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Abstract—This paper introduces an adaptive calibration struc-
ture for the blind calibration of frequency response mismatches
in a two-channel time-interleaved analog-to-digital converter (TI-
ADC). By representing frequency response mismatches as polyno-
mials, we can exploit slight oversampling to estimate the coeffi-
cients of the polynomials by using the filtered-X least-mean square
(FxLMS) algorithm. Utilizing the coefficients in an adaptive struc-
ture, we can compensate frequency response mismatches including
time offset and bandwidth mismatches. We develop an analytical
framework for the calibration structure and analyze its perfor-
mance. We show the efficiency of the calibration structure by sim-
ulations, where we include examples from the literature.

Index Terms—Blind calibration, filtered-X LMS, frequency re-
sponse mismatches, polynomial representation, time-interleaved
analog-to-digital converter.

I. INTRODUCTION

T HE performance of today’s communication systems
highly depends on the used analog-to-digital converters

(ADCs) [1]. To provide more flexibility and to comply with the
emerging communication standards, high-performance ADCs
are required. In this regard, a time-interleaved ADC (TI-ADC)
can be a reasonable solution [2], [3]. A TI-ADC operates
at a sampling rate of by utilizing an array of ADCs
running at an -times slower sampling rate [4]. The
sub-ADCs process the analog input signal in a time-interleaved
manner, i.e., each sample is taken by a different sub ADC in a
round-robin fashion.
In Fig. 1 a model of a two-channel time-interleaved ADC is

shown. The two sub-ADCs are modelled by the linear analog
frequency responses and , respectively, fol-
lowed by a sampler. The frequency responses include all linear
ADC characteristics such as gain, time offsets, and bandwidth.
The model assumes that the sample-and-hold (track-and-hold)
can be represented by a filter operating in steady state followed
by an ideal sampler. Although this is not fully true in practice,
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Fig. 1. Model of a two-channel time-interleaved ADC (TI-ADC) with fre-
quency responses and .

it was shown in [5] and [6], that even a model which considers
the transient effects of a sample-and-hold can be transformed
with some modifications of the frequency responses into the
model shown in Fig. 1.
The performance of a TI-ADC suffers from mismatches

among the sub-ADCs [7]–[10]. Because of mismatches, a
TI-ADC is a time-varying system, which introduces spurious
images in addition to the actual input signal components. The
images are filtered and modulated copies of the input signal
and significantly reduce performance measures such as the
signal-to-noise and distortion ratio (SINAD) and the spu-
rious-free dynamic range (SFDR) [10]–[12]. In this paper we
study the digital correction of frequency response mismatches,
since digital postcorrection techniques of analog circuits are
getting increasingly attractive [13] and can pave the way to
high-resolution TI-ADCs [14].

A. Literature Review

The digital calibration of mismatches in a TI-ADC has at-
tracted the interest of many researchers during the last decade.
The main focus has been on the calibration of gain [15]–[18]
and timing mismatches [12], [19]–[33]. Recently, the focus
has shifted towards the calibration of frequency response
mismatches [5], [6], [34]–[40], as this can lead to further
improvement in the overall performance of TI-ADCs [14].
In [34] a method to compensate frequency response mis-

matches based on multirate theory and least-squares filter
design is presented. The approach works well, but the re-
quired special calibration signals and the high complexity
of the filter design limit this approach to applications where
time-consuming extra calibration cycles are tolerable [41].
A different least-squares filter design method for frequency
response mismatches is presented in [37]. It is an extension
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to the work presented in [42] and has a reduced filter design
complexity compared to [34], but the complexity is still de-
manding and the method requires known frequency responses
or special input signals to identify them. The same could
be said about the filter design method using multichannel
filters introduced in [38].
To simplify the identification task, authors investigated the

special case of bandwidth mismatches. The correction of band-
width mismatches for a two-channel TI-ADC was first intro-
duced in [5], where the correction is basically done as in [34].
A more comprehensive model to correct bandwidth mismatches
in a two-channel TI-ADC was developed in [6]. In contrast to
[5], the authors also introduce a tailored correction based on
a single FIR filter that further reduces the design complexity.
By injecting a test tone of some known frequency below the
Nyquist frequency, the same authors have shown an adaptive
way to estimate the bandwidth mismatches in a two-channel
TI-ADC in [40].
The compensation of magnitude response mismatches in

TI-ADCs was presented in [35] and [36] and further developed
to the compensation of frequency response mismatches in
[43]. Compared to other methods as for example to [34], the
methods have a reduced filter design complexity. In particular
for frequency response mismatches where the mismatches
only depend on a single free parameter like the time offsets
or the bandwidth, the method leads to very efficient filter
structures [28], [29], [43] that can be adapted in real-time
[18], [27]. However, it was not shown in [43] how to extend
this structure to the calibration of more general frequency
response mismatches.
An adaptive technique utilizing an -periodic time-varying

feedforward equalizer to correct gain, timing, and bandwidth
mismatches is shown in [39]. Basically, the method uses de-
coded symbols to generate a reference signal on sampling rate
for the mismatch calibration, which is nontrivial to implement.
Another adaptive frequency response mismatch compensation
technique that uses an extra-low resolution ADC and an -pe-
riodic adaptive filter is presented in [44]. The output of the extra
low-resolution ADC acts as a reference signal for a least-mean
square (LMS) algorithm that estimates sets of coefficients
of an -periodic time-varying filter that compensates the mis-
matches. In this way, [44] and [39] are similar but they obtain
their reference signals in different ways.
Thecompensationof frequency responsemismatchesbyusing

polynomial representations has been investigated in [45]–[47].
In [45] and [46] the authors have presented a blind calibration
structure based on a multirate filter bank for a two-channel
TI-ADC. The authors need to know channel frequency re-
sponses analytically to derive the analysis filters, which are
weighted by coefficients to be identified. Unfortunately, this
work has not further been presented in a more comprehensive
manner, which would allow to decide on the quality and the
validity of the identification procedure. In [47] a compensation
structure based on the polynomial-approximated frequency re-
sponse mismatches is introduced. The proposed structure uses
differentiators and variable multipliers corresponding to the
parameters in polynomial models of the channel frequency
responses. Unfortunately, the paper does not discuss the iden-
tification of these parameters.

B. Contributions of the Paper

This paper presents an adaptive technique for the blind cali-
bration of the polynomial-represented frequency response mis-
matches in a two-channel TI-ADC. The contributions of the
paper are the following:

1) Polynomial Model of Frequency Response Mismatches:
We use a th order polynomial to model the frequency response
mismatches in a two-channel TI-ADC. This is an approach sim-
ilar to the one presented in [47], where the authors have mod-
eled the frequency responses as polynomial series. The basic as-
sumption of our modeling approach is that for a certain TI-ADC
design we can fix a model order , which does not change over
different chip realizations and time. Accordingly, the change of
frequency response mismatches, for example, over time can be
described by a change of the coefficients of a polynomial series
of order .

2) Adaptive Calibration Structure: We present an adaptive
calibration structure that exploits the polynomial representation
of frequency response mismatches for this purpose. It therefore
extends the structure presented in [43], which can reconstruct
the ideally sampled signal, but was not adaptable to general fre-
quency response mismatches.

3) Blind Adaptive Background Calibration: By combining
the calibration structure with the spectral properties of slightly
oversampled input signals, we can show how to utilize the fil-
tered error least-mean square (FxLMS) algorithm [48], [49] to
blindly identify frequency response mismatches, and, conse-
quently, exploit the identified frequency response mismatches to
remove the mismatch artifacts from the TI-ADC output signal.

C. Remarks on the Calibration Method

The proposed calibration method requires that the spectrum
of the sampled signal contains a region, which we call the mis-
match band and where no significant signal energy is present.
The simplest option is to oversample the bandlimited analog
input signal, where we obtain a mismatch band close to the
Nyquist frequency. This option is also utilized in the paper. The
mismatch band, however, can be at any other position in the fre-
quency band or can even consist of nonconnected regions [50].
To this end, the used filter for the mismatch band in the calibra-
tion method has to be adapted appropriately. Moreover, as long
as there is a mismatch band, the method can also be extended
beyond the first Nyquist zone.
Another requirement is that the input signal contributes sig-

nificant error energy to the mismatch band. Narrowband sig-
nals or even sinusoidal input signals do not fullfill this crite-
rion, but for such signals we can either use a filter to remove the
mismatches or, if we are interested in the mismatches, can use
simple and very precise identification methods [50], [51].
We represent the frequency response mismatches using a

polynomial series. On the one hand, the coefficients of the
polynomial do not directly correspond to typical mismatch
parameters such as the bandwidth, which could be a drawback.
On the other hand, we obtain a model that is linear in its
parameters and we can use simple algorithms like the FxLMS
to identify the coefficients.
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The calibration method identifies and corrects the mis-
matches in the digital domain. Although a multirate imple-
mentation is possible, an analog tuning of the parameters [52],
[53] is likely to be more energy efficient, but does not have the
flexibility and accuracy of digital methods [13].

D. Outline

Section II introduces a system model of a two-channel
TI-ADC suffering from frequency response mismatches. It
further develops a polynomial representation of the normalized
frequency response mismatches using a th order polynomial.
Based on this polynomial approximation we present the design
of the calibration structure in Section III, which includes the
calibration principle, the calibration structure, the identification
algorithm, and a performance analysis. In Section IV simula-
tion results show the performance of the calibration method by
using different examples from the literature.

II. SYSTEM MODEL

We introduce the system model of a two-channel TI-ADC
suffering from frequency response mismatches. We then use the
TI-ADC model to develop a polynomial representation of the
normalized frequency response mismatches, which we will use
as template for the blind identification later on.

A. TI-ADC Model

Because of frequency response mismatches, a two-channel
TI-ADC produces an additional modulated signal component,
which we call the error signal . Following the reasoning in
[43], we will develop a system model of a TI-ADC that allows
for splitting the output signal into the desired signal and
the error signal .
Assuming a bandlimited input signal such that

for , and , the discrete-time Fourier trans-
form (DTFT) of the output of a two-channel TI-ADC is
given by [43]

(1)

where

(2)

and the discrete-time channel frequency responses are
the -periodic extension of the analog channel frequency re-
sponses , i.e.,

(3)

To explicitly separate the desired signal from the error signal we
can rewrite (1) as

(4)

where

(5)

Fig. 2. Discrete-time system model of a two-channel TI-ADC.

is the desired signal consisting of the input signal mul-
tiplied by the average channel frequency response and

(6)

is the error signal due to the normalized frequency response mis-
match

(7)

By taking the inverse DTFTs of (4)–(6) we get the time-domain
input/output relationship of a TI-ADC with mismatches, i.e.,

(8)
where

(9)

(10)

The discrete-time system model of a two-channel TI-ADC rep-
resented by (8)–(10) is shown in Fig. 2. The ideally sampled
signal is filtered by the impulse response
resulting in the desired signal . The desired signal rep-
resents the output of an ideal TI-ADC without any frequency
response mismatches. Furthermore, we see the error signal ,
which is the outcome of the signal being first filtered by the
discrete-time filter and then modulated by . The filter

represents the frequency response mismatches in a TI-ADC
leading to the error signal . At the output of our system
model, the error signal is added to the desired signal
resulting in the distorted TI-ADC output . For the system
model discussion we can conclude that we have to reduce the
error signal from the TI-ADC output signal to miti-
gate the distortions caused by frequency response mismatches.

B. Polynomial Representation of Frequency Response
Mismatches

The channels of a TI-ADC are designed to match as good
as possible and economically viable. Therefore, all channel fre-
quency responses should have the same characteristics but will
differ due to component mismatches caused by process varia-
tions, temperature changes, and aging. Hence, we do not ex-
actly know the channel frequency responses of a TI-ADC de-
sign, but can assume that all the channels of different TI-ADCs
from the same design will share the same frequency characteris-
tics. Therefore, similar to the approach in [47] it seems reason-
able to represent the normalized frequency response by
a polynomial series of fixed order, and to characterize the mis-
matches by different coefficients of this series.
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For sufficient large , the discrete-time frequency response
can be represented as a th order polynomial, i.e.,

(11)

where is the th coefficient of the polynomial series and

(12)

is the discrete-time representation of a bandlimited th order
continuous-time differentiator. To relate the polynomial repre-
sentation of the filter with our time-domain model, we need the
inverse DTFT of (11), which is

(13)

where is the inverse DTFT of .
Substituting (13) in (10) gives

(14)

which can be expressed in a more concise way by using vector
notation as

(15)

where the coefficients vector is

(16)

and the signal vector is

(17)

with

(18)

and denotes the transpose.We can conclude that for a given
order the coefficients in (16) characterize the mismatch be-
tween the two channels in a TI-ADC. To compensate the mis-
matches we have to identify those coefficients.

III. ADAPTIVE BLIND CALIBRATION

In this section we present a blind calibration method to cali-
brate frequency response mismatches. For this purpose, we ex-
ploit the system model including the polynomial representation
of the normalized frequency response mismatches and some
slight oversampling of the input signal.

A. Calibration Principle

In Fig. 3 the principle of the calibration method is shown. On
the left we see a TI-ADC producing the distorted output signal

given by (8), and on the right we have the calibration struc-
ture for compensating the distortions in . It has been shown
in [43] that this structure can significantly improve the output
signal by using the normalized filter defined in (7).
It was, however, not shown how to find the frequency response
of this filter blindly without employing a training signal. In the

Fig. 3. Calibration of frequency response mismatches.

Fig. 4. As long as there are uncorrected mismatches, the mismatch band con-
tains signal energy.

following we introduce a blind background calibration method
that uses the FxLMS algorithm [48], [49] to estimate the nor-
malized frequency response as shown in Fig. 3.
Firstly, in order to estimate the normalized frequency re-

sponse , we represent the response by a polynomial as in
(13). Secondly, we exploit oversampling to obtain a frequency
band in the output spectrum called the the mismatch band [24],
where in the ideal case no signal energy is present, but due to
mismatches is present. This is illustrated in Fig. 4. Thirdly, we
use a high-pass filter to spectrally separate parts of the
error signal from the output signal , and, in a final step,
we minimize the filtered error energy by finding estimates
of the coefficients .

B. Calibration Structure

For the calibration we exploit the structure shown in Fig. 5.
The structure duplicates the polynomial filter representation we
used for the TI-ADC model where the time-varying filter coef-
ficients

(19)

of the calibration structure have to be identified. As shown in
Fig. 5, the reconstructed input signal is the estimated error
signal subtracted from TI-ADC output which results
with (8) in

(20)

The estimated error is the result of adding up the weighted
outputs of the branches in Fig. 5, which is

(21)

where

(22)

and

(23)
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Fig. 5. Calibration structure.

Fig. 6. Model of the identification structure illustrating the identification of
coefficients.

is the -times differentiated and modulated input signal .
Inserting (21) and (15) in (20) gives

(24)

We can rewrite in (24) by using (8) and (17) as

(25)

where

(26)

(27)

Substituting (25) in (24) and rearranging gives

(28)

which explicitly shows that if the estimated coefficients vector
equals the actual coefficients vector , i.e., , the

reconstructed output becomes

(29)

where is the remaining error signal after reconstruc-
tion. As it has been shown in [43] the energy of the remaining
error signal is much smaller than the energy of the mismatch
error signal , whereby the signal is a much better ap-
proximation of as .

C. Coefficient Adaptation

After introducing the calibration structure, we have to for-
mally relate the minimization of the error with the identi-
fication of the coefficients of the calibration structure. The
filtered error is given by

(30)

where is a high-pass filter that spectrally separates the de-
sired signal from the error signal by attenuating .
Assuming that the adaptation rate of the coefficients is slow
enough, we can interchange the filter and the time-varying
coefficients [48], which leads with (24) and (30) to

(31)

where is removed by the filter and

(32)

with

(33)

(34)

With (31)–(32) we have a classical identification problem illus-
trated in Fig. 6 that can be solved by using the FxLMS algorithm
as [48], [49]

(35)

where is the step-size parameter.

D. Performance Analysis

In analyzing the identification performance of (31), we resort
to the classical stochastic minimum-mean square analysis [48]
of the FxLMS algorithm given in (35). The error of the structure
can be written as

(36)

where the term represents the desired signal
and is the input signal to the adaptive filter. Therefore,
the adaptive filter is driven by an additional signal component

that will lead to a certain bias in the MMSE solution. For
the derivation of the MMSE solution we assume that and

are uncorrelated, which can be justified by the fact that
LMS based algorithms rather use averages of the time series
than using ensemble averages, where the time-averaged cross-
correlation between and will tend to zero. Using
this assumption we can derive the estimated coefficient vector
as [48]

(37)

where is the autocorrelation matrix of , i.e.,

(38)

and is the cross-correlation vector given by

(39)
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Fig. 7. Implementation example of the blind calibration structure for .

Fig. 8. Magnitude response of the high-pass filter with order 40 and a
starting passband frequency at .

Substituting (38) and (39) in (37) results in

(40)

where the autocorrelation matrix of the signal
causes a bias in the estimate. However, since the energy of the
signal is several orders of magnitude larger than the energy
of the signal , the bias has only a minor influence on the
overall performance of the calibration structure.

IV. SIMULATION RESULTS

In this section we present the simulation results for the pro-
posed blind calibration structure to mark its performance. The
overall performance of the blind calibration structure was eval-
uated by the signal-to-noise ratio (SNR). The SNR before cali-
bration was evaluated as

(41)

and after calibration as

(42)

where denotes the number of samples used to calculate the
SNR. For all simulations, we used an input signal bandlimited
to , from which we took samples according to
the presented mismatch model.

A. Implementation of the Calibration Structure

A possible implementation of the blind calibration structure
for as it was used for the simulations is shown in Fig. 7.
The complexity of the structure is reduced by some minor mod-
ifications. By shifting the modulators to the start of the
blind calibration structure, they can be combined into a single
modulator. To maintain the same output signals as before, the
coefficients of the differentiators have to be modulated as well.
Additionally, we have cascaded differentiator of first order
to obtain higher order differentiators. The order of the differ-
entiator was 40, and it was designed using the MATLAB
function “firpm.” TheMATLAB filter design tool “fdatool” was
used to optimize the high-pass filter . The number of taps of

were 41 and its magnitude response is shown in Fig. 8. Ide-
ally, the signal is the filtered version of the signal vector

, but as we will show in the simulation for gain and timing
mismatches, we can use for certain models a less complex up-
date equation

(43)

where is the delay of the linear-phase high-pass filter .
Hence, a delayed version instead of a filtered version is used.
This reduces the implementation complexity considerably, as
we only need a single high-pass filter, but, as drawback, the
convergence time increases. The following examples describe
the simulation results using different types of mismatch models
and input signals.

B. Calibration of Frequency Response Mismatches: White
Gaussian Noise Input Signal

First, we considered a white-Gaussian noise (WGN) input
with zero-mean and variance . The step-size was 0.5
whereas the coefficients vector was taken randomly as

(44)
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Fig. 9. Power spectrum of the uncalibrated output for a white Gaussian
noise (WGN) input signal. The SNR is 32.6 dB.

Fig. 10. Power spectrum of the reconstructed WGN input signal . The
SNR after calibration is 60.3 dB resulting in an improvement of 27.7 dB.

Fig. 9 shows the power spectrum of the uncompensated
TI-ADC output . The SNR according to (41) was 32.6 dB.
The power spectrum of the reconstructed input signal ,
once the FxLMS algorithm has been converged, is shown in
Fig. 10, where the SNR according to (42) was 60.3 dB. This
is an improvement of 27.7 dB and equals the result one would
obtain by using the ideal coefficient vector and the first stage
of the calibration structure presented in [43]. The convergence
behavior of the estimated coefficients is shown in Fig. 11. The
estimated coefficients settle nicely to the coefficient values
given in (44).

C. Calibration of Frequency Response Mismatches: Multitone
Input Signal

Next we considered a multitone input signal consisting of
42 sinusoids with constant amplitudes, uniformly spaced fre-
quencies, and random phases. Moreover, the signal was quan-
tized to 16 bits where the quantization step size was given by

. The channel frequency responses were taken as in
[47], i.e.,

(45)

Fig. 11. Convergence behavior of the estimated coefficients
, and for the case of a WGN input signal.

For a step-size of , the estimated coefficients were in well accordance
with the given coefficient values.

Fig. 12. Power spectrum of the uncalibrated output . The input was a mul-
titone signal composed of 42 sinusoids and bandlimited to . The SNR is
31.1 dB.

where is the 3-dB cutoff frequency of the first order filter,
are the relative timing offsets and are the deviations from
. The cutoff frequency was taken equal to the sampling fre-

quency i.e., . The step-size parameter was chosen
as 0.09 while the values of were and of
were similar to the setting in [47], but for a
two-channel TI-ADC. The power spectrum of the uncalibrated
output is shown in Fig. 12. The calculated SNR was 31.1
dB. The power spectrum of the reconstructed input signal
using a calibration structure of order is shown in Fig. 13.
The calculated value of SNR, once FxLMS algorithm has con-
verged, was 62.6 dB; thus doubling the initial SNR. By using
the multitone signal we can explicitly see that not only the en-
ergy in the mismatch band is reduced considerably but also the
energy of the aliasing components that are overlapping with the
input signal spectra has been minimized.
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Fig. 13. Power spectrum of the reconstructed input signal after using a
calibration structure of order . The SNR after calibration is 62.6 dB,
which is an improvement of 31.5 dB.

D. Calibration of Bandwidth Mismatches: Multitone Input
Signal

In this example, we demonstrate the calibration of bandwidth
mismatches as modeled in [5] and [6]. We again used a mul-
titone input signal with 42 sinusoids with constant amplitudes,
uniformly spaced frequencies, and random phases. According
to [5], [6], the channel frequency responses are given for a two-
channel TI-ADC as

(46)

where is the 3-dB cutoff frequency of each sample-and-hold
of the individual channel ADCs, and are the deviations from
, i.e., bandwidth mismatches. For this simulation, we assume

a cutoff frequency of with mismatch values given
in Table I, and used a step-size of for the FxLMS
algorithm. In Table II the initial SNR and the SNR after cali-
bration is given for different mismatch values and for different
orders of the polynomial series. From Table II we see that for
an increasing order we obtain better SNRs after calibration as
the mismatch model is represented more accurately. The power
spectra for the uncalibrated output and the reconstructed
input for the case of 5% bandwidth mismatch are shown in
Figs. 14 and 15, respectively.

E. Calibration of Gain and Timing Mismatches: White
Gaussian Noise Input Signal

In this example, we considered aWGN input signal with zero-
mean and variance . By modeling the channel frequency
responses as

(47)

where and are the relative gain mismatches and timing
offsets, respectively. This example demonstrates the calibration
of gain and timing mismatches only. Since in a typical TI-ADC
timing offsets are much smaller than the sampling period ,

Fig. 14. Power spectrum of the output with 5% bandwidth mismatches.
The SNR is 48.5 dB.

Fig. 15. Power spectrum of the reconstructed output for the case of band-
width mismatch calibration. For a 3rd order calibration structure and the SNR
after calibration is 75.6 dB, which is an improvement of 27.1 dB.

TABLE I
SIMULATED BANDWIDTH MISMATCH VALUES

TABLE II
INITIAL AND FINAL SNR FOR BANDWIDTH MISMATCH VALUES FROM TABLE I

AND FOR DIFFERENT ORDERS OF THE CALIBRATION STRUCTURE

this kind of frequency response mismatches can be sufficiently
well modeled by a first order blind calibration structure, i.e.,

[18]. The simulated values were for and
for as given in [17]. For the given gain and timing

mismatches, the coefficient vector can be sufficiently close
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Fig. 16. Power spectrum of the uncalibrated output with gain and timing
mismatches. The SNR is 36.3 dB.

Fig. 17. Power spectrum of the reconstructed output using a first-order
calibration structure. The SNR is 72.8 dB which is an improvement of 36.5 dB.

approximated by using a first order truncated Taylor’s series,
which gives

(48)

Figs. 16 and 17 show the power spectrums of the uncalibrated
output and reconstructed output . The SNR was 36.3
dB for the uncalibrated signal and 72.8 dB for the reconstructed
output signal with a step size of . This is an improve-
ment of 36.5 dB. Figs. 18 and 19 show the convergence of the
estimated gain and timingmismatches for the FxLMS according
to (35) and its simplified version according to (43). For both al-
gorithms, gain and timing mismatches converge to the values
given in (48). However, we see that the lower complexity of
the simplified FxLMS in (43) results in a slower convergence
time. Hence, by using only a first-order calibration structure we
can also calibrate gain and timing mismatches in a two-channel
TI-ADC.

V. CONCLUSION

In this paper, we have presented a blind calibration structure
to calibrate frequency response mismatches in a two-channel
TI-ADC. We have developed a system model of a two-channel

Fig. 18. Convergence behavior of the estimated gain mismatch.

Fig. 19. Convergence behavior of the estimated relative timing offset.

TI-ADC with frequency response mismatches, where the fre-
quency response mismatches are represented by a th-order
polynomial. Based on the polynomial represented system
model, we have developed a blind calibration structure that
uses the FxLMS algorithm to identify the unknown coeffi-
cients of the polynomials and thus compensates the frequency
response mismatches. We have demonstrated the blind cali-
bration structure by calibrating different frequency response
mismatches including gain, timing, and bandwidth mismatches
by using multitone and WGN input signals. The simulation
results have confirmed that with this calibration we can achieve
a considerable amount of improvement in the SNR.
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