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ABSTRACT
Nowadays, the direct-conversion and the low-IF transceiver princi-
ples are seen as the most promising architectures for future flexi-
ble radios. Both of the architectures employ complex I/Q mixing
for up- and downconversion. Consequently, the performance of the
transceiver architectures can be seriously deteriorated by the phe-
nomenon called I/Q imbalance. I/Q imbalance stems from relative
amplitude and phase mismatch between I- and Q-branches of the
transceiver. As a result, self-interference or adjacent channel inter-
ference is introduced. This paper addresses details of the real-time
prototype implementation of the transceiver unit realizing widely-
linear least-squares based I/Q imbalance estimation algorithm and
corresponding pre-distortion structure proposed earlier by the au-
thors. First the estimation itself is reviewed and a recursive version
of it is derived. After that, implementation related practical issues
are addressed and implementation platform is also briefly intro-
duced. Finally, implementation details and comprehensive RF mea-
surement results from the real-time implementation are presented.

1. INTRODUCTION

The current trend in implementing future wireless radio transceivers
is to use the direct-conversion or the low-IF transceiver architec-
tures [1, 2]. However, there are still number of practical issues to
be overcome before these transceiver architectures can be fully im-
plemented in future wideband flexible transceiver units. In both ar-
chitectures many transceiver functions have been moved from ana-
log parts towards the digital signal processing (DSP) parts, thus
enabling low-cost, simple, less power consuming and highly inte-
grable transceiver unit [2]. One practical problem, however, is the
sensitivity of such simplified analog front-ends (FE) to imperfec-
tions of the used radio electronics. This is the central theme also in
this article, with most focus on the transmitter (TX) side.

Both of the above transceiver architectures are based on analog
complex in-phase/quadrature (I/Q) up- and downconversion which
makes them vulnerable to amplitude and phase mismatch between
I- and Q-branches. As a result, there is crosstalk between mirror
frequencies which yields, depending on the selected transceiver ar-
chitecture, self-interference or adjacent channels interference, when
interpreted in frequency domain. Other major nonidealities on TX
side are local oscillator (LO) leakage and power amplifier (PA) non-
linearity which also contribute to signal deterioration [3]. Moreover,
future wireless systems demand higher transmission rates which
yields wider bandwidths, higher order modulations and utilization
of multi carrier schemes. However, signals with wider bandwidths
and higher order modulations, and multi-carrier (MC) signals (e.g.
OFDM) are especially sensitive to analog FE nonidealities [3, 4].

This paper focuses to implementations related details and prac-
tical aspects of TX I/Q imbalance calibration scheme based on
parameter estimation by widely-linear least-squares (WL-LS) ap-
proach and pre-distortion (PD) filtering. Special emphasis is on
real-time prototype implementation and RF performance measure-
ments of a complete TX. The approach here is applicable for single-
carrier (SC) and MC signals.

The paper is organized as follows. First in Section 2 I/Q im-
balance as a phenomenon and TX signal model are introduced, and

selected PD structure is reviewed. Thereafter in Section 3, recur-
sive WL-LS approach-based I/Q imbalance parameter estimation is
derived. Then implementation related problems are discussed in
Section 4. After that, the implementation platform is introduced in
Section 5. After that, implementation details and measurement re-
sults are presented and analyzed in Section 6. Paper is concluded in
Section 7.

Notation: (.)∗ denotes complex conjugation, (.)H hermitian
transpose and ∗ convolution. All bold lower-case letters and upper-
case letters denote vectors and matrices, respectively.

2. I/Q IMBALANCE AND DIGITAL PRE-DISTORTER
STRUCTURE

In an ideal I/Q TX, analog circuits in the I and Q branches have
equal characteristics, but in practice, due to hardware manufactur-
ing tolerances a perfectly balanced analog FE is not achievable. In
addition, electrical characteristics of analog components can un-
dergo short time deviation due to e.g. temperature variation and,
similarly, they are subjected to change over long time period due to
aging. These physical limitations in the implementation accuracy
of analog I/Q processing result in a finite attenuation of the image
frequencies and thus degrades the transmit signal quality. Current
state-of-the-art transceivers have around 1− 2% amplitude imbal-
ance and 1−2◦ phase imbalance which yields about 30−40dB im-
age rejection ratio (IRR) [2].

The approach in this paper to overcome I/Q imbalance problem
is to use DSP techniques to compensate the I/Q imbalance effects.
The DSP based calibration methods allow errors in the analog de-
sign and have an advantage of achieving good performance without
modifying the original transceiver architecture. In addition, adap-
tive DSP based approaches enable the possibility to follow time-
variant changes of the TX FE.

2.1 Signal Model
In a wideband system context, the overall effective I/Q imbalance
effects can vary as a function of frequency over the whole frequency
band and wider bandwidths are more vulnerable to the frequency-
selective behavior of I/Q imbalance [5]. Consequently, the I/Q im-
balance can be modeled as frequency-selective relative amplitude
and phase difference between the I and Q branches. In following,
gT and ϕT are the I/Q mixer amplitude and phase imbalances, re-
spectively. In addition, the non-ideal filter characteristics between
the I and Q branches is modeled with the filters hI(t) and hQ(t).
If signal bandwidth is narrow, the imbalance model is considered
to be frequency-independent and the filters hI(t) and hQ(t) can be
extracted from the formulation.

For further analysis, denote the ideal baseband equivalent trans-
mit signal as z(t) = zI(t)+ jzQ(t). The corresponding imbalanced
baseband equivalent is then [6]

x(t) = g1(t)∗ z(t)+g2(t)∗ z∗(t). (1)

With further derivation the impulse responses g1(t) and g2(t) can
be shown to be g1(t) = [hI(t)+ gT exp( jϕT )hQ(t)]/2 and g2(t) =
[hI(t)−gT exp( jϕT )hQ(t)]/2 [7]. In addition, the Fourier transform
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(FT) of x(t) is X( f ) = G1( f )Z( f )+G2( f )Z∗(− f ). From X( f ) the
mirror frequency attenuation can be found to be

IRRdB( f ) = 10log10

(
|G1( f )|2

|G2( f )|2

)
. (2)

2.2 I/Q Imbalance Compensation
The aim of the I/Q imbalance mitigation is to remove conjugate
term in (1) by properly pre-distorting the ideal TX data. Based on
above imbalance model, and switching to discrete-time notations,
the following PD of the form

zp(n) = z(n)+w(n)∗ z∗(n) (3)

can be used [7]. Here w(n) represents the PD impulse response.
From (1) and (3), it follows that the pre-distorted and imbalanced
signal is xp(n) = g1,p(n) ∗ z(n) + g2,p(n) ∗ z∗(n), where the mod-
ified imbalance model impulse responses are g1,p(n) = g2(n) +
g1(n)∗w∗(n) and g2,p(n) = g2(n)+g1(n)∗w(n). From this it can
be derived that optimum solution for PD must satisfy g2,p(n) =
g2(n)+g1(n)∗w(n) = 0,∀n. Solution can be seen more intuitively
after FT, as

WOPT (e jω ) =
−G2(e jω )

G1(e jω )
, (4)

where ω is normalized angular frequency. In practice, however, this
solution cannot be directly used for estimation because g1(n) and
g2(n) are considered unknown. Thus, practical imbalance parame-
ter estimation schemes using feedback from RF back to TX digital
parts are addressed next.

The PD structure realizing above derivation can be seen in Fig.
1. In the figure, after the real mixing, filtering and ADC, the DSP
block performs final down-conversion from the IF to baseband and
consequent decimation and low-pass filtering. Moreover, DC offset
removal, timing synchronization, I/Q imbalance parameter estima-
tion and PD filter calculation are performed inside the DSP block.
Here, real mixing is chosen to avoid any additional I/Q imbalance
to the feedback loop (FBL) signal.
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Figure 1: Block diagram I/Q up-conversion based TX structure with
calibration functionality.

3. I/Q IMBALANCE PARAMETER ESTIMATION

In this section the WL-LS estimation method described in [7] is
briefly reviewed and derivation of recursive version of it is in-
troduced being particularly suitable for real-time implementations.
Imbalance parameter estimation is in general based on a feedback
signal capturing the complex envelope of the generated RF wave-
form back to the TX digital parts. This is illustrated in Fig. 1.

From now on, switching to vector-matrix notation for conve-
nience. First, derive an estimator for g̃1 and g̃2, which include also
FBL response, using time-domain model-fitting approach. The aim
is to find estimates ĝ1 and ĝ2 which give the best fit between original
data sequence z(n) and observed feedback data sequence y(n).

3.1 Block Least-Squares Approach
After removing FBL delay the observed feedback data sequence can
be formulated as

y(n) = Z(n)ĝ1 +Z∗(n)ĝ2

= [Z(n) Z∗(n)]
[

ĝ1
ĝ2

]
= Zb(n)

[
ĝ1
ĝ2

]
,

(5)

where y(n) = [y(n) y(n− 1) · · · y(n−Lb + 1)]T , with Lb denot-
ing the length of the observed feedback data sequence and Z(n)
is the convolution matrix formed from original TX data sequence
z(n). If least-squares (LS) solution is formed with auto-correlation
data windowing method the estimation process gives biased results.
Consequently, covariance or pre-windowing methods should be uti-
lized. For covariance method the convolution matrix Z(n) of the
original signal is formulated in (6) [7, 8], where Ng denotes the
length of estimated imbalance filters ĝ1 and ĝ2.

Z(n) =

 z(n−Ng +1) · · z(n)
· · ·
· · ·

z(n−Lb +1) · · z(n−Lb −Ng)

 (6)

Corresponding observed feedback data sequence is y(n) = [y(n−
Ng +1) y(n−Ng) · · · y(n−Lb +1)]T . The minimum phase imbal-
ance filter coefficients g̃1 and g̃2 best describing the data in the LS
sense can be then solved from[

ĝ1
ĝ2

]
= Z+

b (n)y(n). (7)

In (7) Z+
b (n) = (ZH

b (n)Zb(n))−1ZH
b (n) is the pseudo-inverse of

Zb(n). Finally the PD filter coefficients can be solved from equation

ŵ =−(ĜH
1 Ĝ1)

−1ĜH
1 ĝ0

2, (8)

where ĜH
1 is convolution matrix formed from ĝ1, and ĝ0

2 = [ĝT
2 0 · · ·

0]T is a zero-padded version of ĝ2 with Ng −1 additional zeros. PD
filter w can be truncated to length Nw, where 1 ≤ Nw ≤ Ng.

3.2 Recursive Least-Squares Approach
Recursive LS (RLS) follows the LS principle but it does not exe-
cute matrix inversions which makes it computationally more effi-
cient than plain LS. Recursion has been implemented through ma-
trix inversion lemma which gives tools to create matrix inversions
in recursive manner. Following RLS formulation corresponds to
above block LS with covariance data windowing: [8]

k(n) =
λ−1P(n−1)u(n)

1+λ−1uH(n)P(n−1)u(n)
(9)

e(n) = y(n)− ĝH(n−1)u(n) (10)
ĝ(n) = ĝ(n−1)k(n)e∗(n) (11)

P(n) = λ−1P(n−1)−λ−1k(n)uH(n)P(n−1) (12)

where, u(n) = [z(n) z(n−1) · · · z(n−N +1) z∗(n) z∗(n−1) · · ·
z∗(n−N +1)], P(0) = δ−1I and ĝ(0) = 0. δ is small positive con-
stant to ensure non-singularity of the inverse P(n) of the covariance
matrix formed from the original signal.

From estimated imbalance vectors ĝ we get ĝ1 = [ĝ(0) · · ·
ĝ(Ng − 1)]T and ĝ2 = [ĝ(Ng) · · · ĝ(2Ng − 1)]T . Moreover, zero-
padded versions ĝ0

1 and ĝ0
2 are ĝ0

1 = [0 0 · · · ĝT
1 ]

T and ĝ0
2 =

−[0 0 · · · ĝT
2 ]

T both with Ng − 1 appended zeros. After this PD
filter coefficients ŵ(n) are solved again with recursive calculations
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compared to (8), basically in a similar manner as the estimation of
ĝ. Only differences are that equation (10) is changed to

e(n) = ĝ0
2(n)− ŵH(n−1)u(n), (13)

where u(n) = [ĝ0
1(n) ĝ0

1(n− 1) · · · ĝ0
1(n−Ng + 1)] and equation

(11) is getting the form

ŵ(n) = ŵ(n−1)k(n)e∗(n). (14)

Again, PD filter impulse response ŵ can be truncated to the length
Nw.

4. PRACTICAL ASPECTS

There are a number of implementation related issues which have
to be taken into account to attain maximum performance for the
algorithm. Namely, carrier frequency offset (CFO), delay between
FBL signal and original signal, FBL signal-to-noise ratio (SNR) and
computational complexity of different adaptive algorithms. In this
section, other adaptive algorithms found in the literature are consid-
ered aside of the RLS algorithm because it is computationally rather
complex and performance of the other algorithms have been com-
pared to it. All Matlab simulations are based on frequency-selective
I/Q imbalance model with impulse response of length 3, where to-
tal amplitude response varies between 0.978 and 1.071, and total
phase response varies between 1 and 7 degrees. Moreover, signal
with 16-QAM modulation, 35 % roll-off, 5 times over-sampling, 1
MHz symbol rate, 5 MHz sampling frequency, and 1.275 MHz IF
has been used. 100 independent simulation runs have been ran for
each simulation.

4.1 CFO
First of all, CFO of the FBL signal has to be within certain limits.
This requirement should be trivial to fulfill even with free-running
LO because frequency source is usually common for up- and down-
conversion. For additional info on frequency synchronization see
e.g. [9]. The basic impact how FBL CFO affects the average (inte-
grated) IRR on the whole TX band can be seen in Fig. 2. From the
figure it can be seen that CFO must be lower than 200Hz to achieve
60 dB IRR. It is also worth noticing that Gauss-Newton RLS (GN)
[8] algorithm outperforms other adaptive algorithms when consid-
ering FBL CFO.
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Figure 2: Average IRR as a function of carrier frequency offset.
25,000 samples used for I/Q imbalance parameter estimation.

4.2 Delay Compensation
Another, more paramount requirement is delay estimation and com-
pensation between original digital TX signal and digital FBL signal.
Integer delay is easily estimated and compensated but estimation
and compensation of fractional-delay (FD) has been found to be

more demanding. Moreover, I/Q imbalance tends to bias FD esti-
mates which makes the compensation even more demanding. The
effect of FD between original signal and FBL signal on the IRR can
be seen in Fig. 3 where performance of different algorithms practi-
cally coincide. It can be seen that FD has significant effect on the
performance of the algorithm and residual FD less than 1.1 % gives
over 60 dB IRR. In addition, 1 % accuracy should be achievable
with algorihtms found in the literature, see e.g. [9].
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Figure 3: Average IRR as a function of fractional-delay between
original signal and FBL signal. 25,000 samples used for I/Q imbal-
ance parameter estimation.

On the other hand, it has been discussed in [7] that with long
enough imbalance filters ĝ1 and ĝ2 the FD can be tolerated to some
extent without separate FD compensation. In this paper, it is shown
that longer imbalance filters indeed relax FD compensation require-
ments. To achieve this, the assumption of imbalance filters ĝ1 and
ĝ2 being minimum phase has to be relaxed and delay to them has
to be introduced. However, utilization of longer imbalance filters
requires higher FBL SNR. Comparison of IRR with different im-
balance filter lengths, and corresponding delays, can be seen in Fig.
4. The optimum delay is always D = ⌊(Ng − 1)/2⌋. From the Fig.
4, it can be clearly seen that algorithm performance between integer
delay multiples is significantly improved, and it can tolerate FD to
some extent without performance degradation.
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Figure 4: Average IRR with different filter lengths and delays as a
function of delay between FBL signal and original signal. 25,000
samples used for I/Q imbalance parameter estimation.

4.3 Feedback loop SNR
Number of samples used for the estimation has also influence on
the performance. From the Fig. 5 it can be seen that the SNR of the
FBL signal should be over 30 dB to keep the performance degra-
dation due to feedback noise negligible with the reasonable block
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lengths discussed here. Fixed PD length results in a saturation of
the IRR in Fig. 5. Longer PD lengths result in higher IRR. In the
real-time implementation of this paper SNR of the FBL signal in
the implementation is around 35 dB. The SNR level was examined
offline from received FBL signal.
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Figure 5: Average IRR with different parameter estimation lengths
as a function of SNR of the FBL signal.

4.4 Computational complexity

Computational complexity of different adaptive algorithms is also
a very important aspect of the implementation because computa-
tion power is always limited and computational burden should be
kept as low as possible. In Fig. 6 it can be seen that RLS and
GN are clearly the most complex algorithms that have been consid-
ered. Approximate RLS (ARLS) [10] and Fast Approximate RLS
(FARLS) [11] have complexity close to the normalized least mean
squares (NLMS) and their performance is very good if problems
discussed above have been solved properly. On the other hand,
RLS and GN algorithms outperform other algorithms under more
demanding conditions.
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function PD filter length. Ng is of same length as Nw.

5. REAL-TIME IMPLEMENTATION PLATFORM

The development environment for the real-time prototype imple-
mentation consists of personal computer (PC), software defined
radio (SDR) evaluation board and radio-frequency (RF) daughter
board. In this work, the evaluation board is Universal Software Ra-
dio Peripheral (USRP). The USRP together with daughter board
and PC construct a fully functional transceiver unit. In addition,
this transceiver unit is definable with computer software, namely
GNU Radio [12, 13].

5.1 USRP and RFX2400
USRP is a SDR platform developed by Ettus Research. The USRP
platform is based on field programmable gate array (FPGA) and
it provides analog-to-digital converters (ADC), DACs, decimat-
ing/interpolating low-pass filters, and PC connectivity [13]. Fur-
thermore, it can be used as a low-IF or direct-conversion transceiver
which makes it especially suitable for performance measurement of
the implemented algorithm. USRP is connected to the PC with uni-
versal serial bus (USB) 2.0 interface which limits, in practice, the
Rx/Tx bandwidth to 4 MHz.

In the implementation here, the RFX2400 transceiver daughter
board (DB) is used. It can operate from 2.3 to 2.7 GHz and has
maximum transmission power of 17 dBm [13]. The DB has two RF
antenna connections, one for half-duplex transmit and receive called
RX/TX and another for receiving called RX2. If RX/TX connection
is used for transmitting and RX2 for receiving, the DB is capable
of full-duplex data transmission. The RFX2400 has already fairly
good IRR figure of about 38 dB but still insufficient for future wire-
less systems. Block diagram of the RFX2400 can be seen in Fig.
7.

Figure 7: Block diagram of RFX2400 DB and main connections to
USRP.

5.2 GNU Radio
GNU Radio (GR) is an open-source software running on Linux op-
erating system which can be used with multiple hardware platforms
from a sound card to sophisticated (SDR) platforms, like USRP. Al-
though GR supports multiple platforms, it is mainly intended to be
used with the USRP. GR has also been built and installed on Mac
OS X. Similarly, there has been attempts to install GR on Microsoft
Windows, but successes have not been reported so far [12].

Python flow graphs act as a framework for GR applications.
They consist of signal sources, signal processing blocks and signal
sinks. Though, signals in GR are discrete time signals, they are
processed in block wise manner [14]. GR includes large variety of
built-in signal processing blocks. All signal processing blocks are
written in C++ or Python programming languages [12, 15]. C++
programming language is considerably more efficient than Python
and it has much better ability to execute computationally complex
calculations. As a result, blocks with elaborate functionality are
programmed in C++ language [16].

6. IMPLEMENTATION AND MEASUREMENT
EXAMPLES

RX/TX antenna connection of the RFX2400 was used as a RF out-
put and RX2 antenna connection as FBL RF FE. Physical connec-
tions of the implementation can be seen more clearly in block dia-
gram of Fig. 8. Implementation was built on GR software by writ-
ing C++ signal processing blocks (SPB) for FBL signal synchro-
nization, I/Q imbalance estimation and PD. Additionally, own in-
terfaces to USRP were written to get better controllability of digital
IF and to enable real downconversion in FBL. Also GR Compan-
ion (GRC) graphical user interface (GUI) blocks were written for
programmed SPBs to get easier usability of overall transceiver. Ar-
bitrary 16-QAM data sequence was generated on-line in each mea-
surement made with prototype implementation.
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In the implementation, the accuracy of TX and FBL RX oscil-
lator signals are very good (in the order of 100 Hz), and thus no
additional CFO mitigation is here implemented. Integer delay esti-
mation was performed with fast FT (FFT)-based correlator and FD
was estimated with non-data-aided (NDA) Maximum Likelihood
(ML) algorithm found in [9]. Additionally, the performance of the
NDA ML synchronization algorithm was improved with simple in-
terpolating polynomial fitting approach.

Integer delay was compensated by changing vector indexing
and FD was compensated with look-up-table (LUT)-based FD fil-
tering. The LUT includes 100 all-pass FD filters of order 32 gener-
ated off-line, thus giving an accuracy of 1 % of the sample interval
for the compensation. For further information about FD filters, see
e.g [17]. Integer delay compensation does not increase computa-
tional complexity but FD compensation needs additional 32 multi-
plications and summations for each output sample. Block diagram
of the main implementation DSP functionalities can be seen in Fig.
8. Moreover, RLS parameters for I/Q imbalance estimation in the
measurements have been λ = 1 and δ = 0.01.
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Figure 8: Block diagram of the measurement setup where connec-
tions and signal flow can be seen.

Measured spectra are obtained and saved with Rohde&Schwarz
FSG spectrum analyzer with measurement setup seen in Fig. 8. In
Fig. 9 are USRP output spectra with different PD lengths. Finite
image rejection of I/Q mixer on RFX2400 can be seen as rather
strong mirror image at 2455 MHz. The performance of the I/Q im-
balance mitigation on low-IF signal is very good for all PD lengths.
Spectrum plot show over 55 dB average IIR figure which can be
considered sufficient for future flexible transceivers. Note that the
spike at 2456 MHz is due to the LO leakage of the TX which could
be compensated with PD [18] but it has not been considered here.
Lower performance of the PD with 2 and 3 taps could be explained
with estimation noise due to the FBL SNR, phase noise, residual
time synchronization errors or other impairments which have not
been taken into account.
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Figure 9: Output spectrum of USRP without and with I/Q imbal-
ance calibration algorithm. Signal with 16-QAM modulation, 1
MHz symbol rate, 1 MHz TX IF, 4 MHZ RX IF, 35 % roll-off,
4 times over-sampling. PD lengths 1, 2 and 3, and 25,000 samples
used for estimation.

7. CONCLUSIONS

This article focuses on complex I/Q up-conversion based TX archi-
tectures and especially the I/Q imbalance problem in them. An effi-
cient digital PD based imbalance calibration method was presented,
with most focus on prototype implementation related aspects and
corresponding calibration performance evaluations.

The estimation algorithm and PD structure discussed was
shown to be implementable with rather feasible computational re-
sources and it was shown to offer excellent calibration performance.
The reliability of the estimation algorithm is practically dependent
on the exact delay compensation which was proved to be a demand-
ing task. This prototype implementation gives good basis on future
research and work to realize possible FPGA based solutions. Future
work will also include real-time prototype implementation of joint
PA nonlinearity and I/Q imbalance mitigation algorithm [18].
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