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What is the inspiration behind the SDAC?
Both the SDAC and the SDAC Balanced were inspired by a desire to build the bestsounding DAC possible at the most affordable price. For the SDAC Balanced, Grace
Design and Massdrop collaborated to bring a no-frills, high-performance DAC with
enough input and output functionality to be able to fit into a wide variety of systems.
Balanced analog outputs are really helpful in many systems, including professional
applications, so that was a primary driving force for the new design. Also, there are many
times where standard PCM sources need to bemonitored. That is why we added the
SPDIF/TOSLINK receiver.
There are plenty of sexier, more feature-rich DACs out there in this price range, but I really
wanted to build something with a "raison d'être” of music fidelity.

How long have you been in development with this design? Any plans
to iterate later with anything that didn’t make it into this version?
The core SDAC design was in development for nearly a year. The SDAC Balanced, which
is largely based on the SDAC, took less time (although we are still in the final tuning stage
and preparing for production). We did manage to include some things in the design that
were not on the original list. The SPDIF/TOSLINK inputs and a full-size USB B-type jack
are some examples. I am afraid I can't comment on future plans, though!

Understanding that no particular measurement can describe how
good a DAC sounds, which measurements/aspects do you think are
most important to get right: THD+N, intermodulation distortion,
linearity, jitter response, crosstalk, etc.? How good is good enough,
and when does poor performance in these areas start showing
warning signals to consumers that the DAC might not sound good?
As a starting point, I'd assume that a flat frequency response across
the audio spectrum is required, but what beyond that?
This is certainly a complex topic. Flat frequency response is a good start, but how flat is
flat? In converter land, we see variations of up to 1 dB at the frequency extremes,
typically due to digital filter response characteristics. I don't think these variations are
very audible. Other than that, you have to be making a big mistake to wind up with a
frequency response that has noticeable aberrations in the audible spectrum. If one
converter sounds "brighter" or "darker" than another, it is probably due to differences
other than frequency response.
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As for dynamic range and distortion, most modern DACs achieve noise and
distortion levels far below what will be audible in normal playback environments. For
starters, look at the dynamic range of music recordings. Pop music rarely achieves more
than 20 dB and the quietest rooms I have recorded music in rarely have ambient noise
levels below -70 dBFS. The original redbook CD format with 16-bit resolution had 96 dB
of theoretical dynamic range. This makes a pretty good argument that 16 bits is more
than enough resolution for a typical playback system.
However, there are situations where this is not true. For instance, if a playback system
employs a digital volume control before the DAC, then the nominal output level coming
out of the DAC will need to be 30–40 dB lower than its full scale output. This means that
the old 16-bit system with 96 dB of dynamic range has a "signal-to-noise ratio" of 96
minus 40, which equals 56 db. Not enough. If we are using a digital volume control and
we have a VERY quiet listening room, one could argue for the need of more than 120 dB
dynamic range. I don't think that dynamic range variations from DAC to DAC contribute
to sonic character. It is more about if you are ever going to hear the noise floor in your
system. Probably your noise floor will be governed by other parts of the system or the
recordings themselves.
Distortion can be thought of in similar terms as dynamic range as far as the "amount" is
concerned. Ideally, we would want distortion artifacts to all be well below the threshold
of hearing in our playback environment.
That said, there are different types of distortion (some pleasing and some not), so it helps
to know what type of distortion is present in a converter design when deciding if it has
too much or not. Us humans will be more sensitive to odd order harmonics and
intermodulation components than even harmonics. If you listen primarily to highdynamic-range recordings of classical music, you may have a more stringent requirement
for DAC distortion performance than if you listen to highly compressed program material.
Note that most of the distortion types that are typically specified (THD, IMD DIM) are all
related harmonically to the program material. Distortion caused by clock jitter is not, and
this type of distortion is not specified by DAC chip makers.
I think this is a big part of what causes modern DACs to have differences in character.
Clock design is an absolutely critical component to transparent DAC performance.
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Can you discuss what you feel is best for interpolation filters for
oversampling delta-sigma DACs? Sharp roll-off vs. slow roll-off,
linear phase vs. minimum phase, etc.? More broadly, is filter choice,
ringing/pre-ringing, etc. really a concern for well-produced audio
(meaning not loudness-war induced, way overcompressed crap
recordings)? Even more broadly, are delta-sigma DACs at an inherent
disadvantage to NOS R2R DACs, or vice versa?
I began my career in professional audio by replacing the 90 dB/octave anti-imaging filters
in early Sony PCM recorders with Apogee Electronics linear phase filters. (Yes, that was
Apogee Electronics’ first product.) The original filters, if my math is correct, would have
about 1,350 degrees of phase shift at 20 kHz. Not very coherent for audio. The Apogee
filters were also 90 dB/octave analog filters, but they employed an all-pass section to
restore the phase response. This made a big difference in the sound quality of these early
recorders (ADCs and DACs), but they were very expensive and difficult to manufacture.
Luckily, 4x oversampling converters arrived and mostly eliminated the need for very steep
slope filters.
I am not really up on what exactly the new crop of NOS DACs are doing to address
the anti-imaging filter problem, but it seems like it would be the hard way to get usable
peformance.
As for sharp vs. slow and linear phase vs. minimum phase, I take a fairly pragmatic
approach.

How do you evaluate a DAC's performance and whether a DAC chip
will fit into the design? Perhaps in short, how do you pick a DAC?
Picking a DAC is based on a combination of factors. Obviously cost vs.
performance is a balancing act. We try to pick the highest-performance DAC that the
budget for the product allows. Modern DACs have exceptionally low noise and distortion
for very little money. Most of the DACs we use are very transparent. It is other factors that
really affect the sound of DAC.
As I have said before in Massdrop discussions, I think of a DAC as a mixer. It mixes the noise
from its power supplies, clock, and output circuitry with the incoming data. If the inherent
distortion and noise from the DAC are below audibility, then you won’t hear the DAC.
Instead, you will hear the other "inputs." So, to try to answer your question, we try to pick a
DAC that will be invisible in the whole design. That is pretty easy to do these days. It is the
other circuit details that will ultimately determine the audible characteristics of a DAC.
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What’s your take on R-2R DACs? And do you think a wellimplemented mid-spec DAC outperforms a standardimplementation sigma-delta high-end DAC?
First, I am not completely abreast of the latest R2R designs, but I'm pretty
confident it is the hard way to achieve performance that is already easily available in
delta-sigma DACs. Additionally, the issue of filtering base-rate audio images requires
going back to high-order IIR filters. (See my answer to question 4.)
It is probably safe to say that R2R DACs are not technically superior to delta-sigma
DACs, but that said, it's all about taste. If you like distortion and phase shift, then they
make sense. If you want invisibility, then delta-sigma makes sense.
There are no wrong choices here. Get both!

Could you explain a bit about digital filters? What are they,
why do we need them, and what do they actually do?
There are probably better explanations on this out there, but here's a simple
overview: The digital-to-analog converter creates high-amplitude ultrasonic noise
(above the audio spectrum). This noise must be filtered before sending on to downstream
equipment or it could cause lots of problems.
Before there were oversampling DA converters, this noise was filtered with very steep
slope analog filters in the audio output section of a DAC.
A digital filter essentially up-samples the audio to a higher sample rate so that the analog
filter does not have to be as steep to provide adequate attenuation of out-of-band noise.
This improves the overall phase response of the system.

What is multi-bit DSD? How does it differ from single-bit DSD?
DSD is a single-bit transmission and storage format. Most modern delta-sigma modulators
in AD and DA converters use more than 1 bit in the conversion process to reduce distortion and linearity errors. This is because the original single-bit modulators had all kinds of
problems. There may be true 1-bit converters out there, but they will suffer in performance
compared to multi-bit converters.

5
How did you get into the audio business? What motivates
you to stay in the industry?
Since I was a child, I have been fascinated with sound equipment. I bought my first
reel-to-reel recorder at a garage sale when I was in the fourth grade. But I didn't get into
the business until I dropped out of engineering school and went to work for Jeff Rowland
(Jeff Rowland Design Group).
Working for Jeff, I learned a lot about circuit design and simultaneously pursued learning
to be a recording engineer, so I could make demos for my brother Eben's various bands.
After about 5 years, I quit and started Grace Design with Eben.
I love music and being around the creative process of making it (I'm not much of a
musician myself). I suppose that is what keeps me motivated to continue
designing and building audio tools for the production and enjoyment of music.

What is the first audio product you built? Do you still have it?
The first audio product I built was a 20dB amplifier to use with some Schoeps
microphones and a Sony PCM F1 digital recorder. I would drag this rig around to
Grateful Dead concerts. Here are some pictures of it!
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Which artists/songs do you have on repeat? What’s your favorite
way to listen to them?
This week, I have been listening to Stephen Scott, a composer from Colorado Springs. The
album is called Vikings of the Sunrise, and it is a spectacular composition for prepared
piano. It is an ensemble of eight or nine musicians plucking and bowing the strings of a
single piano. Give it a listen if you can find it. Snarky Puppy, Frank Zappa, Aimee Mann,
John Scofield, The Bad Plus, Gillian Welch/ David Rawlings, and The Grateful Dead are
often in rotation.
I mostly listen to my m9XX / HD 600 combo at my desk while working. But my favorite
way to listen is on the Kii 3 speakers in our R&D studio.

What does your workflow look like?
A typical product development workflow looks something like this:
It starts with discussions of the basic scope of the product. Then I get to work with
drawing up schematics, analyzing the circuit, and laying out a prototype PCB. When the
prototypes are done, the fun begins and I get to spend time on the test bench checking
that it works properly and meets the technical specification objectives. Usually, there are
multiple modifications and redesigns of things that didn't work as planned.
At this point, listening tests confirm things are sounding good. If there are problems, then
it's back to the bench. Once everything is dialed in, the fun part is mostly over and then
the hard part begins. This is the long and laborious process of engineering change orders,
sourcing components, writing owner’s manuals, assembly and production documentation,
quality control procedures, inspection checklists, auditing of bills of materials, etc. We
usually have tacos and beer to celebrate the release of a new product.

What advice do you have for someone who wants to get
into the audio industry?
If you have a passion for music and audio, then I'm sure you'll find a path to a fulfilling
career in the industry. If you choose to go into building audio equipment, my advice
would be to have lots of patience. It takes a long time to develop a manufacturing
business.
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What’s the hardest part of bringing your concepts to life?
Any time we are designing a product that contains new technology, there are many
challenges. Just getting new ideas to work for the first time can require a lot of trial and
error. While this can be "hard," it is also fun and rewarding. (See my answer to question 12
for the real hard parts of product development.)

Which of your own products do you use most often?
At work, I have an m9XX on my desk. I listen to it most of the time. Sometimes I switch
to the m920 when I need analog inputs. My daily-driver headphones are the HD 600,
HD 6XX, and Stax SR-Lambda Pro/SRM-1/Mk-2 amp.
When doing live remote recording, I always have our m108 microphone preamplifiers,
m905 monitor controller, and m920.

