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Non-Data-Aided Approach to I/Q Mismatch
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Abstract—A digital signal processing (DSP) technique is presented that can compensate for the in-phase/quadrature-phase
(I/Q) mismatch in low-intermediate frequency (IF) receivers. In
particular, a non-data-aided (NDA) I/Q mismatch estimator is
derived by exploiting the statistical independence between desired
and image signals. The proposed technique obtains two baseband
signals (uncompensated desired and image signals) from a digital
IF signal and processes them to estimate and compensate for the
I/Q mismatch. The mean-square error (MSE) of the estimate is
analyzed. Computer simulation results indicate that the proposed
technique can outperform existing adaptive DSP techniques that
are based on the use of blind signal separation algorithms. It is
observed that the image rejection ratio (IRR) of the proposed
technique decreases monotonically with the number of observed
samples for estimation, while that of conventional methods exhibits some floor.
Index Terms—Blind, compensation, I/Q mismatch, low-intermediate frequency (IF) receivers, non-data-aided (NDA) estimation.

I. INTRODUCTION

A

low-intermediate frequency (IF) architecture uses quadrature mixing to downconvert a radio frequency (RF) signal
to an IF band, which in theory provides infinite attenuation of
the image band and removes the need for analog image rejection filtering [1], [2]. This type of architecture has an advantage
over direct conversion in terms of robustness against dc offset
and flicker noise. Although a low-IF architecture is a promising
approach to the goal of single-chip radio receivers, its performance can be severely degraded by insufficient image rejection due to the I/Q mismatch. One approach to overcome such
a problem is compensation by digital signal processing (DSP).
Offline techniques that measure the mismatching effect from
test signals were proposed in [3]–[5], while more sophisticated
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adaptive DSP techniques that apply a blind signal separation algorithm to the mismatch compensation were introduced in [6],
[7]. The adaptive techniques do not need any test signals and
are thus preferable to the offline techniques. This is particularly
true when the mismatch parameter is time varying.
In this paper, an alternative DSP technique is presented that
can also measure the effect of the I/Q mismatch directly from
the received signal, without generating test signals. Unlike the
schemes in [6] and [7], which are basically adaptive filters, the
proposed technique is based on the use of a non-data-aided
(NDA) mismatch estimator, which is derived by exploiting
the statistical independence between the desired and image
signals.1 It is shown that the proposed compensator, consisting
of the I/Q mismatch estimator followed by an image suppressor, can outperform the existing adaptive DSP techniques.
Throughout the paper, the I/Q mismatch is assumed to be
frequency independent, which is valid for narrowband signals.
The remainder of this paper is organized as follows. Section II
describes the signal model used in the current study. The proposed technique is derived in Section III, and its properties are
analyzed in Section IV. In Section V, the advantages of the
proposed scheme over the existing techniques are demonstrated
through computer simulations considering both additive white
Gaussian noise (AWGN) and Rayleigh fading channel environments. Section VI contains the conclusion.
II. SIGNAL MODEL
The signal model considered in this paper is shown in Fig. 1
[7]. Assuming ideal filtering and no additive noise, the received
can be represented as
RF signal
(1)
where

is the carrier frequency of the desired signal,
, is the center frequency of the image band
is the local oscillator frequency, and
and
are the
baseband equivalent expressions of the signals in the desired
band and image band, respectively. Note that the signal model
in (1) is reasonably valid even in a noisy environment because
and
can represent “signal plus noise” in their respective bands. A quadrature mixer is used to downconvert the RF
signal to an IF band, which then suffers from an amplitude mismatch and phase mismatch . Here, the mismatch parameters
and are assumed to be quasistatic and frequency independent
so that they are constant over a data frame and over a frequency
band under consideration. In addition, there is a frequency offset
, where
denotes the desired
given by
1Data-aided I/Q mismatch estimators, which are mainly useful for direct conversion receivers, were derived in [8] and [9].
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Fig. 1. Signal model. Complex-valued processing is illustrated in bold.

IF frequency. The analog IF band signals before analog-to-digand
in Fig. 1, can be exital (A/D) conversion
pressed as

III. PROPOSED TECHNIQUE
Given the baseband digital signals
and
in (5) and
(6), the image signal can be suppressed by exploiting the following relation2:
(7)

(2)
. The right-hand-side (RHS) of (7) represents
where
the reconstructed signal in the desired band, which is a scaled
. A dual equation of (7) can be written as
version of

and

(8)
(3)
The digital IF signal
can be expressed as
at the rate of

after sampling

is known
Since the I/Q mismatch can be corrected once
(Fig. 2), the I/Q mismatch parameter estimation reduces to the
estimation of . A property of that can be derived from the
and
in (4) can be stated as follows:
definitions of
(9)

(4)
,
where
,
, and
. The two baseband
and
obtained by downconverting
and
signals
then low-pass filtering in the digital domain are given by

and
Suppose that the desired and image signals
are zero-mean wide-sense stationary (WSS) random processes
which are mutually uncorrelated. Then, from (7) and (8)

(10)

(5)
Solving (10) for

and

results in

(6)

(11)

.
where is the normalized frequency offset given by
If the downconversion circuit is free from the I/Q mismatch
and
), then
and
. In this case,
(
, and it is not necessary to generate . The two
and
are needed for estimating the mismatch
signals
parameters
and . When
, the signal model in (5)
and (6) becomes identical to the one in [7] and a special case
of the model in [6] which considers a frequency dependent I/Q
mismatch.

where
and
. Using the
Cauchy–Schwartz inequality, it is straightforward to show that
. In (10), let
and
. Then,
and
. These facts indicate that
and
.
From (9) and the fact that
in practice, we discard
2If fs g is a training sequence corrupted by an additive white Gaussian noise
(data-aided case), then the maximum-likelihood estimation of can be derived
from (7) following the approach in [9].
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Fig. 2. I/Q mismatch compensation structure. Here, ^ is an estimate of .

Fig. 3. Proposed estimator.

and use
by

to estimate . Specifically, the estimate of

is given

the RHS of (14) converges in distribution to a random variable
which is zero-mean complex Gaussian with variance
(15)

(12)
where

and

are the sample means given by
and
.
The block diagram of the proposed estimate in (12) is shown
in Fig. 3.

in (14) also converges in distribution to
Then,
[13, p. 424]. Therefore,
is asymptotically unbiased and
its asymptotic variance is given by
times the term in (15),
which is rewritten as

IV. PERFORMANCE ANALYSIS
as
To find the mean and mean-square error (MSE) of
, we use the first-order Taylor series expansion of
around ,
and , where
and
represent the real
and
are
and imaginary parts of , respectively. If
independent identically distributed (i.i.d.), then, as shown in
in (12) can be linearized as
Appendix A,
(13)

where is the signal-to-image ratio (SIR) defined as
.
It is interesting to note that the MSEs corresponding to and
are identical. This occurs because of the duality between
in
in (6). Given
and , the MSE is upper bounded
(5) and
which is the MSE for
(input SIR
by
0 dB) and decreases monotonically with
and
when
.
V. SIMULATION

where
that
as

,
, and
indicates
times the remainder converges to zero in probability
[13]. Reference (13) can be rewritten as

(14)
and
are i.i.d. and mutually uncorrelated, it folSince
lows from the central limit theorem [14] that the first term in

The performance of the proposed estimator was examined
through computer simulations. The baseband equivalent signals in the desired and image bands are expressed by
and
, respecand
are the transmitted symbols that are
tively, where
quadrature phase-shift keying (QPSK),
and
denote the channel responses at
and
denote AWGN. The signal-to-noise
time , and
and
were 20 dB.
ratios (SNRs) of the received signals
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COMPUTATIONAL LOAD REQUIRED FOR PROCESSING
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N SAMPLES

Two types of channels were considered: AWGN channels (
,
) and Rayleigh fading channels with eight paths
that had an identical average power and
,
is the maximum Doppler frequency. Jakes’ model
where
was used for generating the channel parameters [10]. The fre. The amplitude mismatch
quency offset
and phase mismatch
(
,
, and
). The
dB. In the simulation, the
input SIR
MSE and image rejection ratio (IRR) [11], which is the ratio
, were embetween the input SIR and the SIR of
pirically estimated based on 100 trials. The MSEs in AWGN
channels were evaluated for the proposed estimator to confirm
the analytical results in Section IV. Those with different A/D
resolutions were also evaluated in order to examine the impact
of finite word length. The proposed algorithm was compared
with the existing methods in [6] and [7], which are summarized
below, in terms of the IRR and computational complexity.
Method in [6]: The filtering and weight update equations are
represented as
and
, where
the weights are updated by
and
. Note that this method employs single-tap adaptive filters for the frequency independent I/Q mismatch. It recursively estimates the mismatch parameter in (7) by updating
the weight
. The step size was set at 0.0001, which was
chosen to reduce the steady-state error, while guaranteeing the
convergence within 10 000 iterations.
Method in [7]: This is called the equivariant adaptive separation via independence (EASI) algorithm. The estimate of
is denoted by
, in which some additional information is needed to determine whether
or
. The vector
is represented as
,
is the 2 2 separating matrix, which is updated by
where
. Here,
, and
is the 2 1 vector whose th
element is given by
. The stepsize and the initial sepwere determined as in [7]. For the Rayleigh
arating matrix
fading channel, the normalized EASI algorithm in [12] was used
to track the time variation of the channel.
The computational complexities required for processing
data samples are compared in Table I. The proposed method is
simpler to implement than the existing methods when
.
Fig. 4 shows the MSEs obtained from the analysis and simulation for the AWGN channels. A remarkably good agreement
was observed between the analytical and simulation results. As
expected, the MSE decreased monotonically with and
when
.
Fig. 5 shows the MSE performance of the proposed estimator versus A/D converter resolution for AWGN channels

Fig. 4. MSE performance of proposed estimator for AWGN channels.

Fig. 5. MSE variation of proposed estimator with A/D converter resolution for
AWGN channels.

when

1000 and 10 000. The MSEs were evaluated for
dB. The A/D converter resolution required by
the proposed estimator was low: only 4-bit was needed for
0 dB and 7-bit for
30 dB. The required resolution
increases with
because the MSE decreases as
increases when
.
Figs. 6 and 7 show the IRRs for the AWGN and Rayleigh
fading channels, respectively. Comparing the IRR curves indicates that neither technique was vulnerable to the channel type:
the IRR curves for the AWGN channels were similar to the corresponding IRR curves for the Rayleigh fading channels. The
proposed method outperformed the methods in [6] and [7] when
the number of observed samples was greater than or equal to
11. Furthermore, the IRR of the former decreased monotonically with , while the IRR curves of the latter exhibited some
floor.
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APPENDIX A
To prove (13), we first show that
and
, where
indicates that
and
are bounded in probability [13].
From the central limit theorem, it can be shown that [13, p. 425]
(A1)
and
(A2)
Now

,

, , and can be rewritten as

Fig. 6. IRR performances for AWGN channels.

(A3)

(A4)
(A5)
and
(A6)

Fig. 7. IRR performances for frequency-selective fading channels.

The boundedness of
and
in probability
can be proved by using (A1) and (A2) in (A3)–(A6). Taking the
to the first-order terms around ,
Taylor series expansion of
and
gives

VI. CONCLUSION
In this paper, an NDA I/Q mismatch estimator for low-IF receivers was developed and applied to I/Q mismatch compensation. Numerical simulations indicate that the MSE of the proposed estimator and IRR of the resulting compensator decreased
monotonically with the number of observed samples, while the
IRR curves of an existing adaptive technique exhibited some
floor. In contrast to the adaptive techniques in [6] and [7], both
of which require some caution to guarantee convergence of the
algorithm, the proposed technique is free from convergence issues. This is because the proposed estimator is a batch processor
in which all data are collected together and processed simultaneously. The proposed method can track time-varying mismatch
effects in the sense that it can compensate for quasi-static mismatches that may vary from one frame to another. Finally, it
should be pointed out that the use of the proposed scheme is
limited to the case of frequency independent mismatches, while
the adaptive technique in [6] can be applicable to frequency dependent situations.

(A7)
and
denote the real and imaginary parts of ,
where
respectively. In (A7),
follows from the facts that
and
[13, p. 423].
By evaluating the derivatives in (A7), we can get the expression
in (13).
of
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