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An Adaptive Digital Method of Imbalances
Cancellation in LINC Transmitters
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Abstract—The linear amplification using nonlinear components
(LINC) technique is a well-known power amplifier linearization
method to reduce adjacent channel interference in a nonconstant
envelope modulation system. Its major drawback is the inherent
sensitivity to gain and phase imbalances between the two amplifier
branches. In this paper, a novel full-digital base band method is
described which corrects any gain and phase imbalances in LINC
transmitters mainly due to the unmatching of the two amplifier
paths. Amplifiers are characterized by a level-dependent complex
gain using a memoryless model. The method uses adaptive signal
processing techniques to obtain the optimal complex coefficient to
adjust gain and phase imbalances. Its main advantage is the ability
to track the input signal variations and adapt to the changes of am-
plifier nonlinear characteristics. Other effects are included in the
analysis such as quadrature modulator and demodulator imbal-
ances and loop delay. A computer simulation has been carried out
to verify the method functionality.

Index Terms—Adaptive digital method, amplifier linearization,
imbalances correction, LINC transmitter.

I. INTRODUCTION

THE growing demand for mobile communications services
and the limit of the frequency spectrum have increased

the use of spectrally efficient modulations, most of which have
nonconstant envelopes. As a result of transmitter nonlinearities
(mainly from the power amplifier), the transmitted signal spec-
trum expands into adjacent channels, an effect known as adja-
cent channel interference (ACI). Some systems, such as terres-
trial trunked radio (TETRA), are very restrictive with regard
to spurious emission in the adjacent channel. In the TETRA
system, the spurious emission in the first adjacent channel must
be less than 60 dBc. One way to achieve linear amplification
is by using a class A power amplifier well below saturation with
an appropriate backoff. However, this implies low power effi-
ciency, which is unsuitable for equipment with restrictive bat-
tery capacity requirements. High power efficiency can be ob-
tained with class AB, B, or C power amplifiers but they are more
nonlinear. In order to achieve both spectrum and power effi-
ciency, several classical linearizing techniques for power ampli-
fiers have been proposed in the technical literature. These tech-
niques are usually categorized as feed-forward, feedback, pre-
distortion and linear amplification with nonlinear components
(LINC) transmitter. A LINC transmitter (see Fig. 1) presents
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some drawbacks. One of them is that most of the radio-fre-
quency power is in the distortion signal, which is cancelled
in the combiner; thus applications with large peak to average
power ratio experience a significant loss in power efficiency.
Several studies about this issue can be found in [19]–[23]. An-
other one is its inherited sensitivity to gain and phase imbalances
between the two amplifier branches [1], [2]. Several authors
have considered methods to correct the imbalances in LINC
transmitters [3]–[7], but the novel method presented here uses
adaptive signal-processing techniques. It is carried out in base-
band and is full-digital.

II. IMBALANCE EFFECTS IN A LINC TRANSMITTER

One of the reasons that the LINC transmitter has not been
widely used is the difficulty to achieve the accurate gain and
phase matching required between the two paths. Errors in gain
and/or phase matching cause incomplete cancellation of un-
wanted elements in wide-band phase modulated signals. As a
result, a large number of unwanted spurious products appear in
the output spectrum, as observed previously [1], [2], [4], [11].

The effect of gain and phase imbalances between the two
paths may be analyzed as follows. The source signal may be
written in complex general format as [11]

(1)

The source signal is separated into two constant-envelope sig-
nals by a signal component separator (SCS) as shown in Fig. 1.
These signals are calculated as

(2)

where is a signal that is in quadrature to the source signal
.

(3)

Thus

(4)

The amplifier of each path is characterized by a level-depen-
dent complex gain, with an output signal in each path given by

(5)
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Fig. 1. Schematic diagram of the LINC transmitter.

Fig. 2. Simulation model of the correction method.

where and are the complex baseband representa-
tion of the instantaneous input complex modulation envelope
of the power amplifier in each path. Therefore, if ideal dig-
ital-to-analog converters (DACs) and quadrature modulators are
supposed, that is, and , the output
signal in complex format then becomes

(6)

The second term in (6) implies that there is an unwanted
residual signal due to imperfect cancellation (it tends to zero
as the gain and phase matching are perfected). The term in-
troduces interfering power in the adjacent channel limiting the
spectrum efficiency of the system. The aim of this method is to
reduce factor as much as possible.
The method is based on adaptive signal processing techniques,
and its main advantage is to track input signal variations and
possible changes due to temperature variations and component
aging, among others.

III. MODEL OF THE CORRECTION METHOD

A schematic diagram of the simulation model of this correc-
tion method is depicted in Fig. 2. The source signal is separated
into the two constant-envelope signals by a signal component
separator (SCS) block. These signals are multiplied by different
complex coefficients, one for each branch ( and ). The co-
efficients are computed to reduce the adjacent channel interfer-
ence by means of an adaptive algorithm. This algorithm needs
a reference of the output signal to update the complex coeffi-
cients. A reference signal is obtained by means of a down-
conversion process of the output signal applying a down-
conversion gain 1 , which is calculated to adjust the range
of values to the quadrature demodulator input. This reference
signal can be split into two signals using an SCS block to obtain
the two error signals (one for each path), needed for the adap-
tive algorithm. A common oscillator for the quadrature modu-
lators and demodulator is used. The phase shifts of the oscil-
lator signal between different modulators and demodulator will
not be a problem because they are absorbed in the adaptation of
complex coefficients and .

The adaptation criterion of the algorithm is to minimize the
mean squared error in each path. The error signal for each path
is defined as

(7)
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where and are obtained from using a signal com-
ponent separator block

(8)

Assuming ideal DACs, analog-to-digital converter (ADC),
and quadrature modulators and demodulator, the reference
signal is

(9)

Similarly to (1), the signal can be written in complex
general format as

(10)

and is computed as

(11)

The cost functions to minimize are defined as

(12)

where denotes the statistical expectation operator.
In following formulas, and will be

denoted as and to simplify terms.
The gradient of the cost function is calculated by means of

the partial derivatives with respect to and and can be
written as

(13)

with and where denotes the real part
and the imaginary part of .

For the cost function to attain its minimum value, all the
terms of the gradient must be simultaneously equal to zero.

Computing the cost function (12) gives

(14)

Assuming the following approximation, which is valid for the
source signal proposed in the next section:

(15)

Fig. 3. Probability density function with respect to the envelope of a TETRA
signal.

The gradient of the cost function for each path defined by (12)
gives

(16)

The partial derivative terms of the gain respect to the vari-
able are very close to zero in the working region of the
amplifier. Finally, making this approximation and applying (7),
(17) is obtained for each path

(17)

Therefore, using the instantaneous estimate of the gradient,
the updated value of the adaptive coefficient at time 1 is
computed by using the simple recursive relation

(18)
where the positive real-valued constant (step-size), controls
the speed of convergence and the algorithm misadjustment (final
excess error).

The made approximations will produce a residual error in the
proposed architecture performance. Although a residual error
appears, if the proposed model gets a reduction of the out-of-
band interference respect to the single amplifier model, the pre-
sented architecture could be validated. The research, by means
of simulations, of the proposed correction method applying the
adaptive algorithm given by (18) is presented in the next section.
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Fig. 4. Normalized power density spectrum of simulated input S(f) and output S (f) with several gain and phase imbalances in the second branch of a LINC
transmitter without correction method.

IV. SIMULATIONS

The source signal for simulations is a 4 differential
quaternary phase-shift keying modulated signal filtered with
a squared-root raised cosine with a 0.35 rolloff factor at 36
Kbps, which corresponds to a TETRA signal. The envelope
value range of a TETRA signal is shown in Fig. 3, including
the probability density function with respect to the modulated
signal envelope for a sequence of 8200 symbols (with eight
samples per symbol).

The amplifier is characterized by a complex gain using a
memoryless model, which depends on the input signal level. A
common method to model power amplifiers taking into account
nonlinearities with memory is to use a Volterra series represen-
tation. For most amplifiers, where the modulation bandwidth is
much less than the carrier frequency, the memory in the nonlin-
earity is small enough to be neglected, and the Volterra series
can be simplified into a simple power series with complex coef-
ficients, as shown in successful implementations [9], [10], [17],
[25] and studies [18], [24]. The complex gain of the amplifier
is extracted from measurements of AM–AM and AM–PM con-
version of a Mitsubishi M68749 amplifier (with a driver) at 390
MHz (50 system) [12]. A polynomial regression is used to
model the amplifier complex gain of each path

(19)

(20)

(21)

The amplifier in path 1 is simulated with

The amplifier in path 2 is simulated introducing several im-
balances in some coefficients of the gain and phase polynomial.
Several tests have been carried out by modifying the factors
and around 10%.

It has to be said that the frequency response of both ampli-
fiers and the combiner has been considered flat across a band
frequency roughly 200 KHz (up to the fourth adjacent channel),
which can be achieved in practice. If this does not occur, the
presented architecture will not work properly for the proposed
modulated source signal.

The downconversion gain has been simulated as an estimation
of the reverse of the total equivalent linear gain of the power
amplifier.

Fig. 4 shows the normalized input and output
power density spectrum for a 3-W output power amplifier under
different gain and phase imbalances between
both branches of the LINC transmitter (without applying the
correction method). This figure illustrates the effect of gain and
phase imbalances and the need for a method to achieve gain
and phase matching as presented in this paper.

Fig. 5 compares the normalized input and output power den-
sity spectrum with and without the presented adaptive correction
method and with a gain imbalance of approximately 1.5 dB and
a phase imbalance around 5 between two amplifying branches
(an ideal feedback branch is assumed). As seen in Fig. 5, the ACI
is improved after applying the correction method with accurate
gain and phase matching between the two paths. The ACI in the
first adjacent channel without correction is around 35 dBc, but
below 64 dBc using the correction method ( 30 dB improve-
ment).

Using this method, the speed of convergence can be measured
by analyzing the time evolution of error signals and .
The step size parameter was chosen to reduce the ACI (up
to 60 dBc in the first adjacent channel) as quickly as possible.
The convergence time has to be smaller than 6.6 ms, which is
the reserved time in TETRA for the linearization slot. As seen
in Fig. 6, the convergence time 1 s is suitable in order to
be implemented in a real system.
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Fig. 5. Normalized power density spectrum of simulated input S(f) and
output S (f) with and without applying the proposed correction method.

Fig. 6. Evolution of error signals in each path.

As mentioned above, the downconversion gain is simulated as
an estimation of the reverse of total equivalent linear gain of the
power amplifier. We now consider how an error in the estima-
tion of the downconversion gain influences on the method per-
formance. Simulations have been carried out varying the value
of the downconversion gain by 0.3 dB in amplitude and 5 in
phase. The downconversion gain value has to be appropriate in
order to compare signals with correctly. Fig. 7 shows
that an error in the estimation of the downconversion gain has
little influence on the performance of this correction method.

A. Modulator and Demodulator Misalignments

Perfectly balanced quadrature modulators and demodulator
have been assumed in this architecture in previous sections,
which leads to another practical consideration. The quadra-
ture imbalances (amplitude and phase) create a residue in the
adjacent channel, increasing the ACI [13], [14]. Fig. 8 shows

the degradation of the ACI when there are imbalances in the
quadrature modulators. Simulations have been carried out with
several amplitude and phase imbalances, which can be seen in
Fig. 8. We present in Fig. 9 the results, based on simulations,
that show the influence of the amplitude and phase imbalances
of the quadrature modulator in the proposed architecture on the
ACI measurement in the first adjacent channel (25 KHz) in the
TETRA standard. The results are very promising for imbalance
values corresponding to commercial quadrature modulators
(amplitude error between 0.5 and 1 dB and phase error between
2 and 5 ).

In the same way, in the feedback branch, the effect of an un-
balanced quadrature demodulator in this architecture has been
analyzed. Some simulations have been carried out with gain and
phase errors of commercial quadrature downconverters. Fig. 10
shows the influence of phase and amplitude imbalances of the
I/Q demodulator on the ACI measurement (in the first adjacent
channel). It can be seen that the effect of the quadrature down-
converter imbalances (gain and phase) on the overall system per-
formance is not very significant.

We have considered two identical unbalanced quadrature
modulators in each path, but in the worst case each I/Q modu-
lator could have different amplitude and phase errors. Fig. 11
includes several simulations with different gain and phase
imbalances values in the I/Q modulator of each path and in the
I/Q demodulator. The Adjacent Channel Interference under real
conditions increases but the TETRA requirement regarding the
ACI is met. Table I shows the simulated imbalances in both
quadrature modulators and the demodulator and the resulting
ACI value in each simulation.

B. Imbalance Effects on the Vector Error

The vector error is another important requirement in trans-
mission in digital communication systems. The vector error has
to be less than 10% for the TETRA standard. The effects of the
gain and phase imbalances on the vector error may be analyzed
as follows [15]:

(22)

where is the magnitude of the “ideal’” vector (the unity in
the TETRA modulation), is the magnitude of the measured
vector, and is the phase error between them. The measured
vector magnitude is composed of the “ideal” magnitude
plus a component resulting from the gain error present in the
system . Therefore, (22) can be written as

(23)

The received signal constellation without and with the cor-
rection method is shown in Fig. 12(a) and (b), respectively. An
expanded point of the previously received signal constellation
is presented in Fig. 12(c) and Fig. 12(d) for a better comparison
of the vector error. Thus, the vector error improves after the cor-
rection method is applied, obtaining a residual vector error less
than 10%, so the TETRA requirement is met in terms of vector
error.
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Fig. 7. Normalized power density spectrum of simulated input S(f) and output S (f) with different errors in the estimation of the downconversion gain.

Fig. 8. Normalized power density spectrum of simulated input S(f) and output S (f) with several gain and phase imbalances in the quadrature modulator.

C. Method Viability

According to the presented simulations, the method performs
well even with imbalances in the quadrature modulator and de-
modulator. In this section, we discuss the practical feasibility of
the method.

Digital blocks of the design (such as SCS) and the calcula-
tion to update the adaptive coefficients and can be im-
plemented in a powerful digital signal processor (DSP) device.
Maximum optimization of the implementation of these algo-
rithms is carried out approaching some DSP features, such as
speed or special instructions for signal processing. The algo-
rithms must be researched in order to decrease the number of in-
structions to reduce the computational load and introduce min-
imum delay in the system. The sampling rate in the DSP must
be high enough to accommodate the feedback signal, which has
much greater bandwidth than the desired signal. All previous
presented results have been carried out with a sampling rate
of 2.304 MHz, which is 128 times the TETRA symbol rate. A
sampling rate too high supposes that all digital blocks in the
DSP, mainly the signal component separator, must run at a much

higher rate than without a correction method, and the ADC and
DACs must be much faster. Some previous studies about the
sampling rate in a LINC transmitter can be observed in [26].
Thus, research of the minimum necessary sampling rate in the
proposed architecture to meet TETRA requirements regarding
the ACI has been performed. Fig. 13 determines at least a sam-
pling rate 64 times higher than the TETRA symbol rate, that is,
1.152 MHz.

We have also analyzed whether the value range of adaptive
coefficients is suitable for implementation in a DSP. Fig. 14
shows this value range and its suitability. The simulations have
been carried out with commercial imbalance values in I/Q mod-
ulator and demodulator.

Another important effect can be the quantization in the SCS
block. The design is carried out according to the requirements
described in [8], that determinate the minimum word length
required for the SCS block and DACs. The signal component
separator is implemented in a fixed-point DSP of a finite word
length (16 bits). According to [8], this word length is suitable
enough to achieve 60 dBc out-of-band emission (in the first
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TABLE I
IMBALANCE VALUES IN BOTH QUADRATURE MODULATORS AND THE DEMODULATOR AND THE RESULTING ACI MEASUREMENT

Fig. 9. Effect in this architecture of unbalanced modulators in the first ACI
measurement.

Fig. 10. Effect in this architecture of an unbalanced quadrature downconverter
in the first ACI measurement.

adjacent channel). In the feedback branch, the effect of number
of quantization bits for the ADC can be also analyzed. The quan-
tization error of the ADC degrades the measurement accuracy
and the algorithm convergence. Fig. 15 determines at least nine
quantization bits for the ADC in order to meet the TETRA spec-
ifications regarding to interference in the first adjacent channel.
The quantization effect will not be a problem in a real design
with a right choice of DACs and the ADC in the current wide
range of commercial devices (e.g. 12, 14, or 16 bits).

Fig. 11. Normalized power density spectrum of simulated input S(f) and
output S (f) with several gain and phase imbalances in the quadrature
modulator and demodulator.

Another ideal situation that has been assumed in the previous
simulations corresponds to the nonzero loop delay. The refer-
ence signal is a delayed and attenuated version of amplifier
output . A temporal delay term is introduced in the ref-
erence branch to simulate this loop delay

(24)

The delay must be compensated for the adaptive algorithm to
correctly compare to . The same DSP device gen-
erates signals and , where are obtained from
the source signal and from the feedback signal .
Thus, the delay compensation can be easily obtained by com-
paring the samples with the calculated loop delay. Therefore,
the delay produced by the correction circuit has to be estimated
before introducing the adaptive algorithm. A rough estimation
can be carried out with the theoretical time delay of the com-
ponents in the design or by applying some of the loop delay
estimation techniques proposed by other authors [9], [10], [12],
[16] or with some previous calibration. According to the sim-
ulation, the adaptive method runs correctly if the error in the
delay estimation is less than 1 s. Fig. 16 shows the error on the
delay estimation influence in the ACI measurement. So, accu-
rate delay matching is important to improve the performance of
this method, but it is not a limitation when implementing it in a
real system.
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Fig. 12. Received signal constellation diagram without and with the correction method: (a) without the correction method, (b) with the correction method, (c)
without the correction method, and (d) with the correction method.

Fig. 13. Evolution of the ACI in the first adjacent channel (25 KHz) versus the
number of samples per symbol.

V. CONCLUSION

A novel method to correct gain and phase imbalances in
LINC transmitters has been described. Using a simulation, we

Fig. 14. Range of adaptive coefficients valuesK andK .

have shown that it is possible to reduce the ACI to meet the
restrictive specifications of the TETRA digital communication
system. The system converges quickly toward very low inter-
ference levels in adjacent channels. As a result of its adaptive
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Fig. 15. Simulated S (f) with 8, 9, 10, 12, and 14 quantization bits for the
ADC in the feedback branch.

Fig. 16. Simulated S (f) with several errors in the delay estimation.

technique, this method can track the input signal variations
and possible changes due to variations in operating conditions.
According to the simulation, the adaptive coefficient quickly
reaches its optimal value, and the loop delay is not a problem
if it is previously correctly estimated. Therefore, this method
could be implemented in a real system by means a suitably
powerful DSP device.
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