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Abstract
The presence of channel mismatches in time-interleaved analog-to-digital converters (TIADCs) seriously
degrades the performance of the acquisition system. This paper presents a digital background calibration
method to address gain and time skew mismatches. The spurious signals caused by gain and time skew
mismatches can be represented by the frequency-shifted signals produced by modulating the TIADC output.
To create frequency-shifted signals, the Hadamard transform is adopted. The advantage of the proposed
calibration method is that it does not require any filters or complex signal processing structures, thus
considerably decreasing the complexity of the calibration circuit. We have employed a four-channel TIADC
system to validate the effectiveness of the proposed calibration technique. Moreover, it is demonstrated in
a commercial 12.5 GSPS four-channel TIADC system, that this method improves the spurious free dynamic
range of the system by 25 dB.
Keywords: TIADC system, mismatch calibration, frequency shifting, Hadamard transform.

1. Introduction

Analog-to-digital converters (ADCs) are critical components in many signal acquisition
systems, such as 5G communication, radar, and instrumentation. Some high-speed applications
often require ADCs with the sampling rate of several gigahertz (GHz) or even tens of GHz.
Nevertheless, it is challenging to satisfy the requirement with a single ADC [1]. To address this
issue, parallel sampling techniques have been proposed [2], and the time-interleaved ADC (TIADC)
technique is one of the most prevalent solutions [3, 4]. It is a typical parallel system employing
a bank of sub-ADCs with identical sampling rates but distinct sampling phases, which allows for
a higher sampling rate than a single ADC. Ideally, each sub-ADC is completely identical, and
all sampling phases are accurate. As a result, by rearranging the output of each sub-ADC, the
performance of the TIADC would be comparable to that of a single ADC with a higher sampling
rate. Unfortunately, such ideal conditions are virtually non-existent in a practical acquisition
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system, and the performance of TIADCs suffers from mismatches among the sub-ADCs [5]. The
presence of mismatches (offset, gain, and time skew) causes the output of the system to include
spurious signals in addition to the desired signal components, which can seriously degrade the
system performance [6]. Therefore, the mismatches must be compensated in order to improve the
performance of the acquisition system.

To calibrate the channel mismatches, numerous effective calibration techniques have been
proposed. Some analogue calibration techniques [7] have been investigated to calibrate the
delay of the sampling clock by sample-and-hold circuits or controlled delay lines. However,
the performance of analogue techniques is typically restricted to the circuit components, which
may also introduce additional thermal noise. The accuracy of analogue calibration methods is
often limited in situations with high frequency signals. In contrast, digital calibration techniques
calculate and compensate for mismatches in the digital domain, which can effectively overcome
the drawback of analogue calibration techniques.

Therefore, researchers have become increasingly interested in digital calibration techniques, and
most studies are focused on gain and time skew mismatches. In general, digital calibration methods
fall into two categories: foreground techniques and background techniques. The foreground
methods, such as sine fitting [8], frequency spectrum analysis [9], and the perfect reconstruction
algorithm [10,11], typically require a prior known signal to estimate the channel mismatches. In
addition to these classical methods, some novel approaches are also presented [12, 13]. A non-
return-to-zero (NRZ) signal is used as the reference signal in [12], and the mismatches are
calibrated by the genetic algorithm. Furthermore, [13] provides a mismatch estimation method
using the particle swarm optimization algorithm. The drawback of foreground methods is that the
entire process is accomplished prior to signal acquisition, and the calibration structure does not
change with the input signal. As it comes to background approaches, the calibration system can
work in parallel with the acquisition system so that the calibration does not interrupt the operation
of ADCs. The calibration algorithms only rely on the output of the acquisition system without
requiring any input signal information.

Many background calibration techniques are based on an “estimation-compensation” strategy,
and the design of filters is an important aspect of the calibration algorithm. Conventionally, it is
customary to employ in the compensation block a bank of filters [14–16]. For example, a bank
of compensation filters is employed in [16] based on the least squares (LS) method, which is
essentially an inversion of the channel frequency response function. The filter coefficients should
be calculated in advance, and if the system has a large number of channels, the whole calibration
structure will be complicated. The first-order Taylor series approximation model is extensively
used to correct the time skew mismatch by reconstructing the error signal from the product of
the time skew value and the first-order differential signal [17–20]. Due to the calculation of the
differential signal, derivative finite impulse response (FIR) filters are required. In practice, the order
of the digital differentiator as well as the group delay may affect the final calibration performance.
Furthermore, to ensure that the calibration strategies are suitable for the case of higher Nyquist
band (NB) sampling, additional Hilbert filters are utilized in [16, 18, 20], thereby increasing
the complexity of the calibration system. A novel calibration structure for gain and time skew
mismatches is considered in [20, 21]. Even though the number of filters in the calibration process
has decreased, digital differentiators are still required to calculate the first-order differential signals.
Alternatively, a calibration scheme based on the Hilbert transform is presented in [22–25]. For
example, in [22], the authors used the Hilbert transform to generate the basic functions of the error
signal. However, the implementation of this method must rely on a Hilbert FIR filter, and both the
real and imaginary parts of the signal are considered in the calculations. In scenarios with a large
number of system channels, the computation of the iterative algorithm becomes complicated.
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In this paper, a digital background calibration technique is proposed. First, the relationship
between the input signal and the spurious signal caused by channel mismatches is analysed,
and then the spurious signal can be represented using frequency-shifted signals that can be
derived directly from the output of the TIADC. The Hadamard transform is utilized to generate
frequency-shifted signals. Secondly, the mismatch coefficients are calculated by an adaptive
iterative algorithm, and the spurious signal can be derived from the generated frequency-shifted
signal and the coefficients. In this way, a bank of FIR filters commonly used in conventional
methods can be omitted, which can simplify the calibration circuits. Moreover, our proposed
method requires neither the digital differentiator in [21] nor the Hilbert filter in [22]. In general,
the following are the main benefits of this work: (1) The proposed calibration structure eliminates
the need for a filter, thereby simplifying the calibration circuit and decreasing its area and power
consumption. (2) Instead of considering both the real and imaginary components of the signal, our
method only needs to compute the real signal since the modulation sequence used contains only 1
and –1. This indicates that our proposed calibration scheme does not require a complex signal
processing module.

The rest of this paper is organized as follows. Section 2 describes the TIADC acquisition system,
as well as the spurious signal model. The proposed calibration approach using the modulated
signals is proposed in Section 3. Section 4 reports some simulations and the experimental result of
the proposed method. Finally, the conclusions are summarized in Section 5.

2. The model of a TIADC system

A typical TIADC system is made up of M sub-ADCs with the same resolution and sampling
rate. The sub-ADC sampling rate in each channel is fs/M, and the sampling clock phase of
adjacent sub-ADC is different by 2π/M. Then the total output is obtained by multiplexing the
sub-ADC outputs. In this way, the sampling rate of the TIADC can be increased M times, which
means that the equivalent sampling rate of the TIADC is fs. Now we investigate the channel
mismatches that would seriously degrade the performance of TIADCs, including gain, time skew,
and offset mismatches. Assuming that x(t) is a band limited signal, the m-th sub-ADC output can
be written as

ym [n] = (1 + gm) x ((nM + m)Ts + δm) + om, (1)

where Ts is the sampling period, and om, gm, and δm represent offset mismatch, gain mismatch,
and time skew mismatch, respectively. Figure 1 depicts the mismatch model of a TIADC system.
Note that the mismatches of the ADC are integrated into the channel frequency response and other
errors are ignored, i.e., all sub-ADCs are viewed as ideal in this model.

As for the offset mismatch, it is independent of the input signal, which can be readily
compensated using the averaging method [26]. The sequence of one sub-ADC with the offset
mismatch eliminated can be given as

ŷm,o = ym [n] −
1
N

N∑
n=1

ym [n]. (2)

According to (2), the offset mismatch could be calibrated rapidly by calculating the expected
value of the sub-ADC output and then subtracting the corresponding value from the output
sequence. Therefore, the proposed calibration technique provided in Section 3 will concentrate on
the gain and time skew mismatches.
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Fig. 1. Diagram of the channel mismatch model.

3. Proposed technique

3.1. Spurious signals analysis

The output of a sub-ADC in the time domain has been introduced in Section 2. Generally, the
frequency domain output of an M-channel TIADC can be represented as [27]

Y ( jω) =
1
M

M−1∑
k=0

M−1∑
m=0

Hm

(
j
(
ω −

2πk
M

))
X

(
j
(
ω −

2πk
M

))
e−jkm

2π
M , (3)

where X ( jω)and Y ( jω)are the input spectrum and output spectrum, respectively. Hm ( jω) is the
channel frequency response, which can be written as [22]

Hm ( jω) = (1 + gm) e−jωδm . (4)

The frequency response of each channel in (3) can be combined, and (3) can be reformulated
as

Y ( jω) =
M−1∑
k=0

αk

(
j
(
ω −

2πk
M

))
X

(
j
(
ω −

2πk
M

))
, (5)

with

αk ( jω) =
1
M

M−1∑
m=0

Hm ( jω) e−jkm
2π
M . (6)

When k = 0, (5) represents the desirable signal spectrum. When k , 0, it is the spurious signal
due to the channel mismatches, which should be eliminated. Therefore, (5) can also be written as
desirable and spurious signals

Y ( jω) = Xideal ( jω) + E ( jω) , (7)

where
Xideal ( jω) = α0 ( jω) X ( jω) , (8)
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and

E ( jω) =
M−1∑
k=1

αk

(
j
(
ω −

2πk
M

))
X

(
j
(
ω −

2πk
M

))
. (9)

The relationship between the spurious signals due to gain and time skew mismatches and
the input signal has been established. Specifically, a two-channel system example is depicted in
Fig. 2. One conclusion derived from (5)–(9) is that spurious signals caused by gain and time skew
mismatches are obtained by frequency shifting and amplitude modulation of the input signal. In
other words, the key to reconstructing the spurious signals is to attain a frequency-shifted version
of the ideal signal. These frequency-shifted signals can be regarded as the basic function of the
spurious signals. In this discrete model, the basic functions are labelled in the graph and they are
generated by the modulation module. In summary, the reconstruction of the spurious signals can
be divided into two steps: 1) The first is to shift the ideal signal spectrum to the frequency location
where the spurious signals emerge to construct the basic functions. 2) The spurious signals that
should be eliminated can be computed by the generated basic functions with a suitable set of
mismatch coefficients. According to [22], the M-channel TIADC output can be amended as

Y ( jω) = Xideal ( jω) +
M−1∑
k=1

ωkE f ,k ( jω), (10)

where ωk is the mismatch coefficient and E f ,k ( jω) denotes the frequency-shifted form of the ideal
signal, which can also be called the basis function of the spurious signal. It can be expressed as

E f ,k ( jω) = Xideal

(
j
(
ω −

2πk
M

))
. (11)

3.2. Frequency-shifted signals generation

In this subsection, we will investigate the modulation module illustrated in Fig. 2 to generate
the frequency-shifted signals required for the calibration technique. In [22], a scheme of basic
function generation based on the Hilbert transform is proposed. The Hilbert filter is therefore
an essential component of the calibration structure. Due to the utilization of exponential signal
modulation after the Hilbert transform, the calculation takes into account both real and imaginary
signals. In this paper, the Hadamard transform is used to implement the modulation module.
Because the modulation sequence used contains only 1 and –1, our signal processing method only
needs to consider the real signal and does not require additional filters. The method using the
Hadamard transform is first presented in [21] to generate the pseudo aliasing signal.

Considering a four-channel TIADC system, a fourth-order Hadamard matrix is

F =


1 1 1 1
1 −1 1 −1
1 1 −1 −1
1 −1 −1 1

 . (12)
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Fig. 2. Example of a two-channel system output.

The four rows of the Hadamard matrix shown in (12) can be used as four modulation sequences
to modulate the ideal signal [21],

F · Xideal ( jω) =


Xideal ( jω)

Xideal ( j (ω − π/2))
Xideal ( j (ω − π))

Xideal ( j (ω − 3π/2))

 . (13)

For the four sets of signals obtained in (13), the first row is the desired signal, while the
remaining three rows are the frequency-shifted signals, i.e., the basic functions, which can be
used to represent the spurious signals. This processing is also shown in Fig. 3, where T1 to T3
represent the modulation sequences from the last three rows of the fourth-order Hadamard matrix.
It should be noted that one prerequisite for employing this modulation method is that the number
of channels of the acquisition system is specific, e.g., 2, 4, 8, 16, etc. In other words, a Hadamard
matrix must exist to correspond with the number of channels. In practice, the number of channels
in most commercial TIADC systems is typically 2, 4, 8, etc., which are powers of 2. Consequently,
a corresponding Hadamard matrix is always available. As a result, the limitation of Hadamard
transform modulation can be tolerated.
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Fig. 3. Calibration structure of a four-channel TIADC.

3.3. Calibration algorithm

The frequency-shifted version of the desired signal and the spurious signals share identical
frequency components following the Hadamard transform. As a result, the output of the acquisition
system can be expressed by the frequency-shifted signals

y [n] = xideal [n] +
M−1∑
k=1

ck xF,k [n], (14)

where ck denotes the mismatch coefficient, andxF,k [n] is the frequency-shifted signal generated by
the Hadamard transform. Note that the ideal signal is known in (14). However, only the output signal
of the system is usually available instead of the ideal signal. Therefore, as with most background
calibration algorithms [17–22], we use the output signal y[n] instead of x[n] in our calculation.

A block diagram of the calibration structure used in a four-channel TIADC system is shown in
Fig. 3.T1 toT3 are the modulation sequences used to modulate the output signal from a fourth-order
Hadamard matrix. Note that at this time, the channel offset mismatch has been eliminated in
advance. Since the frequency-shifted signals produced by the Hadamard transform have the same
frequency components as the spurious signals, the error signals of the system can be reconstructed
from the frequency-shifted signals weighted by a set of suitable coefficients. The “Parameter
Estimation” module depicted in Fig. 3 is utilized to estimate the coefficient ck . Once the coefficients
are obtained, the mismatch error due to the gain and time skew mismatches can be computed and
removed from the output to complete the calibration. The calibrated signal is expressed as

ŷ [n] = y [n] −
M−1∑
k=1

ĉk yF,k [n], (15)

where ĉk denotes the estimated value of the coefficient ck . The entire calibration process is
accomplished in the time domain without any filters or other complex signal processing. To
complete the computation of the spurious signals, it is also necessary to acquire the weight
coefficients for each frequency-shifted signal.
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3.4. Coefficients estimation

In this subsection, the “Parameter Estimation” module in Fig. 3 is described. Fig. 4 shows the
estimation block in a four-channel TIADC. A method based on the least mean squares (LMS)
is proposed to estimate the coefficients adaptively. Additionally, the Hadamard transform is also
applied to the calibration signal in the estimation module and the generated frequency-shifted
signals are used as the input of the LMS block to estimate the mismatch coefficients. The iterative
process of the algorithm is expressed by calculating the correlation between the calibration signal
and the frequency-shifted signal, which is similar to the method described in [21,22]. The iteration
equation is

ĉk [n + 1] = ĉk [n] + µ
(
ŷ [n] ŷF,k [n]

)
, (16)

where ŷF,k [n] denotes the frequency-shifted form of the calibrated signal ŷ [n], and µ is the
adaptation step size for ĉk . With the elimination of spurious signals, the feedback makes the value
of the correlation function converge to 0. Once the estimated coefficients have been acquired, the
calibrated signal can be obtained according to (15).

Additionally, one limitation of this method, as well as other similar methods [20, 21], should
be mentioned. The frequency of a single-tone input to the acquisition system should avoid kπ/M .
This is because the frequency-shifted signal generated at this frequency point overlaps the input
signal. The conventional method to resolve this limitation is to use a notch filter.

Fig. 4. The diagram of the parameter estimation module of a four-channel TIADC.

4. Experimental results

4.1. Simulation on a four-channel TIADC system

The calibration simulation of a 12.5 GSPS four-channel TIADC acquisition system is presented
here. Gain, time skew, and offset mismatches are taken into account in the simulations, ignoring the
effect of other errors such as quantization or jitter noise. First, a single-tone signal is considered, and
the input frequency of the signal is fin = 0.2fs. The coefficients of the channel mismatches are set
as: om = [0, 0.04,−0.03,−0.05], gm = [0, 0.06,−0.05,−0.07], and δm = [0, 0.12,−0.08, 0.14] · Ts .
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The magnitude of the input signal is 1 and Ts is the sampling period of the TIADC. The first
channel is considered the reference channel, and we assume it is free of mismatch errors. The
number of samples is 40K, and the iteration step is 2−12. Based on the simulation results, we
find that the coefficients usually obtained at an adaption step of less than 2−10 are consistent
with our expectations. We use the spurious free dynamic range (SFDR) as a metric to measure
the performance of the calibration method. In the spectrogram, SFDR can be expressed as the
difference between the signal spectrum and the maximum non-signal spectrum. The result is shown
in Fig. 5, where Fig. 5a is the uncalibrated signal and Fig. 5b shows the signal spectrum of the
calibrated signal. The SFDR was increased from 26.28 dB to 76.07 dB. It shows that the proposed
method can calibrate the channel mismatches accurately. In addition, the convergence of the LMS
algorithm is demonstrated in Fig. 6. With the adaptive iterative algorithm, the final estimated
coefficients are c = [0.015,−0.005, 0.0131]. Notice that the estimated coefficients converge when
the number of samples is greater than 20K.

(a) (b)

Fig. 5. Calibration performance of a four-channel TIADC (single-tone signal), a) is the uncalibrated signal spectrum, and
b) is the spectrum of the calibrated signal.

Fig. 6. Convergence curves of coefficients.
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We also used a multi-tone signal to evaluate the calibration performance. The parameters are
set as in the previous simulation, and the calibration result is shown in Fig. 7. In this simulation,
the SFDR was increased from 26.35 dB to 70.63 dB. It demonstrated that the proposed calibration
method gives an exceptional performance for single and multi-tone signals. In order to explore the
effect of input signal frequency on the calibration method, a multi-tone signal containing different
input frequencies was used to evaluate the performance of the calibration method. The frequency
range of the input signal was 0 to fs/2. For simplicity, the offset error was not considered in this
simulation. The result is shown in Table 1. For the different input frequencies, the calibration
algorithm can improve the SFDR by about 40 dB, which proves that the calibration algorithm is
effective for the whole signal band.

(a) (b)

Fig. 7. Calibration performance of the four-channel TIADC (multi-tone signal), a) is the uncalibrated signal spectrum, and
b) is the spectrum of the calibrated signal.

Table 1. Calibration performance of a multi-tone signal containing different input frequencies.

Input
frequency

Maximum mismatch
energy

(uncalibrated)

Maximum mismatch
energy

(calibrated)

0.1 fs –38.8 dB –75.1 dB

0.2 fs –36.5 dB –76.0 dB

0.3 fs –35.4 dB –77.3 dB

0.4 fs –34.2 dB –77.5 dB

0.45 fs –33.5 dB –78.2 dB

4.2. Comparison with other methods

A brief comparison between the proposed background calibration technique and the previous
methods is shown in Table 2. The methods proposed in [17] and [18] only consider the time skew
mismatch. For high-frequency input signals, the calibration performance of the method described
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in [21] is decreased, whereas the method described in [21] must use a Hilbert filter to ensure the
calibration performance. For example, the theoretical analysis of the method in [20] is identical to
that in [21], except that a Hilbert filter is used in [20] to ensure the performance of the calibration
algorithm at high-frequency inputs, which improves the SFDR by about 70 dB. However, the
use of derivative filters and Hilbert filters is required in its calibration structure. The technique
proposed in this paper is conceptually like the technique in [21], but it does not require any filter
and has an advantage in convergence speed.

Table 2. Comparison with other methods.

Features [17] [18] [21] [22] This work

Background
calibration Yes Yes Yes Yes Yes

Mismatch
type Time skew Time skew Gain

Time skew

Gain
Time skew
Offset

Gain
Time skew
Offset

Number of
channels 4 4 2 4 4

Input signal
frequency Multi-tone 0.05 fs , 0.18 fs

0.29 fs , 0.405 fs
0.05 fs , 0.18 fs
0.29 fs , 0.405 fs

0.2 fs 0.2 fs

Filters Derivative filter Derivative filter
Hilbert filter Derivative filter Hilbert filter No need

Convergence
rate 110K 10K 30K 40K 20K

SFDR
improvement 38 dB 40 dB 34 dB 44 dB 50 dB

4.3. Experimental results

In this subsection, the technique proposed in this paper is also validated on a hardware
platform. The method is tested on a 12.5 GSPS four-channel TIADC system. Specifically, the
whole acquisition system mainly consists of a radio frequency (RF) signal generator, a four-channel
TIADC system, and an Industrial Control Computer (ICC), as shown in Fig. 8a. The RF generator
(SMA 100B from R&S) is utilized to generate the input signals which are fed into the TIADC
system after passing through a conditioning channel and a power-splitting network. The purpose
of the power-splitting network is to split the signal into multiple channels for parallel sampling.
Two dual-core ADCs (ADC08DJ3200) are utilized to acquire the signals. Each ADC contains two
sub-core ADCs, and it can be considered a four-channel TIADC system. A field-programmable
gate array (FPGA, XCKU060-2FFVA1156) is used first to store the acquired samples, and then
the samples are transmitted through the peripheral component interconnect express (PCIE) bus to
the ICC. Fig. 8b depicts the prototype of the TIADC acquisition system.

The samples acquired by the above acquisition system were used to validate the calibration
method proposed in this paper. In this experiment, a 4 GHz single-tone signal is used as the input
signal to evaluate the calibration technique. The result is shown in Fig. 9. It can be noted that the
spurious signals decreased after the calibration. The SFDR was increased from 22 dB to 47 dB,
which validates the effectiveness of the proposed calibration technique. Since the test signals used
also include some harmonics and other noises, and the calibration algorithm is ineffective against
these errors, the result of the SFDR improvement is not as good as that of the simulation result.
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(a) (b)

Fig. 8. 12.5 GSPS four-channel TIADC system hardware platform, a) is the whole acquisition system, and b) is the
prototype of the acquisition system.

(a) (b)

Fig. 9. 4 GHz single-tone signal calibration performance, a) is the uncalibrated signal spectrum, and b) is the spectrum of
the calibrated signal.

5. Conclusions

In this paper, we focused on the channel mismatch calibration of TIADCs. In our work, the
frequency-shifted signals are first generated using the Hadamard matrix modulation and then the
coefficients are iteratively computed by the LMS algorithm, from which the spurious signals due
to the channel mismatches are calculated. Compared with the previous methods, the proposed tech-
nique does not require any filters and other complicated signal processing. Furthermore, our method
can offer an advantage in terms of convergence speed. Several simulations and experiments were
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performed to evaluate the proposed technique. We have tested the proposed calibration technique in
the four-channel TIADC acquisition systems and the results show that this method achieves a con-
siderable improvement in SFDR. It is suitable for different TIADC systems as long as there exists
a Hadamardmatrix corresponding to the number of channels. The proposedmethod does not require
any filters and therefore can significantly reduce the area and complexity of the calibration circuit.
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