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Abstract

Understanding common converter ac performance characteristics and
concepts—quantization, sampling, signal-to-noise and distortion (SINAD),
effective number of bits (ENOB), aperture jitter noise, distortion products,
spurious-free dynamic range (SFDR)—empowers designers to optimize
converter component choices for various design objectives, such as perfor-
mance and cost.

A growing number of electronic products in consumer, medical, automotive,
and even industrial sectors make use of high speed signal technologies
for data and voice communication, audio, and imaging. Though these
application categories process signals with different bandwidths and use
correspondingly different converter architectures, they share certain charac-
teristics when it comes to comparing analog-to-digital converters (ADCs)
and evaluating the performance of specific implementations. In particular,
designers working in these disparate application categories are concerned
with a number of common converter ac performance characteristics
that can set their systems’ performance limits.

Quantization

All ADCs take input signals that are continuous in time and amplitude
and output quantized discrete-time samples. The ADCs’ dual functions—
quantization and sampling—provide an efficient transformation from
the analog to the digital signal domain, but each has consequences with
regard to the converters’ ac performance.

Because digitizers have only a finite number of codes into which to parse
the continuous input signal, their outputs generate an error function in
the shape of a sawtooth wave. The sawtooth edges correspond to the
ADCs’ code transitions.

To gauge the effect of the quantization error’s best case noise contribu-
tion, postulate a full-scale sine wave input to a perfect digitizer:
N

e(t) = q2 sin(2zft) (1)

where q is the size of an LSB, and N is the number of bits. The root mean

square (rms) amplitude of this waveform is simply the amplitude divided

by the square-root of two,
q2"
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and the rms quantization noise is
q
en'RMS = : ]2 (3)
The ratio of the rms full-scale signal to the rms quantization noise gives an
ADC’s ideal SNR, which we can express in decibels:

ei'rm.v
SNR(ideal) = 20log ( )
e

n ‘ rms
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S ( 22 )
= 20log, 2" + 20log ,V*/,

= (6.02N + 1.76) dB

Keep in mind that this expression gives the theoretical limit for an N-bit
converter. Real quantizers do not attain this level of performance and
real converters have additional noise sources, but you can use this
number as a reference with which to judge candidate ADCs.
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Figure 1. (Top) A sampler causes images (red) of the baseband signal f, (blue)
to appear offset from the sampling frequency fs and its harmonics. (Bottom) The
spectral offsets are equal to =f,. Signals, noise, and interference spectra occurring
near the sampling rate alias down to the baseband. Images will also appear in
the upper Nyquist zones.

Sampling

The best known sampling feature is the aliasing signal energy that occurs at
frequencies greater than half the sampling rate—f/2. This half-sampling-
rate limit, named the Nyquist frequency, serves to divide the spectrum into
equal sized segments called Nyquist zones. The first Nyquist zone extends
from dc to fy/2, the second Nyquist zone occupies the spectrum between
fs/2 and f;, and so on.
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Understanding AC Behaviors of High Speed ADCs

In reality, samplers alias signals across all Nyquist zones. For example,
images of a baseband signal at frequency f, will appear at f = f,, 2fs = f,,
and so on (Figure 1, top). Similarly, signals occurring near the sampling
frequency will alias down to the first Nyquist zone. Images of that signal
will appear in the third and fourth Nyquist zones as well (Figure 1, bottom).
Therefore, a sampler with input signal energy in a Nyquist zone other than the
one you're interested in will generate an image of that signal in the Nyquist
zone that you care about simply by aliasing.

The out of band signal energy, shown as f, (Figure 1, bottom), doesn’t

have to come from an intended signal source. Instead, that energy could
derive from noise sources, an out of band interferer, or distortion products
created by circuit elements operating on the intended input signal. This
is an important consideration when determining the requisite distortion
performance for your application.

You can reduce the amount of out of band signal energy that is available
to the sampler by including a baseband antialiasing filter in the signal
chain ahead of the sampler’s inputs. Though, theoretically, you could
sample at only twice the highest frequency you’re interested in digitizing,
so-called brickwall filters—filters with zero transition band—do not
exist in the analog domain. Oversampling—sampling at a frequency
greater than 2f;—provides some spectral space for the antialiasing
filter’s transition band.

If the ADC’s quantization noise is uncorrelated with the ac input signal,
the noise distributes across the first Nyquist zone. In such cases, overs-
ampling also reduces the effective quantization noise by broadening the
Nyquist zone, increasing the SNR (signal-to-noise ratio) by 3 dB for each
doubling of the sampling rate. This assumes an antialiasing filter with a
fixed pass band. With sufficient oversampling, the antialiasing filter can
attenuate out of band signal content so that their aliased images remain
below the noise floor.

Note that if the input signal locks to an integer submultiple of the sampling
frequency, the quantization noise will no longer appear as a uniform
energy distribution across the Nyquist zone. In this case, the quantization
noise will appear to cluster about the signal’s harmonics. For this reason,
you should carefully consider your application signal’s spectral char-
acteristics when choosing a sampling rate.

SINAD and ENOB

If distortion products and the aliases of out of band spectral content do not
remain below the noise floor, they contribute to SINAD. A converter’s data
sheet will express SINAD in dB under specified conditions of input signal.
The converter’s ENOB, perhaps the most commonly quoted ac specifica-
tion for ADCs, is simply the SINAD expressed in bits instead of dB:

(SINAD —1.76 dB)

6.02 dB/bit ©

ENOB =
For cases in which distortion products and aliased signal energy remain
below the noise floor, SINAD = SNR. In this case, Equation 5 is simply a
rearrangement of Equation 4, solving for N. The more usual case is one
in which SINAD < SNR. Because the converter’s SINAD is dependent on
operating and signal conditions, the SINAD (and correspondingly, the
ENOB) your application realizes depends on how it drives the ADC.

Though often quoted, the ENOB is insufficient to describe a high speed

converter’s performance. High speed converters are famously multipara-
metric, and no single number can hope to capture what takes an entire
specification table to describe. ENOB does make a reasonable starting

point for comparing candidate converters, so long as you do not depend

excessively on the number’s significance.
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Figure 2. Though ENOB gives a useful (if coarse) comparison between candidate
high speed ADCs, characteristic curves depicting SINAD vs. frequency provide
substantially more insight into a converter’s performance.

More valuable are the SINAD vs. frequency characteristic curves, which
many high speed converters present in their data sheets (Figure 2). These
allow you to identify at least typical performance at the frequencies of
interest to your application instead of at the spot frequencies the converter
manufacturer chose for the data sheet’s specification table.

Aperture Jitter Noise

The quantization noise discussion that led to Equation 4 assumed an ideal
digitizer. Built into that assumption were noise-free signal and clock
sources. In real circuits, signals arrive at the ADC’s inputs with noise and
distortion products already donated by previous signal processing stages.
The noise content is usually uncorrelated with the quantization noise
and so adds in a root square sum:

e, (6)

i=1

en(tota/) =

where e,(i) is the noise from a contributing source in a system of m
uncorrelated sources.
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Figure 3. Aperture jitter—uncertainty in the sampling time—gives rise to a noise
amplitude that is dependent upon signal frequency due to the signal slewing
during the jitter time.

One of the contributing noise sources derives from uncertainty in the
sampling clock edge timing, resulting in aperture jitter noise. This noise
draws from the fact that the sampler is capturing an ac signal—aiming
at a moving target, so to speak. Variations in the sampling edge timing
result in a statistical distribution of amplitudes that the sampler captures—
noise (Figure 3). The higher the signal frequency, the greater the signal
slope or slew rate and, thus, the greater the amplitude error resulting



from a given change in edge timing. Consequently, the effect of a given
amount of aperture jitter is dependent on signal frequency.

The SNR due to aperture jitter is
1
SNR|t. = 20log | —— 7
im0 ( 2, |

where f'is the signal frequency, and ¢ is the rms aperture jitter. Often,
when selecting among candidate ADCs, the question is what maximum
aperture jitter your application can tolerate given its SNR requirements
with signals of a given frequency. Rearranging Equation 7 yields

t = ;ﬁ (8)

J (277_-ﬂ0 m)
Note that, in addition to sources of jitter within the converter, there are jitter
sources that derive from your application circuit. The net performance
your circuit achieves, therefore, is a function of both your converter
selection and the quality of other aspects of your design, notably your
clock generation circuitry and circuit board layout.

To get a sense of how jitter affects the maximum signal frequency for
a given ENOB, consider two systems in which 1 ps and 2 ps of jitter
noise, respectively, dominate other performance limiting parameters.
Rearranging Equation 8 allows us to calculate, for a given jitter, the maxi-
mum signal frequency that results in a specified ENOB (or SNR).

Table 1. Comparison of Systems with Jitter Times that
Differ by a Factor of 2

ENOB (bits) SNR (dB) fua (6= 1 pS) fusx (6= 2 ps)
20 122

124 kHz 62 kHz
18 110 496 kHz 248 kHz
16 98 1.98 kHz 9.93 kHz
14 86 7.94 kHz 3.97 kHz
12 74 31.7 kHz 15.8 kHz
10 62 127 kHz 63.5 kHz

Distortion Products

Nonlinearities within the signal chain give rise to a number of distortion
products, notably HD2 (second-harmonic distortion), HD3 (third-harmonic
distortion), IMD2 (second-order intermodulation distortion), and IMD3
(third-order intermodulation distortion). Distortion in linear circuits tends
to increase gradually as the signal approaches the extremes of the active
elements’ linear operating range. This is not the case in ADCs where code
spaces end abruptly.

It is important, therefore, to allow sufficient range in the input span to
accommodate the expected input amplitudes for which you anticipate low
distortion quantization, particularly when processing complex broadband
signals. Ultimately, your choice of nominal input amplitude results from
balancing signal span headroom to avoid clipping against the desire to
optimize SNR.

As the name suggests, harmonic distortion generates signal artifacts at
multiples of the signal frequency. By contrast, intermodulation distortion
derives from signal processing nonlinearities with signals comprising two
or more frequencies—virtually any complex waveform—generating
sums and differences of the input frequencies.

In narrow-band applications, a tightly tuned antialiasing filter can attenuate
some harmonic distortion products and even the additive components of
the IMD2 (Figure 4). On the other hand, the subtractive components of
IMD3, which appear at 2f, — f, and 2f, — f,, are pernicious because they
can appear within the signal spectrum.
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Figure 4. A 5 MHz and 6 MHz two-tone input signal demonstrates HD2 (at 10 MHz
and 12 MHz), HD3 (at 15 MHz and 18 MHz), IMD (at 1 MHz and 11 MHz), and
IMD3 (at 4 MHz and 7 MHz). Of these, the IMD3 products are the hardest to
attenuate with an antialiasing filter due to their close proximity to the source signals.

SFDR

SFDR (spurious-free dynamic range) is simply a measure of the worst-
case spectral artifact compared to either the converter’s full-scale range
(dBFS) or to the input signal level (dBc). Be sure to identify both the
reference levels and the operating and signal conditions when compar-
ing ADCs. Direct comparisons between data sheet specifications require
matching references and signals (Figure 5).
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Figure 5. Converter manufacturers can specify SFDR performance with respect
to the converter’s full scale (dBFS) or with respect to a specific input signal
amplitude (dBc). Be sure that candidate converters are specified in a like manner
before making numeric comparisons.

Though SFDR appears as a numeric datum in converter specification
tables, the measure is itself parametric in sampling rate, signal amplitude,
signal frequency, and common-mode operating point. Examine candidate
converter characteristic curves to gain insight into a converter’s perfor-
mance under operating and signal conditions similar to those that your
application will impose.

Resources

Explore ADC evaluation tools and behavioral models at analog.com/ADIsimADC.
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