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Abstract—Two simple calibration schemes for the correction of
the path imbalance in a linear amplification with nonlinear com-
ponents (LINC) transmitter have been demonstrated. In the fore-
ground algorithm, a baseband digital signal processor (DSP) eval-
uates the gain and phase imbalance with a set of calibration signals,
while in the background algorithm, the imbalance is characterized
by exchanging the two LINC vector components. In both cases,
the compensation of the path imbalance is accomplished within
the DSP by introducing a predistortion term. A prototype LINC
system has been tested for CDMA IS-95 baseband input, and38
and 35-dBc adjacent channel interference were achieved for the
foreground and background schemes, respectively. The quadra-
ture errors of the in-phase/quadrature modulators set a limit on
the overall performance of both algorithms.

Index Terms—Amplifier linearization, LINC, mobile communi-
cations, outphasing power amplifiers, RF power amplifiers.

I. INTRODUCTION

T HE outphased power amplifier concept dates back to
the early 1930’s as an approach for the simultaneous

realization of high-efficiency and high-linearity amplification
[1]. It has been revived recently for wireless communication
applications under the rubric of linear amplification with
nonlinear components (LINC) [2]; many recent papers have
developed the concept further [3]–[19], including a variation
called CALLUM [8], [9]. The LINC concept takes an enve-
lope modulated bandpass waveform and resolves it into two
out-phased constant envelope signals, which are applied to
highly efficient—and highly nonlinear—power amplifiers,
whose outputs are summed. The advantage of this approach is
that each amplifier can be operated in a very power-efficient
mode, and yet the final output can be highly linear and free of
intermodulation—a key consideration for bandwidth efficient
wireless communications.

One of the major disadvantages of this technique is the ex-
tremely tight tolerance on the matching of the two amplifier
paths to achieve acceptably small out-of-band rejection. The
out-of-band spectrum, created by the incomplete cancellation
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of the quadrature signal, strongly depends upon the modulation
schemes. This problem has been analyzed by a number of au-
thors, and the typical requirements for most practical applica-
tions are approximately 0.1–0.5 dB in gain matching or 0.4–2
in-phase matching. This is nearly impossible to achieve in most
practical situations, and several attempts have been made to cor-
rect for the errors. A “phase-only” correction was proposed in
[14]. A simplex search algorithm was proposed in [15] to correct
for both gain and phase errors. This algorithm requires a long
data sequence for the measurement of the out-of-band emis-
sion, which sets a lower limit on the calibration time of around
1–2 s. A direct search method was proposed in [16] to correct
the gain imbalance, as well as the consequent phase imbalance
due to AM–PM transition. A method was presented in [17], in
which path imbalance and quadrature imbalance are character-
ized by a few RF power measurements at different locations. All
of these techniques may suffer from limitations of effectiveness
and practicality.

We have proposed a calibration scheme, in which the evalu-
ation of path imbalance (both gain and phase) is based on the
measurement on a set of simple down-converted and low-pass
filtered calibration signals [18]. In spite of its simplicity and ef-
fectiveness, the application of this technique is limited since the
calibration is not transparent to data transmission. An alterna-
tive calibration scheme has been developed in [19], which oper-
ates continuously in background during regular data transmis-
sion, thus requiring no interruption of the transmitted signal for
calibration. In this approach, the gain and phase imbalance are
characterized by exchanging two LINC vector components and
controlling a down-conversion loop. Henceforth, the two cali-
bration schemes will be referred to as “foreground” and “back-
ground” algorithms, respectively.

This paper begins with an introduction to the principle of the
LINC transmitter. Two calibration techniques are then described
and the theoretical analysis is presented. Emphasis is placed on
the background calibration scheme. The foreground algorithm is
briefly reviewed and the detailed analysis and simulation results
can be found in [18]. The experimental results of both calibra-
tion schemes are discussed, and finally conclusions are given.

II. PRINCIPLE OFLINC TRANSMITTER

The basic principle of LINC is to represent arbitrary bandpass
signals by means of two out-phased constant envelope signals;
these two signals are then amplified separately with a pair of
highly nonlinear and power-efficient amplifiers, and finally re-
combined through a passive combiner, as shown in Fig. 1. The
separation of the bandpass signal is accomplished by the signal
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2508 IEEE TRANSACTIONS ON MICROWAVE THEORY AND TECHNIQUES, VOL. 49, NO. 12, DECEMBER 2001

Fig. 1. Simplified LINC block diagram.

component separator (SCS). The detailed analysis of signal sep-
aration can be found in [3]–[5], and a brief mathematical de-
scription is given below.

A complex representation of the band-limited source signal
can be written as

(1)

This signal is split by the SCS into two signals with modulated
phase and constant amplitude

(2a)

(2b)

where

(3)

and the quadrature signal is defined by

(4)

The two signals are then amplified individually and sent
to the power combiner. If two amplifier paths are perfectly
matched, such that their gain and phase characteristics are
exactly the same, the in-phase signal components add together
and the out-of-phase components cancel each other; the resul-
tant signal is the desired amplified replica of the original signal.
In practice, however, this condition is difficult to achieve. In
contrast to the narrow-band source signal , the spectrum of
quadrature signal extends far into adjacent channels [15],
and the incomplete cancellation of wide-band components
leaves a residue in adjacent channels, hence, introducing
adjacent channel interference (ACI).

III. FOREGROUNDCALIBRATION ALGORITHM

The improved LINC system with foreground calibration
makes use of the standard of amplitude and phase produced by
the digital signal processor (DSP) to calibrate the amplifiers
through a feedback loop, as is illustrated in Fig. 2. Note
that two balanced modulators are employed to translate the
baseband signal to the desired carrier frequency. While the

DSP generates the calibration signals, a small portion of the
power is withdrawn by a directional coupler. This signal is then
down-converted, low-pass filtered, A/D converted, and finally
sent back to the DSP. The DSP extracts the gain and phase
imbalance, and eliminates the error effects by introducing a
correction term. As a matter of fact, the DSP modulates and
filters the original baseband signal, and compensates the gain
and phase imbalance—the SCS functions to simultaneously
generate the data signal and predistortion. Suppose that the
gain and phase imbalance of the lower amplifier with respect
to the upper one are and , respectively, the LINC
output signal will be

(5)

where and are the amplifier gain and phase delay, respec-
tively. The signal after low-pass filtering can be expressed as

(6)

where is the effective gain of the entire loop, and in-
cludes phase delay of the calibration loop and phase shift intro-
duced by downconversion mixer.

The correction algorithm [18] consists of several steps. First,
we set the amplitude of the input baseband signal to the max-
imum allowable level of the SCS, i.e., . We then set

, which means and . After
eliminating higher order terms, the result from (6) is

(7)

where . This result is stored in the
DSP. Similarly, by setting and keeping ,
corresponding to and , (6)
becomes

(8)

We then set the amplitude of the input baseband signal to zero,
i.e., . As before, we set , i.e., ,

, and , to obtain , and set ,
i.e., , , and , to obtain .
From (6)–(8), we may write and in matrix from as

(9)

Solving (9) for and yields

(10a)

(10b)

where

(11)
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Fig. 2. LINC transmitter with foreground calibration loop.

Fig. 3. Relationship between path imbalance and calibration signals.R =

G V .

stands for the “average” power level normalized to a 1-char-
acteristic impedance during calibration, and can be computed
by

(12)

Equation (9) indicates that the gain and phase imbalance are
solely determined by , , , and . The relationships
among them, as well as and , are best illustrated in Fig. 3
in the case of small gain and phase imbalance, whereand

are the linear combinations of and scaled by the gain
and phase imbalance.

The approximations in (7)–(9) give rise to a certain amount
of estimation error for the measurement of the gain and phase
imbalance. Note, however, that the estimation error reduces to
zero as gain and phase imbalance decrease to zero. This implies
that these approximations are effective in the sense that the es-
timate and compensation of gain and phase imbalance are iter-
ative; with several iterations, the gain and phase imbalance are
able to converge to an acceptable low level [18]. Besides, since
the accuracy of is not critical in determining path imbalance,

the evaluation of this quantity only need to be done once, further
simplifying the algorithm.

IV. BACKGROUND CALIBRATION ALGORITHM

The application of the foreground calibration scheme is lim-
ited due to the fact that a specific time slot is required for cal-
ibration, and the calibration and data transmission cannot op-
erate simultaneously. By comparison, the background calibra-
tion is transparent to regular data transmission. The key—if we
look back at (5)—is that four different combinations of and

are necessary to determine the gain and phase imbalance
[18]. Now, instead of generating a set of calibration signals, the
background scheme simply makes use of information data it-
self as a kind of calibration signal. The four combinations are
realized by mixing the LINC output with two LINC signal vec-
tors, and by exchanging these two vectors in the two amplifier
branches. Also, instead of measurement of calibration signals,
the DSP/SCS searches for four extreme signal values in these
cases. As will be demonstrated, these four quantities completely
determine the gain and phase imbalance.

A. Algorithm Theory

As in the foreground algorithm, the background calibration
scheme characterizes the gain and phase imbalance through a
feedback loop. As shown in Fig. 4, a small portion of the LINC
output is coupled into the feedback loop and down-converted by
a mixer. The mixed signal is then low-pass filtered, D/A con-
verted, and sent back to the DSP/SCS, which abstracts the gain
and phase imbalance information. Comparing it to Fig. 2 for the
foreground algorithm, the local oscillator (LO) branchof the
mixer is different. The baseband digital circuit controls the third
branch signal such that connects to either the upper or lower
amplifier branches. In each case, the DSP regularly exchanges
two LINC vectors and in two amplifier branches back and
forth. Before the DSP exchanges , the LINC output is the
same as (5). When the DSP exchanges the two LINC vectors

, it becomes

(13)
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Fig. 4. LINC transmitter with background calibration loop.

We may combine (5) and (13) and rewrite it as follows:

(14)

where “ ” and “ ” are the consequences of exchanging two
vectors . Note that, as long as the path balance is main-
tained, the exchange between makes little difference to
the LINC output signal. When connects to the upper branch,
called state “A,” we have

(15)

where stands for the signal amplitude of the mixer branch,
and is the phase delay. The downconversion mixer multiplies
the LINC output (14) with (15). After low-pass filtering, we
obtain

(16)

where is the loop gain and consists of the loop phase
delay and the phase shift introduced by the downconversion
mixer. The only time variable in (16) is , and (16) is ac-
tually a time-varying sinusoidal signal modulated by the base-
band signal amplitude and offset by a dc constant. Unlike the
foreground algorithm, there is no way for us to know when to
measure a specific signal. However, it is obvious that the dc
offset and the amplitude of this sinusoidal function carry infor-
mation of the gain and phase imbalance and they can be ex-
tracted by determining the two extreme cases—the maximum
and minimum signal values. This function is accomplished by
the baseband DSP/SCS. Particularly, the DSP searches the ex-
treme signal values before and after the exchange of the two
LINC vectors. By comparing these four measured values, the
maxima and minima values are then determined. The band-lim-
ited characteristics of the baseband input implies that the ampli-
tude has a large variation with time. As stated previously,

or , hence, we have

(17)

The above expression guarantees that the maximum and min-
imum signal values can be found, i.e.,

(18a)

(18b)

The exchanging of may cause an overshoot of the output
envelope to the DSP because of the phase discontinuity in the

branch before/after exchanging and the transient effect of the
low-pass filter (LPF), which, in turn, degrades the measurement
accuracy of maxima/minima. This error effect can be minimized
by exchanging when these two vectors are close to each
other, i.e., , and/or possibly hold the DSP/SCS for
a short period of time when exchanging , to allow the
output of the LPF to reach steady state. Now, two quantities are
obtained by combining the following maxima and minima:

(19a)

(19b)

Similar procedures applied to the state “B,” when the DSP
switches to the lower amplifier branch. Specifically,
connects to the lower branch, and it is then mixed with the
LINC output. After the LPF, we obtain

(20)

Again, it is a time-varying sinusoidal signal, but this time its
amplitude and dc offset change slightly. The DSP searches the
maximum and minimum signal values, and by combining these
two extreme values, and can be computed as follows:

(21a)

(21b)
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Comparing (19b) and (21b), we immediately obtain the gain
imbalance

(22)

The determination of phase imbalance is a little bit more in-
volved since this quantity is resolved from and

, which are calculated by the two ratios of (19) and (21).
Considering as a small quantity, the resolution of from

strongly depends upon . This situation occurs
due to the finite word-length representation of the voltage wave-
form by ADC and, hence, limited SNR in the calibration loop

(23a)

(23b)

The maximum resolution happens as , and the reso-
lution reduces sinusoidally to zero as . This optimum
condition can be achieved by monitoring the ratio

and introducing a proper phase shift in thebranch
such that . As a fairly rough estimation, we have

(24a)

(24b)

where the “ ” sign is determined by . The approximation of
the above equation is valid by assuming . However,
in a similar manner, as in the foreground calibration,
only scales the measured phase imbalance. Hence, the accurate
determination of is not critical and unnecessary, and (24)
is effective in an iterative sense, even if cannot be well con-
trolled. The estimation error is given by

(25)

and shown in Fig. 5. The estimation error would be less than
25% for a 90 40 on with respect to the optimum point,
and a 0.2–20 variation on phase imbalance. This suggests that
the correction of the phase imbalance can be iteratively accom-
plished. With a few iterations, the phase imbalance will be re-
duced to and arbitrarily low level, as long as we set a proper
allowable phase imbalance.

B. Effects of I/Q Modulator Quadrature Errors

In practice, the quadrature errors of the in-phase/quadrature
(I/Q) modulators degrades the accurate determination of the
path imbalance and the algorithm convergence. The situation
is more complicated than that in the foreground case since now
there are three I/Q modulator branches. For simplicity, we will
assume that all the quadrature errors are equal, i.e.,

. This will simplify the calculations and the final

Fig. 5. Estimation error with respect to� .

results still provide general directions. By using the same defi-
nitions of quadrature errors as in the previous section, the two
LINC vectors are

(26a)

(26b)

These two signals are then combined and mixed with. The
resulting expression after low-pass filtering is rather lengthy.
Here, we only give the simplified expressions after dropping off
higher order terms. For state “A,” we have

(27)

The measured dc offset and signal amplitude are computed in
the worst cases

(28a)

(28b)

Similarly, we have the following simplified expression for state
“B”:

(29)
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and are given by

(30a)

(30b)

The gain imbalance is calculated according to (22)

(31)

and the phase imbalance can be calculated by

(32)

Apparently for the first-order approximation, the quadrature er-
rors of the I/Q modulator will not affect the measurement of
the gain imbalance, while the measurement error of the phase
imbalance has the same order of the quadrature errors. As we
know, is kept close to zero for optimum estimation on
the phase imbalance. This reduces the effects of quadrature er-
rors, and the quadrature errors may not be a major limitation on
the performance of the algorithm convergence.

C. More Practical Considerations

The characterization of the gain and phase imbalance takes
advantage of the time-varying characteristics of the baseband
input signal. In other words, if the baseband input signal has
constant amplitude, this calibration scheme will fail. However,
there is no reason to use an outphasing amplifier system to am-
plify such a constant amplitude signal. In reality, the baseband
input is a band-limited signal and, thus, has a large amplitude
variation. Equation (16) is rewritten here for convenience as fol-
lows:

(33)

Assume that the optimum condition applies, i.e., .
To guarantee the DSP finds the maxima and minima, the ampli-
tude variation of the baseband signal has to satisfy the following
expression:

(34)

This situation is illustrated in Fig. 6, in which at least90
variation on are required in order that the cosine func-
tion passes through its maxima and minima from the optimum
point. Thus, (34) is the minimum requirement and is applicable
to most practical applications. In case thebranch is not well
controlled, the variation of the signal amplitude has to increase

Fig. 6. Minimum requirement on the amplitude variation of the baseband
signal.

accordingly to accommodate the deviation from the optimum
point.

In practice, the dc offset of the mixer, the LPF, and the ADC
add to the measured signal values as a constant background and
degrade the measurement accuracy. Note, however, that the dc
offset will not affect the accuracy of the measured gain imbal-
ance since it cancels out in and . There are a few op-
tions to determine this offset and subtract it from and .
For example, in a similar manner to the foreground calibration
algorithm, the dc offset can be determined by adding an extra
degree of freedom to the measurement, such as reversing the
phase in the branch, or changing the attenuation of the cal-
ibration loop with a variable attenuator. Probably the simplest
way is to disable the downconversion mixer driving signal, and
take the measurement on the background dc offset directly.

The minimization of the bit length of the A/D converter is also
an important concern in practice in order to reduce the computa-
tion load of the DSP. The quantization error of the A/D converter
degrades the measurement accuracy and the algorithm conver-
gence. For a -bit A/D converter, we have

(35)

where and are the step size and full-scale level of the
A/D converter, respectively. According to (16)

(36)

As we know, the quantization error is bounded by , hence,
we have the worst-case estimation errors

(37)

and the estimation errors of the gain and phase imbalance are
bounded by

(38a)

(38b)
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As it turns out, the word length of the A/D converter should
satisfy

(39)

where is the preset maximum allowable gain or phase imbal-
ance. As an example, for the allowable imbalance better than 2
for phase or 0.3 dB for gain, a 7-bit word-length representation
would be adequate, which corresponds to around40 dB ACI
for CDMA IS-95. This is easily achievable with modern A/D
converter technology.

V. MEASUREDRESULTS AND DISCUSSION

A LINC prototype system has been constructed to demon-
strate the two calibration schemes. In this system, a personal
computer, two arbitrary waveform generators, and a digital os-
cilloscope are used to simulate the function of the DSP/SCS.
The waveform generators and oscilloscope are industry standard
architecture (ISA) cards plugged into the computer’s expansion
slots. Each waveform generator is capable of two channel out-
puts. By configuring them as master/slave, two waveform gen-
erators are synchronized to generate four-channel outputs. An
external trigger source is used to trigger the waveform genera-
tors and digital oscilloscope.

The power amplifier has nominal 29 dBm of 1-dB compres-
sion point and 27-dB gain. The upper amplifier operates at the
gain compressed by 2 dB as a fairly nonlinear amplifier. In order
to adjust the power of the bottom branch to compensate the gain
imbalance, the bottom amplifier operates 3 dB backed off from
the 1-dB compression point in the linear region. The maximum
capable output power of this system is 31 dBm.

Since very limited memory size is available in the waveform
generator, short filtered pseudonoise (PN) sequences are used
as the baseband sources. The baseband filters were designed
to meet CDMA IS-95 specifications. The waveform generators
simply repeat the filtered PN sequences—no spurs will be gen-
erated. The chip rate is 1.23 MHz and the carrier frequency is
850 MHz.

A. Foreground Algorithm

The foreground calibration experiment starts with a calibra-
tion in which two arbitrary waveform generators generate four-
channel synchronized calibration signals. At the same time, a
snapshot is taken by a digital oscilloscope. The gain and phase
imbalance are then evaluated and stored. At the end of each
iteration, the DSP/SCS recalculate the imbalance. These steps
are repeated until the measured imbalance is under certain low
level, and then the waveform generators load in and generate the
CDMA IS-95 baseband signals with compensation of the path
imbalance.

Fig. 7(a) shows the calibration signal waveformand .
and are not shown here; their waveforms are a time-

shifted version of and . The dashed lines indicate when
the DSP/SCS takes the samples of the signal after low-pass fil-
tering. Between dashed lines are the transitions that can be care-
fully designed to minimize out-of-band spurs during calibration.
The transient effect of the LPF is not crucial in this case. Note

Fig. 7. (a) Calibration signal waveformsI andQ . (b) Measured values
before/after calibration from digital oscilloscope.

Fig. 8. Measured LINC output spectra for CDMA IS-95 with and without
calibration using the foreground correction scheme.

that an extra calibration signal is added, which is used to de-
termine the dc offset of the LPF and A/D converter. This offset
adds to the measured values and degrades the measurement ac-
curacy and iteration convergence.can be chosen to be a signal
which is 180 out-of-phase with any of the four calibration sig-
nals; in this example, we choose to set and ,
i.e., , , and . From (6), the dc
offset is easily determined by

(40)

and can then be subtracted from measured values. The calibra-
tion was accomplished within 2–3 iterations. Each iteration took
0.12 ms, and can be further reduced if necessary.

Fig. 7(b) compares signals taken by a digital oscilloscope be-
fore and after calibration. From (9), we immediately see that,
for a perfectly matched system, , , and should remain
zero—the constant dc offset in this case, which is consistent
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Fig. 9. LINC transmitter with alternative background calibration loop.

with the experiment. As we know, CDMA IS-95 mobile ter-
minals transmit signal in bursts, which implies that calibration
could be taken very shortly before real data transmission, with
two zero-RF power-level signals ( and ) followed by two
full-RF power-level signals ( and ) at the beginning of
every few bursts.

Fig. 8 displays the output power spectrum of the LINC trans-
mitter. Without correction, the ACI is around27 dB, while
with correction, the out-of-band spectrum is suppressed effi-
ciently below 38 dBc. Here, ACI is defined as the ratio of
the peak spectral density of the out-of-band residue to the peak
spectral density of the modulation. The measured gain and phase
imbalance prior to calibration are 0.5 dB and 12, respectively.
The relatively large phase imbalance is mainly contributed by
the mismatching of the two power amplifiers since the upper
amplifier operates in saturation and the bottom one operates lin-
early. Considering that each modulator in our system has nom-
inal 2 phase error and 0.3-dB gain error, and the calibrated gain
and phase imbalance are [18]

(41a)

(41b)

then the 38-dBc ACI is reasonable. In our experiment, this
system is able to achieve41-dBc ACI without the power am-
plifiers. Here, and are the amplitude and phase error of the
I/Q modulators, respectively. There is little we can do to mini-
mize the effects of quadrature errors of the I/Q modulators since
these errors are random in nature. In fact, the performance of the
foreground and background algorithms is limited by the quadra-
ture errors. Fortunately, highly accurate quadrature modulators
are routinely available for up- and down-conversion applica-
tions [20].

B. Background Algorithm

The background calibration in Fig. 4 requires an extra RF
branch compared to foreground calibration, including two D/A
converters, two reconstruction filters, and one I/Q modulator.
This added complexity becomes more complicated considering
the matching among these three branches. Though three RF
branches are involved in background calibration, only two

different LINC signal components are taken to calibrate the
system— and . Thus, instead of adding one extra wave-
form generator, in our experiment, we use an RF switch that
connects to either of two LINC RF branches to construct the

branch. This is considered as an alternative implementation
approach of the background calibration scheme, as illustrated
in Fig. 9. The baseband DSP controls the RF switch “K” to
connect the upper or bottom amplifier branch, and this coupled
RF signal is mixed with the LINC output. A preamp may be
needed to drive the downconversion mixer if necessary.

Since the RF switch couples to the downconversion
mixer, the signal amplitude and phase difference between the
states “A” and “B” in the branch is directly transformed into
the mixer output and create discrepancy between the measure-
ment and actual values of the path imbalance. This is not true for
the amplitude difference since the mixer can operate in satura-
tion, and its output is not sensitive to the relatively small ampli-
tude variation of the LO driving signal. Moreover, though the RF
switch branch requires careful phase matching, detailed analysis
shows that the phase difference between the two switch states
affect only the measured phase imbalance, and not gain imbal-
ance. Suppose that the phase mismatch between states “A” and
“B” is , it can be shown that the measured phase imbalance is
given by

(42)

Hence, the final phase imbalance converges to.
Fig. 10 displays a snapshot taken by digital oscilloscope

during state “B.” The abrupt transition in the middle of the
graph corresponds to the moment of exchange between
and . The quantity , in this case, was kept around 70. If

, the waveforms before and after exchanging will look
antisymmetric with respect to the transition point. The transi-
tion point becomes less obvious and finally indistinguishable
as approximates to zero. The digital oscilloscope recorded
a few little overshoots, and this effect was minimized by data
averaging. A short period of data (20s) is also displayed as an
inset in Fig. 10 to illustrate the rapid variation of the low-pass
filtered signal. Theoretically each iteration of calibration could
be accomplished in the order of tens of microseconds.

The output power spectra of the LINC transmitter are showed
in Fig. 11. Without correction, the ACI is around28 dB, while
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Fig. 10. Low-pass filtered signal taken by a digital oscilloscope during
background calibration.

Fig. 11. Measured LINC output spectra with background calibration for
CDMA IS-95 with and without calibration.

with correction, the out-of-band spectrum is suppressed below
35 dBc. The measured gain and phase imbalance prior to cal-

ibration are 0.6 dB and 8, respectively. The reason that the
background calibration achieved less than the foreground cal-
ibration is due to the matching of the reconstruction filters since
the background scheme involves exchanging between . It
was found in our experiment that the output spectrum is sensi-
tive to the matching of filters, and could introduce as large as
3-dB difference in ACI.

VI. CONCLUSION

Two novel calibration schemes have been analyzed for the
correction of the gain and phase imbalance in a LINC trans-
mitter. The foreground algorithm simply characterizes the path
imbalance through a set of calibration signals, while the back-
ground one characterizes the path imbalance by exchanging the
two LINC vector components and managing the downconver-
sion loop. The background scheme has the advantage of being
transparent to regular data transmission and, hence, its appli-
cation is independent of communication standards. A proto-
type LINC system has been constructed to demonstrate the two

calibration schemes for CDMA IS-95, and38 and 35 dBc
ACI were achieved, respectively, compared to28 dBc without
calibration. The theoretical analysis and experimental results
demonstrate that both calibration schemes are sufficient to sup-
press the out-of-band emission for wireless communications.
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