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Abstract

Error correction for analog-to-digital converters
(ADCs) is considered. The frequency-dependent na-
ture of ADC errors motivates the proposal of a novel
scheme, incorporating look-up table correction and
fast frequency estimation. The method is evaluated
using experimental converter data, and the perfor-
mance, measured in SFDR and SINAD, is found to
be superior to that of non frequency-dependent cor-
rection methods.

1 Introduction

The demand for highly linear analog-to-digital con-
verters (ADC) is ever increasing. It is a well-known
fact that practical ADCs suffer from various errors,
e.g., gain, offset and linearity errors. These errors
stem from numerous sources such as non-ideal spac-
ing of transition levels and timing jitter, to mention
a few, and they contribute to deterioration of the lin-
earity of the converter. Several methods have been
proposed to externally compensate for such errors,
e.g., [1–4]. External in this case implies that digi-
tal signal processing methods which operate outside

of the actual converter are used in the calibration and
compensation schemes.

Throughout this paper, we will consider a b-bit
ADC. The ADC will be modeled as an ideal sample-
and-hold circuit followed by an imperfect quantizer,
depicted in Figure 1. The sample-and-hold circuit
samples the continuous-time input signal s(t) at the
sampling rate fs, resulting in a discrete-time signal

s(n) = s(t)
∣

∣

t=n/fs

. (1)

The Q-block of Figure 1 then quantizes s(n) into one
of the M = 2b output states {xj}, j = 0, . . . , M − 1,
and produces the corresponding output x(n) = xj .

One frequently used method to correct ADCs is
the look-up table correction. In classic look-up table
correction, the correction table (containing the cor-
rected output ŝj associated with each ADC output

state xj) is addressed using the present ADC out-
put sample, x(n). Obviously, this addressing yields
the same correction for a given ADC output sample,
regardless of the dynamic properties of the input sig-
nal. This is referred to as static correction. However,
the errors of an ADC are in general frequency depen-
dent. This often results in a severe performance loss
for table look-up correction methods when applied at
frequencies other than the calibration frequency. In
this paper a frequency-selective correction scheme is
presented and evaluated. The method is based on
two key components: a fast frequency region estima-

tor, based on [5], and a correction table. These are
described in the following two sections. Results ob-
tained using experimental ADC data are presented in
Section 4.
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Figure 1: The ADC model. The first block is an ideal
sample-and-hold circuit and the second block is an
imperfect quantizer.

2 Frequency region estimator

Tone frequency estimation from an N -sequence of
noise corrupted data is a well known problem which
can almost be considered solved. However, with “al-
most solved” we refer to the case where the number
of data N is large, the signal to noise ratio (SNR) is
high, and there exists an infinite amount of computer
resources. In the ADC error correcting application
this is not the case. The number of data N can not
be made large, since we then will miss the information
about the instantaneous frequency. In the considered
application the SNR is usually high. In terms of com-
puter resources this is an application where almost
none are present.

A traditional way of constructing frequency esti-
mators is by optimizing some criterion related to the



frequency. The perhaps most commonly used method
is the method of maximum likelihood, or approximate
variants thereof [6]. That is, choosing an estimate of
the frequency in such a way that the model in use is
the most likely given some data samples. In common
for most frequency estimation methods is that the
output frequency estimate is a continuous variable.
Here, on the other hand, we consider the problem of
finding the most probable region to hold the unknown
frequency, out of a finite (small) set of regions.

Consider the input s(n) to the quantizer in Fig-
ure 1 to be modelled as a sine wave and additive
Gaussian noise. The input is then given by,

s(n) = A sin(2πf0n + φ) + w(n) (2)

where A > 0 is the real valued amplitude, φ is the ini-
tial phase, f0 is the unknown normalized frequency,
0 < f0 < 1/2, and w(k) is the noise with variance σ2.
The output from the quantizer x(n) is a b-bit quan-
tized version of s(n). It has been shown [5] that there
exists a high-performance frequency estimator of low
complexity employing only 1-bit of the input signal.
The use of 1-bit data also has the advantage that the
estimator does not depend on the power of the in-
put signal, that is no gain control is needed. Here,
we are not limited to use 1-bit data but the resulting
structure with a table look-up procedure is tractable
since it supports the demand of a fast estimator of
low complexity.

2.1 Operation

The frequency estimator input y(n) is given by the
most significant bit (msb) of x(n),

y(n) = sign(s(n)), (3)

where sign(x) = 1 for x ≥ 0 and sign(x) = −1 for
x < 0. By collecting N successive binary samples at
each time instant n, that is

{y(n), . . . , y(n − N + 1)}, (4)

we can uniquely map one input sequence onto an in-
teger i ∈ {0, . . . , 2N − 1}. The index i is then used
as a pointer to an entry in a frequency region estima-

tion table, see Figures 2–3. Finally, the i-th table en-
try contains a region estimate F̂ (n) ∈ {F1, . . . , FK},
indicating that the instantaneous signal frequency is
within the k-th frequency region. The frequency re-
gions Fk are defined as,

Fk = {f ∈ [0, 1/2) :

|f − fk| ≤ |f − fl|, l = 1, . . . , K} (5)

where k = 1, . . . , K. In this paper, the frequencies
fl have been chosen equally spaced over the region
[0, 1/2), but could be chosen arbitrary over the space
of possible input frequencies.

2.2 Design

As a frequency region estimate we choose the region
that maximizes the probability of including the un-
known frequency f0, that is

F̂ (n) = argmax
∀Fk

Pr{f0 ∈ Fk|y(n), . . . , y(n − N + 1)}

(6)

A straightforward way to obtain the table is to
use a training approach [5]. Given a set of data sam-
ples x(n) based on different frequencies, within the re-
gions F1, . . . , FK , it is possible to build a training set
T = {il}

L
l=1, where each il corresponds to a block of N

samples of the msb in x(n). The samples x(n) are gen-
erated using an input of a single sinusoid, at a known
frequency, disturbed by noise. Hence, to each block
il there is a corresponding true frequency belonging
to one of the regions f1, . . . , fK . Now, given a train-
ing set T the i -th table entry can be computed as
the index of the most probable frequency region over
those il corresponding to the index i. For complete-
ness, we let f̂k(i) = dK/2e for those i that are not in
the training set T .

3 Correction table

Static ADC correction yields the same corrected value
ŝj given the ADC output xj , regardless of the sig-
nal frequency, while the errors sought to mitigate for
in general are frequency dependent. The correction
scheme presented here utilizes a frequency selective
correction table. This is accomplished by extending
the usual one-dimensional correction table of classi-
cal look-up table compensation to a two-dimensional
table, using both the present ADC output x(n) = xj

and the present frequency region estimate F̂ (n) = Fk

for addressing. This method can also be interpreted
as selecting a specific one-dimensional correction ta-
ble for each frequency estimate Fk ∈ {F1, . . . , FK}.
Thus, the corrected output ŝ(n) is the table entry ŝj, k

associated with xj and Fk. The correction system has
two operation modes, compensation and correction,
which are described in detail below.

3.1 Compensation

In compensation mode, i.e. normal ADC operation
with correction engaged, the ADC output sample,
x(n), is mapped through the correction table to a
compensated output value ŝ(n). The correction is de-
termined by the present ADC output together with
the current frequency region estimate, as depicted in
Figure 2. Thus, the compensation becomes

s(t) → (xj , Fk) → ŝj, k = ŝ(n) (7)

ŝj, k ∈ {ŝi, `}
(M−1, K)
(i, `)=(0, 1) .
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Figure 2: Compensation system outline. The fre-
quency region estimator selects the appropriate ADC
correction table.
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Figure 3: ADC correction table calibration system.
The reference signal sref(n) is an estimate of the input
signal samples s(n).

With this structure, the compensation is made dy-
namic, with table addressing depending on the fre-
quency contents of the signal.

3.2 Calibration

Prior to using the correction table for compensation,
it must be calibrated. Generally, calibration is per-
formed with a calibration signal s(t) applied to the
ADC input. The calibration system outline is shown
in Figure 3. The table entries ŝj, k should be selected
such that the resulting conversion s(t) →

(

xj , Fk

)

→
ŝj, k = ŝ(n) is “better” than without correction. The
employed design criterion is to minimize the mean
squared error, E[(ŝ(n) − s(n))2], where E[·] denotes
the expected value. Since the selection of ŝ(n) = ŝj, k

depends on the ADC output x(n) and the frequency

region estimate F̂ (n), the criterion becomes

ŝj, k = argmin
ŝ

E
[

(ŝ − s(n))2
∣

∣x(n) = xj , F̂ (n) = Fk

]

(8)
It can be shown [1, 7] that in order to minimize the
criterion (8), ŝj, k should be set to the mean value of
all input samples, s(n), that were quantized into the
value xj while the frequency region estimate was equal
to Fk. Under the interpretation that the frequency
region estimate F̂ (n) selects which table, out of a set
of one-dimensional correction tables, to use, the result
above is equivalent to saying that the correction value
sj in the k-th table should be set to the mean of all
samples, s(n), that produced the ADC output x(n) =
xj while the k-th table was selected.

We see that in order to calibrate the correction
table, the discrete time versions s(n) of the analog
calibration signal must be known. However, these are
in general not available and must therefore be esti-
mated with some estimate sref(n). This estimate can
be obtained in several ways; a “better” ADC in par-
allel with the ADC under test, a digitally generated
calibration signal fed to the ADC through a digital-
to-analog converter [8], or signal reconstruction using
optimal filtering [1] are all feasible methods for pro-
ducing sref(n).

4 Performance

The proposed method has been evaluated with exper-
imental ADC data from an Analog Devices AD876 10-
bit converter, running at 20 MHz sampling frequency.
The ADC correction table was calibrated using sinu-
soid calibration signals at several different frequencies.
The calibration signal estimate ŝ(n) was obtained us-
ing the optimal filtering method proposed in [1].

Spurious-free dynamic range (SFDR) and signal-
to-noise and distortion ratio (SINAD) [9] are used to
evaluate the method. The performance is presented
as SFDR and SINAD improvements compared to the
uncompensated case, and is shown in Figures 4(a) and
4(b), respectively. The performance for a static cor-
rection scheme is also plotted in Figure 4 for compar-
ison.

The frequency-selective correction was evaluated
for two test cases: the first case having 8 frequency
regions (K = 8) and the second case having 16 re-
gions (K = 16). Both cases comprise a 16-bit shift-
register (N = 16). The results indicate that the
frequency-selective correction method is superior to
the frequency-static method in general, but also that
increasing the number of frequency ranges K from 8
to 16 does not give any significant improvement.

We see from the results in Figure 4 that the SFDR
is improved with between zero and 7 dB, while the
improvement in SINAD is below 1 dB except at fre-
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(a) SFDR
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(b) SINAD

Figure 4: SFDR and SINAD improvements for frequency-selective correction (solid lines) compared with static
correction (dotted line). Circles represent a frequency estimator with 8 regions (K = 8) and squares represent
16 regions (K = 16).

quencies near the Nyquist frequency (10 MHz), where
the SINAD improvement is approximately 2 dB. As
opposed to the case of static correction, the improve-
ment for frequency selective correction never fall be-
low zero, i.e., the performance of the corrected ADC
will never be inferior to that of the uncompensated
ADC.

5 Conclusions

We have in this paper derived an extension of classic
look-up table ADC correction. The extension com-
prises a frequency selective look-up table method, us-
ing a fast frequency region estimator together with
a two-dimensional correction table. The motivation
for using a frequency selective correction method was
that the errors of AD converters in general vary with
frequency. The proposed method was evaluated using
experimental ADC data, and results showed that the
ADC performance, measured as SFDR and SINAD,
improved compared with the performance of a static
correction scheme.
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