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Designer’s Guide to Flash-ADC Testing

Part 2

DSP Test Techniques Keep Flash ADCs in Check
by Walt Kester

By testing your flash A/D converter, you can ensure
that it’s faithful to all the specifications listed on its
data sheet. Part 2 of this 3-part series presenis a num-
ber of methods, including sine-wave curve fitting and
the FFT, that you can use to test flash converters.
Readily available benchtop instruments or personal
computers are the only equipment that youw'll need to
use these methods.

It’s important to know how your flash A/D converter
will perform in real-world applications. Therefore, you
may want to perform any one of a variety of tests on
your converter to determine its deviation from ideal
performance. As Part 1 of this series discussed, flash
ADCs exhibit errors due to static and dynamic non-
linearities, and these errors increase as the input sig-
nal’s slew rate increases. Thus, the actual S/N ratio
will fall short of the converter’s theoretical value. Even
if you don’t apply these tests yourself, becoming famil-
iar with them will help you evaluate data-sheet specifi-
cations more accurately, because many manufacturers
use these same methods.

Another reason you may want to test your flash
converter is to gain information that the manufacturer
doesn’t provide. Specifications such as S/N ratio and
its related effective number of bits are key in all appli-
cations and are normally specified, but other specifica-
tions that are more important for your particular appli-
cation may not be included on the data sheet. For
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example, video designs typically require that you know
a converter’s differential phase and gain (Ref 1). Com-
munications systems may even depend on esoteric
specifications such as the spurious-free dynamic range,
which isn’t available on many data sheets.

For a full-scale sine-wave input, the theoretical rms-
signal to rms-quantization noise ratio is

S/N RATIO=6.02N+1.76 dB,

where N equals the number of bits (Ref 2). The rms
quantization-noise voltage for an ideal ADC within the
Nyquist bandwidth is g/V12, where q is the weight
of the LSB expressed in volts.

The most popular method for extracting a flash con-
verter's S/N ratio and effective number of bits is
through discrete Fourier transforms (DFTs). Today,
you can perform sophisticated DSP tests with PC-
based test systems and standard software packages.
The test system in Fig 1, for example, can execute a
1024-point FFT in less than one second. Most of the
hardware you'll need is available as plug-in boards for
the PC. However, you'll have to do a fair amount of
work before you can begin to use a PC-based test
system. First, you'll need to design a high-speed
buffer-memory board to capture the data from the flash
ADC. Typically, you'll need to use high-speed static
CMOS or ECL RAMs. Second, plan to design an appro-
priate logic interface to connect this buffer memory
to the digital 1/O card of the PC.

Another hardware feature you might consider is an
evaluation board, which certain manufacturers of
video-speed ADCs supply to-ease design testing. Many
evaluation boards contain reference voltages, power-
supply decoupling, timing circuits, output registers,
and connectors. The evaluation boards usually have a
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DSP test techniques determine your con-
verter’s deviation from ideal performance,
and they even tell you certain specifications
shat the ADC’s data sheet doesn’t.

matching reconstruction DAC. In most cases, the
manufacturer has optimized the design of these boards
so that your ADC test won’t be corrupted by faulty
or poorly designed support circuits.

Your software must include a program to capture
the data and then load it into the memory of the PC.
If you plan to use FFT analysis, you must link a stan-
dard FFT software package to your test program. You
may also have to generate a look-up table to store any
special weighting functions required by your particular
sampling scheme. Also, adding a coprocessor card will
speed up the thousands of multiplications that FFT-
based analysis requires.

If you don’t have the time or the energy to build
your own test system, consider one of the benchtop
instruments available from a number of instrumenta-
tion manufacturers. These turnkey systems typically
utilize a high-speed logic analyzer to capture data. Be-
cause menu-driven software allows you to select from
a variety of tests, you incur practically no hardware
or software development time.

To test a flash ADC using Fourier analysis, you
must apply a spectrally pure sine wave to the converter
and store a number of contiguous output data samples.
Then, using DFT techniques, your test program calcu-
lates the rms-signal and rms-noise content and deter-
mines the ratio of the two. Noise calculations using
DFT techniques include not only the converter’s quan-
tization noise but also the harmonies of the input sine

wave. In addition, harmonics that fall outside the

Nyquist bandwidth are aliased back into the Nyquist
bandwidth because of the sampling process. Thus, to
achieve accurate and repeatable results, the purity of
the sampling clock and the input sine wave is critical.

You can use either coherent or noncoherent sampling
to evaluate the ADC performance. Coherent sampling
simply means that your record of samples contains an
integer number of sine-wave input cycles. Alterna-
tively, noncoherent sampling produces a record that
contains noninteger multiples of the input. You must
choose between these sampling schemes based on the
type of input data you expect. Coherent testing is more
suited to a laboratory environment when you know
the precise frequency content of an input signal, and
it requires careful attention in the selection of the input
and sampling frequencies. Noncoherent testing yields
a better representation of ADC performance in a real-
world application such as spectral analysis, because
the precise frequency content of the signal being digi-
tized is a mystery.

However, whenever the number of time samples
doesn’t contain an integer number of input cycles (non-
coherent testing), you'll have to time-weight the sam-
ples to reduce frequency side lobes. Without weight-
ing, discontinuities will cause the main lobe’s energy—
the fundamental—to leak into many other frequency
bins. The term “bins” refers to the spaces between
spectral lines or spectral peaks. The number of bins
for a particular spectrum equals the sampling fre-
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quency divided by the record length, or fy/M. The leak-
age of the signal from the central bin to side-lobe bins
makes accurate spectral measurements impossible—
you simply can’t distinguish the frequency bins that
contain actual signal information from those that con-
tain noise. Another reason to time-weight the samples
is that the end user of your A/D-conversion system
may be interested in the performance of the ADC using
an identical or similar window.

Noncoherent sampling involves fewer input- and
sampling-frequency restrictions than coherent sam-
pling does, but it requires careful attention in the selec-
tion and use of the weighting function. Also, to prevent
masking out harmonies of the fundamental, avoid using
inputs that are integer submultiples of the sampling
frequency. If your input frequency is an integer
submultiple of the sampling frequency, the quantiza-
tion noise, q/\/ﬁ, will be concentrated in the harmon-
ies of the input frequency rather than uniformly distrib-

(]

Fig 2—When the record of samples doesn’t contain an integer
number of input cycles—that is, when you're using noncokerent
sampling—you must precondition the data with a weighting func-
tion. The Hanning window shown here in the time domain (a) and
the sampled-frequency domain (b) is a popular weighting Sunction.

uted across the Nyquist bandwidth. Ultimately, this
condition leads to incorrect harmonic-distortion test re-
sults.

One popular weighting function is the Hanning win-
dow (Ref 3), which is described by the equation

=05 2mn
W,=0.5-0.5 cos( M ),

where W, is the weighting coefficient for the nth data
sample, and M is the total number of samples. Fig 2
graphically depicts the Hanning window in both the
time and the frequency domains.

To calculate the S/N ratio, you have to decide the
number of frequency bins to include in the fundamental
and the number of bins to consider as noise. As Fig 2
shows, you can correlate the amount of side-lobe at-
tenuation with the lobe’s distance, in terms of bins,
from the fundamental bin. Fig 2b includes a table that
lists some of these values. You'll have to make your
decision based on the theoretical S/N ratio of the con-
verter you're testing.

For example, an 8-bit converter has a theoretical,
maximum S/N ratio of approximately 50 dB. In order
to ensure that the side-lobe energy doesn’t cause an
artificially high noise measurement (and hence an artifi-
cially low S/N-ratio measurement), you should include
at least 10 frequency bins on either side of the funda-
mental when calculating the signal level. (Simply take
the square root of the sum of the squares of all 21 bins
as your signal level.) Now, any side-lobe energy out-
side this region will be at least 68 dB below the funda-
mental signal level (18 dB below the theoretical, 8-bit
quantization noise floor of 50 dB), and side-lobe leakage
won’t significantly affect the accuracy of your S/N-ratio
measurement.

Other weighting functions may better suit your ap-
plication. For example, Fig 3 compares the popular
Hanning window’s spectral representation with the
more sophisticated, minimum 4-term, Blackman-Harris
type. For the same record length, the Blackman-Harris
window provides better spectral resolution than the
Hanning window, making it more suitable for critical
spectral analysis, such as measuring 2-tone, third-order
intermodulation-distortion products. The extra compu-
tations for the Blackman-Harris window don’t lengthen
processing time, because you calculate them only once
and store them in a look-up table.

As previously stated, you can use coherent sampling
if you know the characteristics of your input signal and
if you choose the sampling rate accordingly. Coherent
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Today, you can perform sophisticated DSP
tests with PC-based test systems and stan-
dard software packages.

sampling eliminates leakage and the need for window-
ing (Ref 4); the spectral result of a coherently sampled
signal is simply a single-frequency peak. Certain re-
strictions apply to the choice of the sampling rate and
the sine-wave frequency, however. First, you must
observe the following ratio:

fo_Mc
fs M’
M. equals the number of integer cycles of the sine
wave during the record period. For a whole number
of cycles, Mc must be an integer. To ensure that you
don't take repetitive data, M¢ should also be a prime
number: 1, 3, 5, 7, 11, 13, 17, etc. By using prime
numbers, you ensure that all samples during the record
period are unique. When using coherent sampling, it’s
mandatory that the ratio Mc/M be constant. This re-
quirement implies that you derive fs and f,, from two
locked frequency synthesizers.
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Fig 3--The Blackman-Harris windowing function (b) resolves
closer peaks in a frequency spectrum than does the Hanning window
(a). The mathematical expression for the Blackman-Harris window
is more complex, but you only need to calculate the terms once and
then store them in a look-up table.
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Calculate the DFT

After selecting the record length and determining
the weighting function (for noncoherent sampling), you
must write your DFT test program. Your program
must find the DFT of the sequence of weighted data
samples for M/2 frequencies (the Nyquist frequency).
Thus, the program should solve the following two equa-
tions for the kth frequency:

) _§
Ak=KI{- > W.D, cos [2———(——2"1( n-1 ]

N
B,=a 2 W.D, sin [2———"“&"1)].

n=]

In these equations, A, and B, represent the magni-
tudes of the cosine and sine parts of the kth spectral
line; n is the number of time samples; W, is the weight-
ing function; D, is the amplitude of the time-function
data point; and k is the number of a spectral line. The
total magnitude of the kth spectral line is

MAGNITUDEg=VA,*+B,%.

The program’s results yield M/2 components, which
are the frequency-domain representation of the M time
samples. The resolution or spacing between the spec-
tral lines, Af, equals f/M and is the bin size or bin
width.

Typically, you should select the number of time sam-
ples (M) to be between 256 and 4096, depending on
the desired resolution and the size of the buffer mem-
ory. M must be equal to an integer that's a power of
two. If you're using noncoherent sampling, you can
compress leakage around the main lobe by using a
larger record length, thereby leaving a larger percent-
age of the Nyquist spectrum uncontaminated. For ex-
ample, the Hanning weighting leakage is =10 bins
from the fundamental for 68-dB side-lobe suppression.
If the record length is 256, then the leaky fundamental
occupies 20 bins out of 128 spectral components, or 16%
of the digital spectrum. When M equals 1024, the per-
centage reduces to 20/512, or 4%.

In practice, you can use one of the many FFT algo-
rithms to simplify and speed the DFT calculations (Ref
5). An FFT algorithm will produce the same resuits
as the DFT equations above, and the computation time
is much faster.



The discrete Fourier transform is the most
popular method for determining a con-
verter’s true S/N ratio and effective num-
ber of bits.

Verify the FFT

Consider the noise floor when verifying the FFT.
Assuming that the round-off error contributed by the
DSP-noise calculation (the error caused by using a fi-
nite number of bits in the FFT multiplications and
additions) is negligible, the rms-signal to rms-noise
level in a single frequency bin of width Af is

S/N RATIOpr=6.02N+1.76 dB+10 LOG (%)
This equation represents the FFT noise floor. You
should choose M so that any spurious components you
want to resolve lie at least 10 dB above this floor.

Basic software can easily .generate an ideal N-bit
sine wave by using the Integer (INT) function to trun-
cate the value to the proper resolution. For instance,
an input signal of frequency f,, is equal to

V,=V, sin (27%),
8
where n is the nth time sample for an ADC that has
infinite resolution. You can calculate the corresponding
quantized value using

2
V,(m)=INT (Yﬂ“&!_&_),

where q=2V,/2". Substituting this expression for q
in the above equation yields

V,@=INT 2% sin (2—’}:5')]

The INT function simply truncates the fractional por-
tion of V(n).

To check the dynamic range of the FFT, calculate
the S/N ratio by using 6.02N +1.76 dB for increasing
values of N and observing the point at which the S/N
ratio no longer increases by 6.02 dB/bit. The sine-wave
input to the weighting function and the FFT are more
ideal as N approaches infinity. By making N arbitrarily
large, you can greatly reduce quantization-error effects
and analyze the true noise floor of the FFT. You can
also examine the characteristics of the weighting func-
tion.

Match the sine wave to a curve

Another test method to use with flash ADCs is sine-
wave curve fitting. You perform this test after the
ADC digitizes the sine wave and after your test system
stores the data in its memory. A record length of 1024
samples is usually sufficient. The software then calcu-

lates the best-fit, ideal N-bit sine wave to match the
data points, based on the sine wave’s amplitude, offset,
frequency, and phase required to minimize the rms
error between the actual and the ideal sine wave (Refs
6 and 7). This method also requires that the input
sine-wave frequency contains no subharmonics of the
sampling rate. If you know the precise sine-wave fre-
quency, the curve-fit algorithm is much simpler than
the FFT method, and the probability that the algo-
rithm will converge is higher.

After the software computes the rms error, Q,, be-
tween the ideal sine wave and the actual sine wave,
you can calculate the effective number of bits by using

EFFECTIVE . nr (Q
NUMBER OF BITS LOG‘(QT)’

where Qg is the theoretical rms quantization error,
q/V12. This measurement includes errors due to differ-
ential nonlinearity, integral nonlinearity, missing
codes, aperture jitter, and noise, in addition to the
quantization noise.

The effective number of bits that you calculate using
the sine-wave curve-fitting method correlates with the
value of the full-scale, FFT S/N-ratio measurement
obtained using the equation

EFFECTIVE _S/N RATIO\m, —~1.76 dB
NUMBER OF BITS 6.02 '

However, if you measure the effective bits of a sine-
wave input signal whose amplitude is less than full
scale, you must include the following correction factor
in the above equation to achieve correlation between
the two methods:

EFFECTIVE _
NUMBER =N RA'rloé«%lgAL 1.76 dB

OF BITS

+ LEVEL OF SIGNAL BELOW FULL SCALE (dB)
6.02 )

One useful method for reducing the effects of the
D/A converter in making gross back-to-back measure-
ments on an ADC is the beat-frequency method. Fig
4 illustrates a basic test setup. This test method -
stresses the converter with a near-Nyquist signal and
drives the converter at its maximum sampling rate.
Thus, the analog-input sine wave should be slightly
lower in frequency than half the sampling frequency.
The test system updates the registers that drive the
DAC at an even submultiple of the sampling rate, fg/N,

ANALOG-TO-DIGITAL CONVERTERS 3-83

3



Coherent testing is more suited to a labora-
tory environment; noncoherent testing more
closely represents ADC performance in the
real world.

where N is a power of 2. (N is not the ADC'’s resolu-
tion.) The resulting signal from the DAC is a low-
frequency sine wave whose exact frequency equals the

difference between half the sampling rate and the ana-
log-input frequency. As Fig 4 shows, you should clock
the DAC at a much lower rate, fyN—known as the
decimation rate—thereby reducing the effects of
glitches and other dynamic errors.

You can use the beat-frequency method to make
signal-to-noise measurements over the Nyquist band-
width, fy2N. You also can examine the low-frequency
beat on an oscilloscope for missing codes and other
nonlinearities. To measure the harmonic content of the
beat frequency, you can use a low-frequency spectrum
analyzer. The harmonics of the low-frequency beat are
directly related to the harmonics of the analog-input
frequency. A beat frequency of a few hundred kilohertz
works well. To prevent jitter on the low-frequency
beat signal, you must derive both the analog-input sine
wave and the sampling frequency from frequency syn-
thesizers or crystal oscillators.

This beat-frequency test is also effective in measur-
ing the flash converter’s performance for input signals
near the sampling frequency. The performance under
these conditions is useful for radar in-phase and quad-
rature-phase systems and in IF-to-digital conversion.
To perform this test, set the ADC’s analog-input fre-
quency to slightly less than the sampling rate. The
circuit generates a low-frequency beat even if the DAC
updates at the sampling rate. However, updating the
DAC at fo/N reduces the effects of DAC dynamic errors
on the measurements.

You can use DSP techniques and FFTs to analyze
Fig 4's decimated data for a wide range of input fre-

quencies. You do have to remember the rules of ali-
asing, however, to know where to expect the funda-
mental signal to show up in the FFT output spectrum.
You may think your FFT is sampling your signal at a
rate of fy/N, but the converter is actually sampling at
a rate of fs.

Once you understand how to use these various tech-
niques, you can start to probe your particular converter
to measure its real performance. Part 3 will discuss
how you apply these techniques to actually test an
ADC in your system and determine a number of static
and dynamic specifications.
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