA outputs, and one 
pair of “Bypass” analog inputs. The DAC-2 is 
capable of accepting up to a 192kHz 24-bit 
signal. It accomplishes this via a proprietary 
asynchronous USB driver. If you’re a Windows 
user, you’re already familiar with drivers, as 
it seems that virtually every hardware device 
requires one be installed prior to operation. 
Mac users may be less at ease with drivers, as 
most come pre-installed in the Mac OS. Being 
primarily a Mac user, when I first set up the 
DAC-2 I didn’t install the driver, the result being 
dead silence. After glancing through the owners 
manual I discovered the driver CD, installed the 
driver, and then all was well.

set up And dAily use
Most of the time the DAC-2 remained in my 
near-field desktop computer audio system (see 
Associated Equipment for specific list of gear), 
but it also spent some time in my large room 
system. In my computer system I set up the 
DAC-2 so that it received a USB input from the 
computer, an AES/EBU input from the output of 

an Empirical Audio Off-Ramp 3 being fed USB, a 
TosLink S/PDIF input from the computer, and an 
RCA coaxial S/PDIF input from my Oppo DBP-80 
universal player

During the 60+ days I had the DAC-2 in my 
systems it never malfunctioned in any ergonomic 
or performance parameter. My only quibble is 
that the acceptance angle for the remote control 
is rather narrow, especially in the vertical plane. 
Unless I lowered the remote so it was nearly 
parallel with the faceplate, its commands were 
not acted upon. A domed rather than inset IR 
receiver might solve this little problem.

Front-panel design always comes down to a 
battle between visual simplicity (fewer buttons 
and knobs) and the complexity of commands 
needed to make a three-button system work with 
the fewest sub-menus. The DAC-2 has only three 
buttons, so you need to do a double-button push 
to get into the settings menu. To switch from 
volume-control mode to input-control mode you 
must push the “power” button, which in this case 
doesn’t power down the DAC-2, but switches it 
between these two modes. Simple? Well, sort of. 
Just a note—if you push the power button fast, it 
will change between volume or input mode. If you 
push the button and hold it down, it will power 
down the unit. My problem was that it was far 
too easy to be in the wrong mode, so, instead of 
adjusting the volume, I’d be changing inputs. My 
advice—stick with the remote control. 

Nestled in the set-up menu is something 
called “IIR bandwidth.” No, it’s not for adjusting 
the frequency of your remote control. Instead it 
means “infinite impulse response,” and it adjusts 
the filter’s bandwidth. You may choose 50k, 
60k, or 70k. You also have a choice of two roll-

off slopes (fast and slow), brightness level for 
the front-panel display, and the option for each 
individual input to be either a fixed or variable 
output source.

the sound
Sonically the DAC-2 delivers on its promises. The 
overall sound has a solidity and weight that are 
both arresting and involving. Much of this sonic 
goodness stems from the DAC-2’s lack of low-
level noise and digital artifacts. 

A good part of the DAC-2’s apparent clarity 
comes from its ability to portray both lateral 
and dimensional information unambiguously. I 
never found myself wondering exactly where an 
instrument or sound was within the soundstage. 
One of my reference cuts for imaging precision 
is “Punchbowl” off Punch Brothers’ Punch 
album (reviewed Issue 208). Since the sessions 
were recorded live with five musicians clustered 
around one main stereo pair of microphones 
(similar to how you would record a string quartet), 
it is a good test of how well a system can preserve 
and uncover dimensional and locational cues. 
The DAC-2 captures the interplay between the 
mandolin and fiddle as they play identical lines 
and how their decays trail off differently based on 
their different physical locations, reverberating 
off the rear and sidewalls of the recording space.

While the DAC-2’s presentation is certainly 
fast and incisive, it never leads with an electronic 
edge. I wouldn’t go so far as to say the DAC-2 
is tube-like, since it adds little, if any, harmonic 
warmth or additional depth to the soundstage. 
The DAC-2’s analog section presents music with 
a clarity and precision that will keep your left-
brain fully involved. On The Band of Heathen’s 

tune “Let Your Heart Not Be Troubled” from their 
One Foot in the Ether album, the DAC-2 had no 
difficulty unraveling the complex multitracked 
parts for my listening pleasure.

As with the other USB and FireWire DACs I’ve 
reviewed, I spent lots of time comparing the 
iTunes with Amarra, Pure Music, and AyreWave 
players through the DAC-2. In every case it was 
easy to hear the superiority of these software 
solutions over iTunes through the DAC-2. The 
three D’s—depth, definition, and dynamics—all 
improved. I was especially aware of this step up 
in quality on orchestra recordings, such as my 
own high-definition recordings of the Boulder 
Philharmonic (down-sampled from DSD to 96/24). 

type: USB and S/PDIF DAC with built-in volume control

DAC: ESS Reference audio (ES9018) 32-bit DAC

Inputs: Two coax inputs, two TosLink inputs, one 

AES/EBU input, HT bypass inputs (via DC trigger,) 

24-bit/192kHz asynchronous USB input

output impedance: 100 ohms

Driver: Proprietary for 32/64-bit Windows XP, Vista, and 

Mac OS above 10.4

Dimensions: 8.5” x 4.125” x 13.5”

weight: 16 lbs.

Price: $1499

WYRED 4 SOUND

2323 Tuley Rd Unit A-C

Paso Robles, CA, 93466

(805) 237-2113

wyred4sound.com

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM

www.avguide.com
www.wyred4sound.com
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Although the overall soundstage and image size 
didn’t change appreciably, the spaces between 
instruments were more pronounced and each 
instrument seemed more palpable and three-
dimensional. Also all three programs preserved 
more of the delicacy and air in the string sections 
and woodwinds than iTunes could muster.

I installed the DAC-2 in my large-room system 
principally to see how it compared with my 
longtime reference Meridian 568.2 controller 
on two-channel digital sources. Since the 
Meridian 598 transport has RCA coaxial as 
well as Meridian’s proprietary MHR (Meridian 
High Resolution) connectors, I was able to do 
closely matched A/B comparisons. The DAC-2 
and Meridian 568.2 sounded much more similar 
than I expected. The 568.2 was slightly darker 
harmonically with less upper-frequency air and 
shimmer. The Meridian also had less upper-
midrange dynamic contrast and speed, and the 
faintest haziness around individual instrument 
outlines. Soundstage size and depth through the 
two units were identical, yet the DAC-2 was more 
incisive in terms of locational cues and subtle 
dimensional details.

Because I’m a glutton for punishment I also 
placed the DAC-2 in my small-room system, 
so I could compare it to the Lexicon MC-12 
HD on two-channel sources. I ran the TosLink 
output from an Oppo DBP-83SE to the DAC-
2 and its RCA coaxial output to the Lexicon. In 
comparison to the DAC-2 the Lexicon sounds 
somewhat “grayish,” with less sense of dynamic 
life and contrast. Although their soundstage 
sizes were very similar, it was easier to locate 
parts and listen into the mix through the DAC-2. 
The Lexicon wasn’t murky, but it didn’t have quite 

the clarity or ease of the DAC-2. When I switched 
inputs so the DAC-2 got the RCA coaxial and the 
Lexicon got the TosLink, nothing changed; the 
DAC-2 was still audibly superior. 

Some of the sonic differences between the 
Wyred 4 Sound and the Lexicon could be 
attributed to the fact that the Lexicon’s output 
was from its single-ended rather than balanced 
main outputs, because the DAC-2’s bypass 
inputs are only single-ended. Years ago, when 
I first installed the Lexicon in my system, I 
compared its single-ended RCA outputs to its 
balanced XLR outputs and found that balanced 
was clearly superior in terms of depth, dynamics, 
and overall musicality. So some of the “grayness” 
I was hearing from the Lexicon was because of 
the single-ended connection.

Moving the DAC-2 back to my desktop 
computer system I compared the DAC-2’s USB 
input with the performance of the Empirical Audio 
Off-Ramp 3 USB converter. Using Amarra 2.0 in 
its new “stand-alone” mode, where it operates 
without iTunes, allowed me to do relatively fast, 
but not instantaneous, A/B comparisons. I still 
had to shut down Amarra, change inputs on 
the DAC-2, change output devices in OS X’s 
sound preference panel, and then re-open and 
restart Amarra—a process that took me about 
30 seconds when I got all the moves down pat. 
Given that this was not an ideal A/B setup, I 
still heard some subtle differences between the 
two front ends. The Off-Ramp had a slightly 
more distant perspective, with greater sense of 
ambience, but not quite as much immediacy. It 
was as if I had been moved back three or four 
rows in the concert hall. On the 176.4/24 high-
resolution recording from MA Recordings, La 

Segunda, (which was played back at 88.2 by the 
Off-Ramp due to its 96k upper limit and at 176.4 
through the DAC-2), the DAC-2 had better depth 
recreation and a more solid feel. Rarely have I 
heard a recording and playback that sounded 
more like a live microphone feed.

Finally it was time to compare the DAC-2 to the 
Weiss DAC 202, the “big dog” in my DAC stable. 
Since I had to switch the two DACs in and out of 
my system, I couldn’t do any matched-level A/B 
comparisons—all my notes are from long-term 
listening sessions. 

Where the Empirical Audio Off-Ramp seemed 
to render a more distant perspective than the 
DAC-2, the Weiss DAC 202 seemed to provide a 
more close-up view of the event, as if I’d moved 
up a couple of rows. The DAC 202 also managed 
to retain more spatial information, with an even 
greater sense of dimensionality and depth. The 
level of difference was subtle, and more on the 
order of the differences you’d hear between 
two comparably-priced premium cables than 
between a $1500 DAC and one that costs $6500. 

After extensive time with both units it was clear 
that the DAC 202 bests the DAC-2 in all audible 
performance parameters, but the DAC-2 is so 
close to the performance to the DAC 202 that 
most people would be shocked to learn that 
there was a $5000 difference in their prices. Even 
more importantly, I never felt that burning desire 
to return to the DAC 202 while I was listening to 
the DAC-2, which gives you an idea of how good 
the DAC-2 is. For $1499 this DAC-2 is nearly a 
giant-killer.

 
FinAl thouGhts
Since The Absolute Sound is a print publication, 

there ain’t no way (except on rare occasions) 
we’re gonna be the first to “publish” a review of a 
component as au courant and in-demand as the 
Wyred 4 Sound DAC-2. The question on my mind, 
when I read other extremely positive reviews, 
was, “Have these folks ever heard a state-of-
the-art DAC to compare against the DAC-2?” 
Because I know full well what happens when 
you’re confronted by the best you’ve heard—you 
get a wee bit overenthused.

After my time with the DAC-2 I can’t help but be 
impressed with it. Wyred 4 Sound has combined 
a rich feature set with remarkable performance 
at a price that makes it hard to beat. While I 
haven’t heard every DAC (who has?), I have yet 
to hear any USB DACs under $1500 that I like 
better, and I doubt that you will either, at least 
for the time being. Factor in the DAC-2’s current 
192kHz high-resolution capabilities and built-in 
circuit-board upgradability, and you have a DAC 
that will remain au courant long enough to make 
it a savvy and satisfying purchase, regardless 
of how much more you can afford to spend. Will 
the DAC-2 get you back in touch with your first 
seminal high-fidelity experience? There’s a high 
probability that it will.
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Berkeley Audio Alpha DAC Series 2
A Great DAC Gets Even Better

Robert Harley

Few products in my experience as a reviewer have offered as much value as the 
Berkeley Audio Alpha DAC. Although not inexpensive at $4995, the original 
Alpha DAC (reviewed in Issue 189) was nonetheless competitive with the best 

DACs available, regardless of price. Moreover, the Alpha DAC was tailor-made for 
playing high-resolution files because of its ability to accept a wide range of sampling 
frequencies and word lengths (up to 192kHz/24-bit), its capacity to drive a power 
amplifier directly, its remote volume control, and its front-panel HDCD indicator. 
This LED illuminates when playing an HDCD-encoded disc (or Reference Recordings’ 
HRx file), but only if the data are uncorrupted, providing a sure-fire way of assuring 
that your music server is “bit transparent.” (If the HDCD LED illuminates, the DAC 
is receiving a datastream that is bit-for-bit identical to the source.) The release of 
Berkeley’s Alpha USB interface, which converts a computer’s USB output to AES/
EBU (or coax S/PDIF), further increased the Alpha DAC’s appeal (see my review of 
the Alpha USB in Issue 214). 

The Alpha DAC was not only functional and 
capable; it was also fabulous-sounding on both 
CD and high-res material. In fact, I’ve had one in 
my rack since I reviewed the product way back in 
Issue 189. The Alpha DAC has been at the front 
end of some of the world’s best preamplifiers, 
power amplifiers, and loudspeakers, and never 
have I felt that it was the system’s weak link. 
Instead, I’ve always thought that the Alpha 
DAC allowed me to hear these reference-grade 
components at their finest.

Now Berkeley has released an upgraded 
version, called the Alpha DAC Series 2. 
Admirably, the price remains the same despite 

some of the new parts costing ten times more 
than the parts they replace. For those of you who 
choose a black front panel, the price has actually 
dropped from $5095 to $4995 (there is no longer 
a $100 premium for the black cosmetics). Units 
that were shipped from Berkeley after June 
2011 can be upgraded to Series 2 for $350 plus 
shipping. Units made before that date cannot 
be upgraded. The Series 2 looks and operates 
identically to the original; the difference is purely 
in parts and the circuit refinements that Berkeley 
discovered in the three years since the original’s 
launch. These include new clocking circuits 
and increased isolation between the digital and 
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analog sections. 
In playback, the Series 2 sounds very much 

like the original, with tremendous resolution of 
low-level detail, great transparency, freedom 
from timbral grain, a treble that is simultaneously 
smooth and resolving, and absolutely stunning 
dynamics. The Series 2, however, is significantly 
better in several key areas, most notably 
transparency, soundstaging, timbral liquidity, 
ease, refinement, and resolution.

The Series 2 exhibits a considerably more 
open and transparent presentation, with a 
greater sense of air surrounding images in the 

soundstage. The overall spatial perspective is 
slightly laid-back compared with the original 
DAC, perhaps the result of greater bloom around 
images and increased soundstage depth. 
Instrumental and vocal images sound less dry 
and closed-in, and their decays seem to hang in 
space longer. The impression of precisely defined 
instruments existing in three-dimensional space 
is significantly improved in the Series 2. 

In addition, timbres through the Series 2 
are smoother, more liquid, and more refined. 
By contrast, the original DAC sounds a bit 
hard. Through the Series 2 massed strings are 
noticeably richer and more velvety in texture, 
with a more organic quality. The flugelhorn on a 
jazz quintet album I engineered has a purity and 
ease that are extremely lifelike. This increased 
bloom and timbral liquidity combine to produce 
a greater sense of relaxation and involvement.

The treble is equally improved, with more finely 
filigreed resolution and greater refinement to 
go along with smoother textures. The top end 
is more “delicate,” not in the sense of greater 
fragility or less energy, but rather in its greatly 
increased finesse. Treble textures are finer and 
more intricate, which gives the entire presentation 
a more sophisticated and nuanced character.

The Series 2 presents more information, but that 
information is, as noted, presented with increased 
ease. That is, the additional resolution doesn’t 
tilt the overall sound toward the analytical, but 
rather toward the subtle and refined. This greater 
resolution conveys a heightened impression of 
the mechanism by which an instrument creates 
sound, fostering a greater sense of realism. For 
example, on drummer Joe Morello’s Morello 
Standard Time, a rim shot that sounded like 

a transient event on the original DAC is more 
clearly defined by the Series 2 as a drum stick 
impacting the snare drum’s rim. Listen also to 
how you can hear the rim shot’s decay separate 
from the rest of the mix—and follow it way down 
in level. Note that I use this example to illustrate 
the Series 2’s superior resolving power, not that 
I listen to such things when enjoying music. But 
it’s these kinds of sonic characteristics that you 
don’t notice overtly which contribute to realism 
and listener involvement. 

The Series 2’s improved resolution 
combines synergistically with its significantly 
better transparency, allowing me to hear fine 
details toward the back of the mix. The whole 
presentation is lighter, airier, and more open, with 
a soundstage infused with a sense of transparent 
space.

Bass weight and bottom-end dynamics are 
very similar in these two DACs, but the nod 
goes to the Series 2 for its increased density 
of tone color in the bottom end. Acoustic bass 
is reproduced with slightly greater warmth and 
richness, coupled with a bit more definition and 
rhythmic agility. The original DAC had a slightly 
“looser” bottom end, with perhaps more weight 
but less definition.

The original Alpha DAC was a groundbreaking 
product, both in absolute performance and in 
its spectacular value. The Alpha DAC Series 2 is 
considerably better, and in musically significant 
ways. Berkeley Audio Design could have called 
the Series 2 a “Signature” edition, or even created 
a new model designation and commanded a 
higher price. That it improved the product so 
much yet kept the price the same says a lot about 
the company. 

The Alpha DAC Series 2 would have received 
my highest recommendation had it cost $15,000. 
(Yes, it sounds that good.) That it sells for $4995 
qualifies as a minor miracle. 

Input sampling rates: 32kHz–192kHz

Input word length: Up to 24-bit

Digital inputs: AES/EBU on XLR jack, SPDIF on BNC, 

optical on TosLink, BADA-encrypted RJ-45

Analog outputs: Balanced on XLR jacks, unbalanced 

on RCA jacks

Digital filtering: Multiple options

Analog output level: Variable in 0.1dB steps; Channel 

balance adjustment in 0.05dB steps

Dimensions: 16.5” x 1.75” x 10.4” (19” rack-mount 

option)

warranty: Three years parts and labor

weight: 9 lbs.

Price: $4995

Berkeley Audio Design, LLC 

(510) 277-0512

berkeleyaudiodesign.com

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM
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Weiss DAC 202 
The Ultimate Music-Server DAC?

Steven Stone

As high-end consumer audio systems become more like pro studios and higher 
bit-rate digital files on hard drives become more common, it should come as 
no surprise that the differences between pro audio gear and consumer audio 

gear are shrinking. Some companies such as Bryston, EMM, and Manley have been 
creating components for both markets for years. Another name on this pro/con 
manufacturers list is Switzerland’s Weiss Engineering.

Daniel Weiss founded Weiss Engineering in 1985. Based on his experience working on digital 
products for Studer Revox, Weiss decided to concentrate on the design and manufacture of equipment 
for mastering studios. Weiss’ first product, the 102 system, is still current with 96/24 capabilities. In the 
early 90s Weiss Engineering brought out its Gambit Series, which included a stand-alone equalizer, 
de-noiser, A/D unit, D/A unit, and sampling-frequency converter. Sony, BMG, EMI, Warner, Hit Factory, 
Abbey Road, Teldec, Telarc, Gateway Mastering (Bob Ludwig), Bernie Grundman Mastering, Masterdisk, 

and Sterling Sound, all use Weiss units in their 
mastering suites. In 2001 Weiss introduced its 
first consumer D/A, the Medea, followed in 2004 
by the Jason transport. To support this level of 
innovation, Weiss Engineering Ltd. employs 
five full-time employees in its engineering 
department.

The DAC 202 is the second consumer FireWire 
DAC from Weiss. The first was the Minerva DAC. 
The Minerva was a glorious flop—beautifully 
made, wonderful sounding, it sold like ice water 
in northern Alaska. The reason for its lack of 
sales was simple: The Minerva was a Weiss DAC 
2 with a different front panel. Everything inside 
the Minerva was identical to the DAC 2 and the 
DAC 2 was $2000 less. Anyone who wanted a 
Minerva bought a DAC 2 and naturally Minerva 
sales suffered as a result. The DAC 2 is still part 
of Weiss’ professional line-up, while the Minerva 
is not.

How does the DAC 202 differ from the DAC 2/
Minerva? According to Daniel Weiss, “The DAC 
202 has a completely different analog section. 
In addition the DAC 202 has a remote control, 
headphone output, and a digital word clock 
input/output. The DAC 2 lacks all of that. But 
the DAC 2 and 202 do have some of the same 
digital parts, including the 32-bit DAC chip.” The 

202’s analog circuit uses an ESS 32-bit 9018 
DAC chip configured for two converter channels 
per one analog audio channel. It’s coupled to a 
minimalistic signal path that uses only a current-
to-voltage converter and a balanced driver as 
active devices.

setup
Setting up the Weiss DAC 202 was simple. After 
downloading and installing Weiss’ latest FireWire 
driver, I connected the Weiss to my Mac Pro via 
a standard FireWire cable and then connected 
the DAC 202 to my amplifiers via analog XLR 
connections. Next I selected the Weiss as my 
audio device via Apple’s Sound preferences 
in the system preferences file. Finally I opened 
iTunes plus either Amarra or Pure Music and 
began playing any and all of the digital music 
files in my library. The setup for Windows is a bit 
more involved, but not demoralizingly so. If you 
insist on using a Windows machine, the DAC 202 
can oblige. If you don’t have a FireWire-enabled 
computer you can still use the DAC 202 via its S/
PDIF RCA or AES/EBU digital inputs.

My ergonomic impressions of the DAC 202 
were overwhelmingly positive. During its time in 
casa Stone the 202 has had zero connectivity 
issues. This was a pleasant change from 
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the Minerva, which I used prior to the DAC 
202’s arrival. Frequently the Minerva would 
mysteriously become unselected as an output 
device and silence would ensue. Correcting 
the problem required resetting the computer’s 
audio device preferences and disconnecting and 
reconnecting the FireWire cables. But the DAC 
202 exhibited none of this squirreliness. Amarra, 
Pure Music, and, most importantly, Mac’s 
audio MIDI set-up control panel immediately 
recognized and supported the 202. Unlike many 
so-called plug-and-play devices, the DAC 202 
really does work correctly the first time and every 
subsequent time you use it.

Controls on the front panel are as minimalist 
as you can get. There’s only one knob, an LCD 
display, and a headphone jack. If you push the 
knob in it switches from user mode, where it 
serves as a volume control, to menu mode, 
which gives you access to the 202’s settings and 
adjustments. The 202 also sports an IR remote 
control, which is far easier to use than the front 
panel knob. More than occasionally when I tried 
to adjust the DAC 202’s volume with its front 
panel volume control nothing happened. That 
was because the 202 had slipped into menu 
mode instead of volume mode. 

Employing the remote solves this user-error 
problem. The remote includes controls for 
volume, input source, and mute. It also gives 
you the ability to change absolute polarity and 
switch from digital filter A to B. Depending on the 
source, switching absolute phase can have an 
audible affect. Some audiophiles claim that over 
10% of all commercial recordings sound better 
when their absolute polarity is inverted. The 
digital filter is an upsampling filter. According to 

Weiss, “Filter A has a steeper frequency response 
than B. Future DAC 202 software will offer even 
more filter choices.” The audibility of your filter 
selection will depend on the source as well as the 
other components in your reproduction chain.

The DAC 202 is chock full of proprietary digital 
technology, which you can learn about through 
several white papers on the Weiss Web site. 
Rather than parrot Weiss’ excellent technical 
description of its Jitter Elimination Technologies 
(JET) Phase Lock Loop (PLL) jitter-reduction 
system, I’ll direct you to its site, which also has 
the DAC 202 instruction book in PDF form, the 
latest FireWire drivers, firmware, and test files for 
determining if your computer is producing bit-
perfect output. 

On the analog side Weiss has come up with a 
clever way to optimize its digital volume control. 
The DAC 202 has four “coarse” volume levels 
that are set via relays. Fine level adjustments are 
done with a rotary encoder in the digital domain. 
This design reduces the operating range of 
digital volume control so it never has to do very 
much attenuation, and therefore remains within 
its optimum operational parameters for lowest 
distortion and resolution loss.

the sound oF the reCordinG studio 
For you readers who’ve skipped the first half of 
the review to jump to “the good stuff,” I will give 
you this incentive to read further—the DAC 202 
is the most transparent DAC I’ve ever reviewed. 
And it’s not merely transparent on high-resolution 
sources. Even MP3s benefit from its ministrations. 
Here’s an example: I tuned into the Internet radio 
station Folk Alley and it was playing Mary Chapin 
Carpenter’s “Twilight” at 128k bits per second. 

I have this song in my iTunes library in 320kbps 
MP3. When I went from the Folk Alley stream 
to my own file it was immediately obvious how 
harmonically threadbare the 128bps stream was 
compared to a 320bps MP3. Also the 320kbps 
MP3 version had substantially more inner detail 
and low-level information. But even the 128kbps 
stream was more than merely listenable through 
the DAC 202, although its limited resolution and 
harmonic shortcomings were obvious. 

Although the DAC 202 has that “pro sound” 
(i.e. low distortion and coloration), it is not dry or 
sterile. In the past many audiophiles avoided pro 
gear because they felt that it lacked the bloom 
and musicality of top-shelf consumer gear. I 
didn’t notice any of these sonic phenomena 
through the DAC 202. Instead, it was a nearly 
perfect window opening onto the “house sound” 
of whatever I was listening to. Here’s a good 
example of the DAC 202’s transparency and 
fidelity to original sources; on Nickel Creek’s 
fine album Why Should the Fire Die, the tune 
“Somebody More Like You” uses a combination 
of well-recorded acoustic instruments and 
studio effects. The separation between the 
acoustic instruments and the studio effects, 
such as the out-of-phase synthesizer wash, was 
immediately obvious through the DAC 202. Also 
the differences in soundstage size between the 
acoustic instruments’ environment and the larger 
artificial space where electric instruments reside 
was more apparent through the DAC 202 than 
through any other DAC I’ve auditioned. 

But is the DAC 202 musical? My answer is 
a resounding yes! One sign of the DAC 202’s 
musicality is that it never got fatiguing, even after 
days of marathon listening. I’ve been recording 

my bluegrass band’s live gigs lately using a Zoom 
Q-3 in 96/24 mode and editing with Audacity 
(which had no problems recognizing and 
interfacing with the DAC 202 at higher bit–rates), 
and some of these recordings aren’t exactly 
pretty. The DAC 202 made me aware of just how 
unpretty they were, but I never felt like my ears 
were getting shredded. Even the rudest takes 
were still listenable. 

Whenever I receive a USB or FireWire DAC for 
review I invariably run “the Amarra test” on it. The 
test is simple: Turn on the iTunes software, plug-
in Amarra, and see if the sound improves due to 
Amarra’s bypassing of iTunes audio processing. 
I also performed the “Pure Music test” using the 
Pure Music software package which implements 

Weiss DAC 202 192kHz/24-bit FireWire DAC 

Digital inputs: XLR, RCA, TosLink (optical), two FireWire. 

Supported sampling frequencies: 44.1kHz, 48kHz, 

88.2kHz, 96kHz, 176.4kHz or 192kHz on any of the 

inputs, except TosLink 

Digital outputs: XLR, RCA, two FireWire

Analog outputs: Balanced on XLR, unbalanced on RCA 

Dimensions: 8” x 3” x 12”

weight: 7 lbs. 

Price: $6670

PRECISION AUDIO AND vIDEO 

12277 Arbor Hill

Moorpark, CA 93021 

(805) 523-3005

precisionav.com
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a similar bypass of iTunes and Apple MIDI control 
audio functions. The DAC 202 revealed subtle 
but pervasive sonic improvements with both of 
these software packages. Dimensional solidity, 
inner detail, and overall musicality all moved 
up a notch. For all my critical iTunes listening 
through the DAC 202 I used one of these iTunes 
augmentations.

Every summer I try to attend the Rockygrass 
Academy in Lyons, Colorado. For the last couple 
of years I’ve been permitted to make recordings 
from the mixing board during the morning 
mini-concerts. I used my Korg MR-1000 to 
record in DSD format and then use Audiogate 
software to make 96/24 WAV files. Last year 
I had an opportunity to record Darrell Scott’s 
morning set. The results were outstanding. His 
cover of Joni Mitchell’s “Urge For Going” was 
a sonic knockout, even if it was a mono mix. 
But even in mono the three-dimensionality of 
each instrument and the separation between 
instruments were astounding. Sure, they were 
all piled up in the middle of the soundstage, but 
even with this center-stage monophonic traffic 
jam each instrument occupied its own unique 
spot in the mix, both spatially and harmonically. 
Bryn Bright’s acoustic bass came rumbling up 
from the back of the soundstage, like a caboose 
at the back of a big ol’ musical train.

Because of the lack of extraneous mechanical 
and electronic noise, even the spaces between 
instruments seemed better defined through the 
DAC 202 than with other DACs I’ve used. This 
lack of noise and grain also heightens dynamic 
contrasts, especially in the micro-dynamic 
domain. Subtle dynamic differences that were 
obscured in DACs with noisier analog circuits 

came through with far greater clarity because of 
the DAC 202. 

Macro-dynamics were also outstanding 
through the DAC 202. My Darrell Scott recording 
was done with no limiters or compressors, and 
the dynamic contrasts are scary. When the entire 
band leans into the final chorus the DAC 202 still 
managed to preserve the not-so-subtle dynamic 
variations from forte to triple forte without getting 
harder sounding or losing any of its finesse.

And how did the DAC 202 compare with its 
predecessor, the short-lived Minerva? The DAC 
202 had less electronic grain so it sounded less 
mechanical. The DAC 202 was also less fatiguing 
after all-day nearfield listening sessions. Both 
DACs dredged up equal amounts of information 
and detail and as sonic tools they were both 
superb. As I mentioned earlier in this article 
the DAC 202 has a completely different analog 
section, and the sonic differences I heard 
between the DAC 202 and the Minerva were a 
result of the DAC 202’s analog circuitry—surprise, 
surprise. 

Since I live to do comparisons (and you love to 
read them), I listened to the Empirical Audio Off-

Ramp 3 USB DAC connected via its S/PDIF 
coaxial output to the DAC 202. On 44.1 material 
played through iTunes without using Amarra 
or Pure Music, I could not hear any noticeable 
differences between the Off Ramp 3 using USB 
and the DAC 202 using FireWire. I wanted to try 
this test using either Amarra or Pure Music, since 
they both offer a higher level audio quality than 
iTunes alone, but they “capture” the audio stream 
and prevent you from changing the sound device 
in Apple’s Sound Preferences control panel while 
they are running. This makes A/B testing far 
less do-able. Moving on to higher bit-rate 96/24 
files played through Audacity, I couldn’t discern 
enough differences between the Off-Ramp and 
the DAC 202 to have a preference. On some 
material I felt the Off-Ramp’s presentation was 
slightly softer and more euphonic, but on most 
commercial recordings I really couldn’t reliably 
tell which unit was playing in A/B tests.

I would be remiss if I didn’t mention the DAC 
202’s excellent headphone output. The DAC 
202 has its own dedicated amplifier, separate 
from the 202’s main outputs. It sounds just 
like the DAC 202’s line-level outputs—clean, 

powerful, solid, and still highly musical. I used it 
with both Grado RS-1 and Sennheiser HD-580 
headphones. In both cases the sonic personalities 
of the headphones, not the headphone amplifier, 
were the most prominent components in the 
signal chain. With both headphones the DAC 
202’s headphone amp supplied ample power, 
dynamic drive, and control. The bass was well 
articulated through both headphones. And while 
a headphone can never deliver the visceral 
qualities of an in-room transducer, especially 
on lower frequencies, the DAC 202s headphone 
amplifier lets you know the bass is very much 
alive and kickin’. 

mAyBe it’s time to turn pro
It’s difficult to remain complacent when you 
review a component that outperforms anything 
you’ve reviewed in the past. The natural tendency 
is to go into rave mode and turn the review into 
fan-boy screed. I have gone to considerable 
lengths to avoid this, even though the DAC 202 
is good enough to cause a meltdown of any 
reviewer’s critical facilities. As to whether the 
DAC 202 performs at a level equal to Weiss’ 
$19,000 Medea or other manufacturers’ mega-
buck DACs, I don’t know. I suspect at worst the 
DAC 202 will come very close, especially via its 
FireWire inputs. 

But if you want to personally experience what 
the creators of some of your favorite albums hear, 
I can think of no component that will get you 
closer to a mastering suite than the Weiss DAC 
202. If your computer has FireWire capabilities 
and you want a reliable, ergonomically elegant, 
and superb-sounding DAC, the Weiss DAC 202 
is here, waiting for you.
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Now comes the Debussy DAC from dCS, the 
digital specialist whose products are every bit as 
top-shelf—and pricey—as those of its fellow Brits 
at Bentley. Prior to the Debussy’s arrival, owning 
an “entry-level” dCS DAC was an $18,000 to 
$24,000 proposition. The new model, which 
carries an $11,000 price tag, aims to be dCS’ 
Continental GT. 

Of course, while eleven grand may break 
new ground for dCS, it’s still a lot of dough for 
a DAC. Still, no realistic consumer would expect 
dCS gear (or Bentleys) ever to be downright 
cheap. The real question is whether the Debussy 
measures up to dCS standards and, in so doing, 
confers true value to its buyers. To find out, we 
need to pop the hood.

There is a reason dCS products are expensive. 

While a Bentley is characterized by luxurious, 
hand-crafted materials, dCS gear is crammed 
full of costly DSP chips, hybrid power supplies, 
discrete clocks, and gate arrays. Custom 
software harnesses this powerful coterie to 
execute a complex digital dance that comprises 
multiple stages of synchronous upsampling, 
conversion to dCS’ proprietary 5-bit format, and 
finally processing by the firm’s lauded Ring DAC, 
with a choice of in-house programmed filters on 
the side. 

One might think a “budget” dCS would 
employ fewer custom parts and more off-the-
shelf hardware and software. But that approach 
would not result in a true dCS, any more than 
badge-engineering a VW would yield a Bentley. 
Indeed, the more one examines the Debussy’s 

innards, the more one comes away wondering 
how it can be sold at its price. Consider: The 
Debussy includes the exact same control 
board—responsible for everything from power 
delivery, I/O, upsampling, clocking, and format 
conversion—as the universally acclaimed 
Paganini and Scarlatti models. Its Ring DAC and 
fully balanced Class A output stage, both discrete 
modules, are identical to those in the Debussy’s 
expensive siblings, as are the software-based 
digital filters. 

Nor did dCS skimp on features. Again, one 
might reasonably expect a loss of connection 
flexibility, but the Debussy will handle an RCA, 
BNC, and a pair of AES sources. (As usual, the 
BNC input was the best sounding.) Further, there 
are both single-ended and balanced outputs. 
Other welcome ingredients include a front-panel 
sample-rate display, the ability to accommodate 
an external word clock, and the world’s heaviest 

remote control. 
All this would be sufficient to justify excitement 

about the Debussy’s debut, but dCS ups the 
value equation considerably with the inclusion 
of a USB port. An easy, inexpensive add-on, 
you say? Not in this case. Elsewhere in the dCS 
line, adding a USB interface requires an entirely 
separate (and dearly priced) box (the $4999 
U-Clock). The Debussy is the company’s first 
and only product to incorporate both the Ring 
DAC and USB in one box. Furthermore, this is 
no ordinary USB interface. It’s good up to 96/24, 
and is of the asynchronous variety, which allows 
the DAC rather than the PC to control timing, 
resulting in far less jitter. This port is the icing on 
the Debussy cake.

So where, exactly, does the dCS newcomer cut 
corners? Mostly in areas that do not affect the 
sound. Much was saved, I am told, through the 
exclusion of an alphanumeric front-panel display. 
In its place are a series of LEDs that indicate 
input and filter selection, sampling rate, and 
volume when the Debussy is used as a linestage 
(more on this later). Personally, I found the LED 

dCS Debussy DAC
A Budget dCS?

Alan Taffel

In 2003, Bentley Motors shocked the automotive world by introducing 
the Continental GT. Until then, acquiring one of Bentley’s bespoke mo-
torcars would set the purchaser back several hundred thousand dollars. 

But the Continental GT cut in half the price of entry into those rarified ranks. 
Initial skepticism was short-lived; one look at the car’s sumptuous interior and 
prospective buyers knew they were in the presence of a true Bentley. The GT be-
came an instant success, neatly illustrating that value has appeal even at extrava-
gant price points. 
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array perfectly serviceable. Another limitation: 
The Debussy has only two filter options, whereas 
higher models offer more. This is another non-
issue as far as I’m concerned; I was perfectly 
content with the recently released apodising 
filter, which I found significantly more natural than 
the standard version. In any case, future filters 
that dCS deems superior will be downloadable. 
One final omission was upsampling to DSD—a 
feature that impressed me mightily at the 2010 
CES. This particular exclusion did disappoint 
me, and I’m still lobbying dCS to find a way to 
include it in the Debussy. Call me greedy.

Ultimately, of course, a car is judged by a 
test drive and an audio component is judged by 
listening (unless you’re Julian Hirsch). So, does 
the Debussy’s advanced and costly componentry 
deliver the sonic goods? I won’t mince words: 
The Debussy is flat out fabulous. Let me count 
the ways.

This is not the first DAC I have reviewed that 
employs an elaborate processing scheme. For 
the most part, I have been unhappy with such 
units. The behind-the-scenes frenzy of digital 
calculating seems to find its way into the listening 
experience. That is, such DACs sound like they’re 

working hard, which prevents the listener from 
relaxing into the music. DCS knows of and is 
careful to avoid this phenomenon. The company 
uses more processors (oops, there goes the cost 
curve) so that each is taxed less. This explains, 
for example, why upsampling is performed in 
stages rather than all at once. Perhaps it also 
accounts for the fact that, despite all the binary 
manipulations taking place, the Debussy sounds 
unfailingly natural. Music winds out of this DAC 
like thread from a spool. 

In virtually every way, the Debussy sounds 
terrific. Dynamics, depth, and detail are present 
in copious quantities. If the music so beckons, 
this DAC’s tone is as ravishing as long, lustrous 
hair. Indeed, early in my time with the Debussy 
I identified a certain pervasive smoothness 
that was fine for some source material, but 
inconsistent with the more ragged elements of 
my CD collection (e.g. the MFSL remaster of 
the Pixies’ wonderfully raw Doolittle). However, 
inserting some good cones underneath the 
chassis completely extinguished this minor 
coloration. So I settled down to some serious 
listening.

“On the Beach at Night Alone,” from Ralph 

Vaughn Williams’ choral Sea Symphony (Telarc) 
is an enthralling piece that whisks the listener on 
a journey from the solitude of one man’s thoughts 
to the “vast similitude” of the cosmos. I listened 
to this piece through the Debussy feeling that 
it could hardly be more engrossing. The DAC’s 
sheer quantity of spatial, dynamic, and musical 
information added up to an all-encompassing, 
emotionally shattering experience. 

By comparison, my Bryston BDA-1 reference 
DAC (a Golden Ear recipient, mind you) seemed 
restrained. The chorus lacked high-end extension, 
sounding almost muted. Dynamics were still 
excellent, yet the Bryston could not achieve the 
cataclysmic climax delivered by the dCS. Bass 
was nowhere near as thunderous. Finally, the 
Bryston buried some instruments in the mix, 
whereas the Debussy would never subject any 
player to such ignominy. In this respect, having a 
Debussy is like buying a new analog front end; in 
both cases you get to discover previously buried 
treasure within familiar tracks. 

On smaller scale works, like the Stravinsky 
Suite from l’Histoire du Soldat (Pentatone), the 
gap between the dCS and the Bryston narrowed. 
Neither held an advantage with respect to 

pacing, and instrumental timbres were virtually 
indistinguishable. Still, the Debussy delivers 
more detail—you can hear the hall reverb far more 
clearly right from the first note—and a deeper 
stage. And the Debussy not only unearths every 
musical line; it makes following all those lines 
concurrently an effortless task. Ivor Tiefenbrun 
would be well pleased with this DAC. 

I should reiterate here that the Bryston to which 
I compared the Debussy is an excellent DAC, and 
at $1999 represents a different sort of value. The 
above contrasts are not intended to denigrate the 
BDA-1, but to convey just how good the Debussy 
is compared to “run of the mill” reference gear. 

dCS Debussy DAC

Inputs: Digital USB, RCA, AES/EBU (2), BNC, 

WORDCLOCK

outputs: Analog balanced XLR and single-ended 

RCA, 2V or 6V user-selectable

Maximum resolution: 192/24 (S/PDIF), 96/24 (USB)

Dimensions: 17.6" x 2.6" x 15.5"

weight: 1.4 lbs.

U.S.

SPECS & PRICING

Price: $10,999

dCS NORTH AMERICA

John Quick

(617) 314-9296

jquick@dcsltd.co.uk

www.dcsltd.co.uk

CLICK HERE TO COMMENT IN THE FORUM AT AvGUIDE.COM

mailto:jquick@dcsltd.co.uk
www.dcsltd.co.uk
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This point hit home even harder when I played the 
SACD layer of the same Stravinsky disc through the 
estimable Marantz UD9004 universal player. In the 
past, even the best CD rigs have paled beside the 
Marantz’s way with an SACD. Not this time. Here, it 
was the SACD, higher resolution notwithstanding, that 
sounded literally pale by comparison to the Debussy’s 
Red Book presentation. That’s how good the Debussy 
sounds—it can upend the normal CD/SACD pecking 
order.

One area where I find the Debussy ever-so-slightly 
wanting is rhythm. It’s not that the DAC lacks a sense 
of pace—far from it. However, I have heard other digital 
pieces, such as the Burmester 089 CD player I’m 
reviewing (good gosh, it’s even more expensive!) whose 
rhythms are more concrete. I doubt this deficit would 
even be noticeable without a direct comparison to the 
rare product that is superior in this category. As such, 
rhythm is not so much a Debussy weakness; rather, 
it simply is not among its lengthy list of strengths. I 
suspect the addition of the external Puccini clock—a 
nice down-the-road upgrade for Debussy owners—
might improve things in this area.

That leaves me with one last strength and one 
real weakness to report. Let’s get the bad news 
out of the way first. Although the Debussy is fully 
equipped to directly drive an amplifier, I found it quite 
unimpressive in this capacity. As a linestage, the dCS 
sounds rather boring, with compressed dynamics and 
undifferentiated timbres. Only its vocal purity, quiet 
background, and solid imaging elevate it above mid-fi. I 
tried the Debussy in this mode with two different amps, 
with the same results. So, although being able to use 
the Debussy as a linestage would up the value quotient 
even further, I must instead recommend using this DAC 
as a DAC, sending its analog outputs through a good 
dedicated linestage. In my experience, that is the only 

way to hear what the Debussy can really do.
And the last thing to report that this DAC does is 

deliver the best USB sound I have ever heard. Setup 
must be done with care (see sidebar), but the results 
can be extraordinary. This is the first USB I have 
listened to—and longtime readers know that I’ve heard 
and dismissed quite a few—that is truly in the same 
sonic territory as (if not quite the equal of) the best S/
PDIF. With my trusty Dvorak Serenades (Praga), the 
Debussy’s BNC input was just slightly less grainy and 
more dynamic than USB. Mary Guathier’s “Falling Out 
of Love” from Mercy Now was again awfully close. In 
USB mode, Mary’s voice moved forward and exhibited 
some sibilance plus, once more, a hint of grain. 

With higher-resolution source material, the gap 
widened—in S/PDIF’s favor. The Classic Records 96/24 
recording of Ravel’s Pavanne pour une infant defunte 
was clearly less timbrally pure when played via USB. Too, 
the Debussy’s USB does not sidestep the lax rhythms I 
have noted in every other USB DAC. On the other hand, 
strings, which are usually USB’s bête noir, here had nary 
a trace of the shrillness that would normally afflict them. 
Overall, the Debussy’s BNC input is its most convincing; 
however, the USB port is very nearly its musical and 
sonic equal—and that’s saying a lot.

I have no idea if the dCS Debussy will meet 
with the same success Bentley’s Continental 
GT has enjoyed. What I do know is that it 
delivers everything its builders intended in terms  
of performance, usability, and yes, value. Is it a “true” dCS?  
You don’t even need to look under the hood to find out. 
Just listen.

No matter what anyone—or any manual—

tells you, USB is not plug-and-play. Not if 

you want to get the best sound from this 

interface. overcoming your PC operating 

system’s inherent limitations is the first 

challenge. If you are running windows 

XP and follow the Debussy manual’s 

instructions, for instance, you will likely 

end up (knowingly or not) invoking 

windows’ Direct Sound, which means 

bits will pass through the dreaded kernel 

mixer. Following the manual to the letter, 

I achieved what I have come to view as 

typical USB sound: smeared rhythms, 

closed extension, and screechy strings. 

In short, yuck. 

Regardless of your windows oS, what 

you want to do is bypass all its junk by 

using the far superior, professional 

standard ASIo driver set. (Another 

option is the recent wASAPI, but I did 

not have time to experiment with it.) 

Most music-playing software packages, 

like Media Monkey, support ASIo. the 

problem is that the Debussy doesn’t. 

However, a nifty, freely downloadable 

package called ASIo4ALL solves the 

problem. Not only are these drivers bit 

perfect, they dynamically adapt to the 

source material’s sample rate. this is an 

important provision, because standard 

PC (and Mac) drivers asynchronously 

upsample data to the highest supported 

sample rate—a sonically injurious 

process. ASIo4ALL will work with 

virtually any playback software except 

itunes. once you’ve heard the way ASIo 

restores USB’s air and dynamics, you will 

never go back.

After sorting out software, there is still 

the matter of cables. As I have stressed 

before, USB cables make a demonstrable 

difference. For my tests with the Debussy, 

I experimented with five of them, ranging 

from the Brand X variety that comes 

with printers to audiophile models. the 

winner this round—just as in the last time 

I conducted a USB cable survey—was 

the unpretentious Belkin Gold Series. 

the difference this cable makes is not 

remotely subtle. Depending on what 

you are comparing it to, it can be the 

difference between music and wallpaper. 

Here, blessedly, is one area of the high 

end that does not require spending a 

fortune; the Belkin costs under five 

dollars.

Getting the Debussy’s  
USB Right
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Berkeley Audio Design  
Alpha USB Interface
The USB Problem Is Finally Solved

Robert Harley

The high-end audio industry has a remarkable track record of making 
fundamentally limited technologies sound good. Most of these technologies 
were created for mass-market consumption where low price is the overriding 

design mandate. But because these technologies have become the standard, the 
high-end industry has had no choice but to attempt to create silk purses out of 
sows’ ears.

Here are just a few examples: the CD format (its 
creators would be astounded at the advances in 
just, say, digital filtering); the RCA plug and jack 
(compare the connections on 1970s equipment to 
today’s Cardas or WBT RCAs); and the Compact 
Cassette (Nakamichi 1000, anyone?).

A more recent, and perfect, example is the 
Universal Serial Bus, or USB interface. Designed 
to connect computer peripherals, USB was never 
intended to be a high-resolution digital-audio 
interface. But the rapid growth of computer-
based music systems has, once again, foisted 
upon the high end a standard that requires 
exceptional re-engineering to meet the demands 
of high-quality music reproduction. Because of 
the contributions of high-end designers, today’s 
best USB interfaces are light years beyond the 

basic implementations. 
In this overall drive toward a good-sounding 

USB interface, one company stands out for 
pushing the envelope—Berkeley Audio Design. 
The company that brought us the amazing Alpha 
DAC has turned its considerable engineering 
chops and uncompromising work ethic toward 
solving the USB interface problem. The Alpha 
USB reviewed here—only the second product 
from Berkeley—has been nearly two years in the 
making, largely, I surmise, because Berkeley is 
run by engineering-driven perfectionists who kept 
discovering during the design process better and 
better techniques and implementations. Berkeley 
is the kind of company that would repeatedly 
delay a product launch until it had wrung out 
every last bit of performance.

representing the music) is easier said than done. 
The third method, which is by far the most 

popular, is to simply run a USB cable from 
the computer to a DAC equipped with a USB 
input. Although simple in practice, the USB 
interface audibly degrades the signal passing 
through it, even in the better implementations. 
As noted, USB was never designed for audio; it 
is a “packetized data” format in which data are 
split up into discrete chunks, wrapped up with 
information about those chunks, transmitted, 
and then put back together at the receiving end. 
This is in sharp contrast with the continuous 
bitstream of digital audio formats such as S/PDIF. 
Moreover, until recently USB has been limited to 
a maximum sampling frequency of 96kHz. And 
let’s not forget that many of us have older DACs 
that still sound good but lack a USB input. It is 
for these reasons that my own server, which I 
use exclusively to play high-resolution music, is 
a PC fitted with a Lynx AES16 card that outputs 
its digital signal as AES/EBU on an XLR plug. (I 
also use a Meridian Sooloos to access my CD 
music library.)

Why do We need A usB Converter?
Before looking at the Alpha USB in detail and 
considering its sound quality, let’s review the 
options for getting music out of a computer-
based server and into a digital-to-analog 
converter (DAC). For now, we’ll ignore the turnkey 
systems such as Sooloos and the Olive O6HD 
(reviewed in this issue) to focus on do-it-yourself 
servers based on a personal computer. 

The first option is to install a soundcard with 
integral DACs in your PC. You simply connect the 
soundcard’s analog outputs to your preamplifier 
and you’re in business. The compromises of 
this approach are fairly obvious—the inside of a 
computer is not the best place to perform digital-
to-analog conversion. The second option is to 
use a soundcard’s S/PDIF or AES/EBU digital 
output for connection to an external DAC. In our 
previous issue (May/June) Karl Schuster surveyed 
and reported on eight such soundcards. This 
approach requires opening your PC to install 
the card, and configuring software. Moreover, 
building a PC server that is “bit transparent” 
(one that doesn’t change the ones and zero 
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The solution to these myriad problems is an 
outboard box that takes USB from the computer 
and outputs S/PDIF—if this can be accomplished 
without compromising sound quality. Although 
USB converters are widely available, none could 
be considered an all-out assault on the state-
of-the-art. Rather, they are largely utilitarian in 
purpose.

Which is where the Berkeley Alpha USB comes 
in. Berkeley’s goal with the Alpha USB was not 
just to create the best-sounding USB interface, 
but to completely eliminate the problems of 
USB and build a state-of-the-art solution for 
getting music out of a computer and into a 
DAC. Concomitantly, Berkeley wanted to create 
a product that allowed anyone, not just those 
with technical expertise, to realize state-of-the-
art computer-based audio performance. When 
Berkeley’s Michael Ritter told me about the Alpha 
USB, he invited me to compare its sound with that 
of the AES/EBU output of the Lynx AES16 card 
in my fan-less, drive-less PC server, a setup that 
many considered the state-of-the-art in computer 
audio (see my review of this system in Issue 189). 
The PC with the Lynx card starts off with the 
considerable advantage of never converting the 
audio data to the USB format. If the Alpha USB 
did sound better than my PC (with both driving 
the same DAC), it would not only represent a 
breakthrough in sound quality, but make it much 
easier for non-geeky music lovers to enjoy the 
benefits of computer-sourced audio.

FunCtionAl And teChniCAl desCription
The Alpha USB is housed in an unusual chassis 
that’s significantly larger than that of most 
USB converters, but smaller than full-sized 

components. As with the Alpha DAC, the Alpha 
USB features a no-cosmetic-frills chassis. The 
front panel’s only indicator is a single LED that 
lights up amber when powered on, and then 
switches to green when connected to an active 
USB source (the computer). The rear panel is also 
minimalist, with AES/EBU and S/PDIF outputs 
(the latter on a BNC jack) selectable via a small 
toggle switch. The Alpha USB lacks an RCA output 
because the RCA’s characteristic impedance is 
50 ohms, not the 75-ohm standard for S/PDIF. 
A BNC interface, which has a characteristic 
impedance of 75 ohms, is vastly superior to RCA 
for carrying digital audio. AC power is via an IEC 
jack. There is no power switch; the unit, which 
draws 4.5W in standby mode, is designed to be 
left continuously powered. Macintosh computers 
running Snow Leopard or later will automatically 
talk to the Alpha USB. Windows users will need 
to install driver software, which is included on a 
CD. 

The Alpha USB is the epitome of “form follows 
function.” The unusual chassis size and shape 
were chosen for sonic performance. In broad 
terms, the Alpha USB isolates the “dirty” USB 
circuitry from the “clean” digital-audio output, 
and provides a high-precision clock for that 
audio output. The USB input jack is mounted 
on a plastic insert rather than directly in the 
chassis to prevent capacitive coupling of noise 
between the USB input and the digital-audio 
output. This isolation between the two “halves” 
of the Alpha USB is improved by powering the 
circuitry associated with the USB input from the 
computer via the USB bus, and powering the 
clocks and digital-audio output drivers from a 
clean, linear power supply built into the Alpha 

USB. Berkeley extends this isolation concept by 
recommending that the computer be powered 
from one AC outlet and the Alpha USB, DAC and 
analog components from another, and that the 
USB cable between the computer and Alpha 
USB be routed away from the Alpha USB’s 
chassis and any analog cables or components. 
It goes without saying that the Alpha USB’s USB 
interface is “asynchronous,” meaning that the 
Alpha USB’s output clock is not locked to the 
computer’s clock. That is, the timing precision 
of the Alpha’s S/PDIF output is not affected by 
the computer. A conventional “adaptive” USB 
interface, in which the computer serves as the 
master clock, is simply a non-starter for critical 
applications.

The digital audio signal is clocked with one 
of two precision oscillators, one for the 44.1kHz 
family of sampling frequencies (44.1kHz, 88.2kHz, 
and 176.4kHz) and the other for the 48kHz family 
(48kHz, 96kHz, 192kHz). To give you an idea of 
how meticulously designed and executed the 
Alpha USB is, consider that each oscillator is 
measured on a $90,000 instrument that creates a 
spectragraph of the oscillator’s phase noise. Only 
the best measuring parts go into the Alpha USB; 
the rest are rejected. This measurement process 
costs many times what the actual part costs, 
but Berkeley discovered that this performance 
parameter was crucial to sound quality.

The Alpha USB’s designer, Michael “Pflash” 
Pflaumer, comes from a multidisciplinary 
background that includes writing the DSP code 
that made HDCD possible, analog design, and RF 
design. When the first microprocessor became 
available, Pflash wrote his own operating system 
for it and built a computer around it. It’s rare for an 

engineer who can write DSP code to also have an 
intimate understanding of how electromagnetic 
fields behave. It’s even rarer when that engineer 
is also a musically sensitive listener who uses his 
ears to guide product development. 

system Context And set-up notes
Berkeley sent to me a bare-bones iMac ($1199) 
loaded with music, including most of the 
Reference Recordings HRx 176.4kHz/24-bit 

type: USB-to-S/PDIF converter

Input: High-speed USB 2.0, Type B jack

output: Switch selectable—coaxial SPDIF on BNC, 

balanced AES on XLR

Supported sampling rates: 44.1kHz, 48kHz, 88.2kHz, 

96kHz, 176.4kHz,

192kHz

Supported word lengths: Up to 24 bit

Supported operating systems: Apple Macintosh and 

Microsoft Windows

Mains power: 100 or 120 or 240VAC, 50/60Hz, IEC 

power input connector

Power consumption: 3 Watts line, 1.5 Watts USB, 

designed for continuous

operation

Dimensions: 10.5” x 2.5” x 5” (including feet)

weight: 2.5 lbs.

Price: $1695

BERKELEY AUDIO DESIGN

berkeleyaudiodesign.com

(510) 277-0512

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM

www.avguide.com
www.berkeleyaudiodesign.com
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titles (which I also have on my PC server). They 
also shipped a Straightwire Info-Link AES/EBU 
cable and a Straightwire USB-Link USB cable 
(both 1.5 meters). The iMac ran iTunes along with 
the latest version of Pure Music, a $129 piece of 
software that improves sound quality (see Steven 
Stone’s review of Pure Music in Issue 209). 
Berkeley recommends Pure Music, and includes 
with the Alpha USB a $25 discount coupon for 
the software. The complete digital front end of 
an iMac, Alpha USB, Alpha DAC, Pure Music, 
Straightwire USB and Straightwire AES/EBU 
costs about $8300.

The iMac was unbelievably easy to set up and 
use; my Windows PC was a different story. To 
use the Alpha USB with a Windows machine, 
you must install the supplied driver. This will let 
the PC and Alpha USB talk to each other but 
will not allow you to realize the system’s full 
sonic potential. You must also install an ASIO 
driver to avoid data corruption. For Windows XP 
users, the available ASIO drivers will degrade 
the sound. Machines running Windows 7 can 
use a more sophisticated WASAPI driver that 
reportedly delivers performance as good as 
that possible from a Macintosh. Installing the 
ASIO driver on my XP machine was a hassle. 
Moreover, switching between the Lynx card and 
the USB output required going into a couple of 
menu layers in MediaMonkey to manually change 
a setting.

Considering my experience with both an iMac 
and a Windows PC, I can unequivocally say 
that the Macintosh is vastly superior (and I’ve 
used PCs for all other computing since the late 
1990s). The Mac is far more elegant, easier to 
set up, better sounding, and doesn’t require that 

you jump through hoops to realize its optimum 
performance. Even if you own a PC that you are 
thinking of using as a server, I encourage you to 
spend the $1199 for an iMac—you’ll be glad you 
did.

LIstenIng
I began by comparing the sound of the iMac/
Alpha USB to my PC-based server equipped 
with the Lynx AES16 card. The bitstreams from 
each computer driving the Berkeley Alpha DAC 
were identical. How do I know this? Every HDCD 
recording carries a flag in the least significant bit 
that identifies the recording as HDCD-encoded. 
An LED on the Berkeley Alpha DAC’s front-panel 
illuminates when this flag is detected. If the data 
were corrupted, that LED would not illuminate. In 
all my tests, the HDCD LED remained lit when 
playing any Reference Recordings title (CD or 
high-res file). It follows that the bitstreams were 
identical for non-HDCD recordings, as well.

Listening to 176.4kHz/24-bit Reference 
Recordings HRx files through the Constellation 
Audio electronics ($65k Altair preamplifier 
and $140k Hercules power amplifiers) driving 
Sonus faber’s $200,000 flagship loudspeaker 
is as critical a situation as one could devise. 
These exquisite recordings contain so much 
fine information, dense spatial cues, micro-
transient detail, and rich timbral colors that any 
degradation is instantly identifiable. The playback 
system is truly of reference quality.

Comparing the PC-based server with the Lynx 
card to the iMac and Alpha USB (by changing 
which AES/EBU cable was connected to the 
Alpha DAC) revealed that the PC setup I’d 
thought was the state-of-the-art was actually a 

step down from what was possible. Simply put, 
the Alpha USB took the system to another level of 
resolution and musicality. 

Although the PC server sounds phenomenally 
great, the iMac/Alpha USB was better in virtually 
every sonic criterion and inferior in none. First 
was the sense of space and the naturalness of 
the staging. The iMac/Alpha USB had a slightly 
less forward perspective along with much greater 
soundstage depth. Although the front of the stage 
was a little set back, instruments in the back of 
the hall sounded much more distant. The sense 
of bloom around individual instrumental outlines 
was more realistic and palpable. The Alpha USB 
made the PC/Lynx sound slightly congested and 
homogenized by comparison. 

Within this sense of expansive space, I could 
more easily hear fine recorded detail, particularly 
instruments toward the back of the hall. Switching 
over to the Alpha USB system was like sharpening 
the focus on a camera; very-low-level detail that 
had been just a bit indistinct or smeared snapped 
into vivid clarity. I thought I had heard the HRx 
recordings in their full glory with my PC server, 

but I was astonished to discover another level of 
resolution and clarity.

The treble through the Alpha USB was smoother 
and, paradoxically, slightly more prominent. The 
presentation wasn’t brighter, just more alive 
and vivid. The treble had greater texture and 
increased density of information, yet was more 
finely filigreed and delicate. The top octaves also 
had greater smoothness and ease, particularly 
on high-level, high-frequency transients such as 
the upper octaves of fff piano passages.

The sense of hearing more information was 
partially the result of the Alpha USB’s superior 
rendering of transient detail. Listen to a Latin 
percussion instrument such as the güiro; the 
Alpha USB better resolved the instrument’s 
dynamic envelope to create a greater impression 
of hearing the instrument itself rather than a re-
creation of it. Percussion seemed to “pop” from 
the soundstage with greater life. Micro-transients 
were also noticeably superior; listen to brushes 
on cymbals, to triangles, and to tambourine. By 
better resolving this low-level transient detail, 
the Alpha USB made the presentation more 
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lifelike and musically vivid. I could better hear the 
mechanisms by which the sounds were created, 
which is always a good sign. 

Finally, the Alpha USB had a greater sense 
of ease on high-level peaks, particularly during 
dense and complex passages. The music got 
louder more gracefully, with smoother textures 
and less homogenization of images. The 
presentation remained more coherent during 
the loudest orchestral passages, contributing 
to the overall sense of ease and involvement I 
experienced.

Because the Alpha DAC was receiving the 
same bitstream from both music servers, the 
only difference was in the timing precision—jitter. 

Some of these differences could be 
attributable to the different computer platforms, 
so I compared the sound of the Lynx card in my 
PC to the PC’s USB output through the Alpha 
USB. The Alpha USB sounded better overall, 
although the disparity was not as great as when 
comparing the PC/Lynx to the iMac/Alpha USB. 
The specific sonic characteristics were the same, 
but the magnitude of the difference was reduced, 
suggesting that the Macintosh platform has a 
sonic advantage over the PC. That difference 
might be erased by a PC running Windows 7 
and a better WASAPI driver, but I was unable to 
hear that configuration. Even if a Windows 7 PC 
can sound as good as the Macintosh, the Apple 
platform is much more pleasant to use.

ConCLusIon 
The Berkeley Audio Design Alpha USB is a 
breakthrough product that not only overcomes 
the limitations of the USB interface, but provides 
a state-of-the-art method of getting audio out of 

a computer. Moreover, the Alpha USB makes this 
reference-quality performance available to non-
technical music lovers who have a Macintosh 
and a DAC. 

Though the Alpha USB’s $1695 price is 
considerably more than that of other USB 
converters, the Alpha is a bargain when you 
consider that it provides a simple, foolproof 
path for creating a state-of-the-art music server. 
Moreover, the entire digital front end of the iMac, 
Alpha USB, Alpha DAC, Pure Music software, 
and Straightwire digital interconnects costs 
about $8300. That’s not chump change by any 
measure, but it’s eminently reasonable for a 
music server and a DAC that deliver this level of 
performance. I listened to this digital front end as 
a source for electronics and loudspeakers that 
together cost more than $400k, yet never felt 
that the digital source was the weak link in the 
chain. In fact, I had the opposite reaction: This 
source allowed me to hear these ultra-exotic 
electronics and loudspeakers at their best.

One day computer-based music systems will 
be simple to set up, foolproof, ubiquitous, and 
uncompromised in sound quality. The Berkeley 
Alpha USB represents a giant leap forward in 
realizing this goal.

Untitled-1   1 5/11/12   12:41 PM

http://bit.ly/oEOtZV
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Olive O6HD Music Server
A Truly Outstanding Component in a Highly Competitive World

Anthony H. Cordesman

Let me begin with the punch line. The Olive O6HD offers very high sound 
quality, a simple way of storing large amounts of music, and ergonomics 
which may take a day or so of getting used to, but are straightforward and 

functional, and can be expected to improve over time. If you want a very-high-
quality unit that does not involve fighting your way through a computer and is 
backed by first-rate service in loading your collection, this is an excellent choice.

BeFore you Buy: the unCertAin vAlue oF 
A stAnd-Alone musiC storAGe system
Now, let me start to get complicated. I live with 
computers. I design and run complex databases 
covering major areas of national security, use 
computers to write books, and use them to 
communicate on a global basis. At the same time, 
I do not allow any purchase of developmental or 
error-prone software, or any system I have to 
fight to use. Anyone who pulls a “geek factor” 
around me is going to be fired, and the computer 
music storage and audio systems I have seen 
to date all fall into the far-too-difficult-to-justify-
my-time category, and are so optimized around 
popular music that their handling of metadata are 
nightmares for those storing and using a large 
classical-music collection. 

This brings me to the context in which the Olive 
O6HD, Sooloos, and similar systems must be 
judged. CD and SACD players without a digital 
input are already dinosaurs. In fact, I would not 
pay more than 1/15th of list price for any such 
unit—new or used. I would also question the 
competence of any manufacturer or dealer that 
keeps selling them. They do not compete in the 
present and they have no future. Unlike analog, 
no one is going to want to preserve CD-player 
sound quality. 

There is broad professional and audiophile 
consensus that CDs sound better stored and 
streamed. High-resolution HD downloads clearly 
sound better than CDs and equal or surpass 
SACD and DVD-A. With servers, you can store 
the equivalent of thousands of CDs in a small 

why they have bought our product over other 
solutions.  

“The number-one quoted reason why our 
customers chose Olive was that they were not 
satisfied with the sound quality offered by PC/
Mac-based solutions. Some of them have spent 
a considerable amount on physical media in the 
past and want a solution that allows them to listen 
to CDs in the original quality, and to access the 
growing HD music offerings in the market. They 
have dabbled with the iPod/iTunes solution, but 
deemed it only good enough for portable use, 
and not for their home stereo system. 

“The second product category our customers 
analyzed before buying an Olive were streaming 
clients such as Sonos, SlimDevices (now 
Logitech), and others. Mostly they decided 

box, and get better sound quality and easier 
and far more flexible access to your collection. 
Moreover, you can start shifting away from an 
obsolete 44.1kHz/16-bit standard to the much-
better-sounding higher sampling rates that are 
now available from sources like HDtracks.com.

The question, however, is whether you need a 
dedicated device like the Olive O6HD or Sooloos. 
I put this challenge to Olive, and it made the 
following case:

“When we originally designed our product 
it was based on the idea that there is a certain 
target group that does not want to have a PC 
involved when listening to music (as opposed to 
someone who prefers to use a streaming client 
with a PC as the server). We have done extensive 
research with our customers trying to identify 
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against this category due to the sub-optimal 
sound quality of these solutions, which is a result 
of low-end audio technology (DAC, power supply, 
no support for 24-bit/192kHz playback, etc.), but 
also caused by network limitations (drop-outs, 
bandwidth).

“Some of our customers also looked at a 
third category, namely using a PC/Mac and 
interfacing directly to their stereo system with a 
high-end USB DAC. They decided against this 
solution as the price/performance ratio (with 
some USB DACs) was not superior and that they 
did not want an ugly PC and cable-clutter in the 
living room.

“Both of the last groups also mentioned 
that they decided against a streaming client or 
PC+USB DAC solution due to its complexity. 
They had reservations about having to set up a 
network and/or install software on a PC (i.e., they 
wanted simplicity).”

I have to agree with many of Olive’s points. From 
what I have heard to date, the answer for non-
geek audiophiles is definitely to go to a dedicated 
music-storage system for sound quality, and 
generally for ergonomics and management and 
playback of a large music collection. 

But this superiority is a matter of personal 
style and convenience, and the advantages in 
sound quality may be fleeting. I’m not a fan of 
USB options, but my sons already use cards with 
straight digital outputs. The storage and music-
management software may now be awkward, 
but it will improve. Few audiophiles have the 
kind of home network and WiFi system I need 
professionally, but the number of home network 
users is growing geometrically, and IR remote-
control systems are going the way of the Dodo 

as iPad-like devices and smartphones take over. 
It is just a matter of time before adequate music-
storage and management systems are available, 
and manufacturers of high-end DACs tie their 
product to computerized music systems and 
remote controls. Some top firms like Boulder and 
PS Audio are already focusing on DAC/computer 
combinations.

This puts intense competitive pressure on 
stand-alone storage and streaming systems. 
This pressure is compounded by the fact that 
many users already are converting to audio and 
video streaming, and to systems with surround 
sound as well as stereo music storage. Moreover, 
there already are enough illegal Blu-ray Disc-
streaming efforts to suggest that the future lies in 
both high-resolution music and video streaming 
and storage.

I would still go with a system like Sooloos 
or Olive, but (a) I can afford to; (b) I want the 
best in sound quality now, and I’m simply not 
prepared to wait a year or more to find out when 
computers catch up; (c) I have enough problems 
with hacking/cracking in running other databases 
to want stand-alone music storage; and (d) I’m 
perfectly happy to have a totally separate (and 
legal) audio-video surround-music setup.

At the same time, I feel that the trends in high-
end audio mean that any stand-alone player like 
the Olive O6HD must meet the following tests: 1) 
It must have outstanding sound quality and be 
better than today’s computer options as a DAC; 
2) its ergonomics must be better in virtually every 
respect than competitive computer formats; 
3) music storage must be practical for large 
collections; 4) there must be as simple an option 
as possible to deal with the nightmare of bad, 

partial, and missing metadata in CD recording 
(especially older classical, foreign CDs, and 
multiple CD boxes like long symphonies and 
operas; 5) reliability must equal or surpass a 
standard PC or Mac; 6) there must be a functional 
and affordable backup option; 7) there must be a 
non-proprietary upgrade path and an easy, error-
free way to convert out of the storage system that 
preserves all of the quality of the music stored, 
including high-resolution recordings.

Fortunately, the Olive O6HD meets the first six 
of these tests, and seems to be addressing the 
seventh.

sound QuaLIty
There is no question about the sound quality of 
the Olive O6HD. No DACs or players sound alike, 
and each tends to be voiced to emphasize certain 
qualities. In broad terms, however, the sound 
quality of the O6HD is only surpassed by units 
that cost far more, and the sound of its analog 
outputs blows away that of the analog outputs of 
the Sooloos in every sonic respect.

The overall timbre of the Olive O6HD is very 
natural. The O6HD does an excellent job in 
reproducing the deep (and even the really deep) 
bass and upper bass; the midrange is well-
defined without any touch of hardness in the 
upper mids; and soundstaging and imaging are 
about as realistic as a recording permits. The 
upper frequencies do not have all of the natural 
life and air of the very best DACs and CD/SACD 
units that cost more, but they are very good. 

There is no exaggerated hardness in 
reproducing ordinary CDs; in fact, storing a CD 
consistently improves the realism of its sound 
without sacrificing detail. Moreover, the Olive 

O6HD clearly shows the superior quality of 
higher bit-and-sampling rates. The nuances and 
quality of high-resolution recordings from top 
labels like Reference Recordings and Chesky 
come through with only a touch less impact and 
information than the sound of the best stand-
alone DACs. 

The O6HD has a fully balanced differential 
DAC design, which seems to be an industry-first 
for music servers. While the O4HD used one TI 
Burr-Brown PCM1792 24-bit/192 kHz DAC for 
both channels, the O6HD uses a matched pair 
of PCM1792 DAC modules for the inverted and 
non-inverted signals on each of the right and left 
channels. This considerably improves the signal-

Drive capacity: 2GB or 4GB

Interface: 10.1” touchscreen

outputs: Unbalanced on RCA jacks, balanced on XLR 

jacks; headphone on stereo 6.4mm jack; digital output 

(AES/EBU) on XLR jack; HDMI (480p); USB 1.1/2.0

Features: Internet Radio, dedicated remote control, 

iPad/iPhone app available

Dimensions: 17.125” x 4.5” x 14”

Price: $4999

OLIVE MEDIA INC.

555 Howard Street 

San Francisco, CA 94105 

(888) 654-8369

(415) 908-3870 (international callers) 

olive.us

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM

www.olive.us
www.avguide.com
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to-noise ratio (the Olive O6HD claims a signal-
to-noise ratio of 124dB), and allows the music to 
come from the kind of noise-and-artifact-free, 
or “black,” background I normally only expect to 
hear in much more expensive DACs. 

I still feel the Meitner sets the standard in 
upper-octave, lower-midrange, and soundstage 
realism relative to any other unit I’ve auditioned 
so far, and that the Boulder 1021 and Meridian 
808.3 Signature are close competitors that 
provide musically natural upper-midrange and 
treble detail that is superior to that of the Olive 
O6HD. I’d also choose the PS Audio Perfectwave 
DAC if I wanted more upper-octave detail. 

But any such margins of superiority are very 
definitely in the diminishing-returns category. 
The Olive O6HD provides truly outstanding 
sound for substantially less money than the top 
DACs, and the O6HD stores and manages your 
music collection, to boot. It also really does merit 
comparison with the best. It handles dynamics 
with a realism and life that are often missing in 
the more “polite” DACs and players, and does so 
without adding the touch of hardness or softness 
that colors almost all DACs and players in its 
price range. Put simply, damned good, musically 
natural sound!

ergonoMICs
The ergonomics of the Olive O6HD do take a little 
getting used to. Its instruction manual follows in 
the great high-end tradition of either being non-
existent, damned near useless, or an exercise 
in post-modern, Dadaesque-deconstructionist, 
abstract minimalism. (I should note my Sooloos 
does not even have an instruction manual.) A 
day or two of experimentation, however, allows 

you to draw on all of its features in ways that 
quickly become second-nature. Moreover, even 
during the worst moments of my learning curve 
(and they were moments and hot hours), I never 
had the desire to kill that has characterized my 
experience with most complex electronics.

MusIC storage 
The storage and handling features are good but 
not great. The O6HD’s menu and control features 
are certainly adequate for most libraries, but the 
O6HD does not have the speed and detail that 
Sooloos and some computer management-
systems provide. The ergonomics and display 
features of the Olive O6HD and its software are 
probably better suited to a “large” collection (up 
to 2000 CDs or albums), rather than an “ultra-
large” (4000+) one. 

The dedicated 10.1” touchscreen may be wide 
(and very attractive), but it is narrow and can’t 
be seen at a distance. The album-cover display 
feature on the touchscreen is also more decorative 
than useful in rapidly seeking out recordings. Both 
the touchscreen and the front button controls are 
a bit slow to respond, and display relatively limited 

data compared to the Sooloos and some music-
management software that runs on a PC. 

It is hard to set up one-of-a-kind playback 
efforts to compare musical pages and different 
recordings, and the unit relies largely on playlists 
rather than a combination of playlists and one-
time, easy-to-program queues. There is an 
option to get a readout of the exact sampling and 
bit-rate of recordings, but you have to create a 
playlist to select high-resolution recordings.

The Olive O6HD’s ergonomics are less 
important if you use a device like an iPad (for 
which the Olive has an app) or the dedicated 
remote control and a TV screen to select and 
control your music. As a result, I’d plan to use the 
iPad for most music listening. It is quicker, and 
can be used anywhere in the house if you have 
WiFi. It allows you to see the cover art and status 
of a recording very clearly once you select it, and 
the app can almost be counted on to steadily 
improve with time. Olive seems to have open-
ended growth potential in improving the iPad and 
TV options in the future.

As for storage, the Olive O6HD has a built-in 
2TB drive, which it claims can store 6000 CDs 

or 20,000 high-definition tracks. This should be 
sufficient for most collections, although I have 
pushed over the 2TB limit with about 4100 CDs 
and some high-resolution tracks. Fortunately, 
Olive designs its products so they can be 
upgraded to larger internal drives as higher-
capacity hard drives become available—and 4TB 
and 6TB standards seem likely in the next two 
years.

Olive does make a major effort to help you put 
your CD collection on the O6HD. It provides a 
service for storing your collection of CDs, and 
believe me, you do not want to hand-load more 
than a hundred or so if you can possibly avoid 
it. If you already have a computerized collection, 
it will load it automatically. If you are still in the 
plastic-box era, Olive offers buyers a service 
that allows them to send in their CDs and have 
Olive load them onto its HD music server. It will 
rip the first 100 CDs for free, and each additional 
CD is ripped for as little as $0.50 (depending on 
the size of the library). Olive uses special pre-
load robots to rip each CD with multiple error-
correction. Olive reports that some 67% of its 
U.S. customers use this service.

As for Internet radio, the O6HD’s features 
are good. Olive uses its own database (not 
Shoutcast or VTuner etc.). This allows it to groom 
the metadata and make sure the information is 
displayed correctly on the O6HD display (and it 
can show extended metadata about the station). 
Olive also “pings” all HD radio stations frequently 
to make sure that stations that are off-line are not 
shown in the list (a complaint that Olive says it 
has heard from customers about other Internet 
radio solutions).
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Metadata
Olive does more than simply directly store the 
metadata on the CD. It pulls the metadata used to 
store, describe, and manage music from several 
databases to ensure the highest accuracy. Olive 
also provides what it calls “manual grooming.” 
This can be critical because no one really wants 
to edit his entire collection CD by CD, and about 
half of my classical and 20% of my older jazz CDs 
needed some editing, and roughly 90% of my 
classical CDs needed additional editing so that 
I could sort by composer using uniform spellings 
of last names. 

Instead of simply dumping the faulty or missing 
data on the CD, Olive tries to correct the CDs of 
its customers during the CD-loading process 
and make sure that all metadata is written 
correctly and uniformly (especially composers). 
This means that classical CDs will then show 
up correctly in the composer category and 
album view. Olive also is preparing to sell digital 
HD music (e.g. from Reference Recordings) 
and plans to add extended metadata, which is 
not available through standard CD databases. 
Moreover, buyers will be able to preload certain 
HD collections when they buy an HD music 
server, or have them delivered afterwards by 
USB stick.

Do not, however, expect miracles in fixing 
the metadata, particularly with CDs of older 
performances on small and amateur labels. 
If you are a truly serious music collector, and 
demanding about spelling, you will still need a 
computer and have to edit the metadata. Olive 
provides a link to Maestro to provide a program 
do this, and it works. I could not, however, find 
the kind of global-search-and-replace routines I 

would have liked. (They may be there, but they 
are all Geek to me!)

reliABility 
I simply have no way of telling how reliable the 
Olive or any similar unit will be over time. I did, 
however, have only one minor glitch during 
start up, after which the unit then worked 
perfectly during the review period. This is good 
performance for any truly complex electronic 
device, and I wish my Sooloos had proved as 
reliable. 

As for service, Olive does offer a 30-day 
return-and-refund option. It also offers a two-
year parts-and-service warranty for the O6HD. 
Given the uncertainties involved, particularly in 
a proprietary device, I believe two years is the 
minimum warranty such products should have, 
but I’m not aware that any other manufacturer 
offers more than Olive. And many offer less. 

BACk-up
The back-up system works well, and can be 
used with any high-capacity hard drive. My only 
reservation is that Olive understates the need 
for such a back-up, and does not recommend 
specific hard drives it finds suitable and reliable. 
Buying a back-up hard drive is an absolute must, 
given the cost and difficultly of loading and 
editing your music collection, and the tendency 
of a number of high-capacity drives to die just 
beyond their warranty date. 

Every manufacturer of such products must 
offer a non-proprietary upgrade path and an easy 
way to convert from the storage system used in 
a device like the Olive O6HD to another storage 
device, while preserving all of the quality of the 

music stored, including that of high-resolution 
recordings.

Olive has shown it has an upgrade path for 
its own products. Olive has regularly offered its 
customers the option of upgrading their stored 
music from products like the O2HD and O4HD to 
new Olive products like the O6HD at a nominal 
fee. In the past, the cost has been included in 
the price difference to the new product, but it 
charged a fee for such conversions in its last 
promotion.

Olive was less clear about what would happen 
if a customer wanted to transfer a collection to a 
different storage media or manufacturer system, 
and noted the problems copyright law present 
for simply providing a direct copy. After some 
back and forth, however, Olive made it clear that 
it will offer a service to download a returned Olive 
unit to a standard digital format like FLAC, WAVE, 
MPEG, AAC, Apple Lossless, etc.

I hope that Olive will clarify this offer in writing 
in its comments on this review, and I would be 
extremely cautious about buying any music 
server or storage system that did not offer such 
options. Technology is moving too quickly not 
to be able to transfer your collection from one 
system to another in a standard format. 

Speaking personally, I would not buy a unit 
that did not have a clear option for transferring 
its collection, and I prefer systems that can 
easily download a music collection directly into 
a replacement system. Given that proviso, I’d 
strongly endorse the Olive O6HD within its price 
range. It is not perfect, but the sound quality 
is exceptional and its operating and storage 
features, while far from perfect, are never less 
than good. I give it a strong recommendation to 

anyone who does not speak Geek as a native 
tongue.  

The O6HD features several of the latest TI 

chipsets, including the DIT4192 digital-audio 

transmitter that is used in conjunction with a 

separate temperature-compensated crystal 

oscillator to reduce jitter. TI’s SRC4194 

Asynchronous Sample Rate Converter 

converts all sampling rates/word lengths to 

192kHz/24-bit. This signal is later upsampled 

to 384kHz before conversion to analog by 

differential PCM1792 DACs. 

The analog output stage is based on very 

fast op-amps to reduce slewing-induced 

distortion, followed by a second-order Bessel 

filter. The analog stage benefits from a 

completely independent power supply. In the 

analog-stage supply, a filter with a reported 

80dB of noise attenuation cleans up the 

incoming AC. A generous toroidal transformer 

is followed by large filter caps. The digital 

supply features a dedicated linear regulator 

just for the clock to reduce jitter. The 

supplies include extensive shielding, along 

with galvanic isolation, to minimize noise and 

isolate the two supplies from each other.

Finally, the O6HD includes a separate 

headphone output built on a dedicated PCM-

1792 DAC and TI’s top-of-the-line TPA6120 

op-amp.

Technical 
Notes
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So what exactly is a Digital Player? The most 
obvious analogy is simply a CD transport. 
Since the early days of digital, high-end audio 
companies have gone to heroic lengths to address 
the myriad problems endemic to transforming 
an infra-red beam reflected off the surface of a 
rapidly spinning disc into an electrical waveform 
representing a digital bitstream. Premium CD 
transports have commanded prices well into 
five figures, and audiophiles have been willing 
to pay those prices in order to derive maximum 
enjoyment from the 80 minutes of music that can 
be stored on a compact disc.

The Bryston BDP-1 performs like a CD 
transport, but it plays data files from removable 
USB storage media capable of storing thousands 
of hours of music, rather than from optically 
encoded discs. The BDP-1 plays files of all 
industry-standard sample rates at their native 
resolution—from CD-quality 16/44.1 up to 
mastering grade 24/192—in a multiplicity of file 
formats too numerous to list. As with dedicated 
CD transports, the BDP-1 offers only digital 
output, in both S/PDIF and AES/EBU formats, 
for connection to an external digital-to-analog 
converter. Naturally, the Bryston BDA-1 DAC that 

Bryston BDP-1 Digital Player
And Now For Something Completely Different

Karl Schuster

Canadian stalwart Bryston is not known for ostentatious flights of fancy nor 
hyperbolic self-promotion. Rather, the company has established a sterling 
reputation—in both professional and consumer circles—for conservative 

design, unparalleled product reliability, and superlative sound quality. The 
astonishing new BDP-1 Digital Player is exactly the sort of product one might 
expect from a company like Bryston: an unassuming, discrete chassis housing a 
technological tour de force that bridges the generational divide between the old-
world familiarity of a traditional CD player and the new world of high-resolution 
files and music library management, between a past constrained by frustratingly 
compromised digital-audio sound quality and an exciting future in which digital 
artifacts have finally been reduced to inconsequential levels. Within seconds of first 
hearing music emanate from the BDP-1, I knew that I had found my new reference 
digital source component.
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I use as a reference makes an ideal partner.
To enable new users to get up and running 

with the BDP-1 as quickly as possible, Bryston 
smartly included a half-page Quick Start guide 
enumerating the simple steps to install the BDP-1, 
insert the included USB thumb-drive containing 
eight complementary 24/96 high-resolution 
songs courtesy of Chesky Records, and begin 
playing music via the front-panel display and 
buttons. The entire process from unboxing to 
enjoying the sample tracks can be completed in 
less than five minutes. 

The BDP-1’s front-panel controls mimic the 
familiar operation of a CD player, offering a 
comfortable, non-threatening user interface for 
music lovers unfamiliar with, and uninterested 
in, the potentially overwhelming complexities of 
most alternative computer-based music playback 
systems. Bryston’s optional BR2 remote-control 
handset continues this operational theme, 
providing the usual basic playback functions: 
Play, Pause, Stop, Previous Track, and Next Track.

I suspect, however, that most users will move 
beyond these “old school” control paradigms to 
take advantage of the advanced capabilities that 
become available when the BDP-1 is connected 
to a home network. Using a Web browser, one 
can access the BDP-1’s software interface to 
check system settings, install firmware updates, 

and control playback via either of Bryston’s 
embedded programs, Mini or Max. Several 
weeks after I received the BDP-1, Bryston 
released a firmware update, which I downloaded 
to my PC and installed over the network in a 
matter of minutes. I was thrilled to see that as 
part of this update Bryston added a playlist of 
Internet radio stations, further expanding the 
BDP-1’s capabilities. Unfortunately, I have not yet 
been able to get the BDP-1 to accept and store 
URL links to additional stations.

The BDP-1 conforms to the open-source MPD 
Server architecture (see “Under the Hood” for the 
technical details), enabling the user to control the 
BDP-1 from MPD Client programs running on a 
broad range of platforms. Users of the Firefox 
Web browser (v3.x only, as of this writing) might 
want to start with the Music Player Minion plug-
in. Users of touchscreen devices such as smart 
phones and tablets can operate the BDP-1 via 
MPD client programs available from the Apple 
AppStore or Android Market. For PC users, 
Bryston recommends Gnome Music Player 
Client (GMPC), a mature stand-alone program 
featuring multiple customizable “browser” views 
to filter, sort, and display music library selections. 
Alas, the Mac version of GMPC still requires a 
daunting, convoluted installation process that 
even a computer geek like me would be reluctant 

to undertake.
After installing the BDP-1 and connecting 

it to my home network, I copied a selection of 
lossless FLAC files from my computer to a 320GB 
portable hard drive, and plugged it into the 
bottom USB port on the rear panel of the BDP-
1. Bryston recommends using this particular port 
for portable hard drives that draw power from 
the USB interface; the other three USB ports 
function as a shared hub, and are thus best used 
with either USB thumb drives or larger desktop-
type USB hard drives that have their own power 
supplies.

Returning to my desktop PC, I downloaded 
and installed the free network device discovery 
program Bonjour from Apple’s Web site, which 
allows programs to identify devices located on 
the network by names rather than by IP addresses 
that may change over time. I launched the Firefox 
Web browser, installed the Music Player Minion 
plug-in, configured a few settings to connect to 
the BDP-1, and was immediately presented with 
a listing of the music that I’d loaded onto the 
320GB USB hard drive now attached to the BDP-
1. I could browse the contents of the drive by 
navigating directly through the nested folder and 
file hierarchy that I had created when copying 
files onto the drive, but I preferred using Minion’s 
tag-based file selector.

I then installed the powerful Gnome Music 
Player Client program (previously mentioned), 
which quickly became my preferred method of 
controlling the BDP-1. When playing files directly 
from my PC, I use the playback program Foobar 
2000 because of its flexibility in customizing 
how my music library is sorted and displayed. 
Thus I was delighted and relieved to find that the 

GMPC user interface can also be customized 
easily. After spending some time tweaking GMPC 
on my desktop PC, I installed the program on 
a notebook PC, which connects to my network 
wirelessly. I can now control the BDP-1 with the 
notebook PC by my side on the listening couch, 
jumping from Bach to Miles to Zappa with a few 
clicks of the trackpad buttons.

Okay, okay; but how does it sound? In a 
word, incredible. I was wholly unprepared for 
the quantum leap in performance that I heard 
immediately with the BDP-1. I queued the 
instrumental “Mistress of Storms” from Bruce 
Cockburn’s 1996 album Charity of Night and 
pressed Play on the remote. As Bruce’s energetic 
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finger-picking exploded on the left, accompanied 
by Gary Burton’s exquisite vibe figurings on 
the right, I laughed out loud, exclaiming: “Now 
where did all that come from?” I had listened to 
this track hundreds of times over the past fifteen 
years, through many different audio systems, 
but I had never before heard it like this, with 
such a captivating sense of sheer immediacy as 
these two master musicians confidently tossed 
lines back and forth. I marveled at Bruce’s 
preternatural dexterity interleaving percussive 
rhythmic patterns with blindingly fast melodic 
runs, while Gary’s mallets released shimmering 
cascades floating effortlessly into the air.

Moving on to the album’s title track, I found 
myself drawn into an evocative, dreamy musical 
landscape painted by guitar, vibes, accordion, 
mandolin, and bass—the perfect backdrop for 
troubadour Cockburn’s three distinct narrative 
tableaux. It’s one thing for a hi-fi component 
to reveal more sonic detail in a recording; it’s 
something else entirely to present the elements 
of a musical performance with a natural, 
unforced ease that connects directly with the 
listener, bypassing the mechanical trappings of 
reproduced sound.

Throughout our collective audio history, 
we’ve learned to expect—and accept—trade-
offs: phono cartridges that sound detailed but 
edgy; tube amps that sound lush but sluggish, 
etc. It may take some time to come to terms 
with the apparent (but not actual) contradictions 
in the performance of a component like the 
Bryston BDP-1 and to readjust your perspective 
accordingly. Be forewarned, however: Once 
you’ve heard music through the BDP-1, there’s 
no going back.

Deconstructing the performance of the Bryston 
BDP-1 into a checklist of sonic attributes seems 
to completely miss the point; its defining virtues 
transcend mere reductionism. Consider an 
analogy from the field of photography. Image 
A is an optimally exposed photograph created 
with a precisely focused, exceptionally sharp 
lens attached to a tripod-mounted camera. 
Image B is a snapshot of the same subject, but 
poorly focused and carelessly exposed, taken 
with a mediocre hand-held camera. What sort 
of differences might we expect between the two 
photographs?

Image A exhibits more detail, since the sharper 
lens and tighter focus actually increase effective 
resolution, but this detail does not “stick out” 
in an artificial or enhanced manner. Colors in 
Image A have greater fidelity to the original 
scene, as do tonal gradations between light 
and dark. Everything depicted in Image A looks 
more natural, more convincingly believable, 
more realistic. Furthermore, Image A demands 
less work on the part of the viewer, less effort 
to compensate for fuzzy edges, less effort to 
discern fine detail, less effort to see what’s 
lurking in the shadows, less effort to correlate 
colors and tonal subtleties with their real-world 
counterparts.

The Bryston BDP-1 is to music reproduction 
what the camera that created Image A is to 

photographic reproduction.
Through the BDP-1, timbres are infused with 

the harmonic bloom and resonant decay of 
instruments heard live. Pitch intervals are so 
precise and rhythmic patterns so assured that 
music breathes and pulses with extraordinary 
energy and excitement, but no trace of the 
overshoot or ringing that have historically 
plagued “fast” electronics. Crescendos build 
with imperturbable smoothness, neither short-
changing nor overdoing climaxes.

While enjoying the 24/96 download of David 
Chesky’s Concerto for Violin and Orchestra, 
I wrote the following (copied verbatim from my 
notes, hence the awkward phrasing:) “Notice 
the busy fast pattern in the cellos. The complex 
rhythms and dynamic swings are rendered so 
effortlessly that they now just sound real and 
natural, not reproduced and hi-fi. The soloist’s 
phrasing and particularly his bowing technique 
are revealed as never before: digging into some 
notes, letting the bow bounce on others. Hear 
the paradoxically slippery yet dry glissandos.” 
Lesser digital gear can make a mess out of 
this thrilling performance; the BDP-1 tracks its 
exciting twists and turns with tenacious dexterity 
and unflustered poise. One hallmark of a truly 
exceptional audio component is its ability to 
make sense out of unfamiliar, challenging music, 
encouraging the listener to explore new musical 

styles and forms. I’ve never heard any source 
component, analog or digital, that does this 
better than the Bryston BDP-1.

Since the BDP-1 is so adept at conveying 
music’s amplitude and timing relationships, one 
would expect it to present spatial cues with equal 
verisimilitude. Indeed, instruments are rendered 
with vivid three-dimensionality and corporeal 
solidity, never wavering during dynamic peaks. 
The psychoacoustic cues that contribute to our 
auditory perception of depth are particularly well 
communicated: the apparent size of the sound 
source, its distance-dependent tonal balance, 
and the proportion of direct to reflected sound. 
Scale and perspective are completely determined 
by the choices of the recording engineers; the 
BDP-1 imposes no editorial bias of its own.

Listen to the 24/88.2 download of William 
Carter’s delicate, lyrical performance of Santiago 
de Murcia’s Gaitas [Linn Records CDK288]. 
Through the BDP-1, one can easily hear both 
the baroque guitar’s distinctive resonant 
signature and how the small instrument’s sound 
reverberates throughout the recording space. 
With some digital components, the fairly loud 
ambient noise level in this recording tends to 
obscure the sound of the guitar itself, but the 
BDP-1 so clearly differentiates between direct 
sound, reverberant decay, and ambient hall 
sound that the listener can easily tune out the 
background noise and take delight in Carter’s 
impeccable touch.

I approached the Bryston BDP-1 with high 
expectations, but also some trepidation. I 
wondered how much improvement it would offer 
over the ESI Juli@ card in my PC. As I mentioned 
at the outset of this review, any reservations that 
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I might have had were immediately dispelled as 
soon as the music began to play. Bryston has 
shrewdly built upon the considerable strengths of 
the Juli@ card, adding a premium quality digital 
output stage, fabricating a bespoke computer 
platform built to the standards of a high-end audio 
component, and optimizing software control of 
the file-playback process. While I had presumed 
that such measures would elevate performance 
beyond that of a generic PC or Mac feeding a 
DAC from a sound card or asynchronous USB 
interface, I had no idea just how much better file-
based playback could sound through a signal 
chain thoroughly engineered from storage device 
to digital output, until I heard the BDP-1.

The Bryston BDP-1 doesn’t merely “sound 
better”; the experience of hearing music through 
it is qualitatively different. It plays music with 
unprecedented purity, a lack of artifice or artifact 
that is manifestly, incontrovertibly closer to the 
real thing.

So what exactly do we have here? The Bryston 
BDP-1 is a sophisticated next-generation digital 
source component, tastefully presented in a slim 
chassis. It can be operated like a CD player, or 
controlled via flexible music library management 
software. It uses inexpensive, readily available 
storage media, and is capable of accommodating 
collections of any size. It can play music in a 
wide variety of formats, from lossy MP3 files to 
master quality 24-bit/192kHz high-resolution 
recordings. It provides all the sonic benefits of 
file-based playback, with none of the liabilities 
of general-purpose computers. With the BDP-1, 
Bryston has created a reference-grade source 
component that merits comparison with anything 
at any price—a remarkable achievement.

Shortly after power-up, the Bryston BDP-1 

emits a curiously familiar beep, the same sort 

of beep that often accompanies the boot phase 

of a personal computer. The BDP-1 is, in fact, a 

computer, highly optimized for digital audio 

playback, running the open source Music Player 

Daemon (MPD) server software on a customized 

Linux kernel.

There are no moving parts inside the BDP-1, 

nor extraneous circuits such as video graphics 

outputs that could compromise performance 

by emitting spurious RF radiation. A fanless, 

industrial-grade motherboard houses the CPU, 

RAM, flash memory module, Ethernet adapter, 

USB ports (two on the back panel, two on the 

front), and a PCI slot fitted with the digital section 

of an ESI Juli@ sound card, the unambiguous 

winner of my sound card survey published in 

Issue 213.

One wouldn’t expect Bryston’s engineers to be 

satisfied with the digital output circuitry of the 

stock Juli@ card, and indeed, they have added 

an entirely new, proprietary digital output stage 

offering two transformer-isolated digital outputs: 

a 75 ohm BNC jack for the coaxial S/PDIF output, 

and an XLR jack for the AES/EBU output.

I much preferred the BDP-1’s S/PDIF output. 

When terminated with 75-ohm BNC connectors, 

coaxial S/PDIF cables can maintain a true 

constant-impedance transmission line from 

source to load, which is simply not possible 

through the XLR connectors that necessarily 

compromise AES/EBU circuits. While the BDP-

1’s AES/EBU output sounds as good as I’ve 

heard from this format, it marginally flattens 

instrumental dimensionality, foreshortens depth, 

truncates note decay, and homogenizes textures 

compared with the superb S/PDIF output. 

The left side of the BDP-1 chassis houses both 

a linear power supply with a toroidal transformer 

for the motherboard and digital output stage, and 

an application-specific power supply to drive the 

front-panel controls and display. Bryston clearly 

knows a thing or two about building stable, 

low-noise power supplies, optimizing ground 

paths, isolating critical circuitry from parasitic 

interactions, and other engineering arcana that 

should theoretically elevate performance well 

beyond that of a generic computer with a noisy 

switch-mode power supply.

Hard-disc drives connected to the BDP-1’s USB 

ports can be accessed remotely as Networked 

Attached Storage (NAS) devices, enabling easy 

transfer of music files from any computer or 

storage location on the network. One could even 

download files or rip CDs directly to the BDP-1’s 

drives over the network connection. Note that 

the network interface is used only for operational 

control and for transferring data files. Music 

played from the BDP-1 always originates from 

the storage media connected directly to its USB 

ports, thus eliminating playback problems such 

as audio glitches, drop-outs, and inconsistent 

data transfer rates that can compromise 

performance with common network-streaming 

audio architectures. 

The Verbatim 320GB portable USB hard disc 

that I used for the bulk of my evaluation features 

a nearly silent single-platter Samsung 2.5" drive 

mechanism, and was used with its short stock 

USB cable; there was no sonic advantage to 

substituting alternate USB cables. I was mildly 

surprised to find that music played from USB 

thumb drives and other flash memory devices 

connected via the BDP-1’s front-panel USB ports, 

such as the 4GB Class 6 SDHC card and USB 

adapter that I tested, sounded slightly veiled and 

washed-out compared with playback from the 

hard drive. I won’t speculate why this might be 

the case; nor do I consider it worth more than a 

cursory mention, since most users will want to 

store large music libraries on high-capacity hard 

drives anyway, using USB sticks to conveniently 

play music from visiting friends or for quick file 

transfers.

I experimented with various vibration-

evacuation cones and isolation devices beneath 

the BDP-1’s chassis, but they all added frequency-

specific colorations that compromised its 

fundamental coherence. With great delight, I just 

used the BDP-1 resting comfortably on its own 

four feet.

Under The Hood
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Music Players for Apple Computers 
A Survey of Mac Music-Playback Software 

Steven Stone

As more audiophiles make the switch over to computer-based audio systems 
they are finding that the software that controls playback is as important as 
the hardware. Both PC and Mac users have more options for playback today 

than ever before. But as the options proliferate it’s harder for users to figure out 
which software is best for their particular situation. 

I’m a Mac user, and have been since the days 
of OS 6.0, so this survey will focus exclusively 
on Mac playback software options. Watch for an 
evaluation of PC software as part of the four-part 
feature “Computer Music Audio Quality” that 
begins in this issue.

Are there any software options for the Mac that 
stand head and shoulders above the rest? Nope. 
Each software package has its own unique 
feature-set that will better suit some users than 
others. Fortunately all the software in this survey 
can be downloaded and tried free of charge for a 
limited amount of time. 

Just as with interconnect cables, your choice of 
player will have an effect on the overall sound of 
your system. Often the software that sounds best 
on one system won’t be as effective on another. 
There’s really no substitute for conducting your 

own listening tests to determine which playback 
program delivers the best results. The phrase 
“your own mileage may vary” has never been 
truer than with computer audio.

In this survey I’ll attempt to give you an idea 
of what each software package offers and what 
makes it special. Which software will be ideal 
for you depends on which features, sound, 
ergonomics, and price best fit into the way you 
want to use and listen to computer-based audio.

The Software

iTunes (free)

Due to its marketshare and availability, iTunes 
is the de facto standard against which all other 
music-playback software is measured. Almost 
anyone who’s ever used a computer to play music 
has probably used iTunes at one time or another.

iTunes-friendly, they all involve extra steps and 
storing additional music files.

Sonically, iTunes is a mixed bag. Sometimes 
it can sound quite good with excellent low-level 
detail and dimensionality. Other times iTunes can 
sound flat, dimensionless, and lacking in dynamic 
contrast and snap. Sometimes the culprit is the 
wrong preferences, such as using the iTunes 
initial default ripping-rate (MP3) instead of a 
higher-resolution codec such as Apple Lossless, 
AIFF, or WAV. 

Also, iTunes can’t change a Mac’s playback 
output sample-rate on the fly. Unless you close 
iTunes and then change the output rate with 
Apple’s Audio Midi Setup program, iTunes will 
downsample and play all your high-res files 
at 44.1/16. To make sure you’re hearing high-
resolution files at their proper bit-rate you must 
open Apple’s Audio Midi Setup program and 
set the bit-rate manually. If you plan to listen to 
a lot of higher-resolution digital recordings, this 
becomes old fast.

Let’s look at iTunes’ strengths. It’s easy to 
use and has a strong graphical interface. Also 
the iTunes library and file-storage structure has 
become so popular that it has been adapted by 
other playback software, which means that if you 
start building your music library with iTunes, it can 
be accessed and used by most other playback 
programs as well. That’s important because you 
only want to rip a CD once.

The ability of iTunes to organize and store 
metadata, which contains information about 
each music file, is less than ideal. Especially 
with classical music, it’s impossible to tell when 
you first begin to rip a disc exactly where iTunes 
will put it. Often classical titles end up in the 
“compilations” subfolder. Even worse, operas are 
often divided up and catalogued by performer 
instead of by composition. All of my London 
Gilbert and Sullivan opera box sets were drawn 
and quartered by iTunes.

One of its biggest shortcomings is that iTunes 
does not support FLAC files. And while there are 
several programs such as Fluke and FLACtoMac 
that will convert FLAC files to something more 
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Amarra (various versions starting with 

Amarra Jr., $99; Amarra Mini, $295; and 

Amarra, $695)

As one of the first and the most expensive 
playback software packages available for the 
Mac, Amarra offers a deep feature set, excellent 
ergonomic layout, and impeccable sonics. My 
full review of Amarra can be found in Issue 202. 
Since the review, Amarra has gone through 
several iterations that have added to its value. 
The most important new feature is Amarra’s 
ability to play back FLAC files virtually on the fly. 

With three different versions Amarra tries to 
address different levels of computer audiophiles. 
The $99 Amarra Jr. includes the essential Amarra 
signal chain, but with a bare-bones interface—
the 96kHz/24-bit maximum resolution and none 
of the added EQ options of the full Amarra 
package. Next up the food chain, Amarra Mini 
can handle up to 192/24 files and includes an 
iTunes-based EQ option. Finally the full Amarra 
playback package can handle up to 384/32 
music files, has four bands of EQ, and several 
extras, including a .1dB channel-trim control.

While Amarra can be used in standalone mode 
with drag-and-drop playlists, which is how I use 
it when I want to play high-resolution files, its 

real power is as an adjunct to iTunes. Although 
it doesn’t turn an Apple running iTunes into a 
Sooloos, Amarra goes a long way toward making 
a Mac into a serious music-playback device. A 
Golden Ear Award winner from 2010, Amarra 
delivers the sonic and ergonomic goods on a 
world-class level.

Pure Music ($129)

Make no mistake: Pure Music is simply the most 
value-packed music-playback software package 
currently available. Like Amarra, it can run as 
a solo application, but only when coupled with 
iTunes do you experience its full effect. Along 
with essential features, such as dedicated output 
device (HOG) mode, reading data from memory, 
digital volume control, and user-controllable 
upsampling flexibility, Pure Music adds .1dB 
channel-balance adjustments, mono mix-downs, 
and a host of other features you won’t find in 
other software.

Pure Music can quickly become an essential 
part of your playback chain. I like the automatic 
phase-inversion feature that alerts Pure Music 
to reverse the absolute phase of the track if a 
user-placed inversion flag is detected. I also 
use down-mix-to-mono quite often when I’m 

comparing speakers.
Channel D backs up Pure Music with excellent 

customer support and technical assistance via 
its Web site or direct line. I wish every audio firm 
had a similar level of after-sales support. Channel 
D and Pure Music deserved my 2011 Golden Ear 
award. 

Audirvana (free)

Perhaps the reason I like Audirvana so much is 
that its “player” interface looks a lot like a Weiss 
DAC 2. Audirvana can handle up to 192/24 files, 
has an exclusive access (HOG) mode, and an 
integer mode, and you can manually adjust the 
player’s buffer size.

Audirvana plays FLAC files easily. Merely drag 
and drop them into the playlist window and 
before you can think, “Is this thing working?” 
you’re listening to FLAC. You can also turn on 
“force upsampling” with choices of sampling 
rates. One last feature; you can designate either 
Apple Core Audio or SRC LibSampleRate as your 
default conversion engine. And all this for free.

Fidelia ($20)

Another immediately iTunes-aware program, 
Fidelia opens two windows. The first is a spiffy-
looking graphic player that reminds me of a 
Logitech Transporter. The other window is your 
iTunes library. Click on anything in your library and 
it begins to play. The coolest thing about Fidelia 
is that you have quick access to three different 
Apple DSP programs via pull-down menus on 
the main player. Can you imagine having three 
graphic equalizers running at the same time? 
Hmm. Or one bank can have a graphic EQ, the 
next a parametric EQ, and the last can harbor 

a reverb. And yes, you can really mess up the 
sound if you use these DSP functions incorrectly. 
Like garlic, a little EQ goes a long, long way. 

Fidelia plays FLAC files perfectly. It’s equally 
comfortable with 192/24 high-res digital files. 
In its preferences, Fidelia lets you choose your 
format, sample-rate, and bit-rate for saving CD 
rips. For audiophiles who already have a large 
library on a PC system Fidelia makes it possible 
to share one central FLAC-based library. And if 
your system could use a little digital EQ, Fidelia is 
a very cost-effective way to do it. 

Play (free)

Play presents you with a completely blank slate 
the first time you open the program with no traces 
of your iTunes library, if you have one. Dragging 
and dropping music files into the upper of two 
windows also adds the tracks to Play’s music 
library. You can even drop entire folders into 
the library, so populating Play’s music database 
doesn’t take much time.

Although it lacks pretty pictures, Play has a 
multitude of user-adjustable display options—
even more than iTunes. As far as I could tell, 
96k files and above won’t play on Play, but 
ripped 44.1k/48k 16-bit files and MP3s work with 
no problems. Play is also FLAC-friendly—my 
Beatles FLAC files played as easily as any of my 
MP3, AIFF, or Apple Lossless files. 

Decibel ($33)

Graphically speaking, Decibel isn’t fancy looking, 
but Decibel’s rather plain interface gives it a 
wolf-in-sheep’s-clothing vibe. Like Play, which 
was also created by Steve Booth, Decibel 
doesn’t automatically load iTunes libraries. But 
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if you activate the little iTunes icon on the upper 
righthand side of the player, it will let you import 
as little or as much of your library as you wish 
via a pop-up window. The new music appears in 
Decibel’s library almost instantaneously. Although 
Decibel doesn’t have much in the way of frills, 
such as equalizers or HOG modes, it does have 
by-passable digital and device volume controls. 
Decibel’s “Inspector” mode lets you see all the 
metadata for whatever music files you’re currently 
playing. One final touch—if you look at your dock 
while Decibel is playing a track, you’ll see the 
imbedded jpeg as the new icon for Decibel—
change the track and the icon changes as well. 
Cute.

Songbird (free)

With its browser-like interface, iTunes music 
library-awareness, and iTunes-like file-handling 
Songbird is definitely worth taking the time 
to download and play with. You’ll like how 
seamlessly Songbird integrates Web and local 
music libraries, and remembers what you’ve 
played even if you don’t save it via a playlist.

Bugs? None of my iTunes Beatles playlists 
made of FLAC files would play on Songbird, 
but if I directly imported a Beatles FLAC file 
it played perfectly. If you like to listen to and 
explore Internet radio, try the Shoutcast plug-in. 
If you like to tweak software, Songbird’s graphic 
and interface flexibility could make it the most 
satisfying software you’ve ever gotten for free. 

vox [formerly ToolPlayer] (free)

Vox touts itself as “little and simple,” which it is. 
But it is also one of the most versatile players 
in terms of recognizing different music file types 

and being able to convert them to other types. If 
you’re a PC person migrating to Mac, Vox will be 
essential. Vox also includes various “effects” that 
enable anyone to add reverb, EQ, time-stretch, 
pitch-shift, and echo to his most and least 
favorite tracks, save the results, and sonically 
horrify your audiophile friends.

Airfoil ($25)

Technically Airfoil isn’t a playback program; it’s 
a streaming program. What it lets you do is send 
whatever is playing on your main computer via 
iTunes or other playback software to any Airfoil-
aware wireless or wired playback device, such 
as an Airport Express, Apple TV, or any air-play-
enabled streaming device such as the B&W 
Zeppelin. The latest version, 4.5, even lets you 
play music from your iPod, iPad, or iPhone. 

AudioGate (free)

AudioGate was originally developed for the 
exclusive use of owners of Korg DSD recording 
devices. Although it’s always been free, you 
needed to connect a Korg recorder to your 
computer to activate it. Now anyone can activate 
the software.

AudioGate is primarily a conversion software 
package that enables users to change DSD 
recordings to PCM format. But AudioGate also 
plays back DSD music files, though it converts 
DSD before playback into PCM so you won’t 
hear the actual DSD feed. But AudioGate also 
plays and converts FLAC files into PCM, making 
it a very useful program for PC users migrating 
FLAC-based music libraries to a Mac who want 
to do high-quality conversions.  

http://bit.ly/JPUN7x
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and easy-going. The cable presents a huge 
amount of information, from very low-level spatial 
cues, to inner timbral information that conveys the 
mechanism by which instruments create sound, to 
micro-dynamic nuances. For example, I’ve been 
listening to Rachmaninoff’s Symphonic Dances in 
176.4kHz/24-bit via Reference Recordings’ HRx 
format for two years and know it well. After putting 
Diamond USB into the system, I heard even 
more very low-level information, particularly very 
quiet instruments at the back of the soundstage. 
This increased density of detail expanded the 
soundstage, particularly in depth, heightening the 
sense of a large acoustic replacing the acoustic of 
my listening room. The increased resolution also 
made timbres more richly saturated and lifelike. 

Concomitantly, the presentation became 
gentler and smoother. The treble, in particular, was 
revelatory. Thanks to the elimination of hardness 
and glare, I could listen at higher volumes without 
the sound bothering my ears. The presentation 
became more musically vivid without becoming 
more sonically vivid—a rare feat that I greatly 
value. It is this combination of resolution and ease 

that makes Diamond USB special. 
When critics of premium audio cables complain 

about cable pricing, I suggest that they perform 
a simple test: Listen to the system for a couple 
of weeks with the expensive cable installed, and 
then replace the expensive cable with what they 
had been using before, or with a lesser-quality 
cable. They should then ask themselves: “Am 
I willing to live without the qualities the better 
cable delivers?”

I suspect that anyone who performs this test 
with Diamond USB won’t want to take it out of 
his system.  

The replacement of the s/pDiF interface by usB as the de facto standard for 
transmitting digital audio has been surprisingly rapid. even more surprising 
is how variable in sound quality usB can be. No two implementations of the 

usB interface sound the same, with a huge performance gap between the best and 
the worst. The good news is that some talented high-end designers are addressing 
the problem, raising the bar in usB performance. The very best implementations are 
now very good indeed.

All of these observations about USB also apply to USB cables. There are, in fact, larger sound quality 
differences between USB cables than between S/PDIF or AES/EBU cables. Generic USB cables 
designed for connecting computer peripherals are so bad that even a $29 designed-for-audio USB 
cable offers a huge leap in performance.

So how good can a USB cable get? I discovered the answer when I replaced an excellent $80 USB 
cable with a 1.5m run of AudioQuest’s top-of-the-line Diamond USB ($549 for .75m, $695 for 1.5m) in 
my music-server system. (I use an iMac running iTunes and Pure Music, a Berkeley Audio Design Alpha 
USB Interface, and a Berkeley Alpha DAC, later replaced by an Alpha DAC Series 2.) It turned out that 
the state-of-the-art in USB cables combined with a state-of-the-art USB interface sounds absolutely 
spectacular. My music server system took a significant leap in sound quality. Diamond USB may be 
quite expensive, but in the context of my system, it is well worth the price.

The Diamond cable is built from solid silver conductors—what AudioQuest calls “Perfect-Surface 
Silver” (PSS)—terminated with silver-plated connectors. AudioQuest’s 72V Dielectric Bias System 
(DBS) applies 72V across the dielectric via a battery attached to the cable. A wire attached to the 
battery’s negative terminal runs down the cable’s length. The battery’s positive terminal is connected 
to a shield around the conductors. Note that the battery’s + and – terminals are not connected together, 
so no current flows, which is why the battery will last for years. The idea is to saturate and polarize the 
dielectric so that it performs optimally at all times, and with no break-in required. 

AudioQuest’s Diamond USB delivers exceptional resolution of detail, but at the same time is relaxed 

audioQuest Diamond usB Cable
Faceted, Polished, and Colorless

robert Harley

auDioQuesT

2621 White Road

Irvine, CA 92614

(949) 585-0111

audioquest.com

Price: $549 (1m); $695 (1.5m)

speCs & priCiNg

Comment on thIS ARtICle on the FoRum At avguiDe.Com

www.avguide.com
www.audioquest.com
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niFty, thriFty, And thorouGh
The $800 NAD C 446 is, indeed, an FM/AM tuner, 
but as part of its mission as a Digital Media 
Tuner it also gives you access to the near-infinite 
world of Internet radio, plus the ability to stream 
a music library from network storage devices, 
and most significantly to wirelessly stream 
from a computer, Android phone, Apple iOS 
device, or network hard-drive using Universal 
Plug-and-Play (UPnP). As is the norm today, 
wireless streaming is limited to conventional 

16-bit/44.1kHz resolution.
The C 446 offers support for many popular 

digital formats including WAV, AAC+, and FLAC, 
and outputs them via its 24-bit/192kHz DAC. 
Other features include the ability to digitize FM/
AM for output as S/PDIF and a front-panel USB 
input for thumb-drive playback. The C446 also 
supports cloud music services so that you can 
access your music library from multiple devices. 
Adding NAD’s optional IPD 2 Dock permits iPod/
iPhone docking/charging via a back-panel input. 

NAD C 446 Digital Media Tuner 
How NAD Saved My Radio 

Neil Gader

I was raised on radio, and I still enjoy its unpredictable mix of music, features, 
and news. In fact, there was a time when no self-respecting audio system was 
considered fully dressed without a good tuner. Lamentably you don’t hear a lot 

of chatter about FM/AM radio anymore. In spite of some marvelous programming 
it’s become a victim of portable digital media, downloads, and satellite services—
essentially relegated to the car, and counted on mostly for traffic reports and talk 
radio. Still I remain a stalwart. As does NAD Electronics, which to its everlasting 
credit remains one of the few high-end electronics companies that hasn’t turned 
its back on this admittedly shrinking segment of the market. Its latest effort, the C 
446 Digital Media Tuner, continues the tradition; yet it does so with a considerable 
and calculated twist over the traditional tuner. 
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About the only thing the C 446 doesn’t have is 
a USB DAC—even a company as resourceful 
as NAD has budgets to meet after all. But don’t 
fret; NAD wasn’t napping. NAD has several USB-
DAC solutions that can always be added down 
the road. Even so, the C 446 is a veritable digital 
crock-pot for music delivery.

Visually the C 446 is definitively NAD—
minimalist, elegant, and carefully laid out for 
ease of setup and control. The large central LED 
screen is readable even from a modest distance. 
The back panel is clearly organized, and the 
remote control is well laid out and intuitive. Kudos 
to NAD’s pictorial Quick Start guide, which goes a 
long way toward reducing the connection jitters. 
It calmly walks networking-phobes like yours truly 
through wireless or wired Internet setups, and 
believe me I’m a fumbler. Windows users have 
it easy, since UPnP is built into that OS. For Mac 
users it’s slightly more complicated. Recognizing 
this, NAD has partnered with Twonky.com as its 
UPnP client. A quick download from the Twonky 
site, some legwork in the C 446 set-up menu 
to create a wireless handshake, and, voîlà, a 
familiar fully searchable music library with full 
playlists appears on the front-panel display. All 
in all, a relatively straightforward setup. Not as 
elegant or foolproof as Micromega’s iTunes-
based AirStream technology—the Cadillac of 
its kind—but to be fair the C 446 is a fraction of 
the Frenchman’s cost. Tip: Keep in mind that it’s 
not a bad idea to compile music playlists with 
material in formats that the C 446 can decode. It 
won’t do AIFF, for example.

Turning to tuner performance, channel 
selectivity was very good and noise was 
minimal on all but the weakest stations. Even 

without a signal-strength meter, it was easy to 
get a good lock on most stations. The memory 
feature is useful particularly if you don’t want 
to start all over again spinning the tuning 
knob. I wish there were a scan feature, or that 
the numerical keypad could be used to locate 
stations via their identifying call numbers, but 
never mind. Channel separation and signal-to-
noise were perceivably very good, and more 
than competitive in this price range. Being a big 
fan of dedicated tuners like the superb Magnum 
Dynalab MD106T (Issue 152), I was more than 
impressed with the immediacy and the smooth, 
almost buttery musicality of the C 446. On one 
of my favorite classical stations it threw a wide 
and vivid soundstage, with solid dimensionality, 
nicely resolved images, accurate timbre, and a 
spirited sense of air and hall ambience. Keeping 
in mind that the FM radio standard has its own 
well-known limitations in bandwidth, the C 446 
did a good job minimizing these shortcomings. 
In head-to-head comparison with compact-disc 
playback, the most obvious shortcoming of tuner 
reproduction will be a truncation of dynamic 
range. While low-level resolving power is enough 
to keep you on the edge of your seat, larger 
dynamic swings lose some energy. In order to 
maximize performance, a decent antenna is 
key—an omni rooftop or attic unit like Magnum’s 
reasonably priced ST-2 whip-pole model. You’ll 
likely realize that there’s more life left in the 
venerable tuner than you thought.

But of all the tools in the C 446’s digital 
arsenal, wireless is the star. Its performance was 
nothing short of startling over my home network. 
Startling in this context is that wireless has come 
to mean more than merely unwired convenience. 

It’s become a performer. The C 446 joins this 
group. And I say this after spending considerable 
time with the Micromega’s AirDream technology. 
Like the Micromega, the NAD sonically rivaled 
compact-disc sources as well as a couple of USB 
DACs that I had on-deck for review. Key among 
its performance virtues is how it sheds some of 
the unyielding hardness I hear in average digital 
and replaces it with a more supple and I think 
more natural expression of transient attack. It has 
a liquidity that I normally regard as the territory of 
more expensive digital reproduction. Low-level 
resolving power was very good as well, as I noted 
during Judy Collins’ cover of Jimmy Webb’s “The 
Moon is a Harsh Mistress” from Judith [Elektra]. 
On this track there is an underlying resonance 
from the accompanying cello that is expressed 
as if just “under its breath.” But in this instance it 
was distinct and the instrument was reproduced 
with its full character. Equally informative were 
the clarity and warmth of the solo violin on this 
cut. During Appalachian Spring [Reference 
Recordings], the delicate opening segment and 
the thematic burst of strings were uncongested 
and open, with a soft lilt in the upper register that 
seemingly lifted harmonics upward on a bed of 
air.  

There is a small subtraction of transparency 
that lightly veils the music. The rendering of 
spatial cues, of hall boundaries, of specific image 
placement is just a little more ephemeral than 
the AirDream or Lindemann USB. In addition, 
a light amount of granularity seeped into the 
brass section during Fanfare For The Common 
Man. Also, as I listened to the harmonics of 
Evgeny Kissin’s heavy trills on the concert grand 
it seemed to me there was a very small bit of 

smudging. The same track from the compact-
disc version was decidedly better defined. Yet the 
CD was also something of a trade-off, as the disc 
had a drier, more brittle signature, a trait that can 
itself create an impression of greater definition. 
So, yes, I still have some minor quibbles, but 
wireless is definitely moving into primetime.

The C 446 Digital Media Tuner is a rewarding 
component that fills a critical gap seen in many 
audio systems today. Straddling two worlds, 
it’s something old and something new from the 
company that seems to intuit a market’s sweet 
spot. The NAD is a welcome addition in a rapidly 
changing audio landscape.

outputs: Analog on RCA, S/PDIF on TosLink 

Interface: Ethernet, Wi-F

Dimensions: 17.1” x 4” x 13.5”              

weight: 10.25 lbs.          

Price: $800 

NAD ELECTRONICS INTL

633 Granite Court

 Pickering, Ontario

Canada, L1W 3K1

(800) 263-4641 

nadelectronics.com

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM
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Pure Music is such a powerful program that 
reading its “User Guide” is a must. I daresay that 
you will be reading this informative tome more 
than once. I recommend keeping Pure Music’s 
User Guide PDF open on your desktop for the first 
week or so of operation, especially during initial 
setup. While nothing in Pure Music’s preference 
panels is completely inscrutable, without the 
User Guide anyone not familiar with Pure Music’s 
many options could screw up its settings in a 
myriad of ways. Don’t say I didn’t warn you.

pure FeAtures
Like Amarra, Pure Music’s principal function is to 
bypass iTunes’ signal processing and substitute 
a more direct and powerful 64-bit processing 
program. In addition Pure Music offers automatic 
rate-switching from 44.1/16 all the way up to 
192/24, gapless playback of files that have 
been designated as gapless files, memory play, 
real-time high-resolution upsampling of CD 

tracks, a 64-bit internal signal path, dithered 
volume control, phase inversion, a subwoofer 
crossover, multichannel support, support for 
audio-processing plug-ins, Core Audio HOG 
mode playback, high-resolution audio streaming, 
precision signal metering, reverse play, and more. 
Some of these features, such as HOG mode and 
memory play, may sound like gibberish to the 
uninitiated, but these two features alone make 
Pure Music capable of elevating even a lowly 
Mac Mini into a formable music-delivery device.

I could easily fill many pages with a detailed 
description of individual preference panes and 
the various options these panes offer, but you 
can download the User Guide along with a demo 
version of the software from Channel D’s Web 
site.The free demo offers 15 days of full-featured 
usage, and I daresay that once you’ve used Pure 
Music going back to ordinary ol’ iTunes will be 
tough, unless you’re listening through a Dixie cup. 

Although a novice user, the sort of person 

who feels intimidated by anything labeled 
“preferences,” can simply download and run 
Pure Music, to hear its full potential does 
require optimizing it for your particular system’s 
capabilities. But even when it is used “plain 
vanilla” without any system optimization, I could 
hear differences between iTunes and Pure Music. 

Among Pure Music’s “must use” features 
is memory play. This loads your music file’s 
stream into an adjustable RAM buffer before 
it’s sent to your rendering device or DAC. It 
usually takes a few seconds for the buffer to fill 
and music to begin playing, but you can select 
a “Hybrid buffer” setting which will play the first 
couple of seconds of a track without buffering 
while the data is loaded into the buffer and then 
automatically switches to buffered mode once 
the buffer is filled. 

Pure Music’s upsampling capabilities allow it to 
turn a 44.1/16-bit file into a higher-res file. Among 
the options are “power-of-two” upsampling. 

According to Pure Music’s User Guide, “this 
operation is more efficient than factored 
upsampling, and in the case of Red Book CD, 
88.2kHz is, all things considered, a better target 
than 96kHz.” If your DAC will support it, a Red 
Book CD can be upsampled all the way to 
192kHz. With the Weiss DAC 202 I was able to 
set up Pure Music so it upsampled 44.1/16 files to 
192/24 before sending them to the DAC. 

Another unique feature of Pure Music is the 
HOG mode. According to the User Guide, “this 
option reserves the audio device for Pure Music’s 
exclusive use while Pure Music is running. To use 
this feature, the audio device selected in Audio 
MIDI Setup should be set to a different device 
than the one used by Pure Music, to allow iTunes 
to fully access an audio device if necessary. 
Accordingly, by default, HOG Mode cannot be 
used for the audio device selected in Audio MIDI 
setup.” This feature is best used on a dedicated 
music system. On a full-service computer it 

Channel D Pure Music Software 
Pure Heaven

Steven Stone

In Issue 202 I concluded my review of the Amarra software program with, “If you 
want to hear how good a quality Mac-based system can really sound, you have to 
use Amarra. In the end, it’s that simple.” Time and the latest version of Channel 

D’s Pure Music software may make me eat those words. Priced at only $129, Pure 
Music promises to improve not only iTunes’ sonics, but also adds high-resolution 
capabilities along with a host of other advanced sonic and ergonomic features. 
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means that any time you want to use any program 
that requires an audio stream it will have to go to 
an alternative audio device, such as your internal 
speakers or a second DAC. 

My final preferred HOG setup was pretty clever, 
if I do say so myself: I used the Weiss DAC 202 
in FireWire mode for my Pure Music feed and the 
Empirical Audio Off-Ramp 3 for all other audio 
tasks. To change from Pure Music to other audio 
sources I only needed to select the DAC 202’s 
RCA-S/PDIF input.

Pure Music also allows the use of third-party 
plug-ins, and comes with 18 plug-ins already 
installed and waiting for activation. A plug-in is a 
small application program that runs within Pure 
Music. Installed plug-ins include a peak limiter, 
graphic EQ, high-pass and low-pass filters, 
compressors, reverb, and shelf filters. My favorite 
plug-in is the Roger Nichols Digital Inspector, 
which shows clip incidents, consecutive clips, 
overall headroom, and master levels in real time 
for any music file being played through Pure 
Music. (Digital Inspector isn’t included in Pure 
Music.) Since each plug-in takes up processor 
time, Pure Music monitors the total CPU load so 
that you don’t overload your computer by using 
too many plug-ins all at once. On my Mac Pro 
with 12 gigs of memory I was able to run quite a 
few plug-ins simultaneously. But the best way to 
use plug-ins is with restraint. You can, if you’re so 
inclined, use up to 14 plug-ins at the same time, 
but that would be a wee bit excessive.

With the right hardware you can even have 
Pure Music handle crossover settings for a multi-
amped speaker system. To utilize this feature you 
will need a multichannel output device such as a 
Lynx AES-16 or Apogee Ensemble. Each channel 

can be selected and modified by Pure Music. For 
a two-way speaker system, channel one could 
be right tweeter, channel two the right woofer, 
channel three the left tweeter, and channel four 
the left woofer. You can choose either 6-, 12-, 
18-, or 24dB-per-octave slopes for both the high 
pass and low pass. You can also adjust individual 
levels for each channel and the delay for each 
channel, making this a very powerful and flexible 
way to configure your crossovers. 

While earlier versions of Pure Music had 
some small ergonomic quirks such as reading 
out “Paused” while it was playing, the current 
version, 1.6.3, proved to be exceedingly well-
behaved. The only problem I experienced was 
with the Wyred4Sound DAC 2. During the silences 
between cuts I heard low-level crackling. Since 
this DAC uses its own proprietary driver, I suspect 
that was the culprit. I alerted Wyred4Sound of 
the problem and they added it to their bug-fix list 
for the next version of the driver. 

One ergonomic issue I was glad to see Pure 
Music doesn’t have is Amarra’s death-grip on 
the computer’s CD/DVD drive. If you rip a CD via 
your internal ROM drive while Amarra is running 
it won’t let you eject the disc. You have to shut 
down Amarra (which shuts down iTunes) before 
you can remove the disc from your drive. That 
gets old pretty fast.

pure soniCs
How does Pure Music sound? Better than iTunes 
alone, that’s for sure. Compared to iTunes Pure 
Music is more dimensional, dynamic, detailed, 
and involving. ITunes sounds flat, not pitch-wise, 
but in its overall presentation. It is like going from 
a 128kbs MP3 file to a 320kbs file. Pure Music 

delivered substantially more musicality and more 
information than iTunes did.

I found I got the best sound from Pure Music 
when I used both memory play and HOG mode. 
This combination delivered a subtle improvement 
in both overall soundstage depth and 
dimensionality. The spaces around and behind 
individual instruments were better defined. The 
amount of improvement will vary depending 
on your particular hardware configuration. 
Although I heard the improvements through the 
Wyred4Sound DAC 2, the improvement was 
more pronounced through the Weiss DAC 202.

Naturally, I compared Pure Music with Amarra. 
Unfortunately, because you must shut down 
each program and iTunes when you switch from 
one program to the other, I couldn’t do the kind 
of direct real-time A/B tests that I usually employ. 
On the longer, slower A/B comparisons I couldn’t 
hear any differences between Pure Music and 
Amarra. Both were clearly better than iTunes, a 
fact I could easily ascertain via matched-level 
instant A/B comparisons.

Given that I found sonic differences between 
Pure Music and Amarra negligible, and Pure 
Music costs approximately 25% of Amarra’s 
price, does that make Amarra obsolete? For 
budget-conscious audiophiles the answer is yes, 
but for those who are using one of the professional 
DACs that Amarra supports, Amarra still may be 
a better option. Also, given Sonic Studio’s rapid 
rate of innovation, it’s possible that by the time 
this review sees print Amarra may have seen 
improvements of its own.

I’m sure many readers would like to know 
how a Pure Music-enabled Mac system stacks 
up against a top-flight transport. Sorry, but you 

won’t find any answers here. To be completely 
forthright, I don’t listen to CDs through CD 
players or transports anymore. For me a CD is 
merely a way to get digital files. When I receive 
a new CD, I “play” it exactly once, when I add it 
to my digital library. Then it goes onto a shelf to 
collect dust. Transports are as useful in my world 
as a capo on a mandolin. 

pure pleAsure
Pure Music is a great piece of software at 
a price that even a flea-market-scrounging 
audiophile hobbyist can afford. Combine Pure 
Music with any recent Mac computer and 
you have a front end that will play back any 
digital file (except FLAC) from lowly MP3s up 
to 192/24 high-resolution with ease. Mate this 
front end with a top-flight DAC such as the 
Weiss DAC 202 and you have a digital playback 
system that will catapult you to the forefront of 
the new computer-playback revolution. Dare I 
say it? If you want to hear how good a quality 
Mac-based system can really sound, you have 
to use Pure Music, at least for now. 

Hardware platform: Apple Macintosh OS 10.5 or 

later with iTunes

Price: $129 (free 15-day trial with all features 

available)

CHANNEL D SOFTWARE

(609) 393-3600 (live support available 9-5 EST)

channld.com
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Visually the AS-400 is a home run. It sports 
a clean and direct front panel—its hefty volume 
knob has a nice action and is augmented only by 
the necessary input buttons plus dual mini-jacks 
for an iPod and a set of headphones. The solidity 
of the chassis and casework is impressive, and 
a marked improvement over the Micromega 
preamp/amp separates I reviewed in Issue 199. 
Like the IA-400, the AS-400 features a large blue 
fluorescent display, with easily readable, 7mm-
tall characters that indicate input and volume. 

Some may well ask: Do I need this level 
of network connectivity when I already have 

a wireless network in my home? Can’t I just 
piggyback my music streaming onto that 
network? The short answer is yes, but you’ll miss 
the payoff. Because the AS-400 creates its own 
dedicated network, music doesn’t compete with 
the home network for bandwidth. And that’s a 
big plus given the potential bottleneck created 
by multiple family users who might otherwise be 
gaming, surfing, or number-crunching. The result 
is fewer potential dropouts. In fact, so much 
faith has Micromega placed in its AirStream 
technology that it opted to exclude digital inputs. 
There’s no S/PDIF, TosLink, or USB. Now that’s 

Micromega AS-400 Integrated Amplifier/Wireless DAC
A High Wire-Less Act

Neil Gader 

What do you get when you combine an integrated amplifier, premium DACs, 
and a cutting-edge wireless network? Micromega calls it the AS-400. 
Based on the Micromega IA-400, a 200Wpc (400Wpc into 4 ohms) Class 

D integrated amplifier, the AS-400 raises the ante by adding the company’s core 
wireless network connectivity, AirStream, to the package. Like the original stand-
alone WM-10, the Airstream standard (Micromega calls it WHi-Fi) is based on 
Apple’s iTunes software and AirTunes wireless transmission protocol. However 
the latest incarnation is an entirely different animal. It’s been thoroughly revised 
in-house by adding three-stage R-core power-supply regulation, a custom-made 
25MHz master clock to reduce jitter, superior Cirrus Logic CS 4351 24-bit/192kHz 
DACs, and a lower-noise analog section. All the user needs to supply is an Apple 
or Windows-based computer running iTunes music software. A Windows machine 
without iTunes will not connect to the AS400.
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what I call a high wireless act.
Limitations? Sort of. The Apple AirTunes 

encoding algorithms currently used to transmit 
to the Marvel IC inside the AS-400 and Apple 
AirPort Express don’t support high-resolution 
music sampling rates above 16-bit/44kHz—at 
least for the time being. But not to worry, thanks 
to its internal Cirrus Logic 24/192 DACs, the 
AS400’s wireless AirStream will be compatible 
with high-resolution streaming content whenever 
iTunes makes that option available.

Trouble-free setup is everything for a computer-
phobe like yours truly. Happily, Micromega has 
endeavored to make wireless connectivity as 
routine as plugging in any traditional source 
component. And it has largely succeeded, 
assuming you have some basic familiarity with 
a computer and iTunes. The initial handshake 
between your computer’s WiFi and the AS-400 
takes just a moment. As the AS-400 powers up 
for the first time it activates the AirStream network 
and the small icon on the front-panel display 
changes from red to blue. Then, if you’re running 
a Mac, simply click on the WiFi icon in the upper 
right portion of the Mac’s desktop and select 
the AS-400 network “Music,” which appears as 
an available network connection. The first time 
you do this, the computer will prompt you for 
the password “airstream”; after that, you’re off to 
the races. Then open iTunes and select the AS-
400 in the pull-down menu located in the lower 
right corner of the iTunes window. If you prefer 
controlling iTunes via an iPhone/iPad/iTouch, 
you have two options. The first is to stream audio 
directly from your handheld device to the AS-
400 via Apple’s AirPlay. The second, and better-
sounding option, is to download the “Remote” 

app (free at Apple’s Web site) that sends just the 
commands to your laptop or desktop machine 
running iTunes. In this scenario, the audio data are 
not transmitted wirelessly, just the track selection, 
volume, and other commands. 

I evaluated the sound of the AS-400 on two 
levels: as a traditional integrated amplifier 
from a CD source and in wireless mode. With 
compact disc, right out of the block the AS-400 
had a powerful sense of midrange presence 
and stability, lively dynamics, and a pleasingly 
propulsive energy. For me, these attributes 
created a resolution of vocal nuances that 
instantly made this amp a top contender in its 
segment. Whether I was listening to the darkly 
sensuous styling of Shelby Lynne singing “How 
Can I Be Sure” from Just A Little Lovin’, or the 
homespun sweetness of James Taylor’s “If I Keep 
My Heart Out of Sight” from JT, or Marc Cohn’s 
throaty cover of “The Only Living Boy In New York” 
from Listening Room, the AS-400 never failed to 
uncover the subtlest micro-information about 
vocal inflection and interpretation. Tonally, the 
AS-400 was neutral through most octaves with 
only a slight darkening on top and small losses of 
air at the frequency extremes. Piano harmonics 
were rich and full-bodied with a sweetness in 

the treble that I didn’t typically hear with earlier 
switching amplifiers. There was a reassuring 
sense of resonance and harmonic weight 
throughout. The top end was clean with just a 
hint of coolness and a slightly brittle complexion 
on leading-edge details. Transient behavior was 
elsewhere uniformly excellent—clean, concise, 
and well integrated into the performance.

 The Rutter Requiem [Reference Recordings] 
with the Turtle Creek Chorale is pivotal for my 
listening evaluations, and the AS-400 didn’t 
disappoint. The vast assembly of pipe organ, 
choristers, and strings was anchored firmly to the 
soundstage and there was little to no smearing 
among adjacent instrumental or vocal images—
which is no small accomplishment. Lateral 
soundstage presentation was excellent, as well. 
Only at the frequency extremes did the AS-400 
lose a little ground. The Chorale’s upper reaches 
were just a shade dry and constricted. And the full 
dimensions of the cavernous acoustic and stage 
of Meyerson Center were just not as faithfully 
replicated as I’ve heard with other gear. During 
Vaughan Williams’ Antartica the landscape of 
symphonic images lacked the sense of near-
topographical relief that defines the layering of 
string sections, and the ability to reproduce the 
corners and boundaries of the venue, as well as 
the sensation of ceiling height and of the backwall 
upstage behind the musicians. 

Bass control was excellent, something I’ve 
come to expect from Class D power—the rolling 
thunder of tympani during Copland’s Fanfare 
being a prime example, the steady kick of the 
bass drum during Steve Winwood’s “Higher 
Love” being another. The Wilson Sophia 3, on 
the other hand, is a speaker that demands an 

awful lot from an amplifier. In most instances 
the Micromega was a model of unflappable 
consistency and the Sophia sounded fabulous. 
But if concert-level rock ’n’ roll is your thing, then 
you’ll find the AS-400 bottom octaves a little soft. 

Turning to the AS-400’s wireless AirStream 
performance, the sonics maintained the essential 
character established with the disc player in 
the system; yet now the music was streaming 
from my kitchen to the listening room some 25 
feet away while I controlled it via an iPad using 
Apple’s Remote app! The AS-400’s wireless 
sonic abilities weren’t just a rough approximation 
of the CD source, or vaguely in the ballpark, or a 
“close-but-no-cigar” attempt. Rather, they were 
stunningly close. Image placement was spot 
on, as was the rendering of three-dimensional 
space. The tonal distinctions between wireless 

Power output: 200Wpc into 8 ohms, 400Wpc into 

4 ohms 

Inputs: Three analog, one phono, one processor 

outputs: Preamp, headphone, subwoofer 

Dimensions: 17” x 3.75” x 14.5” 

weight: 33 lbs. 

Price: $4995

 

AUDIO PLUS SERvICES 

156 Lawrence Paquette Industrial Drive 

Champlain, NY 12919 

(800) 663- 9352  

audioplusservices.com 

micromega-hifi.com

SPECS & PRICING

COMMENT ON THIS ARTICLE ON THE FORUM AT AvGUIDE.COM

Micromega has tried to 
make wireless as routine 

as plugging in a traditional 
component.
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and the CD reference were small enough that it might just 
as easily be ascribed to a simple choice of disc player 
interconnect or the individual personalities that the DACs 
might be contributing. 

That’s not to say the character of the AirStream was 
identical. As I listened to solo piano and the acoustic space 
that enveloped it, the sound via wireless was actually 
a little more weighty, as if the midrange had a slightly 
thicker waistline. The top end was a bit sweeter and more 
harmonically complex—something I never would have 
predicted. Moreover, the sound was more coherent, as 
though each piano note was more clearly defined. Likewise, 
during singer Jen Chapin’s cover of “Renewable” her 
sibilance range was more finely textured and cleanly aligned 
with her voice’s body. 

Only in the lowest register did the CD source narrowly 
edge out the AirStream. For example, when pianist Evgeny 
Kissin comes down hard on the keyboard, the instrument was 
a bit more explosive in the dynamic sense, the soundboard 
resonance suggesting a little more body and bloom. To tell 

the truth no one was more surprised than I was when I kept 
reaching for my iPad rather than the disc player’s remote 
control. I kept thinking to myself while gleefully scrolling 
through my iTunes playlists that I could really get used 
to this. (Tip: If you’re running a Mac make sure the format 
setting in iTune’s MIDI setup matches the sampling frequency 
you’re streaming—most likely 44.1kHz/16-bit. I speak from 
experience when I say that an incorrect setting degrades the 
wireless sound quality.) 

The Micromega AS-400 is not just about musicality and 
performance. It’s equally about the user experience. For 
many of us the mere mention of music, computers, and 
wireless networks sets off fire alarms. Micromega, however, 
has done its homework with the AS-400 and removed any 
lingering reservations. Now anyone can contemplate a 
computer-based music collection and step fearlessly into a 
future of wireless possibilities—or not. The AS-400 happily 
let’s you have it your way. And believe me, that’s a tough act 
to follow.

Micromega is a company on the move. In recent years it’s been rejuvenated 

by new owner and CEO Didier Hamdi, and guided in the States by its importer/

distributor Audio Plus Services.

In Issue 199 I reviewed Micromega’s PA-20 preamp and PW-400 power amp 

quite favorably. The AS-400 is a continuation of that upward trend. The AS-

400’s preamp stage features a low-noise gain section matched with low-noise 

power supplies. An R-core transformer is dedicated to all low-level signals, thus 

avoiding cross-coupling between the two sections and preventing any hash from 

the mains line from disturbing the circuit. Ultra-low-noise regulators feed the 

preamplifier section to allow accurate low-level resolution. Input switching is 

done by relays, and the 100k ohm input impedance means that the preamplifier 

section will not adversely load the various sources connected to it. The output 

of the preamplifier section is buffered by JFET amplifiers and then balanced to 

avoid ground coupling between the preamplifier section and the power amplifier 

modules. A moving-magnet phono section is included. volume control is by a 

digitally controlled resistor ladder.

The power amplifier section uses a robust 1kvA toroidal “quiet design” power 

transformer, ultra-fast soft-recovery rectifiers, and four 10,000pF smoothing 

capacitors in a dual-mono configuration. The Class D modules are rated at 200W 

into 8 ohms and 400W into 4 ohms. A DC detection circuit prevents any damage 

to the loudspeakers in case of a failure occurring to the power modules.

Using the processor bypass and subwoofer I/O permits volume-control 

switching for a sub in two-channel and multichannel configurations. via software 

control, inputs can be renamed from a library list stored in the AS-400’s memory, 

while unused inputs can be switched off. A headphone amplifier is available with 

a front output, and its separate volume control setup is stored in the AS-400. 

A true monitor loop is accessible for users willing to insert an external unit in 

the signal path. The unit is equipped with a full-featured remote control that’s 

comprehensive enough, though with such a dizzying number of identical buttons 

it’s more than due for an upgrade. ng

Inside the AS-400 
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the M2. Significantly, the $2600 C 390DD adds 
some new capabilities beyond those of the M2, 
including extensive room-equalization functions 
as well as modular construction that allows you to 
tailor the C 390DD to your particular connectivity 
needs as well as update the C 390DD’s hardware 
and software to accommodate technology 
advances. NAD calls this MDC for Modular 
Design Construction. In this era of rapidly evolving 
technology, it seems a no-brainer to provide an 
upgrade path through user-replaceable digital-
interface circuitry. 

In practice, the C 390DD has three rear-panel 

slots that will accept an optional input module 
(DD AP-1 Analog Line/Phono Module) or the 
module containing three HDMI inputs and one 
HDMI output (DD HDMI-1).  Each optional module 
is $300. The analog-input board offers one stereo 
balanced input on XLR jacks, one unbalanced 
input on RCA jacks, and one phono input, also on 
RCA jacks. The phono input will accept moving-
magnet or moving-coil signals.  Because the C 
390DD operates entirely in the digital domain, the 
analog input board performs analog-to-digital 
conversion. The sampling rate and word length 
are user-selectable, up to 192kHz/24-bit. The 

NAD C 390DD Direct Digital Integrated Amplifier  
Chip Off the Old Block

Robert Harley

It was only a matter of time before NAD brought the groundbreaking technology 
and architecture of its M2 Direct Digital Amplifier to a lower-priced product. The 
$6000 M2, which I reviewed in Issue 198, is unique in part because it converts 

standard-resolution or high-res digital bitstreams directly into signals that can 
drive loudspeakers. This approach eliminates from the signal path all the circuitry 
of a digital-to-analog converter, preamplifier, and most of a power amplifier, not to 
mention the interconnects, jacks, and wiring of separate components. Moreover, 
the M2 upended the traditional system configuration of a digital source feeding a 
preamplifier that then drove a power amplifier. With the M2, you simply connect a 
digital source to one of its inputs and loudspeakers to the output terminals. The 
unit’s functions mimic a DAC and integrated amplifier, with source-switching and 
volume control. 

NAD’s new C 390DD brings the M2’s technology and features to a unit costing less than half that of 
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HDMI inputs are useful when using the C 390DD 
as part of a “2.0” or “2.1” theater system in which 
the soundtrack is reproduced by the left and 
right loudspeakers, foregoing a center channel 
and surround loudspeakers. Note that the rear-
panel USB inputs (marked “Computer,” on a 
USB Type B connector and a USB Type A jack 
for connecting a FAT 32 storage device) are also 
on a removable board (included as standard) to 
accommodate possible hardware changes in the 
USB format (or entirely new digital interfaces). 
A second USB input on the front panel will play 
music from memory sticks. All three USB inputs 
are asynchronous, and can accommodate 
resolutions up to 96kHz/24-bit.

A stock C 390DD provides eight inputs; a fully 
loaded unit sports a whopping 14 inputs. The 
fixed inputs (those integral to the C 390DD rather 
than being on replaceable boards) include two 
digital coaxial on RCA jacks, one AES/EBU, and 
two TosLink optical. These inputs can accept 
resolutions up to 192kHz/24-bit. Digital outputs 
are also provided on RCA and TosLink optical 
jacks. To keep this input flexibility from becoming 
overwhelming, unused inputs can be removed 
from the front-panel display and input-scroll 
function, allowing you to more quickly and easily 
select between sources. Each input can also be 
named by the user. 

In addition to this wide array of inputs, the 
C 390DD offers a line-level output as well as a 
line-level stereo (or mono) subwoofer output. An 
onboard crossover can be engaged to split the 
frequency spectrum appearing at these outputs; 
the C 390DD thus functions as the crossover 
between the subwoofer and main speakers in a 
2.1-channel system. 

The C 390DD is rated to deliver 150Wpc into 
8 ohms. As with other NAD amplifiers, this 
continuous power rating doesn’t adequately 
reflect the C 390DD’s real-world power delivery 
when reproducing music. Part of the C 390DD’s 
generous dynamic headroom is owed to NAD’s 
Digital PowerDrive circuitry, which automatically 
senses the loudspeaker’s impedance and adjusts 
the amplifier’s characteristics to more efficiently 
drive that particular loudspeaker load. The C 
390DD also features NAD’s Soft Clipping circuit, 
which gently compresses peaks that would 
otherwise clip. If you overdrive the amplifier, 
Soft Clipping compresses the dynamic range 
rather than allowing the output stage to flatten 
the waveform tops (heard as a crunching sound 
on peaks). Soft Clipping can be engaged via the 
front-panel display. 

The C 390DD’s on-board DSP provides 
extensive equalization possibilities. In addition 
to bass and treble controls, the C 390DD allows 
you to boost or cut six selectable frequencies 
below 240Hz to reduce room-induced peaks 
and dips. Each filter has adjustable bandwidth. 
As with the C 390DD’s other features, the room 
equalization is accessed via the unit’s large front-
panel display. The manual makes reference to an 
integral test tone useful in setting the equalization, 
but that feature had not yet been implemented in 
the review sample. NAD says that the test tone 
will be available as a software update. 

A number of other miscellaneous features are 
also included. For example, the unit has IR inputs 
and outputs, an RS232 input, and 12V triggers, 
all useful for integrating the C 390DD into an 
automated system.

The remote control is outstanding for its ease 

of use, volume control ballistics, and comfort. 
Although this is the same generic remote 
supplied with NAD’s AV receivers and disc 
players, the superfluous buttons didn’t interfere 
with operating the C 390DD. Incidentally, when I 
was using the NAD remote it struck me how much 
more functional and comfortable it is compared 
to many high-end remotes that are machined 
from aluminum and have tiny points for buttons, 
illogical layouts, and difficult-to-read legends. 

LIstenIng
The C 390DD replaced in my reference system 
the Berkeley Alpha USB USB-to-S/PDIF 
converter, Berkeley Alpha DAC Series 2, Hegel 
H30 linestage, and Hegel H30 power amplifier. 
With cables, this signal chain has a retail price 
of about $30,000, eleven times the C 390DD’s 
price. I fed the C 390DD with the USB output 
(AudioQuest Diamond USB) from an iMac 
running iTunes and Pure Music, as well as with 
analog signals from the Aesthetix Rhea Signature 
phonostage. As mentioned earlier the C 390DD 
operates only on digital signals, requiring that 
analog inputs be converted to digital. The review 
sample was fitted with the optional analog-input 
board that offers balanced and unbalanced line-
level inputs as well as a phono input. 

I controlled the iMac music server from my 
iPad with Apple’s free Remote app. With this app, 
your iTunes library interface appears on the iPad. 
My system was reduced to the iMac, the NAD 
C 390DD, a pair of Venture Ultimate Reference 
loudspeakers, and the iPad for remote-control 
music selection.

After living with NAD’s M2, I was interested 
to hear how that unit’s impressive technology 

translated into a unit of half the cost. In addition, 
my friends Scott and Kerry have been asking me 

output power: 150Wpc into 8 ohms, 20Hz–

20kHz, 0.005% %THD

IHF dynamic power: 165W into 8 ohms, 250W 

into 4 ohms

S/N ratio: >95dB referenced to 1W

Inputs: Two coaxial digital, two TosLink, one 

AES/EBU, one computer (USB Type B), two 

mass-storage input (USB Type A), IR, RS232

optional I/os: DD1 Analogue Phono Module 

with one balanced input on XLR jacks, one 

unbalanced input on RCA jacks, one phono input 

(mm or mc); DD HDMI-1 HDMI Module with three 

HDMI inputs and one HDMI output

Formats and resolutions supported: MP3/

WMA/FLAC up to 48kHz (USB mass-storage 

inputs); USB output from Macintosh or PC 

up to 96kHz/24-bit (computer input); up to 

192kHz/24-bit (TosLink, coaxial, AES/EBU)

outputs: One coaxial digital, one TosLink digital, 

one line-level, one subwoofer

Dimensions: 17 1/8” x 5 3/16” x 15 5/16”

weight: 17 lbs. 

NAD ELECTRONICS INTL

633 Granite Court

Pickering, Ontario

Canada, L1W3K1

(800) 263-4641

nadelectronics.com
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The C 390DD eliminates from a traditional signal 

path all the electronics of a DAC as well as the 

active analog gain stages of a preamplifier and 

power amplifier. It does this by converting the PCM 

signal from a digital source directly into a pulse-

width modulation (PWM) signal that turns the C 

390DD’s output transistors on and off. That’s it—no 

digital filter, no DACs, no multiple stages of analog 

amplification, no interconnects, no jacks, no analog 

volume control, no preamp. The conversion from 

the digital domain to the analog domain occurs as 

a byproduct of the switching output stage and its 

analog filter. This is as direct a signal path as one 

could envision. 

The C 390DD is different in two important ways 

from other amplifiers that use a Class D switching 

output stage. In a conventional switching amplifier, 

analog input signals are converted to a series of 

pulses that turn the output transistors fully on or 

fully off. The signal’s amplitude is contained in the 

pulse widths. An output filter smoothes the pulses 

into a continuous waveform. But in the C 390DD, 

PCM digital signals fed to the amplifier’s input (from 

a CD transport, music server, or other source) stay in 

the digital domain and are converted by digital signal 

processing (DSP) to the pulse-width-modulated signal 

that drives the output transistors.

This difference might not seem great at 

first glance, but consider the signal path of a 

conventional digital-playback chain driving a 

switching power amplifier. In your CD player, data 

read from the disc go through a digital filter and are 

converted to analog with a DAC; the DAC’s current 

output is converted to a voltage with a current-to-

voltage converter; the signal is low-pass filtered 

and then amplified/buffered in the CD player’s 

analog-output stage. This analog output signal 

travels down interconnects to a preamplifier with 

its several stages of amplification, volume control, 

and output buffer. The preamp’s output then travels 

down another pair of interconnects to the power 

amplifier, which typically employs an input stage, 

a driver stage, and the switching output stage. In 

addition to the D/A conversion, that’s typically six or 

seven active amplification stages before the signal 

gets to the power amplifier’s output stage. 

With the C 390DD, PCM data are converted by 

DSP into the pulse-width modulation signal that 

drives the output transistors. That’s it. There are no 

analog gain stages between the PCM data and your 

loudspeakers. The signal stays in the digital domain 

until the switching output stage, which, by its nature, 

acts as a digital-to-analog converter in concert with 

the output filter. The volume is adjusted in DSP.

The second point of departure between the 

C 390DD and all other Class D amplifiers is the 

switching output stage itself. The C 390DD uses 

direct digital feedback amplifier (DDFA) technology 

and chipset. The primary innovation is the use 

of feedback around the output stage to reduce 

distortion. Feedback, used in virtually all analog 

amplifiers, takes part of the output signal, inverts it, 

and sends it back to the input. The technique lowers 

distortion. But conventional feedback isn’t practical 

in digital amplifiers because of the delay required 

for the DSP processing. The DDFA innovation is to 

compare the actual high-level PWM signal (at the 

transistor outputs) to a low-level reference PWM 

signal. Any difference between the actual and 

reference PWM signals represents an error. The 

actual PWM signal can deviate from the theoretical 

ideal because of power-supply noise or droop, slight 

changes in the pulse widths, transistor tolerances, 

or variations in the rise-time of the pulse edges. All 

these potential sources of errors affect the area 

under the pulses, which is how the analog signal’s 

amplitude is encoded. This error shows up as a 

voltage, which is digitized at a conversion rate of 

108MHz, then continually processed to compensate 

for the error by adjusting the width of subsequent 

modulation cycles. 

The reference PWM signal must be essentially 

perfect or else the system will correct “errors” that 

aren’t present. The pulse widths must exhibit jitter 

of less than ten picoseconds, a level of performance 

commensurate with the lowest clock jitter in high-

performance digital-to-analog converters. In fact, 

you can think of the C 390DD as a DAC with gain 

and judge its technical performance using the same 

metrics as those employed in evaluating D/A quality. 

The C 390DD’s topology has interesting 

ramifications for a system’s overall noise 

performance. In a traditional system of digital 

source, analog preamplifier, and analog power 

amplifier, any noise introduced ahead of the power 

amplifier greatly degrades the system’s signal-to-

noise ratio (SNR). For example, if we start with a 

CD player with a SNR of 115dB, feed its output to 

a preamplifier with a SNR of 108dB, and then drive 

a power amplifier whose intrinsic SNR is 115dB (all 

great specs), the system’s overall SNR is only 84.1dB 

referenced to 1W (all SNR numbers are un-weighted). 

Noise at the front of the chain gets amplified by the 

power amplifier, no matter how quiet that amplifier 

is. In the C 390DD, the only source of noise is in the 

DSP and the switching output stage, and the noise 

level is completely independent of the gain. That is, 

the SNR doesn’t degrade at low volume. The DSP’s 

noise is kept low in part because of the 35-bit data 

path. The C 390DD has a SNR of 95dB (un-weighted, 

referenced to 1W) at any signal level. 

There’s no free lunch, however. Switching 

amplifiers require a serious output filter (typically 

a large inductor and a capacitor) to remove high-

frequency switching noise from the output, and to 

smooth the waveform. This filter is conceptually 

similar to the reconstruction filter in traditional 

DACs. Switching amplifiers are also very susceptible 

to audible degradation if the power supply feeding 

the output transistors isn’t perfectly clean. That’s 

because the output transistors either connect 

the output transistors’ power-supply rail to the 

loudspeaker (in the “on” state) or disconnect them 

(in the “off” state). Any noise or ripple on the supply 

rails is connected directly to the loudspeaker. 

Switching amplifiers thus require an extremely 

quiet supply. 

How the C 390DD Is Different from Other Amplifiers
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for some time how to upgrade the sound of their 
existing system and at the same time transition 
into a music-server. They have a Pioneer 
Elite AVR with a Pioneer CD changer driving 
GoldenEar Triton 2 loudspeakers. They want 
better sound quality for music than this setup 
delivers, and are ready to replace the CD changer 
with a computer-based digital source that can 
be controlled wirelessly. They primarily use their 
system for music (and they play lots of vinyl on a 
Pro-Ject turntable). I’ve had my eye on a number 
of products for them (mostly separate USB DACs 
and integrated amplifiers), but I advised them to 
hold off until just the right product came along. 
(Many readers are also exploring ways to get 
better sound and at the same time make the leap 
to computer audio.) The C 390DD, with its unique 
technology, functionality, and future upgrade 
potential via the modular construction, could be 
a highly appealing option if its sound quality was 
anything like that of the M2.

But out of the box the C 390DD sounded dark 
and closed-in through the upper treble, and 
bright and grainy in the upper midrange and 
lower treble. This character diminished over the 
first few days, and after four days, disappeared. 
The transformation was more dramatic than I 
have experienced with any other component. If 
you audition the C 390DD, but sure that it is fully 
broken-in and warmed up. In fact, I thought that 
the C 390DD continued to improve over about a 
ten-day period.

After the C 390DD was fully broken in, there was 
no mistaking its heritage; it sounded very much 
like the M2. The C 390DD’s greatest strength was 
undoubtedly its authoritative bass and startling 
bottom-end dynamics. This amplifier sounded 

like a powerhouse, with rock-solid solidity to 
bass guitar and tremendous impact to kick drum. 
The C 390DD took iron-fisted control of the 
Venture Ultimate Reference loudspeakers’ four 
9” woofers per side, serving up a visceral, body-
involving experience on albums such as Talking 
Heads’ Speaking in Tongues (96kHz/24-bit). 
Even at high levels, the kick drum’s ability to cut 
through the bass guitar lines was phenomenal. 
The C 390DD’s terrific bass and wide dynamics 
were also on full display when I listened to large-
scale orchestral music; I heard no strain on 
even the most demanding passages. In fact, I 
experienced a kind of disconnect when listening 
to an album like Jeff Beck’s Performing this 
Week...Live at Ronnie Scott’s; it seemed hard to 
believe that the massive kick-drum impact and 
rock-solid bass lines were being produced by 
this diminutive and lightweight (compared with 
the huge monoblocks flanking the C 390DD) 
integrated amplifier. A phrase came to mind 
when I was marveling at the C 390DD’s bass: 
“Krell-like.” Krell amplifiers have, since their 
introduction in the early 1980s, represented 
the pinnacle of “center-of-the-earth” solidity 
and bottom-end dynamic impact. Improbably, 
the 17-pound C 390DD invited this prodigious 
comparison.

It wasn’t just that the bass had depth and 
impact; it also exhibited texture, definition, 
nuance, and dynamic flow. I love the sense of 
swing and movement that bassist Ray Brown 
brings to music, a swing that the C 390DD 
conveyed with aplomb. On the Kenny Burrell 
tune “Bass Face” from Bill Evans’ Quintessence 
[Analogue Productions 45-rpm LP], Brown 
locks the group into a deep groove that sets 

a foundation for solos from Burrell, Evans, 
and tenor player Harold Land. The C 390DD 
conveyed this aspect of the music so well largely 
because the amplifier was so dynamically agile 
and precise sounding, revealing both Brown’s 
perfect timing and the full measure of attack of 
each note. Moreover, the bass sounded like a 
large wooden body resonating with rich density 
of tone color and clear pitch definition.

 The C 390DD shared another characteristic 
with the M2: a dead-quiet background. As 

described in the sidebar, the C 390DD’s 
architecture confers advantages in signal-to-
noise ratio, advantages that are heard in the 
listening room as a blackness against which the 
music seems to hang in space, detached from the 
loudspeaker. The silent background also aided in 
low-level resolution, which was outstanding for 
an integrated amplifier of this price. 

In overall tonal balance, the C 390DD had a 
somewhat subdued character through the upper-
midrange and treble. This was not a forward or 

Although the M2 and C 390DD share the same technology platform, there are a number of differences 

between the units. For starters, the C 390DD’s output stage is exactly half that of the M2. The M2 

featured a bridged output stage employing four FETs; the C 390DD uses two FETs without the bridging 

topology. This change is reflected in the two amplifiers’ rated output powers: 250Wpc vs. 150Wpc.

This lower output power not only puts less demand on the power supply, but also reduces the need 

for shielding. The M2 chassis was highly compartmentalized, with extensive electromagnetic shielding 

between sub-sections. The C 390DD’s shielding is more modest, but shielding is less crucial because 

the C 390DD’s output stage radiates half the switching noise of the M2. Speaking of the chassis, while 

the M2 was housed in lavish (for NAD) Masters Series casework, the C 390DD is pure traditional NAD in 

which the chassis is a functional rather than an aesthetic statement. 

The M2’s DSP that performed the PCM-to-PWM conversion was a general purpose field-programmable 

gate array. In fact, the FPGA was the technology’s development platform. The C 390DD now supports a 

dedicated integrated circuit that is more efficient. The chip has additional DSP power that is put to good 

use with bass and treble controls, room equalization, subwoofer output, and other features.

Where the M2 included an integral A/D converter, the C 390DD’s A/D is on an optional board. Similarly, 

the M2 doesn’t benefit from the C 390DD’s Modular Design Construction that puts the digital-interface 

electronics on removable boards to accommodate technology evolution.

In addition to these large differences, it’s natural that in the more than two years between the M2 and C 

390DD, the designers would find a number of small ways to improve the performance. This is particularly 

true with such a new technology. Among these small benefits (small technically, not necessarily small 

sonically) are improved jitter rejection in the C 390DD. 

The $6000 M2 vs. the $2600 C 390DD
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bright-sounding amplifier by any stretch. The 
upside of this tonal balance was a sense of ease 
and lack of fatigue during long listening sessions. 
I listened to music through the C 390DD 
exclusively for about two weeks and never found 
it aggressive, hard, or tiring. The downside is a 
slight diminution of palpability and presence in 
the midrange along with a minor reduction in 
treble air. Interestingly, the M2 sounded more 
forward and assertive through the midrange and 
treble than the C 390DD. Concomitantly, the C 
390DD had greater liquidity and warmth than 
the M2. Midrange forwardness and a reduction 
in liquidity can be a jitter-induced artifact; it is 
perhaps no coincidence that the C 390DD has 
less jitter than the M2. Whatever the reason for 
this overall tonal balance, the C 390DD should 
mate well with mid-priced loudspeakers that 
often have a bit of midrange prominence and 
extra sparkle in the lower treble. The C 390DD’s 
tone controls can provide a treble boost to 
restore the top-end extension, but I found that 
even the smallest boost increment was too much 
for most recordings—which gives you an idea 
that the character I’m describing is not significant 
in magnitude.

The C 390DD was not identifiable as a Class 
D amplifier by its sound. That is, it lacked the 
characteristic “fingerprint” of most switching 
amplifiers. Although you wouldn’t mistake the 
C 390DD for a tubed amplifier, the NAD had 
an organic and natural rendering of timbre free 
from the “chalky” coloration of some switching 
amplifiers. I also found that the C 390DD’s sound 
quality didn’t vary as much with loudspeakers 
and cables as other Class D amplifiers (I drove a 
pair of GoldenEar Triton2s with Kimber speaker 

cables as well as the Ventures with Shunyata and 
FIM cables). 

ConCLusIon
The NAD C 390DD is an extremely sophisticated, 
forward-looking product whose feature set 
perfectly matches the needs of today’s music 
listener. It is ideally suited as the core of a music-
server-based system, yet will also accommodate 
those with multiple analog sources including 
vinyl playback. In addition to a wide range of 
connectivity options, the ability to replace the 
digital-interface boards and update the software 
assures that the C 390DD won’t be left behind in 
technology’s inexorable march forward.

All this great functionality wouldn’t mean much 
if the C 390DD didn’t deliver musically, but on this 
count the new NAD is a winner. The C 390DD’s 
sound quality is easily commensurate with 
conventional integrated amplifiers near its price. 
You might find a similarly-priced integrated with 
greater midrange presence and more treble air, 
but to equal the C 390DD’s bass quality—dynamic 
impact, muscularity, and texture—you’d have to 
spend four figures for massive monoblocks. The 
C 390DD’s bass is that good.

This combination of sound quality and features 
makes the C 390DD a very capable and compelling 
package. I can’t think of another integrated amp 
anywhere near the C 390DD’s price that I’d rather 
own.  

How can a series of pulses represent 

the continuous waveform of music? 

In exactly the same way that Direct 

Stream Digital (DSD), the encoding 

format behind SACD, produces music 

from a bitstream. In fact, PWM and 

DSD are conceptually identical.

Fig.1 shows the relationship 

between a DSD bitstream and the 

analog waveform that bitstream 

represents. The bitstream is a series 

of pulses of varying lengths, with the pulse length encoding the analog signal’s amplitude. The pulse-

train generated by DSD encoding looks remarkably “analog-like.” That is, you can look at the pulse train 

and get an idea of what the analog waveform looks like. The relationship between the analog signal and 

the bitstream is so close that in theory, a DSD signal can be converted to analog with a single capacitor 

(DSD-to-analog conversion is more complex in practice). The bit rate of DSD as used in SACD is 2.8224 

million bits per second.

In a switching amplifier, the output transistors are turned fully “on” or fully “off” by the pulse-width 

modulated signal. The analog signal’s amplitude is encoded as the “area under the pulses”; longer 

pulses (longer “on” times for the output transistors) represent a higher analog-signal amplitude. This 

is contrasted with traditional “linear” amplifiers in which the output transistors are in a continuously 

variable state of conduction. 

The output of the PWM stage is a series of high-level pulses that must be smoothed into a continuous 

waveform. Every amplifier with a switching output stage employs a large filter (an inductor and a 

capacitor) between the output transistors and loudspeaker terminals to perform this smoothing 

function and to remove switching noise.

In the DDFA system, the pulses are quantized with a master clock frequency of 108MHz. This 

frequency determines the number of discrete pulse widths available to represent the audio waveform. 

That number is 128, which appears at first glance to be too low to encode a complex musical signal. 

But even at 20kHz, there are many modulation cycles available within the period of a 20kHz waveform. 

Pulse-Width Modulation

1010110111011110111110111101110110101010101010010001000010000100010010101010

Encoding is sometimes called Pulse Width Modulation (PWM).

Pulse-Width Modulation represents an analog waveform with a 
series of varying-length pulses.

76


106  Guide to Digital Source Components www.theabsolutesound.com

PREvIOUS PAGE NEXT PAGE

Go to: Contents | From the Editor | on the Horizon | Feature Articles | Disc Players | DACs | Music Servers & Accessories | Integrated Amps with USB DACs | Music Features

I’ve been getting a number of inquiries of late from readers wanting to know if 
anyone makes a good, Apple-compatible DAC/headphone amp that sounds good, 
yet sells for a reasonable amount of money. The challenge, here, is that you can 

get individual products that meet some, or even most, of the requirements referenced, 
but that almost no one has been able to pull them all together in one accessibly-priced 
product—until now. Just recently, I received a sample of NuForce’s new Icon iDo ($249), 
which fits the bill to a “T”.

Apple Audio Unbound
NuForce Icon iDo Apple-Compatible DAC/Headphone Amp

Chris Martens

In simple terms, the iDo is an Apple-compatible, 
24-bit, USB Host Mode DAC (maximum resolution, 
48kHz/24-bit), coupled with a simple but very 
high-quality desktop headphone amplifier. Two 
unexpected but welcome detail touches are 
that A) the iDo is compatible with—yet does not 
require—Apple’s option remote control, and B) the 
iDo DAC section not only provides the expected 
stereo analog audio outputs but also provides a 
coaxial S/PDIF digital output. The upshot of this 
latter feature is that, while the iDo can of course 
serve as a perfectly satisfying DAC/amp in its own 
right, it can also be used as a “bridge product” 
that can pass jitter-reduced digital audio signals 
from an Apple device on through to a much 
higher-end DAC, if desired.

At the end of the day, though, the real reason to 
look into how much music from an Apple device 

can sound when you bypass Apple’s low-cost 
digital and analog audio circuits altogether, and 
let a much higher performance outboard DAC 
and amp handle the job. Readers will rightly ask 
if going to an outboard DAC/amp really makes 
all that big a difference (if, indeed, it makes any 
difference at all). The simple truth, as you’ll learn 
in this review, the iDo not only makes an audible 
difference; it makes a hugely audible difference 
that—once experienced—is pretty hard to resist.

 
overvieW
Consider this DAC/headphone amp if:
•  You want an affordable, sonically compelling 

USB Host Mode DAC that is geared specifically 
for use with a wide range of Apple devices.

•  You’d like an Apple-compatible DAC that not 
only has analog outputs, but also provides an 
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S/PDIF digital output.
•  You also want an affordable headphone amp 

that works with a broad range of headphones 
and earphones.

•  You want to see just how much better the audio 
data stored on your Apple device can sound 
when you bypass Apple’s low-cost electronics 
and let a high quality DAC/amp shoulder the 
workload (trust us on this one; the difference is 
pretty darned shocking).

Look elsewhere if:
•  You were hoping for a highly versatile multi-input 

DAC; this one provides a USB input specifically 
for use with iPods/iPhones, and iPads (i.e., it’s 
not a general purpose USB input).

•  You were hoping for a DAC with support for 
high-res 96/24 or 192/24 digital audio files; this 
one supports a maximum data rate of 48kHz at 
24-bit resolution.

FeAtures/teChniCAl hiGhliGhts
•  The iDo is an Apple device-compatible DAC 

that supports the following Apple products:
o iPod touch (3rd and 4th generation)
o iPod classic
o iPod nano 6h generation)
o iPhone 4
o iPhone 3GS
o iPhone 3G
o iPad 2
o iPad
o  NuForce advises that, “only iOS3 and later 

version are supported.”

•  DAC provides “bit-perfect, low jitter USB Host 
Mode operation.” The significance of this 

feature is that the iDo—not the Apple device—
controls data transfers from the iDevice to the 
iDo and thus is able to bring the iDo’s superior 
low-jitter clocking capabilities to bear. Does it 
make an audible difference? Yes.

•  The iDo uses a 24-bit DAC and supports 
digital audio files at up to 48kHz rates at 24-
bit resolution. A footnote in the iDo manual 
explains that, “the maximum sample rate 
currently supported by Apple is 16-bit/44.1kHz 
or 24-bit/48kHz.”

•  Unlike some Apple-compatible DACs, the 
iDo provides both analog and S/PDIF digital 
outputs, meaning that if the user would like to a 
higher-end DAC than the iDo (such as one from 
NuForce’s High-End product line), it is easy to 
do so.

•  The iDo provides a high-quality onboard 
headphone amplifier that, says NuForce, 
“drives headphones up to 300-Ohm (12 
mW@300-Ohm).” The amp provides a “digitally 
controlled analog volume control.” Note, too, 
that the volume control also sets output levels 
for the rear panel-mounted stereo analog audio 
outputs, meaning the iDo can also be used as 
a preamplifier.

•  The iDo is housed in the familiar, attractive, 
slim-line (6” x 1” x 4 ½”) metal case used for 
most of NuForce’s desktop audio components.

o  The rear panel provides an on/off switch, a DC 
power input jack, a USB input jack, an RCA 
coax S/PDIF output jack, and a stereo pair of 
RCA analog audio outputs.

o  The front panel sports a volume control knob, 
and 3.5mm mini-jack headphone output, and 
clever, recessed LED volume control display.

o  The same display also contains a tiny receiver 

module that can respond to an Apple remote 
control (though NuForce emphasizes that the 
Apple remote is purely optional and to be used 
at the owner’s discretion; the remote is not 
required in any way to operate the iDo).

o  The iDo can be ordered in any of four satin-
finished colors: black, silver, red, or blue.

•  Accessories—The iDo comes with the following 
items:

o A wall-wart type power supply.
o  An Apple-compatible digital audio cable (fitted 

with an Apple 30-pin connector on one end 
and a USB plug on the other).

o  A non-skid, non-marring translucent white 
rubber tabletop-stand for the iDo.

o  A simple yet reasonably detailed manual, 
complete with a well thought out document 
entitled “A Beginners Guide to Good Audio”.

soniC ChArACter
The iDo brings a number of sonic benefits to 
the party, the most important of which I’ll try to 
describe here.

First, I noted that the iDo brought about an 
increase in perceived detail and resolution, 
with a concomitant reduction in noise. I use the 
word “concomitant,” here, because two related 
things are happening at once. On one level, the 
iDo is simply decoding and relaying more sonic 
information, including in particular very low-
level information, than Apple’s iDevices could 
ever hope to capture. But at the same time, the 
iDo lets you more fully appreciate the newfound 
information on offer by eliminating subtle but 
nevertheless distracting layers of background 
noise and digital hash. Indeed, a not uncommon 

reaction among first-time listeners would be 
comments to the effect that, “I didn’t know an 
iPod could ever sound so clear.”

Next, I found that the iDo ushered in a newfound 
sense of precision and control, as if the NuForce 
was holding headphones and earphones with 
a firm and secure grip, and bidding them to 
behave precisely as they should. The benefits 
of this heightened control or “grip” were clearly 
audible at both frequency extremes, though I felt 
the iDo’s impact was perhaps most significant in 
the mid-to-low bass region. I tried the iDo with 
headphones and earphones that normally sound 
quite good with iDevices, but with the iDo in play 
their low-end performance rose up to a whole 
new level, taking on greater depth, improved 
transient clarity, and better overall impact and 
definition. It was almost as if the iDo enabled 
already fundamentally good ‘phones to become 
even better, so that they could finally get on 
precisely the same page with the music.

Finally, and I think we may have the iDo’s 
ability to serve as a USB Host Mode DAC to 
thank here, the iDo significantly improved the 
overall stability—and especially the timing 
characteristics of the sound (an improvement 
some listeners interpreted as a greater sense of 
“focus.” My Playback colleague Garrett Whitten 
made a very astute comment after his first 
listening experiences with the iDo. He listened 
with his eyes closed for a long stretch, head 
bobbing in time to the music, and then looked 
up and said, “Wow! I really didn’t expect the iDo 
would or even could have so much impact on 
the way the timing aspects of the music seem 
to unfold. Music can sound pretty good straight 
through an iPod, but with the iDo in play music 
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just flows naturally, with timing that’s super-crisp 
and just sounds right.” I would concur.

How big a difference does the iDo make? 
Let me answer by simply saying that, once you 
hear the iDo in action, you probably won’t be 
happy going back to listening straight through 
your iDevice. The difference is much like the 
difference you might hear if playing a piece of 
music through your headphones hooked up to 
an iPod, and turning around to play the same 
piece of music with your ‘phones connected to 
a good amp being fed by a high-end disc player. 
Is it dramatic and worthwhile? It most certainly is 
(and not outlandishly costly, either).

Note, during Playback’s listening tests we 
used several good sets of headphones and 
earphones including: V-MODA Crossfade M-80 
headphones, Audeo/Phonak PFE 232 universal-

fit earphones, ACS Custom T2 Live custom-
fit in-ear monitors, and Ultimate Ears In-Ear 
Reference Monitors. In each case, I was wowed 
by the extent to which the $249 iDo was able to 
hold its own with more costly amps and DACs 
that I’ve heard in the past.

musiCAl exAmples
Jen Chapin’s rendition of Stevie Wonder’s 
“You Haven’t Done Nothing” from Chapin’s 
ReVisions [Chesky] is a track that’s powered 
partly by Wonder’s infectious grooves, hooks, 
and wickedly funny and politically supercharged 
lyrics; partly by the sheer chops displayed by 
Chapin’s band; and partly by the sweet, soulful, 
sassiness of Chapin’s voice. It’s the sort of 
track that can sound pretty good through many 
different types (and grades) of audio equipment, 

but that really comes alive with equipment that 
can power, control, subtlety, and nuance, all at 
the same time. Perhaps for this very reason, 
I’ve always felt iDevice-driven systems failed to 
capture the full measure of magic of which I know 
this track is capable.

The iDo, however, changed all that. I plugged 
my iPhone and a good set of headphones (the 
V-MODA Crossfade M-80’s referenced above) 
and then listened in wonder (pardon the pun) 
as the iDo unleashed a jaw-droppingly good 
performance. The acoustic bass sounded 
wonderfully taut, punchy, and expressive, 
displaying tons of “snap” on more vigorously 
plucked notes, while the saxophone sounded 
appropriately jaunty, with a just-right quantity 
of delicate reed sounds and breathiness. But 
the real treat involved Chapin’s voice, where 
the iDo let me here the crafty way in which she 
triggered Wonder’s most ironically humorous 
lyric lines with a profound yet not histrionic 
touch of “Question Authority”-grade fierceness. 
Suddenly, thanks to the iDo, my iPhone no longer 
seemed like a second-class source component, 
while my V-MODA ‘phones were sounding better 
than ever.

A recording I’ve long admired for its sumptuous 
textures, eerily believable soundstaging, and 
haunting, otherworldly feel is “Timeless” from 
Larry Coryell, Badi Assad, John Abercrombie’s 
Three Guitars [Chesky]. What goes on in this 
track is that first one of the master acoustic 
guitarists, and then the other two, join forces so 
that the overlapping and yet perfectly distinct 
voices of the three acoustic instruments merge 
and meld in delightful, often unexpected 
combinations. Midway through the track, Assad 

NuForce iDo Apple-compatible DAC/Headphone 

Amplifier

Resolution/Sample Rate: Supports maxim rates of 

16-bit/44.1kHz or 24-bit/48kHz files (from Apple iPod, 

iPhone, and iPad).

Input: USB (from Apple iPod, iPhone, and iPad). For 

specific compatibilities, see the “FEATURES” section, 

above.

outputs: 1 x coaxial S/PDIF, 1 x stereo analog audio 

output (variable level, 2 Vrms, via RCA jacks), 1 x 

variable level stereo headphone output (via 3.5mm 

mini-jack).

Headphone outputs: 3.5mm output jack drives 

headphones up to 300-Ohm (12 mW@300 Ohm)

Frequency Response: Not specified

Dynamic Range: 95 dB

tHD + Noise: .01%

output Power: 1.5W

weight: 1 lb.

Dimensions (H x w x D): 6” x 1” x 4.5”

warranty: 1 year, parts and labor

SPECS & PRICING

U.S.
Price: $249 

NUFORCE, INC.

(408) 627-7859

nuforce-icon.com

CLICK HERE TO COMMENT IN THE FORUM AT AvGUIDE.COM
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(at center stage) switches to a hand-held thumb-
harp to add complimentary percussion accents 
as Coryell (on the left) and Abercrombie (on 
the right) continue to trade intertwining lines. 
Because all of the instruments involved play in 
nearly identical ranges, the track only works 
to the extent your audio system is capable of 
resolving subtle textural and transient details that 
distinguish one instrument (or performer) from 
the others.

I’ve gotten good but never truly superb results 
when listening through iPod-driven systems in 
the past, but again NuForce’s iDo helped turn 
the situation around in a significant way. For this 
track, I listened with my ACS Custom T2 in-ear 
monitors and my trusty iPhone connected to 
the iDo, and immediately noticed that the iDo 
unlocked a deeper, subtler performance than 
the iPhone, alone, could ever have produced. 
Through iDo, the top-end of the T2 monitors 
opened up and almost immediately sounded 
more delicate, refined, and extended, so that I 
could hear how the harmonic “signatures” of 
the guitars were each different, as were their 
attack and decay characteristics in the hands 
of their respective players. Where the iPhone on 
its own tended to allow the sound to collapse a 
bit (so that the difference between the guitars 
became less distinct), the iDo seemed to free the 
performance from invisible constraints, allowing 
it to breathe and flow freely. I also noticed that 
iDo helped tighten up and refine the already very 
good lower midrange/upper bass characteristics 
of the T2 monitors, enabling them to do a terrific 
job with the lower registers of the guitars and—
especially—the lower notes from the thumb harp. 
The net effect wrought by the iDo was to make 

the whole performance sound more refined and 
engaging, again in much the same way that a top-
shelf high-end disc player might have improved 
the sound. What’s very cool, though, is that the 
iDo brings these benefits without costing an arm 
and leg.

VALUE
Up to this point, HRT’s excellent iStreamer DAC 
($199) has set the standard for value among 
Apple-compatible DACs and with good reason; 
it’s a simple and very good-sounding DAC that’s 
very reasonably priced.

Now, however, I would say that for just $50 
more, the $249 iDo raises the bar in several 
important ways. Both products are USB Host 
Mode DACs and offer excellent though by no 

means identical sound quality (the iStreamer has 
a somewhat warmer and perhaps more “organic” 
sound, while the iDo is cleaner, clearer, quieter, 
and more precisely controlled). However, the iDo 
ups the ante with arguably superior fit, finish, 
styling, and ergonomics; with a headphone 
amplifier that is actually good—not just thrown in 
as an afterthought; and with a DAC section that 
offers a coaxial S/PDIF digital output (allowing 
users to pass Apple-derived digital audio signals 
to even higher-end DACs, should they wish to do 
so). Put all these factors together, and the iDo 
becomes our new Apple DAC value champ.

BOTTOM LINE
We’re very enthusiastic about NuForce’s 
versatile and well-made iDo, largely because it 

so consistently helps Apple iDevice/headphone-
based systems step up to the next level of 
performance (or even beyond that). We also like 
the fact that the iDo helps unlock extra layers 
of performance in what are already very fine 
headphones, earphones, and in-ear monitors. 
As one Playback staffer put it, “The iDo makes 
a much bigger difference than you’d ever 
think possible,” so that at $249 it represents a 
legitimate bargain.

One small word of caution: Good though it 
is, the iDo is probably not the right amp to use 
with ‘phones known to be ravenously power-
hungry. But with most ‘phones, it should afford a 
substantial step forward in sound quality.
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better overall performance than spending more 
for a separate preamplifier and power amplifier. 

Like the H100, the H200 has just four items on 
its elegant, slightly curved faceplate: an input-
selector knob, a volume knob, a power button, 
and a status window. Slightly taller than the H100, 
the H200 has the same understated look; the 
feel of its well-proportioned anodized-aluminum 
faceplate and knobs are in keeping with the 
theme of simplicity. Most users tend to intuitively 
feel more at ease with straightforward interfaces. 
Hegel seems to understand this. When the unit 
powers up, it automatically sets the volume to 

30 (out of 99) and defaults to the balanced input. 
This allows you to confirm that there is some 
signal (after selecting your target input) without 
damaging your speakers or ears. If you activate 
the mute, upon resumption it will quickly ramp 
up the volume from 30 to the previous volume 
setting, thereby giving you a chance to reactivate 
the mute if you happen to be playing a passage 
that is too loud—again, saving your ears and 
speakers. The blue display shows the volume 
setting and two-characters (upper and lower 
case) to indicate the active input. Select input 
and volume, and you’re ready to go.

Hegel Music Systems H200 Integrated Amplifier
Very Nicely Done

Kirk Midtskog

When I turned in my review of the smaller Hegel H100 integrated amp some 
time ago, I mentioned to Editor-in-Chief Robert Harley how much I also 
liked the H200. When Robert asked if I would like to write about the H200, I 

didn’t hesitate.  
The H200 is a piece of audio gear that I can approve wholeheartedly.

Integrated amplifiers embody the “get the job done with the least cost and fuss” approach, and that 
appeals to my practical side immensely. Yes, there are drawbacks, such as the close presence of stray 
magnetic fields of the power-amp section interfering with the delicate circuits of the input or preamp 
section. There is also the prospect that airborne acoustical vibrations from loudspeakers, which are 
usually located fairly close to an amplifier, will affect the preamp section. On the other hand, a fine 
integrated amp is a perfectly legitimate way to hear good music in your home—even if you can afford 
more expensive separates. If you don’t go the separates’ route, the added cost of additional chassis, 
power cords, and interconnects can be applied to better speakers and cables—which may, in fact, yield 
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EQUIPMENt rEvIEw - Hegel Music Systems H200 Integrated Amplifier

Hegel designs and builds in Norway, a place 
not well known for manufacturing—although there 
is more than just small-scale industry and oil-
resource-related commerce there (Volvo makes 
extreme tolerance jet engine parts in Norway, for 
example). In this era of wealth shifting from the 
West to the East—mostly through high-volume, 
low-cost manufacturing in Asia—Norway-based 
Hegel has still managed to grow since the late 
1980s. By 2000, it was exporting CD players, DACs, 
integrateds, and separates to European and Asian/
Pacific markets, and has recently expanded into 
the U.S. by continuing to offer gear that provides 
plenty of bang for the U.S. buck. Hegel pulls this 
off by using effective technologies, executed with 
cost-effective parts, to keep prices down.

For your hard-earned $4400, you get a clean-
sounding, powerful 200W (350W into 4 ohms), 
remote-controlled integrated amplifier with just 
enough input and output pairs to be useful but 
not cluttered: one fully balanced XLR input, two 
single-ended RCA inputs, a power-amp input 
(or home-theater bypass), a tape-loop output, 
two preamp outputs for external amplifiers, 
and heavy-duty, gold-plated multiway speaker-
cable binding posts. The H200 does not have an 
onboard DAC like the smaller H100. The H200 
has beefier power supplies and higher-quality 
parts, and it electrically and physically separates 
the two channels (dual-mono) more completely. 
The H200 is more of a purist integrated whose 
emphasis is on optimal sonic performance and 
power reserves rather than on many different 
inputs and features. When I met Hegel’s chief 
designer Bent Holter at the Rocky Mountain 
Audio Fest in October, 2010, he said, “The H200 is 
the cornerstone of the whole Hegel product line.” 

Apparently, it is Hegel’s best-selling product. 
Hegel uses a patented circuit called the 

SoundEngine that is its primary claim to 
improved performance through engineering. 
The SoundEngine is said to reduce distortion 
by isolating noise between various gain 
stages before it is passed on and amplified by 
subsequent stages. This is done by a “feed-
forward” technique that compares the in-phase 
input of a given stage with the corresponding 
out-of-phase output and rejects what is 
determined to be noise, and so it goes on down 
the line with each stage. The SoundEngine is 
different enough in its particulars to qualify as 
a patentable solution and is not, apparently, like 
a traditional fully-differential balanced circuit. 
The preamp section and the input of the power 
amp provide the voltage gain and have their own 
power supplies. The main gain stages of the 
power-amp section increase the current, and also 
have their own power supplies. Keeping things 
separate, according to Holter, also reduces 
distortion brought about by large, simultaneous 
voltage and current swings in the two respective 
stages. By reducing interstage distortion and 
isolating voltage and current stages as much as 
possible, Hegel claims it is able to deliver Class 
A-like fluidity without having to bias the output 
devices at Class A levels—which would draw lots 
of AC power and dissipate lots of heat as wasted 
energy. The H200 becomes only mildly warm to 
the touch after several hours of play.

We have all heard manufacturers’ marketing 
claims about new technologies, or superior 
parts quality, or better mechanical isolation, 
or maniacal attention to detail, but we have 
to listen to the component in question to get 

an idea of what the results might be. In this 
case, Hegel has every right to be proud of its 
accomplishments. The H200 sounds clear, 
pure, relaxed, well-balanced, and extended 
at both frequency extremes. In performance 
areas that could lead some listeners to at least 
consider alternatives to the smaller H100—such 
as a less-than-cavernous soundstage width, an 
emphasis on airiness instead of fullness, and a 
buttery Class A quality—the H200 pretty much 
does away with any reservations. The H200 
casts a wider and deeper soundstage—one that 
is populated with even clearer details—and it 
balances the qualities of light and airiness with 
rich fullness just beautifully. The H200 also has 
better bass extension and precision than the 
H100. (I use eight-gauge Wegrzyn power cords 
on my amplifiers; so I just transferred one of 
the Wegrzyns to the H200. Mileage will vary 
according to many factors.) While the H200 still 
has just a hint of that pure Class A creaminess, 
it only comes across as such when compared to 
my $20,000 Ayre and GamuT combo. On its own, 
I am not convinced I would notice it.

The odd thing about a lot of what the Hegel does 
is that it may actually not grab your immediate 
attention. Many of us have learned to listen for 
particular electronic artifacts as signifiers of 
elevated performance. A listener who heard my 
system a few years ago commented that he 
could not hear some of the background tape hiss 
in the recording that he was pretty sure he should 
hear more clearly. I later heard his system. To me, 
it had an overly processed, exaggerated top end. 
This echoes the “different strokes for different 
folks” principle when it comes to listening 
priorities, but it also illustrates what I would call 

a focus on artifacts rather than listening simply 
for the unadulterated reproduction of music. I 
hear the H200’s clean, relaxed quality very much 
as a positive. Absent are the slightly ragged 
edges around images and that little bit of extra 
zip on details that some listeners may mistake 
for “heightened resolution.” The H200 does not 
reduce some of those electronic artifacts by 
covering them up through veiling or rolling off the 
high frequencies, nor is listening to it a boring 
or uninvolving experience. On the contrary, it 
is actually quite resolving and very musically 
engaging with plenty of dynamic drive at the 
same time. It just seems to reduce noise and 
allow more of the signal to come through without 
sounding stressed or forced. 

How this all translates into a listening experience 
with the H200 is that musical details are always 
integrated into a larger picture rather than being 

Power output: 200Wpc

Inputs: Two unbalanced (RCA), one balanced (XLR), 

and one HT/power-amp (RCA)

outputs: Two preamp (RCA), one record (RCA), 

speaker terminals

Dimensions: 17” x 4.7” x 14.5” 

weight: 55 lbs.

Price: $4400 (includes RC2 remote control)

HegeL MusiC sYsTeMs  

(u.s. DisTribuTor) 

(641) 209-3210

eileen@hegel.com

speCs & priCiNg

CommenT on THiS ARTiCLe on THe FoRum AT avguiDe.CoM
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hyped up so that your attention is unduly drawn 
to them. Via the H200, I tended to listen to music 
as a whole experience, the flow of the tune, the 
drama of the piece, the artistry of the musicians, 
rather than listening to imaging, extension, 
dynamics, and so forth. Those elements are more 
than satisfactorily covered—large soundstage, 
lots of space, fine images, etc. But the great 
bonus here is that the H200 actually plays music 
in a way that allows you to forget about audio 
evaluation and get involved as you might in a live 
concert. This is not to suggest that the H200 gets 
you close to live music in all aspects (that would 
be a tall order); it just seemed to shift my listening 

priorities away from “system listening” and more 
toward the musical performances.

Images boundaries are clear with a sense of 
solidity behind them, but they don’t exist on their 
own; they are part of the space in which the music 
was recorded—recording permitting, of course. I 
don’t think about image boundaries or pinpoint 
location when I attend live performances. Not 
just because I can literally see the musicians at a 
live concert, but also because the overall sound 
of musicians combining to make music generally 
includes a wash of direct and reflected sounds. 
I have heard a solo oboe playing in the middle of 
an orchestra and found it somewhat difficult to 

actually pick the musician out, even when looking 
directly at the wind section. Similarly, the Hegel 
H200 balances individual image information 
within the soundstage very well.

To transpose this “greater whole” aspect 
to non-acoustic music, studio pop and rock 
recordings are rendered a bit more clearly and 
less fatiguingly than one would expect at the 
H200’s price level. The Hegel allows you to listen 
into the recording without a sense of discomfort 
when aggressive sections kick in. I could actually 
rock out with Tool’s “The Grudge” [Lateralus, 
Volcano] even as Danny Carey’s crushing cymbals 
and Adam Jones’ gritty guitar really ramped it up 
toward the end. Similarly, on Alanis Morissette’s 
“A Man” [Under Rug Swept, Maverick], not only 
was her voice not as shrill as it can be on some 
systems, but also when drummer Gary Novak 
switched from his high-hat to keeping the beat 
on his ride cymbal for the rest of the song (about 
03:24 mark), the song gained more momentum 
and became more exhilarating without sounding 
stressful. Again, I had no sense that things were 
made more listenable because of some obvious 
content omission; rather, recordings were 
rendered in a less harsh, noise-ladened way.

Compared to the April Music Stello Ai500 (150W, 
$3500), the H200 sounded more refined and had 
better bass control and extension. The Ai500 
had good soundstage width but could not equal 
the H200’s portrayal of depth and soundstage 
continuousness in all directions. In this regard, 
and in its touch of Class A-like liquidity, the H200 
performs more like a good tubed amplifier than 
a typical solid-state integrated amp. Compared 
to my own Ayre K-1xe preamp and GamuT M200 
mono amplifiers, the H200 holds its own fairly 

well. The Ayre/GamuT combo ($20k) has more 
solid, more commanding presence than the 
H200. The Ayre/GamuT combo also expands 
the soundstage a bit and has better overall 
resolution. My separates have quick immediate 
presence, whereas the H200 has a more relaxed 
quality. In some ways, the H200 comes across 
as a bit more consistent in the way it tracks notes 
as they start, propagate, and decay than my pre/
power combo. The combo tended to render the 
leading edges and then propagate steady-state 
tone just right, but doesn’t quite hang on to the 
decay as well. Again, the H200 was somewhat 
reminiscent of a fine tubed amp in this regard. 
Could the H200 be even clearer, quicker, more 
expansive? Yes. Would I give up my separates 
for the H200? No, but I could easily live with it. 
It plays all kinds of music fundamentally well 
enough for me not to worry about the “could be 
better here and there” stuff.

That sums it up well: I could live with the 
H200...happily. I submit that, on a limited budget, 
you are better off buying the H200 for $4400 
and having more left over for speaker and cable 
upgrades (and maybe some room treatments) 
than stretching your budget to get into more 
expensive separates whose purchase would 
greatly restrict your speaker and cabling choices. 
The H200 strikes me as a fantastic performer, 
one that delivers sonic quality far beyond its 
price level. Nicely done, very nicely done.

76


113  Guide to Digital Source Components www.theabsolutesound.com

go to: Contents | From the Editor | on the Horizon | Feature Articles | Disc Players | DACs | Music Servers & Accessories | Integrated Amps with USB DACs | Music Features

previous page  NeXT page

A Brief introDuCtion to HiGH-reS DownloADS

alan Taffel

rounD-up

This is truly an archive-worthy format. 
Aside from the potential for sonic superiority, 

another cause for excitement is selection. 
There’s a common perception that the selection 
of music available through hi-res downloads is 

quite limited. But take a look at, say, HDtracks 
(just point your browser to hdtracks.com) and 
you’ll see an impressive array of new and vintage 
jazz, rock, and classical titles. Archive-quality 
reissues of important classics, from Sam Cooke 
to Keith Jarrett to the entire Rolling Stones library 
are making their way on-line at a breakneck pace.   

New releases also abound. Some, such as Paul 
Simon’s So Beautiful or So What, are available 
simultaneously in CD and as hi-res downloads. In 
other cases, artists are giving preference to on-
line consumers. These include Radiohead, which 
now releases albums on-line months before they 
show up as plastic discs, and Richard Thompson, 
who makes many releases available only to on-
line adherents.

So how does a music-devouring, sound-loving 
audiophile take advantage of these riches? The 
good news is that you probably already have 
most of what you need. You do own a Mac or 
a PC, don’t you? Fine, then your next step is to 
install some player software. You can certainly 
get by with iTunes or Windows Media Player, 
but frankly that’s like using zip cord for speaker 
cable. Experiencing hi-res audio at its formidable 
best requires a bit more effort. For the Mac, 
optimum sound can only be had from software 

that bypasses the Mac’s core audio modules and 
also adapts dynamically to the source’s sample 
rate. Solid options include Pure Music, Amarra, 
and Decibel. Similar considerations apply to 
PCs, so you’ll want to download one of the 
many good players out there, such as J River or 
MediaMonkey, as well as the free but essential 
ASIO4ALL plug-in.     

Now you have a source. In standard audio 
fashion, getting music out of that source requires 
a cable—in this case a USB cable. Also in keeping 
with audiophile tenets, the quality of that cable 
matters. Thankfully, while there are certainly 
expensive options available, an excellent low-
cost alternative exists in the form of the Belkin 
Gold, procurable at Amazon.com for under ten 
bucks. Start there, and remember that USB 
cables sound best in shorter lengths.

At the other end of this cable resides the one 
potentially new component you’ll need: a USB 
DAC. Like a regular DAC, these devices receive 
digital signals and convert them to an analog 
stream that flows to the rest of the system. 
Unlike other DACs, which typically offer S/PDIF 
and optical inputs, a USB DAC has the interface 
necessary to connect to your computer. As TAS 
coverage reflects, these devices are proliferating 

High-resolution music downloads 
are without a doubt high-end 
audio’s most exciting new 

source format. Thanks to sites like 
HDtracks, iTrax, and Linn records, 
audiophiles now have broad access 
to source material that is far higher 
in resolution than CD—fully on par 
with the niche-market saCD and the 
extinct DvD-audio formats. Whereas 
CD resolution is fixed at a barely 
adequate 44,100 samples per second 
and a decidedly inadequate 16 bits per 
sample, high-resolution downloads 
start at that level and go up from 
there. indeed, it’s not uncommon to 
have one’s choice of resolutions, from 
44.1/16 all the way to 192/24. and 
while hi-res downloads jettison the 
limitations of CD, they retain digital’s 
inherent freedom from vinyl-borne 
artifacts, coloration, and deterioration. 

manically at all price levels. Yet recent technical 
advances clearly favor newer models. If you’re 
in the market for a USB DAC, consider only 
those that support resolutions all the way up 
to 192/24 over a single cable and incorporate 
“asynchronous USB,” a superior clocking 
scheme whereby the DAC isn’t slaved to the 
PC’s jittery clock. If you already own a non-USB 
DAC, fear not; many excellent USB-to-S/PDIF 
converters are also available. Because both 
USB DACs and the aforementioned converters 
are evolving and proliferating so rapidly, reviews 
quickly become obsolete. Readers should 
consult only the most recent Editors’ Choice 
and Buyer’s Guide issues, and monitor new 
reviews as they appear.

Now you’re ready to download music files. As 
with every format, not all hi-res downloads are 
created equal. Our “Download Round-Ups” will 
help you sort out those that represent significant 
improvements over their earlier counterparts 
from those that don’t. And since many downloads 
are offered at varying resolutions, we’ll let you 
know which extra bits are worth the extra bucks.

Our survey of hi-res downloads begins as 
an occasional feature, but based on your 
feedback we may adjust how often it appears, 
and perhaps eventually integrate our evaluations 
of downloads into our regular reviews of  20th 
century (some might say “legacy”) formats. 
So let us know your reactions, and how we 
can improve the “Download Round-Up.” High-
resolution downloads have come of age as an 
audiophile source, and we want to bring you 
the best-informed and most useful coverage 
possible. 
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POP/ROCK
David Chesky: Urbanicity. HDtracks.com 
$11.98 (44.1/16), $14.98 (48/24)
Dense, busy, occasionally manic, yet always 
driving, always compelling. That’s the story 
of David Chesky’s latest set of works. As one 
would expect given the label, the album’s 
sound is exemplary, although the perspective is 
surprisingly distant. In comparing the CD-quality 
download to the CD itself, with both going through 
the dCS Debussy DAC, I found the download 
slightly more spacious, and it was easier to hear 
into the dense mix. The 48/24 version sounds 
slightly better still, offering greater smoothness 
in the orchestra and a grittier electric guitar. 
Moreover, dynamics and upper-end extension 
feel less constricted. Although these differences 
are subtle, for just three bucks more the higher-
res version is worth the difference. 

Paul Simon: So Beautiful or  
So What. HDtracks.com $17.98 (96/24)
Simon’s jubilant new release—his best since 
Graceland—brims with the joy of music-making 
and the wit of a wizened poet. But here is the 
secret other reviews don’t mention: this album is 
a killer demo disc (demo file?). It’s one of those 
recordings that makes even your car’s audio 
system sound its best. Needless to say, the 
96/24 download is fabulous. The main difference 
between it and the CD can be heard in vocals; 
both Simon and the occasional backup singers 

sound far more natural, less “in your face.” This 
download is highly recommended both sonically 
and musically. (See review this issue.)

Paul McCartney: Band on the Run. HDtracks.
com $19.98 (96/24)
I had intended to compare this download to both the 
LP and the CD. Unfortunately, my vinyl collection 
languishes in storage awaiting relocation to a 
new house, so the 25th Anniversary CD had to 
suffice. Its sound is pretty rough, and treble is 
entirely absent. The download simply trounces it. 
Highs are restored, McCartney’s buoyant bass is 
more defined, and the entire listening experience 
is far more relaxed. Interestingly, the overall 
volume level of the download is well below that 
of the CD, indicating that the CD was probably 
compressed, goosed up, then clipped like a 
military crew cut. The download isn’t cheap, but 
it’s a no-brainer nonetheless. This music has lost 
none of its allure, and deserves to be heard at 
its best.

Sam Cooke: Ain’t That Good News. 
HDtracks.com $19.98 (88/24)
The CD—I actually listened to common tracks 
from Portrait of a Legend—is quite respectable, 
marred only slightly by astringent violins and 
generic brass. Much better, though, is the SACD, 
which features lovely strings and brass that 
not only can be heard more clearly, but whose 

timbres really shine. The 88/24 download splits 
the difference, not quite equaling the SACD’s 
refinement or timbral diversity, but proving more 
spacious and relaxed than the CD. If you already 
have the SACD or LP, there’s no need to buy yet 
another format. Otherwise, you’ll appreciate this 
download.

Tom Petty and the Heartbreakers: Damn the 
Torpedoes. HDtracks.com $33.98 (96/24)
The surprising thing about this download is that 
it differs from the CD in atypical ways. Normally, 
downloads present a more relaxed yet revealing 
listening experience; here, the differences involve 
tonal balance. The 96/24 version is tonally fleshed 
out, with good solid bass—important factors for 

a rock album, right? Yet the CD is bare boned 
from the lower midrange down. In truth, though, 
this is not a great recording in the best case, so 
the download only rises to the “good” level. Given 
the download’s hefty price, I’d suggest sticking 
to your dusty old LP.   

The Rolling Stones: Let it Bleed. HDtracks.
com $19.98 (88/24), $29.98 (176/24)
For the purpose of this article, I chose Let it 
Bleed to represent the entire Stones library, now 
available on HDtracks. All were made from the 
excellent 2002 ABKCO re-issues. I never found 
much to complain about those hybrid CD/SACD 
discs, which are clean and rich in both formats. 
As usual, the SACD is the less “digital” sounding 
of the two. How do the downloads fare? I confess 
that the 88/24 version disappointed me. There 
is plenty of detail here—listen to the opening 
choral notes on “You Can’t Always Get What You 
Want”—and a wider soundstage than the CD; 
however, it still sounds highly digital. Furthermore, 
Mick Jagger’s voice, as on “Love in Vain,” can be 
so strident as to be off-putting. Fortunately, the 
176/24 version has no such failings—it sounds 
terrific, boasting all the ease of the SACD, along 
with a remarkable degree of naturally-rendered 
detail. The 176/24 downloads are truly archive-
worthy versions of archive-worthy music. 
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MUSIC - Pop/Rock Downloads

Talking Heads: Remain in Light. (96/24) 
HDtracks.com 
This 1980 recording heralded a new, more 
densely rhythmic and world music-infused 
direction for the Heads. The original CD is 
suitably propulsive—how could it not be!—but 
suffers from tonal anemia. In 2006, the album 
was released as a DualDisc. On the CD side, the 
level has clearly been goosed way up, thereby 
squashing dynamic headroom. As a result, the 
DualDisc CD is louder but also coarser. The 
HDtracks download blows away both of the 
unpalatable CDs. Listen to it and I guarantee 
you will hear a bevy of percussive touches for 
the first time. The bass is gutsier, too, and the 
tonal balance is neutral. The entire mix seems 
denser—because there is more information—but 
not muddled; all the elements work together as 
David Byrne undoubtedly intended. As played 
through the Marantz UD9004 universal player, 
the DVD-A side of the DualDisc had neither the 
punch nor the detail of the download, though it 
was less edgy. All things considered, I would rate 
the HDtracks download the best digital version of 
this album, because it delivers the most music.  

Talking Heads: ’77. (96/24) HDtracks.com 
The very first Heads release is quirky and 
obviously formative. The CD’s tonal balance, like 
that of Remain in Light, is pale and lacks weight. 
I literally had to strain to hear Tina Weymouth’s 
luscious bass lines. Fortunately, as with the later 
album, the download is much more fleshed out. 
There’s also a much broader soundstage and 
the players are more readily localized. Even 
better, this file is free of the slight edginess that 
(mildly) mars the Remain in Light download. 
The bass here is still too low in the mix for my 

tastes, but this download is unquestionably a 
vast improvement over the CD. I was unable to 
compare the download to the LP, since all my vinyl 
is in storage pending a move. But if you love this 
music you’ll likely want this version. Personally, 
I’m waiting for the far better More Songs about 
Food and Buildings.  

Derek and the Dominos: Layla. (96/24) 
HDtracks.com 
So often, when two or more virtuosos get together, 
the resulting performance is disappointing. Not 
here. Songs like “Bell Bottom Blues” and “Layla” 
are among rock’s greatest, and they are by no 
means the album’s only highlights. Eric Clapton 
and Duane Allman dole out supremely tasty 
guitar licks, and Clapton’s aching, soulful singing 
ices the cake. If you’re looking for a crystal clear 
document of these seminal sessions, you’re going 
to be disappointed no matter what. The original 
recording simply reeks of the early 70s sound: it’s 
heavy on the reverb and hampered by tubby bass 
and a top end that fails to make an appearance. 
Yet on both the CD and the download, the brilliant 
guitar work comes through in all its fuzz-boxed 
glory. Between the two, I prefer the download, 
primarily because it is a hair more open and 
the vocals are slightly more prominent. But the 
difference isn’t nearly as dramatic as it is on most 
other releases. 

This album is also available as an SACD and, 
as usual, that format sounds the most liquid and 
analog. Further, it has by far the best bass. Still, I 
don’t recommend seeking out the SACD because 
it’s significantly less visceral than the download, 
somehow missing the whole 70s gestalt that both 
the download and the CD so manifestly deliver. 

Elton John: Goodbye Yellow Brick Road. 
(96/24) HDtracks.com 
This was actually a pretty good recording, and 
although the album is overlong and at times 
indulgent, there’s no question that it finds John at 
the peak of his powers. If you’re familiar only with 
the CD, the download will impress you within the 
first minute. Hi-res usually brings greater natural 
detail, less coarseness, and/or finer dynamic 
nuance. But here the most striking change is 
in dynamic verve. “Funeral for a Friend”, for 
example, is full of dramatic crescendos and 
sudden dynamic shifts. The download delivers 
these in a way that breathes new life into the 
track. The SACD, if you can find it, is fully the 
equal of the download.

There are several CD versions of this album 
floating around, including the original, a deluxe 
hybrid SACD 30th anniversary edition, and an 
MFSL issue. I didn’t have the original on hand, 
but the deluxe version is compressed in both 
frequency and dynamics. Mobile Fidelity did a 
nice job restoring some of the CD’s highs, but it’s 
still is no match for the hi-res file. 

Joni Mitchell: Both Sides Now. (96/24) 
HDtracks.com 
I had no other versions with which to compare 
this relatively recent (2000) release, but I can 
report that the download sounds fantastic. The 
orchestration is lush, dynamics are unimpeded, 
and Joni’s now-smoky voice—perfect for these 
standards—is ideally miked. If your musical tastes 
include this genre, you’ll want this recording. 
Unquestionably one of the best-sounding albums 
of this bunch, Both Sides Now is CDM (Certified 
Demo Material). 

Natalie Merchant: Tigerlily. (96/24) 
HDtracks.com 
I’m quite fond of this 1995 album, Merchant’s first 
after her split from 10,000 Maniacs. The songs 
are simple, sweet, and solid, and Merchant’s 
inimitable voice is always a treat. The standout 
track is, of course, “Carnival.” On the CD, its 
drums are powerful but the highs are rolled off. I 
must say the download does not improve matters 
one bit. In fact, the hi-res version’s vocals are 
decidedly glazed over and the percussion doesn’t 
lock in rhythmically nearly as well as on the CD. 
Surprisingly, then, we have here a rare but clear-
cut case in which the CD is the superior format. 

REM: Monster. (96/24) HDtracks.com 
REM had fallen on fallow times in the early 90s, 
but the group came back strong with 1994’s 
Monster. The album is filled with catchy tunes, 
gloriously grungy guitar riffs, and Michael Stipe’s 
typically unfathomable singing. This download 
is a rather different experience than the CD. 
Indeed, the two appear to have been taken from 
completely different mixes. Instruments that 
are obvious on the CD like some of the guitar 
overlays on “What’s the Frequency, Kenneth?” 
are inaudible on the download. On the plus 
side, the hi-res version’s bass guitar and kick 
drums are pile drivers, which is fun! Further, the 
download dispels with the CD’s graininess. But 
with music like this, is that really critical? I realize 
it’s counter-intuitive, but the download is missing 
important musical information, so here again the 
nod goes to the CD. 
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The Eagles: Hotel California. (96/24 and 
192/24) HDtracks.com 
A lot of formats to compare here, since the 
album’s digital retinue includes: the original 
CD, a DCC-remastered CD, a DVD-A, and now 
hi-res versions at two sample rates, 96/24 and 
192/24. Let’s begin by comparing the DVD-A—
one of the few actually mastered at 192/24—to 
the download. I had assumed both formats were 
taken from the same files and would sound the 
same. For whatever reason, they don’t. The 
download’s volume has clearly been jacked up, 
as has the relative level of the bass. That incurs 
a loss of delicacy compared to the DVD-A, 
audible right from the opening notes. On the 
download, the interplayed acoustic guitars of 
“Hotel California” sound bright and steely; on the 
DVD-A you can hear the nylon in the strings. If 
you own the DVD-A, you might want to hold on 
to it. It’s the best-sounding version of this album, 
and its value, like that of certain old classical LPs, 
is appreciating rapidly. 

Regarding the two downloads, they sound 
much closer to each other than either does to 
the DVD-A. Indeed, the difference between the 
two sample rates is fairly small, heard only in 
things like a slightly wider soundstage on “New 
Kid in Town” and a little less grain on the 192/24 
version, making it more relaxing to listen to. 
Whether that’s worth the extra green is up to you.

The original CD sounds crude compared to any 
and all of these hi-res formats. Although this has 
always been a decent-sounding recording, the 
CD’s dynamic changes are never smooth, and 
acoustic instruments, the orchestra, and vocals 
aren’t nearly as natural at 44.1/16. Finally, the CD’s 
bass lacks oomph. The DCC CD is shockingly 
better than the original (go Steve Hoffman!), 

offering restored bass and a manageable level 
of grit. But the fact that there is simply less 
information in the bitstream is still obvious. So 
if you have only a CD, and don’t feel like you’ll 
throw up if you hear these songs one more time, 
you’ll want the download. 

Nirvana: Nevermind. (96/24) HDtracks.com 
Here’s another grunge album—maybe the best 
ever—that raises the question of whether this 
genre even benefits from the hi-res treatment. 
I certainly never had any complaint with the 
CD, which is suitably loud, gritty, and forcefully 
propulsive. The MFSL CD is cleaner than the 
original, allowing the rawness of Kurt Cobain’s 
vocals to come through more clearly. However, 
the MFSL version is just a little too polite for 
this material. I’d skip it and go straight for the 
download which, I’m delighted to say, sounds 
awesome. The 96/24 file conveys all the vigor of 
the original CD, but opens up the top and makes 
sure the only grunge you hear is coming from 
the guitar amps, not the medium. Dynamics are 
greatly improved, too, as can be heard when 

the drums enter on “Come as You Are.” Nor has 
this music has lost any of its power or relevance. 
Highly, highly recommended. 

U2: Achtung Baby. (44.1/24) HDtracks.com 
This is an album that, with all the heavily 
processed vocals and guitars, makes it 
impossible to know how it is “supposed” to 
sound. Within that context, I can safely say 
that the download bests the CD in a few areas. 
Both versions, and the LP, have crushing, fuzz-
drenched bass, but the download has better 
low-end pitch definition than the CD. In addition, 
the CD tends to congeal these incredibly dense 
mixes, whereas the download allows each layer 
to come through more clearly. Finally, when an 
acoustic instrument makes a rare appearance, its 
sound is more natural on the download. Overall, 
the HDtracks release very closely resembles the 
LP. Maybe that’s how it’s supposed to sound. 
Alan Taffel

Fleetwood Mac: Rumours. (96/24)  
HDtracks.com
Like the Beatles, Fleetwood Mac was blessed 
with three strong songwriters who could also 
sing or harmonize with equal skill. Add in Lindsay 
Buckingham’s brilliant guitar work and the crack 
rhythm section and it’s no wonder Fleetwood 
Mac was the pop band of its era. Even now, 
Rumours flies high on the wings of its energizing 
material and passionate performances. The 
original CD is a pale reflection of the LP—
dynamically squashed and tonally thin. The 2004 
re-master is far more successful; its instruments 
and voices prove nearly the equal of the LP. The 
DVD-Audio offers punchier bass, but also edgy 
vocals that make the whole enterprise rather 

off-putting. Thankfully, the HDtracks release 
is not similarly marred. Still, my favorite digital 
version remains the remastered CD. Surprised? 
Then consider that despite their “hi-res” claims, 
neither the DVD-A nor the download contain any 
information above 22kHz. That means that all 
of these digital formats were derived from lowly 
44.1kHz data. AT  

Seal: Best 1991-2004. (48/24) HDtracks.com
There are three digital versions of this greatest 
hits collection, and the differences between 
them are mighty subtle. All three sound very 
good, with the main advantage offered by the 
high(er)-res DVD-A and download formats being 
cleaner bass. Seal was never one to skimp on 
the bottom end, but the vigorous thumping on 
the CD is slightly bloated and smeared. Other 
than that, though, you can take your pick. I have 
a slight preference for the DVD-A because it’s 
slightly smoother and airier, but that format isn’t 
readily available. You really can’t go wrong with 
this download. AT

Fleetwood Mac: Tusk. (96/24, 192/24) 
HDtracks.com  
Like the Beatles’ White Album ten years earlier, 
Fleetwood Mac’s Tusk is a loose amalgam of 
individual projects. The record finds Lindsay 
Buckingham stretching the boundaries of the 
band’s sound, Christine McVie churning out 
slight but endearing love songs, and Stevie Nicks 
continuing to chant about witches and gypsies. 
While the result is anything but cohesive, the 
album has a sense of adventure and freshness 
that would elude the group for the remainder of 
its career. Despite being the Mac’s first foray into 
digital, Tusk has always been a well recorded 
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album. The CD and LP are warm and clear—but 
what happened to the download? The top end 
seems to have been completely lost in translation, 
obvious from the opening notes of “Over and 
Over.” The download’s vocals are muffled, and 
the instrumental realism of the other formats is 
gone. Back and forth I went between the CD and 
the download, but there was never any contest. 
The 192/24 download is marginally better than 
the 96/24 version, but alas I can’t recommend 
either.

Rolling Stones: Some Girls. (96/24) 
HDtracks.com 
This rollicking and raucous Stones album is one 
of the group’s most satisfying. The CD, however, 
is harsh in the extreme. I didn’t have the Deluxe 
Edition CD—from which the download is taken—
on hand, but compared to the original CD the 
download is a revelation. Keith’s guitar suddenly 
rings like a bell, and much of the grain on Mick’s 
voice—and there is a ton of it on the CD—is 
banished. Don’t get me wrong, though; many of 
these tracks are never going to be demo material 

because they are in truth terribly recorded. But 
at least with the download you only hear the junk 
on the master tape rather than that plus all the 
processing artifacts on the CD. Other tracks, such 
as “Beast of Burden,” sound quite respectable. 
No matter which cut you play, the hi-res version 
has an immediacy and drive that the CD lacks. 
Like the rest of the Stones catalog released by 
HDtracks, this download is highly recommended 
for both music and sound.

Stevie Wonder: Innervisions. (96/24) 
HDtracks.com 
Innervisions is Stevie Wonder’s masterpiece. 
Nearly 40 years after its release the album 
has lost none of its vibrancy. The original CD 
was quite rolled off in the highs, but the 2000 
remastered release fixed a lot of that. Further, 
the reissue allowed Wonder’s voice to emerge far 
more audibly in the mix. On the other hand, it’s 
still a CD so when things get dense, the sound 
gets forced. For better or worse, the download 
was obviously derived from the same master as 
the original CD, so it too sounds rolled off. But 
the download is more relaxed, with less grain and 
a much quieter background than either CD. I’m 
not entirely pleased with the download, since it’s 
missing the clearer highs of the remastered CD. 
However, each of these formats has its tradeoffs. 
If forced to choose, I’d go with the 2000 reissue, 
but the download is the easiest digital version to 
listen to, and that gives it merit.

Kate Bush: 50 Words for Snow. (96/24) 
HDtracks.com 
What a lovely and lovely sounding album. If 
there is such a thing as snowscapes, this new 
record evokes them. In a month where some 

format comparisons have yielded topsy-turvy 
results, this time the relationship between CD 
and download is exactly what one would expect. 
Being a superbly recorded album, the CD has 
great space, shuddering bass, and very present 
vocals. The download has all this, too, yet does 
away with the CD’s glare, low-end bloat, and 
cracked crescendos. The hi-res version of this 
album is purity itself. No question that in this 
case, the download is the way to go, especially 
since you probably don’t own this album yet. 
(See also review in last issue.)  

Cat Stevens: Tea for the Tillerman. (96/24 
and 192/24) HDtracks.com 
Tea for the Tillerman was released in 1970 as a 
nice sounding CD and LP. The album spawned a 
plethora of both hit singles and reissues, including 
the Mobile Fidelity gold disc treatment. And no 
wonder—this guy was one helluva songwriter. 
Even today, these melodies are indelible. The 
combination of songs with wide appeal and 
mastertapes of good stock no doubt explain why 
Tea for the Tillerman is now the beneficiary of not 
one but two hi-res reissues.

For comparative purposes, let’s take the 
familiar “Wild World.” The original CD sounds 
great. Stevens’ acoustic guitar and voice both 
come across sweetly and cleanly. If you heard 
no other version, you would be perfectly happy 
with this disc. But isn’t that always the way in this 
crazy audio hobby of ours? Things sound great—
until you hear how much better they can sound.

The MFSL version is mastered at a substantially 
lower level than the CD. Now we’re going the right 
direction! Sure enough, that greater headroom 
leads to better sound. Now you can hear the 
guitar’s strings responding more immediately to 

the strum of the pick, and decaying more naturally 
too. Overall, the guitar simply sounds more real. 
Meanwhile, the bass guitar is much less bloated, 
and its line is better defined.

So now we know just how good this album can 
sound, right? Wrong. The 96/24 download is in 
an entirely different league, revealing the overall 
smudginess of both CD releases. I apologize for 
dredging up a hoary cliché, but the download 
really does work like Windex. While leaving the 
tonal balance unaltered, the download makes 
everything easier to hear. Clichés aside, this is 
the jump in clarity you hope to gain from a hi-res 
download, but frequently don’t.

But wait, there’s more! The 192/24 version is 
even better—the best of the bunch. This edition 
combines the clarity of the 96/24 download with 
a welcome extra dollop of analog-like ease, as 
well as a significantly lower noise floor. If you’re 
willing to pay the premium, the 192/24 download 
is, for now, the definitive version of this classic 
album.

Creedence Clearwater Revival: Chronicles. 
(96/24) HDtracks.com
With the possible exception of Cosmos Factory, 
CCR was much more of a singles band than 
one that created cohesive albums. That makes 
Chronicles, a compendium of the group’s hits 
from “Suzie-Q” to “Sweet Hitchhiker,” all you 
really need. But which version? There are many 
options. Besides the original CD and LP, there 
are two reissues that were overseen by mastering 
maestro Steve Hoffman, one a DCC CD and the 
other an Analogue Productions hybrid CD/SACD, 
plus this HDtracks download. I didn’t have the 
hybrid disc on hand, so I can’t vouch for the 
SACD, but I did have a file of its CD layer.
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All of these versions can be characterized as 
clean and spare—exactly like CCR’s music. One 
might think, therefore, that a critical dissection 
of each format’s sound would be a bit like a 
vertical tasting of Two Buck Chuck. In fact, the 
differences surprised me. The CD has a certain 
purity, but is tonally anemic—didn’t they believe 
in capturing bass back then?—and imaging is 
one big haze. In contrast, the DCC disc has at 
least a modicum of bass, and Fogerty’s voice is 
solidly centered instead of being everywhere at 
once. Unsurprisingly, the AP release’s CD layer 
is very similar to the DCC.

As for the download, it resembles the original 
CD more closely than it does either of the Hoffman 
versions. That’s not good news, and the situation 
is made worse by the fact that the download’s 
level is goosed way up, with concomitant 
peak clipping. The original CD actually sounds 
much better than this download, but if you like 
Creedence and crave an all-in-one collection of its 
hits, I’d recommend either the DCC or Analogue 
Productions disc. 

Tom Waits: Bad as Me. (96/24) HDtracks.
com This is Tom Waits’ first release of new 
material in seven years, and it’s a solid one. The 
album features Waits’ inimitable combination 
of hoarse vocals, worldly- and wordly-wise 
songwriting, and carnival-esque arrangements. 
These elements jam together like a traffic wreck, 
with equally fascinating results. Still, though 
Waits is always exploring and experimenting, 
this is one of his more approachable works, 
often sounding a lot like a Joe Henry album. 

The CD’s sound is variable. Softer acoustic 
numbers like “Back in the Crowd” and “Face to 

the Highway” are quite ravishing; the instruments 
are presented on an uncrowded stage, and Waits’ 
gruff voice comes through in all its abominable 
splendor. On these tracks, the fact that Bernie 
Grundman did the mastering is apparent. But 
the balance of the songs is more frenetic, and 
here the CD falls on its face. The liberal use 
of processing and reverb takes its inevitable 
toll, and the result is harsh in the extreme. The 
CD amplifies this effect with a large helping of 
digital edge. There are plenty of albums with 
both ballads and rockers (if you can apply such 
pedestrian descriptors to any of these songs), 
but few are as sonically schizophrenic as this 
one. 

The HDtracks download is clearly superior to 
the CD. It eradicates the CD’s edginess, while 
bringing forth detail and a tonal richness that 
serves Waits’ voice well. Sadly, there is nothing 
hi-res can do to soften the hard echoes and 
processing hi-jinx that bedevil many of these 
tracks, but even there the download delivers a 
far more relaxing and musical experience. If you 
like Tom Waits, or just are curious about him, this 
one’s a buy. [See also review in Issue 222.]
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Zephyr: Voices Unbound. 96/24 
Multichannel. $27.99. iTrax.com

Mozart: Clarinet Quintet. Horn Quintet. String 
Quartet No. 9 in A. Old City String Quartet.  
96/24 Multichannel. $27.99. iTrax.com

Handel: Concerti grossi, Op. 3. Academy 
of Ancient Music. Richard Egarr. 96/24 
Multichannel. $27.99. iTrax.com
Voices Unbound, available since 2002 as a 
DVD-A, is among the finest “surrounded” 
recordings I’ve ever heard. There’s direct sound 
behind the listening position because there’s 
supposed to be, and it serves a musical end. AIX 
founder, producer, and engineer Mark Waldrep 
configured Zephyr’s 12 vocalists in a circle, 
each with his or her own microphone, and the 
effect is stunning. The repertoire ranges from 
French chansons to English madrigals to modern 
settings. One of many memorable selections is 
“Bright Morning Star,” a luminous arrangement of 
a traditional Appalachian tune that will leave you 
holding your breath.

AIX’s latest release is an all-Mozart affair 
featuring the Old City String Quartet, four 
musicians who began playing together at 
Philadelphia’s prestigious Curtis Institute. The 
high point of this recital is the Clarinet Quintet, 
K.581, with Ruokal Chen joining the young string 
players for a performance of exceptional poise 

and maturity. The 5.1 “Stage Mix” will be too 
much for some, exhilarating for others; there 
are stereo and “Audience Mix” multichannel 
download options for the faint-of-heart.

iTrax carries a relatively small but choice 
number of programs from other labels, including 
Harmonia Mundi. Richard Egarr’s traversal of 
Handel’s Op. 3 Concerti grossi is historically 
informed but expressive and joyous, rhythmically 
alert and affectionately shaped. Solo 
instrumental voices are beautifully characterized, 
especially the woodwinds—there’s no problem 
distinguishing a wooden flute from recorders. 
Subtle dynamic swells within phrases, even with 
a single sustained note, are readily discerned, as 
they were on SACD.

Bach: Easter and Ascension Oratorios. 
Retrospect Ensemble. 192/24. $27.00. 
Linnrecords.com

Granados: Goyescas. Albéniz: Iberia. 
Artur Pizarro, piano. 192/24. $27.00. 
Linnrecords.com

Dvorák: Symphony No. 7. Suite in A major. 
Budapest Festival Orchestra, Iván Fischer. 
192/24. $27.00. Linnrecords.com
The Retrospect Ensemble’s Bach performances 
are pretty much ideal—four outstanding soloists, 
a chorus of 18 that has satisfying heft yet is still 

light on its feet with contrapuntal passages, and 
an “original instruments” approach that’s bracing 
but never  studied or sterile. The two longest 
arias are especially ravishing, both soprano 
Carolyn Sampson’s “Seele, deine Spezereien” 
and countertenor Iestyn Davies’ sublime “Ach, 
bleibe doch, mein liebstes Leben”. The recorded 
perspective is close enough for textural clarity, 
but spacious enough to savor the warmth of the 
London church venue.

Artur Pizarro’s fluent and idiomatic readings 
of two Spanish piano masterworks were 
favorably reviewed in TAS last year. These are 
expansive, thoughtfully paced, and richly colored 
performances. Pizarro’s use of a Blüthner grand 
piano for the recording instead of the ubiquitous 
Steinway also contributes to the success of his 
interpretation.

Like iTrax, Linn sells downloads sourced from 
other labels, including many items from Channel 
Classics’ superb catalog. Iván Fischer’s justly 
lauded Dvor̂ ák recordings include this pairing 
of Symphony No. 7, one of the composer’s more 
serious and ambitious works, with Dvor̂ ák’s own 
orchestration of an earlier piano composition, the 
five-movement Suite in A major—a work with a 
decidedly American flavor, in the spirit of the New 
World Symphony.

The 192/24 downloads do represent a 
significant improvement over the SACD DSD 
version. On the piano program, for example, 

there’s greater focus, a sense of the attack of 
each note being connected to the rest of the 
sound that follows, and a better feel for the three-
dimensional quality of the instrument.

Haydn: String Quartet in D, Op.76, No.5. 
Solberg: String Quartet. Edvard Grieg: 
String Quartet. Engegårdkvartetten. 96/24 
Multichannel. $33.40. 2Lmusicon-line.no

Fred Jonny Berg: Flute Mystery. Warning 
Zero. Pastorale. Vicino alla Montagna. 
Flute Concerto No. 1. Emily Beynon, 
flute. Philharmonia Orchestra, vladimir 
Ashkenazy. 96/24 Multichannel. $33.40. 
2Lmusicon-line.no
Arvid Engegård has known that playing in a 
string quartet would be his life’s work since he 
was 10. His eponymous ensemble presents one 
work each from the eighteenth, nineteenth, and 
twentieth centuries with complete technical and 
stylistic assurance. The Norwegian ensemble 
may feel a proprietary attach-ment to the 
Grieg G minor quartet, perhaps the best-known 
Scandinavian chamber work in the standard 
repertoire, and their performance is white hot. 
Another son of Norway is the long-lived Leif 
Solberg, whose Quartet in B minor is solidly 
constructed, immediately engaging fare. Many 
of 2L’s multichannel recordings are of the 
“immersive” sort and here, viola and cello are 
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easily discernable in the rear speakers. It’s an 
engineering choice that will appeal to many who 
have played chamber music: listening becomes 
more of a participatory experience.

Fred Jonny Berg is a prolific Norwegian 
composer approaching 50, whose 
unapologetically tonally-based music is cinematic 
in the best sense of the word—highly evocative 
without seeming merely decorative. Berg writes 
quite idiomatically for flute and, in addition to the 
title track, a highly atmospheric 14-minute reverie 
that also features harp prominently, we hear his 
moody Flute Concerto No. 1. 2L’s 5.1 recording 
is luxuriantly spacious, with exceptional air and 
dimensionality.

Brahms: Requiem. Christine Schäfer, 
soprano; Michael volle, baritone. Tanglewood 
Festival Chorus. Boston Symphony, James 
Levine. 88/24 Multichannel. $12.99. bso.
org/bso/shop
It’s not clear why many HD downloads are as 
expensive as they are. The Boston Symphony’s 
high-resolution offerings are a notable exception, 
and it gets better: you can purchase a year-long 
subscription for $50 and get everything the 
Orchestra puts on-line in any format, including 
88/24 multichannel files. 

By coincidence, I attended one of the September 
2008 concerts from which this recording derived. 
It was—is—a profoundly moving performance. 
My seat was roughly two-thirds of the way back 
on the main floor of Symphony Hall, where I had 
a powerful impression of the room supporting 
the grandeur of Levine’s reading. The surround 
version, in particular, comes close to duplicating 
that experience.

Cantate Domino. Oscar Motet Choir. Alf 
Linden, organ. 88/24. $14.38. HDtracks.com

Rameau: Une symphonie imaginaire. Les 
Musiciens du Louvre, Mark Minkowski. 
88/24 $17.98. HDtracks.com

verdi: Requiem. Soloists, Chicago Symphony 
Orchestra and Chorus; Ricardo Muti. 88/24. 
$19.98. HDtracks.com
HDtracks is the biggest high-resolution download 
show in town, with close to 200 labels on board 
at this point. Included are small audiophile 
operations like Proprius that, 35 years ago, 
recorded Cantate Domino, a varied program of 
mostly sacred music performed in a Stockholm 
church. Spatially, the program is utter magic—
there are moments when you’d swear you were 
listening in surround—and the subtlety with 
which voices are reproduced is extraordinary. Try 
the familiar French Christmas carol “Il est né, le 
divin enfant.”

Une symphonie imaginaire fashions a coherent 
and engaging hour of instrumental music from 
material gleaned from a dozen stage works by 
Baroque composer Jean-Philippe Rameau. 
The selections are often quirky and strangely 
modern-sounding, early program music that 
ranges from maniacally propulsive dances to 
surprisingly soulful pieces, such as “Entrée 
de Polymnie” from Les Boréades. The stereo 
recording is impressively open.

Ricardo Muti led a highly regarded version of 
Verdi’s Messa da Requiem for EMI over three 
decades ago. Both that performance and this 
one, recorded in January of 2009 and released 
on the Chicago Symphony’s house label as a 
hybrid multichannel SACD, are melodramatic 

renditions of a very melodramatic composition, 
even if the earlier version has a bit more operatic 
volatility. Muti has at his disposal here a quartet 
of Aida-ready soloists, an impeccably prepared 
chorus, and, of course, one of the finest 
orchestras on the planet. The less bombastic 
sections are thoroughly satisfying while the 
most cataclysmic pages of the “Dies Irae” hold 
together well sonically: bass drum thwacks 
realistically represent a large hollow instrument 
being clobbered with a cloth-covered mallet, 
rather than gunfire. 

Rachmaninoff: Piano Concertos Nos. 2 and 
3. Preludes. Byron Janis, piano. Minneapolis 
and London Orchestras, Antal Dorati. 
(176/24) HDtracks.com
Rachmaninoff’s Concerto No. 3 is among the 
most highly prized of Mercury LPs, largely for 
Byron Janis’s phenomenal performance of this 
notoriously difficult work. The sheer exuberance 
of his playing hasn’t been surpassed by any of 
the many virtuosos who have undertaken the 
piece since the composer himself introduced 
it in 1909. Beyond being technically faultless, 
Janis is emotionally committed without seem-
ing saccharine, even with the most Romantically 
overwrought moments of the Second Concerto. 
A magisterial reading of the Prelude in C sharp 
minor, Rachmaninoff’s most famous solo 
composition, is a welcome encore. These are 
not by any means perfect recordings—they are 
bass-shy and the brightness (compared to a real 
concert experience) associated with Mercury 
is undeniable—but their immediacy is thrilling. 
Compared to the excellent SACD version of a few 
years back, the download is better focused and 
has superior front-to-back layering. 

C.P.E. Bach: Symphonies Nos. 1-4. Cello 
Concerto in A. The English Concert, Andrew 
Manze. Alison McGillivray, cello. (88/24) 
HDtracks.com
No less a judge of musical ability than Mozart 
said of Carl Philipp Emanuel Bach, Sebastian’s 
second oldest surviving son: “He is the father, 
we are the children.” The younger Bach was a 
highly influential figure, bridging the Baroque and 
Classical eras: the finale to the first of the four 
symphonies on this Harmonia Mundi program 
sounds like a Brandenburg Concerto refracted 
through the sensibility of Joseph Haydn. Besides 
his historical importance, Emanuel’s music 
is compelling for its quicksilver melodic and 
harmonic twists and turns, as well as its rhythmic 
liveliness. Breaking up the symphonic works is 
Bach’s A major cello concerto, composed when 
he was working for Frederick the Great. All the 
buoyancy and invention of the symphonies are 
there, but the piece seems more old-fashioned, 
an impression heightened here by the appealingly 
lightweight, gamba-like sonority of the soloist’s 
19th century cello. The earthy tonality of the 
original instrument winds counterbalances the 
bracing, but never harsh, string sound. Listened 
to after the HM SACD, the download gains in 
dimensionality and intelligibility. 

Martinu: Madrigal Sonata. violin Sonata. 
Flute Sonata. Sonata for Flute, violin, and 
Piano. Promenades. Trio Albatros. (96/24) 
iTrax.com
Bohuslav Martinu (1890-1959) was a prolific 
composer—too prolific, some would say—
but there’s no denying the consistently solid 
construction and taste-fulness of his vast 
output. At any rate, Trio Albatros—Stefano 
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Parrino (flute), Francesco Parrino (violin), and 
Alessandro Marangoni (piano)—had no trouble 
filling an engaging CD with Martinu employing 
their chosen instruments. For the four brief 
movements of Promenade, harpsichordist 
Gianluca Capuano sits in for Marangoni. The 
composer had the same fascination with jazz 
as his European contemporaries Igor Stravinsky 
and Darius Milhaud, a tendency most apparent 
in the First Violin Sonata. If you like neoclassical 
period Stravinsky, you‘ll like this. Mark Waldrep 
is picky about what he‘ll release as an iTrax 
download and this recording, from the Italian 
Stradivarius label, features exceptionally clear 
sound. There‘s not much sense of a room but the 
instruments are scaled as they would be if you 
were sitting close up in a small hall. The piano is 
a Bösendorfer and we know it when the player 
gently strikes and holds a low register octave. 

Beethoven: Diabelli Variations. Paul Lewis, 
piano. (44/16) Ariama.com 
Late in 2010, Sony Music International launched 
Ariama, an online classical music store selling 
both physical discs and downloads from the 
group’s four major record companies plus many 
independent labels. Ariama‘s downloads are 
mostly 320kbps MP3 files but there are also 
44/16 FLAC offerings. Paul Lewis has recorded 
about 15 programs for Harmonia Mundi, 
including complete traversals of Beethoven’s 
piano sonatas and concertos. Here, he tackles 
the most celebrated of that composer‘s many 
sets of variations. Lewis introduces Diabelli’s 
mundane theme with a joyous swing to begin a 
remarkable journey that fully reveals the fecundity 
of Beethoven’s musical imagination. The pianist 
always makes sure that we know the original 

tune is there, even as Beethoven elaborates it 
with ever-increasing obfuscation. Lewis employs 
just the right amount of tempo flexibility and 
dynamic gradation. Critical listeners getting into 
computer audio are likely aware of the seeming 
paradox that an audio file from a ripped CD will 
generally sound better than the original disc—
so it’s perhaps no surprise here that the 44/16 
download edges out the Redbook CD. It’s a bit 
clearer: densely scored chords in the left hand, 
for example, are reproduced more transparently. 

Palestrina: Choral Works volume 1. The 
Sixteen. (44/16) Ariama.com 
Giovanni Pierluigi da Palestrina’s music is viewed 
as the zenith of Renaissance polyphony and this 
program effecively demonstrates the glories of his 
choral compositions. The Sixteen, founded by Harry 
Christophers over 30 years ago, recorded for their 
own label (Coro) this program of unaccompanied 
choral pieces celebrating the Assumption of the 
Virgin Mary. There’s a complete mass (Missa 
Assumpte Est Maria), a six-part motet, and eight 
other selections, including three settings from 
Song of Songs. This is choral singing of the highest 
order, with pretty much perfect balances, blend, 
and enunciation. Christophers assures a strong 
sense of pulse that keeps this floridly complex 
music moving along, yet these performances are 
relaxed and spontaneous-sounding. The recording 
captures a warm, spacious, and slightly reverberent 
acoustic. There’s plenty of atmosphere but the 
music’s beautiful intricacy is never obscured. 

John Williams: On Willows and Birches: Harp 
Concerto. Ann Hobson Pilot, harp. Boston SO, 
Shi-Yeon Sung. (88/24) bso.org
The Boston Symphony Orchestra continues to 

sell downloads—in high-resolution sound, even 
multichannel in many instances—by subscription 
or occasional purchase. Here’s a dandy one such 
by John Williams, renown for his many great film 
scores. “On Willows,” the first movement of the 
composer’s harp concerto, has a deft lightness, 
a sense of being airborn that evokes the most 
magical moments of E.T.: The Extra-Terrestrial. 
“On Birches” is eerie, with gossamer symphonic 
textures. The sound is quite good: snapped harp 
strings possess that ephemeral “jump factor” 
audiophiles crave, with a beguiling sparkle to the 
solo instrument’s reproduction. The BSO has the 
16-minute piece priced right—just $3.49 for the 
high-res WMA stereo version. 

Hanson: Symphony No. 1, “Nordic.” 
Symphony No. 2, “Romantic.” Song of 
Democracy. Eastman-Rochester Orchestra, 
Howard Hanson. (176/24) HDtracks. com
After a performance of Howard Hanson’s First 
Symphony in Rochester, Kodak multi-millionaire 
George Eastman hired the 28-year-old composer 
as director of his recently founded Conservatory. 
Hanson remained in charge for 40 years, 
becoming a powerful force in the American 
musical establishment. His Sibelius-influenced 
compositional style was out of vogue for much of 
his career but, in retrospect, he was a pioneer of 
the “Neo-Romantic” movement decades before 
musicians like David del Tredici, John Corigliano, 
and Christopher Rouse would make this approach 
“respectable.” Hanson’s gloriously melodic 
Symphony No. 2, written for the 50th anniversary 
season of the Boston Symphony Orchestra, 
is his best-known piece, and the composer’s 
description is apt: “Young in spirit, Romantic 
in temperament, and direct in expression.” The 

ethos is very American in its freshness and 
optimism, which also holds for Hanson’s setting 
of Walt Whitman texts for Song of Democracy. 
These composer-led performances, dating from 
1957 and 1958, are typical for Mercury—up-
front, bright, detailed, and highly involving, but 
light in the bass. Sonically there’s little difference 
between the 176/24 download and the SACD 
iteration. (Though Hanson’s renderings of his 
own symphonies are authoritative, they are not 
necessarily the last word on them; check out 
Gerard Schwarz’s more luxuriant recordings on 
Delos if you like the music.) Andrew Quint

Karlowicz: Symphony in E minor, “Rebirth.” 
The White Dove. Polish Radio Orchestra, 
Antoni Wit. (44/16) Ariama.com
Mieczyslaw Karlowicz, a “national romantic” 
composer of great ability and promise, was born 
in 1876 in what’s now Belarus and died at age 
33. (While skiing. In an avalanche. How’s that for 
a late-Romantic-style demise?) His orchestral 
music, represented by a violin concerto, half-
dozen tone poems, and this E minor Symphony, 
is stirring, dramatic, immediately engaging, and 
expertly orchestrated—if often highly derivative. 
Hearing the symphony for the first time, you won’t 
be surprised to learn that Karlowicz was fond of 
Tchaikovsky’s Sixth, and the second movement 
Intermezzo of The White Dove sounds a lot like 
the famous sextet from Wagner’s Meistersinger. 
But Karlowicz was clearly developing his own 
voice, which is why his small output continues 
to be performed and recorded. The resolution 
of Ariama’s bargain-priced FLAC download 
($6.39) is “only” 44/16 but we mustn’t forget that 
the original recording quality of the recording 
matters, and this one’s outstanding. The sound 
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is immediate and impactful but with plenty of air 
and atmosphere. 

Beethoven: The Late string Quartets. 
Cypress string Quartet. (96/24) 
cypressquartet.artistconnex.com

albéniz: Iberia. peter schaaf, piano. (44/16) 
peterschaaf.com/pianist
High-resolution downloads are not only an 
important development for sound-conscious 
classical consumers; they are also a boon as well 
for artists who want to market a quality product 
in an economically feasible fashion. Increasingly, 
not only symphonic institutions but also chamber 
and solo artists are getting into self-distribution.

The San Francisco-based Cypress String 
Quartet recorded Beethoven’s last five quartets 
plus the Grosse Fugue, Op. 133, in the hills 
of Marin County at Skywalker Sound. They 
are presented on this 96/24 WAV download 
in wonderfully robust sound—listen, as one 
example, to the double-stopped chords that 
begin Quartet No. 12. The group gives gritty 
performances that make no effort to smooth 
out the rough edges of these  uncompromising 
works. This isn’t especially “elegant” playing, but 
that doesn’t mean it’s lacking at all in nuance or 
sensitivity. Though the first violinist’s intonation 
is occasionally approximate up high, the playing 
is rhythmically propulsive and, all in all, these are 
powerfully communicative readings that reward 
repeat hearings.

Peter Schaaf has been making his living as a 
photographer for 35 years, specializing in musical 
subjects: He has many LP and CD covers to his 
credit and is Juilliard’s official photographer. 
Years ago, though, Schaaf was active as a pianist, 

appearing as a soloist and accompanying stars 
like Renata Tebaldi and Yo-Yo Ma. Schaaf has 
long had affection for Isaac Albéniz’s Iberia and 
recently returned to the keyboard to record it 
over the course of a year. The pianist sells the 
recording as both a CD and as 16/44.1 FLAC 
files—either at $15 for the 80-minute program. 
If not as virtuosic as Marc-André Hamelin or as 
authentically Spanish as Artur Pizzaro (to name 
two recent versions reviewed in TAS), Schaaf’s 
Iberia is highly evocative and belies a deep 
familiarity with the music. Captured with Lucas 
CS-1 microphones—large diaphragm condenser 
tube mikes—by engineer Ryan Streber, the 
sound is pretty much ideal. It’s as close-up as 
you’d want, percussive without inside-the-piano 
claustrophobia, but still possesses an excellent 
sense of the instrument’s mass. Truly among the 
best-sounding piano recordings I’ve ever heard.

rimsky-Korsakov: Capriccio espagnole. 
Russian Easter overture. Le Coq d’Or. 
Borodin: Polovtsian Dances. London 
symphony orchestra & Chorus, Dorati. 

schumann/Lalo/saint-saëns: Cello 
Concertos. János starker, cello; London 
symphony orchestra, Dorati and 
skrowaczewski.

Tchaikovsky: The Nutcracker. serenade for 
strings. London symphony orchestra and 
philharmonia Hungarica, Dorati.

Balalaika Favorites. osipov state russian 
Folk orchestra, gnutov.

For all: 24/88 and 24/176. HDtracks.com.

HDtracks continues to cherry-pick the venerable 
Mercury Living Presence catalog of the 1950s and 
60s, releasing this largely orchestral repertoire as 
both 24/88.2 and 24/176.4 downloads. 

Antal Dorati (1906-1988) was born in Budapest 
and studied with Kodály and Bartók. Despite 
a series of successful music directorships 
and an extensive discography, Dorati has 
been underrated as a conductor. His Rimsky-
Korsakov/Borodin performances, however, have 
been called “electrifying,” and with good reason. 
Dorati takes Capriccio espagnole’s opening 
“Albadora” at an exuberant tempo and, in general, 
feasts on the vivid colors of Rimsky’s music. The 
LSO of the day—or any day, really—could play 
anything well and all the solo turns of “Scena e 
canto Gitano” are impressive. Russian Easter is 
suitably ecstatic but the program’s highlight is 
music from Rimsky’s final opera Le Coq d’Or. 
The music is tuneful but the harmonies are riper 
than in Rimsky’s earlier output, with pre-echoes 
of Stravinsky (who was taking twice-weekly 
composition lessons from Rimsky-Korsakov at 
the time Le Coq d’Or was written). Dorati was 
recognized as a master ballet conductor and 
his 1962 recording of the complete Nutcracker 
remains unsurpassed, with the feel of a danced 
performance. Every tempo choice is just right 
and rhythmic inflection is irresistible.

János Starker was also Hungarian-born, 
emigrating to the U.S. in 1946. Initially principal 
cellist for Dorati in Dallas and later for Fritz Reiner 
(another Hungarian) in New York and Chicago, 
Starker was the soloist for many important 
Mercury recordings. The Schumann, Lalo, and 
Saint-Saëns concertos are right up his alley, as 
Starker is a wonderfully expressive but tasteful 
player with technique to burn. His lean, nuanced 

tone is ideal for the lyrical flights of these echt-
Romantic works. 

For all of the Dorati/LSO recordings, the sound 
is highly characteristic for Mercury: brilliant 
(bordering on bright), dynamic, detailed, a bit 
bass-shy, and lacking the very last word in 
depth. Comparisons to the SACD iterations of 
these programs are telling. Perhaps because 
of SACD’s well-known propensity to soften the 
high treble, the top end of the download versions 
is also tamed to a degree, and some will prefer 
this tonal balance. But I’ll bet the downloads still 
sound more like the mastertapes.

Lastly, if you’re a card-carrying audiophile, 
you’ve heard—or at least heard of—Balalaika 
Favorites. At the height of the Cold War, Mercury 
sent a production team and “four and a half tons 
of recording equipment” to Moscow to tape the 
Osipov State Russian Folk Orchestra in a program 
that’s mostly folk and pop selections with a few 
classical numbers thrown in for good measure. 
The mood ranges from dewy-eyed melancholia 
to Looney Tunes mania; the sonority of the large 
ensemble—five different sizes of balalaikas plus 
domra (a mandolin-like contraption), accordion, 
various percussion, and other instruments—is 
one of a kind. Mercury’s recording is remarkably 
detailed as well as dynamic. Above a certain 
level, you may hear from your neighbors. And 
possibly Homeland Security.
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JAZZ
oscar peterson: Unmistakable. (96/24 
Multichannel) iTrax.com
Just a few months before his death in December 
of 2007 at the age of 82, Oscar Peterson 
heard Zenph “re-performances” of his own 
playing (and that of his friend, Art Tatum) on 
a reproducing piano shipped to his home in 
Mississauga, Ontario. Peterson, who always had 
a consuming interest in technology, signed off on 
what he heard as representative of the artistry 
responsible for the original musical events. Now 
we can experience for ourselves—in edge-of-
the-art sound—78 minutes of the best stride 
piano player to ever walk the earth. 

Peterson made very few solo piano recordings 
and Unmistakable is not a previously existing 
album. Zenph studied DVDs of filmed Peterson 
performances provided by the pianist’s widow 
and settled on six selections to analyze and 
ultimately “re-perform.” A series of standards 
were chosen, ideal vehicles for Peterson’s 
incomparably inventive musical mind, including 
“Body and Soul,” “The Man I Love,” Dizzy 
Gillespie’s “Con Alma,” and a medley of Duke 
Ellington songs. In addition, there are two 
selections recorded by Peterson in the mid-
1980s on a Stahnke Engineering reproducing 
piano. It’s no exaggeration to say that one can 
listen attentively to these tracks dozens of times 
and come way with something new to marvel at 
with each audition.

The recording was made at Abbey Road Studios 
in London on a Bösendorfer Imperial Grand 
equipped with a high-resolution reproducing 
system designed by Richard Shepherd. 
Bösendorfer was the pianist’s preferred 
instrument and this contributes significantly 
to the authenticity of the final result. Sonically, 
the 96/24 download is an order of magnitude 
superior to the CD–Sony didn’t release an SACD 
(big surprise)–better able to keep up with the 
purity of Peterson’s fleet runs and providing 
wider dynamic range. The multichannel option is 
very subtly executed and, in this instance, adds 
little to the illusion of realism; in fact, the surround 
version loses a little of the stereo HD program’s 
remarkable focus. AQ

vince guaraldi Trio: A Charlie Brown 
Christmas. (96/24 and 192/24) HDtracks.com 
Imagine my delight when HDtracks released not 
one but two hi-res versions of one of my all-time 
favorite albums. But before I tell you how they 
fare, let me put in a word for the CD. This format 
tends to work well for small jazz combos, and 
here the Vince Guaraldi Trio sounds natural and 
airy. The bare bones, unprocessed treatment 
afforded the children’s chorus is refreshing 
and charming. But as good as the CD is, the 
downloads are in a different league. Guaraldi’s 
piano is so much more dynamic, it’s as if 
someone raised the lid. The difference is audible 

within the first half dozen notes of “Linus and 
Lucy.” Moreover, the entire presentation is more 
spacious, and the chorus sounds even more 
natural, with individual singers easy to discern. 
The 192/24 version dispenses with the very 
subtle digital patina that coats the 96/24’s piano, 
and the chorus is clearer still. However, the less 
crisp 96/24 version is also mellower and more 
forgiving. The choice is a matter of preference, 
but I can’t imagine anyone being less than 
thrilled—musically and sonically—with either of 
these downloads. aT 
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Andrew Quint  

MARK WALDREP 
KnOws whAT hE’s DOIng

On what seems to a visitor from the steamy 
East Coast an impossibly beautiful July 
afternoon, I’m sitting at Dr. Mark Waldrep’s 

mixing console, in cool semi-darkness. I’m in 
Los Angeles to meet Waldrep, the man behind 
AIX Records and iTrax, for a demonstration of 
his live action music 3-D Blu-rays. Waldrep isn’t 
here: he’s been called to Nashville to caucus with 
Naxos regarding distribution of his chronically 
underappreciated recordings, a major coup. But 
the engineer/producer has suggested that I stop 
by anyway. We talk by phone for a while, then an 
assistant plays me selections from AIX’s 3D Blu-
ray music demo disc that range from a Mozart 
string quartet to solo jazz piano to Mark Chesnutt’s 
country band to Rita Coolidge belting out “Brickyard 
Blues.” The 3-D video aspect is interesting—if, 
for me, unessential. But the multichannel audio, 
emanating from five B&W 801 loudspeakers, is quite 
simply the most realistic and involving instance of 
recorded sound I can recall, from any source format. 
Mark Waldrep knows what he’s doing.

The Ph.D., by the way, isn’t in electrical engineering or some 
other scientific or technical discipline, as I’d assumed. The 
degree is in music composition: at UCLA, Waldrep submitted 
the first-ever electronic music doctoral dissertation. He took a 
dummy “binaural” head and a NAGRA IV-S battery-powered 
field recorder into various acoustic environments—a cave, 

the beach, up in a hot air balloon—and used these stereo 
recordings as the raw materials for a musical work. Waldrep’s 
musical activities in those days were quite diverse, to put it 
mildly. He wrote musique concrète, but was also a capable 
rock guitarist. He studied composition with Mel Powell and 
Morton Subotnick, and was selected to attend master classes 
with Pierre Boulez while a student at Cal Arts. Yet around the 
same time Waldrep landed an engineering job at Mama Jo’s 
Recording in North Hollywood, where he worked with the likes 
of the pop/rock band Ambrosia.

It was in the context of all this musical activity that Mark 
Waldrep’s recording philosophies developed. Watch the videos 
that accompany many AIX DVD-Audio and Blu-ray releases 
and you’ll note stereo pairs of microphones positioned close 
to individual instrumentalists and vocalists. “It’s not panning a 
mono signal among speakers or adjusting reverb and dynamic 
levels that gets you the sense of physical placement in a 
surround field or even a stereo field,” Waldrep told me. “It’s 
about the mechanisms of what we have built into the sides of 
our heads—our ears— and the processing of that information 
in our brains.”

Waldrep elaborates: “There’s a reason why we have two ears 
and it’s not just so that we can tell whether a perceived sound 
is coming from our left or right. A far more important aspect of 
binaural sound is the ability to discern how far away a particular 
sound source is from us. This evolutionary development 
ensured that humans and animals would have an early warning 
system when it came time to get away from predators. It’s 
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the same reason why we have two eyes and 
experience the world in full stereovision. It’s all 
about ‘depth’ of vision or sound. Unfortunately, 
most traditional studio/commercial recordings 
are done using a single microphone placed 
near the instrument. The recorded sound is 
then electrically panned between an array of 
speakers, artificial reverberation is added, and 
the perceived distance to the sound is controlled 
exclusively by the amplitude of the track; the 
lower the volume, the farther away the object 
producing the sound is. The problem with this 
type of audio engineering is that the reproduced 
sound never breaks the perimeter of the monitor 
speakers. Getting inside or outside of the ‘circle’ 
of speakers is almost impossible using mono 
sources. However, if you record with the space 
in mind using a stereo pair of mikes and carefully 
arrange them in the mix, it can make the speakers 
disappear and transport you into the space where 
the original performers were playing.”

AIX typically includes two multichannel 
mixes (in addition to a stereo version) on its 
releases—a traditional “Audience Mix” and a 
more aggressively enveloping “Stage Mix.” 
Waldrep’s preference is clear. “The sound of 
highly reverberant classical recordings is not 
something that I personally value,” he says. 
“As a guitar player, I’ve played in a number of 
bands and always enjoyed being close to the 
sound coming from the other guys in the group. 
My epiphany moment came when my piano 
instructor, Gaylord Mowrey, invited me to one of 
his recitals. On the program that afternoon was a 
single piece of music, a two-hour-long solo piano 
work by Morton Feldman. As I walked into the 
Roy O. Disney Hall, a modular room with no stage 
or raised portion, I saw the piano in the middle of 

the space. There were no chairs. The audience 
area, which surrounded the piano, was covered 
with rugs and pillows. Listeners were invited to 
recline for the lengthy program. My teacher came 
up to me as I entered the space and told me he’d 
reserved a very special location for me—directly 
underneath the nine-foot Steinway grand piano! 
That afternoon, as I listened to Gaylord playing 
the Feldman piece, my perspective on the 
traditional audience placement during a music 
performance changed. So it was natural for me 
to think about being on stage with the musicians, 
in the midst of the performance. In fact, this is 
the default on our releases because it forces 
the listener to confront a mix that fully immerses 
him in the music. People have said ‘Well, this is 
another conductor-wannabe mix and I feel like I’m 
standing on the podium.’ Well, what’s the matter 
with standing on the podium? Look, if everybody 
had the opportunity to be up there with [Gustavo] 
Dudamel or Zdenek Mácal and the New Jersey 
Symphony Orchestra, you might come away with 
a different appreciation of Pines of Rome— with 
120 decibels hitting you from 30 feet away, as 
opposed to being in the 20th or 30th row. It’s all 
about personal taste. For me, the more involving, 
the better.”

A sore subject with Waldrep over the years 
has been his decision to use the DVD-Audio 
platform for his high-resolution recordings, 
rather than SACD. He’d bristle if the obvious 
was pointed out in print—that DVD-A was fading 
fast as a commercial endeavor. Of course, with 
the ascendance of Blu-ray—including its use 
as a music-only carrier—Waldrep has been 
vindicated by the evolving dominance of PCM-
based recording over the Direct Stream Digital 
methodology. “I’m not a fan of DSD technology 

and have a hard time comprehending the 
‘success’ of SACD over DVD-Audio. I can only 
guess that Sony/Philips did a much better job of 
marketing its ‘revolutionary’ archival technology 
than the forces behind DVD-Audio did. 

“I’m a member of the CEA Audio Board and 
another board member distributed a handout that 
was meant to illustrate the benefits of DSD over 
CD-quality PCM. There were two spectragraphs 
on the piece of paper. The upper frequencies 
on the PCM graph were clean and surrounded 
by black—no sound—as you would expect. 
However, the DSD graph of the same music had 
a very definite ‘purple haze’ in the band between 
25kHz and 35kHz. This was the result of the 
noise-shaping algorithm of the DSD process. 
Most mastering engineers simply roll off these 
unwanted HF components. So the question I 
asked myself was: ‘If one of the goals of the 
new formats is to increase the HF extension and 
accuracy of the recording, which does it better, 
PCM or DSD?’ I made my choice and only use 
HD PCM to represent the digital audio we 
capture. And Blu-ray offers the best combination 
yet for combining HD surround music and HD 
video. Where we previously had to down-convert 
our videos from HD to anamorphic SD video 
and use a lossy audio encoding technology like 
Dolby Digital or DTS for the surround mixes, now 
we can have uncompromising HD audio and 
HD video quality, thanks to the next generation 
of optical disc technology, the Blu-ray Disc. I 
couldn’t be happier with the sound and accuracy 
of the TrueHD encoding methodology from Dolby 
Laboratories. It’s a continuation of the Meridian 
Lossless Packing (MLP) algorithm of the DVD-
Audio format and provides 100% accurate 
reproduction of the master digital files.”  

Another subject about which Mark Waldrep 
has strong feelings—very strong feelings—is 
high-resolution downloads. He launched iTrax 
in 2007 for the online sale of AIX recordings and 
the site also has material from a few other labels, 
including Harmonia Mundi and 2L. Waldrep is 
prickly about what counts as a high-resolution 
music file. A banner on the AIX Web site sums it 
up: “Home of REAL High Definition Recordings.”

“I define high-definition audio—whether it 
comes from a disc, memory stick, the ‘cloud,’ or 
wired file transfer—as audio that was recorded, 
at the time the original musicians were present, 
using equipment that has the capability to 
achieve or exceed the dynamic range and 
frequency response of human hearing. In the 
language of PCM digital encoding, this translates 
to a sampling rate of at least 96kHz and word 
lengths of at least 24 bits. I’m not willing to debate 
the upper range of human hearing: if a musical 
instrument/singer produces frequencies above 
the traditional 20kHz ‘highest’ end of human 
hearing, producers/engineers should capture 
those frequencies and deliver them through the 
playback systems to consumers. I know there 
are high partials above 20kHz in the sound of 
cymbals, violins, and a trumpet using a Harmon 
mute: I’ve seen them and experienced them. We 
have speakers that can reproduce frequencies 
this high, so why not provide them to music 
fans? It’s about coming as close as possible 
to the actual music-making event. According 
to Nyquist, a sampling rate of 96kHz provides 
recorded frequencies up to 48kHz and gives 
equipment designers much greater flexibility in 
the implementation of filters in their ADCs and 
DACs. It also minimizes the interaural delays 
that can happen between different recording 
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channels, resulting in better spatial resolution 
and clarity. So it’s not just about extending the 
highest frequencies above the traditional range 
of human hearing. The use of 24 bits means that 
the full dynamic range of a musical performance 
can be maintained during the entire recording 
chain. This provides a theoretical upper limit of 
144dB of dynamic range (the reality is closer to 
120–125dB) but this is far better than the best 
analog tape machines can muster.” 

But doesn’t a Golden Age analog recording 
that is digitally remastered at 24/96 count as 
HD, representing as close an approach to the 
original mastertape as consumers can get? 
Waldrep doesn’t buy it. 

“Think about it. If you take an analog recording—
which usually started as a 24-track master that 
was mixed to another analog 2-track tape and 
then was mastered to another tape only to be 
copied to yet another tape—that has 55 to 60dB 
of dynamic range and transfer it into an HD PCM 
‘bucket’ capable of 120dB of dynamic range, 
does the fidelity of the original analog tape adopt 
the sonic profile of the new HD environment? 
No, it stays the same as it was at the last point 
prior to the digital transfer. It’s true that you don’t 
lose any fidelity during the transfer but you don’t 
gain any additional dynamic range or frequency 
response either. It may sound ‘better’ than the 
original to some reviewers’ ears but that is likely 
due to creative remastering and not the additional 
fidelity possible with HD formats. A standard-
definition recording will always be a standard-
definition recording because the fidelity is locked 
in at the time of the original session. Those who 
would elevate analog tape and vinyl to HD status 
are essentially saying that we’ve had HD audio 
since the 1960s and that the advances in fidelity 

haven’t improved in the intervening 50 years. I 
don’t accept that. I believe there are lots of very 
high quality recordings that eclipse the best of 
the analog era.”

The full-boat 24/96 two-channel and surround 
options for iTrax downloads are costly—$21.99 
and $27.99 per album, respectively—and this is 
the case with other on-line purveyors of HD files 
as well. Waldrep is frank about the pricing of his 
iTrax offerings: “The price of a digital download 
is based on a number of factors, just as the 
price of physical goods is based on the cost of 
production, marketing, and distribution. There 
are costs associated with the bandwidth and 
monthly storage fees charged by the ISP, but they 
don’t warrant the wide variety of pricing that you 
find on the different HD download music retailers. 
I recognize that my productions are more costly 
than many other high-end music labels working 
with digital releases. However, considering that 
audiophiles are willing to pay $30 to $50 for a 
single piece of vinyl or many hundreds of dollars 
for an analog tape copy of a standard-definition 
archival release and even thousands of dollars 
for interconnect and speaker cables, I don’t feel 
that spending around $30 for a true HD music 
album is out of line.”

Early on, AIX offered a video version of a 
disc’s program along with the various audio-only 
options. I mention to Waldrep that when the visual 
perspective of a performance changes but the 
audio perspective doesn’t, it can be confusing, 
even jarring to many consumers. Waldrep told 
me: “This is the most commonly asked question I 
get whenever I give a demonstration in my studio 
or at a trade show. ‘I hear the drums on the right 
side of the surround mix but the drummer is 
located on the left side of the stage as presented 

by the video.’ My response is that AIX Records is 
a record company that specializes in producing 
some of the world’s best music recordings. 
Because we record all of the musicians at one 
sitting, I decided it would be worthwhile to include 
video on the discs we release. After all, it’s just a 
matter of a few cameras and some editing time 
later, right? But the music comes first.

“As the audio mixer and the video editor, I 
have a choice to make when working with both 
media. The video could be a single locked-off 
camera looking at the group from the audience 
with the audio mixed to match the position of 
the musicians on stage or I could edit the video 
to be more interesting than a single camera and 
disconnect from the physicality of the placement 
of the musicians. I chose to mix the music tracks 
independently of the visuals. Clearly, I could 
chase the visuals with the mix—have the drums 
instantly jump from one position in the mix to 
another as the video cuts. This is not a viable 
choice. Remember these are music albums 
with video and not the other way around. If the 
disconnect bothers a particular listener then 
simply turn off the video.”

Waldrep has a number of “firsts” in his resume. 
The AIX Media Group was the first to release an 
“enhanced CD” and, in 1997, the first to author 
and release a DVD. His company developed 
“motion menus” and Internet connectivity for 
the DVD format. Now, Waldrep can take credit 
for the first 3-D music Blu-ray Discs. “About a 
year and a half ago, I decided it would be fun 
to try and enhance the ‘private performance at 
home’ concept that AIX Records has pioneered 
over the past ten years. Panasonic Professional 
Products was in the midst of developing its first 
‘semi-professional’ 3-D camcorder and I asked if 

Panasonic would be interested in providing four 
of its prototypes for a few days so that we could 
shoot the first 3-D music albums. Panasonic 
agreed. The 3D imagery was amazing. What I 
thought would be a curiosity or gimmick became 
a transformative experience.” 

Mark Waldrep’s success derives, in part, 
from his unusual skill set, a rare combination of 
scientific discipline and artistic imagination. “I 
have a very strong left/right brain connection,” 
he says. “I can program computers and do math 
really well and I can write a melody and play the 
guitar.” It could be added that Waldrep also has 
a restless curiosity that keeps him on the lookout 
for the latest technological developments that 
might further elevate the experience of listening 
to music at home. “It’s not, for me, about the 
traditional audiophile goals of a producer or 
engineer to recreate the acoustic reality of a 
physical performance. That’s not my goal. It 
never has been. It’s to maximize the creative, 
expressive output of a composer’s musical 
thought using the best technology we can. We 
have much more flexibility to do that these days 
than we ever had before.”

Yes, Mark Waldrep knows what he’s doing.  
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