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Abstract— A dynamic post-correction method for ADCs is
presented. The method utilizes bit-masking, and a tool for
analyzing the effects thereof is proposed. This tool is used to
calculate optimal bit allocations, in order to minimize the THD
of the corrected ADC. An example based on experimental ADC
data is presented.
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I. SUMMARY

Analog-to-digital converters (ADCs) are key components in
many applications. In fields as digital communications, the
sampling frequency and the signal bandwidth are increasing,
posing new challenges for ADCs. The non-idealities of prac-
tical converters deteriorate the performance and the dynamic
dependence of the errors make them hard to mitigate.

A. Generalized Post-Correction Structure

Several methods to correct ADCs using look-up tables have
been proposed over the years, e.g., one-dimensional static
tables [1], state-space [2], [3] and phase-plane [4] correction,
and multi-dimensional dynamic correction [5]. The method
used in the present paper was proposed in [6] and is outlined
in Figure 1. The b-bit output word, x(n), from the ADC is
concatenated together with K delayed output words (x(n−1)
through x(n − K)) to form the index (or address) word I

of length B = Kb + b bits. From this index, a reduced size
index Ĩ is formed by selecting β < B bits from I . Which β

bits to select is decided by the bit mask q (this is represented
with ‘on’ and ‘off’ in Figure 1). The new index Ĩ is now
used to address an error table ẽ of size 2β , producing the
correction term ẽĨ finally used to form the corrected output
y(n) = x(n) + ẽĨ .

The rationale for the proposed structure is twofold. First,
since the ADC errors sought to mitigate are indeed dynamic,
any correction scheme should also be dynamic. The proposed
method produces different correction terms for a given ADC
output x(n) = xj depending on the K previous samples, and
hence it is dynamic. Second, a multi-dimensional table, i.e., a
table addressed with several samples, using all available bits
for addressing will quickly become practically infeasible due
to the huge memory requirements (2B entries), especially for
high-resolution converters. The proposed method reduces the
memory size by using only a subset of the available bits for
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Fig. 1. Dynamic post-correction system outline.

addressing, but still takes information from K delayed samples
into account.

The correction table must be calibrated first. According to
[1], the mean squared error is minimized when each table
entry ẽĨ equals the mean of all ADC input values that result
in the index Ĩ . Obviously, the signal (or an estimate thereof)
input to the ADC during the calibration must be available on
the ‘digital side’ in order to calculate the errors. This can be
accomplished in several ways, e.g., [1] and [5].

Note that static correction and state-space correction are
both special cases of the generalized correction method pre-
sented here, viz. no delay (K = 0) with transparent bit mask,
and one delay (K = 1) with transparent bit mask, respectively.

Results presented in [5] and [6] indicate the importance of
selecting an adequate bit mask. Differences of up to 3 dB in
spurious free dynamic range (SFDR, [7]) were achieved using
the same table size, but with a different bit allocation in q.

B. Bit Allocation Analysis

In [6] a reduction matrix, R(q), was introduced. The matrix
is used to evaluate how the performance of a certain error table
e is affected when a bit mask q is applied. Assume that the
B-bit error table e is calibrated using some set of calibration
signals, employing K delay elements and a transparent bit
mask. That is, e is a full-size (K +1)-dimensional error table.
Next, assume that the error table ẽ is calibrated using the same
set of calibration signals, still employing K delay elements,
but with some specific bit mask q. The bit mask is such that



the B-bit index I is mapped into the β-bit index Ĩ . Then, it
can be shown that the relation

ẽĨ = [R(q) e]I (1)

holds. That is, the 2B-size table R(q) e addressed with I

yields the same result as the 2β-size table ẽ addressed with Ĩ .
It is important to understand that the reduction matrix is not
intended for implementation in actual applications. However,
as an analysis tool the reduction matrix is powerful since
we can evaluate the outcome of different bit allocations in
q without re-calibrating the table.

C. Bit Mask Optimization with Respect to THD

The reduction matrix was used in [6] to optimize q so
that the signal-to-noise and distortion ratio (SINAD [7]) was
maximized. In the present paper the reduction matrix will be
used to minimize the total harmonic distortion (THD [7]).

The THD is evaluated using a sine wave s(t) =
A sin(2πf0t+φ) as input signal and N sequential samples are
recorded. The fundamental frequency f0 should be selected
equal to a DFT bin frequency of an N -point DFT to avoid
spectral leakage. In the full paper we will show that the THD
after correction with a B-bit error table e is

THDe =
1

N

√

(r + e)∗S∗

x
W∗W Sx(r + e). (2)

The vector r is a vector containing (multiple copies of) all
possible ADC output values in a special arrangement, the
N -by-B matrix Sx with entries in {0, 1} depends on the
N recorded samples, and the symbol ∗ denotes complex
conjugate transpose. The p-by-N matrix W contains the rows
from a DFT matrix [8] associated with the p first harmonics
to the fundamental frequency f0.

Now, substituting e with R(q) e in (2) in order to calculate
THDẽ, and simplifying, an optimization problem can be posed:











min
q

(r + R(q) e)
∗

S∗

x
W∗W Sx (r + R(q) e)

s.t.
∑

i

qi = β and qi ∈ {0, 1}. (3)

That is, minimize the THD with respect to the bit mask q

consisting of exactly β ones and remaining elements zero.

D. Exemplary Optimization Results

The optimization problem (3) has been solved for some
exemplary cases. All results are based on experimental ADC
data from an Analog Devices AD876, 10-bit, 20 MSPS
pipelined flash converter.

The evaluation starts with a static (K = 0, B = b = 10)
look-up table e being calibrated at 8 different frequencies in
the range 2.5–10.0 MHz. The bit mask is transparent, i.e., e is
of size 210 = 1024. Then, e is used in (3) which is solved for
different β. The results obtained when optimizing the THD
at f0 = 3.6 MHz are illustrated in Figure 2. Each row is a
specific choice of β and a dot in a column implies that the
corresponding bit should be used in a reduced size index Ĩ .

Table I shows uncompensated as well as the resulting THD
(dBc) after correction with the full-size table e, evaluated at
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Fig. 2. Optimization results with f0 = 3.6 MHz and resulting THD.

TABLE I
THD (DBC) EVALUATED AT EIGHT DIFFERENT FREQUENCIES.

f Uncomp. Full table Reduced-size table
MHz 3.6 MHz 6.8 MHz
2.5 −68 −72 −69 −68

3.6 −68 −74 −74 −68

4.6 −68 −70 −71 −68

5.7 −66 −74 −74 −67

6.8 −63 −66 −64 −66

7.9 −62 −64 −64 −63

8.9 −61 −66 −66 −61

10.0 −64 −67 −67 −65

different frequencies f . Two different optimizations with β =
6 are performed, one for f0 = 3.6 MHz (the same as above)
and one for f0 = 6.8 MHz. The resulting THD after correction
with the reduce-size tables is also tabulated in Table I. It is
clear from the results that the choice of THD optimization
frequency f0 has a strong impact on the performance. It is
also evident that it is possible to equal, and even outperform,
the full-size table e at some frequencies with a correction table
16 times smaller.

In the full paper we will give a more detailed derivation of
the optimization problem (2) and (3), and also include results
obtained when optimizing a state-space look-up table (K = 1).
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