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Abstract—A duplexer is necessary, but unfavourable for a
frequency-division duplexing (FDD) base station, due to its bulky
size, high cost and design challenges. In order to relax the
performance requirement of such device, the transmitter (TX)
leakage needs to be suppressed. The state-of-the-art solutions
failed to provide a wideband solution for cancelling the TX
leakage at RF frequency, due to the lack of delay optimization.
Aiming to provide high delay estimation accuracy, this paper
presents a modelling technique which is based on the compressed
sampling matching pursuit (CoSaMP) algorithm for compressed
sampling (CS). As a result, by using the proposed modelling
technique, cancellation systems, particularly the ones that are
based on the analog ﬁnite impulse response (FIR) ﬁlter structure,
can be implemented to achieve wideband suppressing at RF
frequencies.
Index Terms—Self-Interference, CoSaMP, Compressed sampling (CS), Behavioural modelling, Leakage cancellation, Analog
FIR ﬁlter

I. I NTRODUCTION
In a frequency-division duplexing (FDD) base station, signals of the transmitter (TX) and receiver (RX) are separated
by a device known as a duplexer. The duplexer needs to
provide great isolation between the TX and RX ports which
makes such device bulky, expensive and difﬁcult to design.
It is desirable for the industries to relax the high isolation
performance requirement of the duplexer. In order to do so,
the problem that is due to the reduced isolation between TX
and RX needs to be solved.
Due to the lower isolation, the TX signal along with the
noise ﬂoor and distortions of the high power ampliﬁer (PA) appears in the RX path. Such signal is known as TX leakage and
can be considered as in-band and out-of-band portions with
respect to the RX band. Theoretically, the out-of-band portions
can be eliminated utilising a ﬁlter. The in-band portion is
more problematic as it can’t be ﬁltered out using conventional
ﬁltering techniques. As a result, RX performance is reduced.
This implies the need of non-conventional techniques in order
to cancel the TX leakage.
Many researchers are keen to suppress the in-band TX
leakage using active cancellation techniques. Techniques that
are proposed in [2] [3] [4] are based on the analog ﬁnite
impulse response (FIR) ﬁlter structure. These cancellation
techniques consist of a number of auxiliary cancellation paths
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(also known as taps). In each of the paths, the delayed replica
of the reference signal is attenuated and phase-shifted. These
reconditioned replicas of the reference signal are combined
to form the cancellation signal. Since the cancellation signal
in theory has the same amplitude and 180◦ out of phase
from the leakage signal, by summing the two, the leakage is
suppressed. Most of the techniques such as the ones in [2] [3]
[4] have abilities to optimize the phase and amplitudes, but
not the delays. Since FDD duplexers usually have complex
characteristics, i.e., the magnitude and group delay response
change rapidly and the phase response is highly non-linear,
these techniques are inherently for narrowband cancellation,
or else signiﬁcantly more hardware resources are required
for cancellation over wide bandwidth. Therefore, a modelling
technique that can provide optimization of delays is essential
for successfully cancelling the in-band TX leakage over wide
bandwidth.
The work in [6] which is also based on the analog FIR
ﬁlter structure has presented a methodology for wideband
cancellation. It involves a modelling technique that can provide
delay optimization. However, this modelling technique is less
robust and can potentially be trapped in an endless loop due
to the lack of phase control ability.
In this paper, we propose a modelling technique that is
designed for the wideband RF cancellation system that is
based on the analog FIR ﬁlter structure. It aims to provide
the optimization ability of the delays, amplitude and phase,
in order to achieve better cancellation performance. At the
same time the least hardware resources are required. The
proposed technique is based on the classic compressed sampling matching pursuit (CoSaMP) algorithm. This paper ﬁrstly
introduces the CoSaMP algorithm. The problems of using the
classic CoSaMP are discussed and the solution is presented.
For evaluation purposes, an FDD transceiver test bed with
an off-the-shelf ceramic duplexer has been constructed. The
modelling performance is produced using the signals that are
captured by the transceiver.
II. I NTRODUCTION TO C O S A MP A LGORITHM
CoSaMP is a compressed sampling (CS) technique that was
originally developed in order to more efﬁciently solve the
under-determined systems, providing that those systems have

sparse nature. Let y be the vector of the measured output,
the size of which is M − by − 1. Mathematically, it can be
represented as
y = Xw
(1)
where the size of the model matrix X is M −by−N , providing
that M  N , and the coefﬁcients vector w (N − by − 1) is
sparse. The input matrix X in this work is the toeplitz matrix
of the input reference signal x(n), i.e.:
X = [x(n), x(n − 1), . . . , x(n − M )]

(2)

where x(n) is a N − by − 1 vector. Traditional CS algorithms
tend to approximate the sparse systems by obtaining the
coefﬁcients vector ŵ, which satisﬁes the condition of
min ŵl1 subject to X ŵ − yl2 < ε

3) Estimation : Re-calculating the coefﬁcients at the
merged locations.
4) Pruning : Choosing the locations of the largest k
coefﬁcients for the next iteration.
5) Sample Updating : Approximating the desired signal
y utilizing the input matrix and determined locations of
the coefﬁcients. The error between the desired and the
approximated signals is updated as the residue for the
next iteration.
In this work, the approximating procedures utilize the least
squares (LS) algorithm due to the low implementation complexity and high modelling performance.

(3)

where ε is the desired tolerance of the error.
Rather than reducing the number of measurement samples,
CS can be utilised for reducing the number of coefﬁcients of a
sparse system. This requires that the sizes of the input matrix
X, the output signal of the system y and the coefﬁcients vector
w are N − by − M , N − by − 1 and M − by − 1, respectively,
providing that w is k-sparse. k-sparse means that the vector w
consists of k non-zero components. Typical applications of CS
in terms of reducing the number of coefﬁcients are behavioural
modelling and digital pre-distortion of high power ampliﬁers
in wireless communications [1]. Comparing to the traditional
CS algorithms, CoSaMP is more efﬁcient and less complex.
CoSaMP was developed in [5] and is based on the orthogonal matching pursuit (OMP) algorithm. It approximates
the coefﬁcients vector w iteratively by obtaining the sparse
representation w̃ and calculating the residual error. CoSaMP
algorithm has the advantage of low-complexity and provides
faster speed and stronger guarantees than the original OMP
[5] . CoSaMP algorithm requires some information including:
the input model matrix, the desired signal vector, the desired
sparsity of the approximation and the stopping condition. The
algorithm estimates the location of the most signiﬁcant tap
weights iteratively. The algorithm is ended while stopping
criterion is reached. Upon the completion of the standard
CoSaMP algorithm, the coefﬁcients and the locations of the
most signiﬁcant taps are determined. During the initialization,
input model matrix of the system is created. The desired
sparsity k and the tolerance ε are also provided. The residue
signal from the previous iteration is set to be the output vector
y.
The details of the operation procedures after the initialization are summarised as follows and these procedures repeat
until stopping criteria is reached:
1) Identiﬁcation : Approximating the residue signal using input matrix and determining the locations of the
largest 2k coefﬁcients.
2) Merging : Merging the locations of the determined
largest 2k coefﬁcients with the ones that are obtained
by the previous iteration.

Fig. 1. Flowchart of the proposed modelling technique

III. T HE A DAPTATION OF C O S A MP FOR TX L EAKAGE
C ANCELLATION
One key output using CoSaMP is a set of locations at which
the coefﬁcients are the most signiﬁcant. In the TX leakage

cancellation using the analog FIR structure, these locations
represent the desired delays of the cancellation paths (taps) at
RF frequency. The resolution τ0 of these delays is the sampling
time τs of the baseband signals, i.e.:
τ0 = τs
1
=
(4)
fs
where fs is the sampling frequency at which the delays are
estimated. Since the sampling frequency of the reference and
leakage signals at the baseband is fSB , the delay resolution
1
. Because we are only interested in the
thus is τ0 = fSB
cancellation bandwidth that is a fraction of the carrier frequency, we can safely assume that the RF signals are sampled
at an extremely high frequency and the impulse response
of the isolation path of the duplexer is formed at the same
sampling rate. Then we notice that the delay resolution at
the baseband using CoSaMP is insufﬁcient for implementing
the cancellation system at RF frequency. Using CoSaMP
under such low delay resolution could result the increase
of the number of cancellation paths or the decrease of the
cancellation performance.
By up-sampling the baseband signals with a ratio, a higher
sampling frequency can be achieved and thus greater delay
resolution can be obtained. The exact value of the up-sampling
ratio which results the least modelling error is unknown. We
propose that rather than giving an exact value, the up-sampling
ratio is swept within a given range. The one that gives the
least modelling error is chosen for the implementation of the
cancellation system.
Since the delays that are obtained by modelling, would be
used in analog domain at RF frequency, limiting these delays
within a range is essential so that the estimated delays are
implementable. Additionally, through excessive experiments,
we found out that sweeping the minimum and maximum
values of the delay limit (dmin and dmax , respectively) in addition to sweeping the up-sampling ratio can potentially further
reduce the modelling error. As a result, the proposed modelling
technique utilizes the classic CoSaMP algorithm and sweeps
through the vectors of up-sampling ratios and delay limits.
The detailed procedures of the proposed modelling technique
are shown in Fig. 1 and Fig. 2.
Let the vector of the up-sampling ratios be u. Before sweeping through u and estimating the system with the CoSaMP
kernel, the validity of the current values of the delay limit vectors, i.e., dmin (i) and dmax (j) must be checked ﬁrst, where
i = 1, 2, . . . , I and j = 1, 2, . . . , J are sweeping indexes for
the vector of minimum and maximum delays, respectively.
The values I and J are the number of elements in dmin and
dmax , respectively. This is to ensure that dmin (i) < dmax (j)
and dmax (j) − dmin (i) > T HD where the delay threshold
k
is the minimum range in which
value T HD = max(u)f
SB
the locations of all k taps are valid. For any u(p) where
p = 1, 2, . . . , P is the sweeping index and P is the length
of the vector u, the original input reference vector x = x(n)
and leakage signals y are up-sampled accordingly. Thus the

Fig. 2. Flowchart of the classic CoSaMP with delay constraints

input matrix Xup can be created with the up-sampled reference
vector xup . With Xup and the up-sampled leakage signal yup ,
the system can be modelled utilizing the CoSaMP algorithm.
The kernel of the classic CoSaMP needs to be modiﬁed
so that the delay limits can take effect. The ﬂowchart of the
modiﬁed CoSaMP is shown in Fig. 2. The delay constraints in
samples, i.e., Dmin and Dmax are included as two additional
input parameters to the classic CoSaMP technique. During the
identiﬁcation and pruning procedures of the classic CoSaMP
algorithm, the locations of the most signiﬁcant coefﬁcients
must be chosen within the range that is bounded by Dmin
and Dmax .
The locations of the most signiﬁcant coefﬁcients are determined by the modiﬁed CoSaMP kernel. Let these locations
be lm . The vectors, Xup (:, lm ) are down-sampled to fSB and
formed into a new matrix, i.e., XCS = DnSamp (Xup (:, lm )).
The leakage signal y is approximated with XCS using LS
algorithm. Along with the delays lm , the resulting tap weights
and normalised mean square error (NMSE) of the remaining
error signal are recorded, separately. The above procedures
are repeated until all elements of u, dmin and dmax vectors
are swept. The up-sampling ratio, minimum and maximum
delay limits that produce the least NMSE are chosen and
the corresponding tap weights and delays are the ones for
implementing the cancellation system.
IV. VALIDATION OF THE P ROPOSED T ECHNIQUE
For the purpose of validating the proposed modelling technique, a transceiver test bench has been set up which is shown

in Fig. 3. The transmitter consists of a vector signal generator
(SMU by Rohde & Schwarz), a high power ampliﬁer (1184BBM3O6QCK from Empower RF systems) and a bandpass
ﬁlter. The TX signal is created with a 35 MHz white Gaussian
noise signal at centre frequency of 897.5 MHz. A ceramic duplexer (SCD900AE4 from Samnova) is used as the duplexing
device of this transceiver. The TX signal is coupled off via
two directional couplers. A high speed oscilloscope (Agilent
54853A) is used to capture and digitize the input reference and
the leakage signals. These two signals are digitally frequency
down-converted to baseband using MATLAB. In practice,
the cancellation block is controlled by the PC. It is located
between the 30 dB coupler at the auxiliary path and the two
way power combiner at the main receiver. The implementation
of the cancellation block is outside the scope of this paper.
Fig. 4. Modelling error comparison

V. C ONCLUSION
For the purpose of implementing the wideband TX leakage
cancellation system so that the requirement of the high isolation performance FDD duplexers can be relaxed, a modelling
technique is proposed in this paper. The modelling technique
takes advantages of CoSaMP algorithm and is modiﬁed to
provide higher delay estimation accuracy. The proposed technique is evaluated using the signals that are captured with
a transceiver test bed. The result shows that the proposed
modelling technique outperforms the classic CoSaMP algorithm and is suitable for implementing the desired TX leakage
cancellation system.
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Fig. 3. Measurement setup

Due to the limited reﬂection performance and high distortion characteristics of the high power ampliﬁer, the reference
signal that is captured by the auxiliary receiver and the input
signal of the duplexer are no long white. In order to achieve
the best performance, the baseband reference signal is passed
through a whitening ﬁlter. The coefﬁcients of the whitening
ﬁlter are also applied to the leakage signal. Once the modelling
of the duplexer is completed and the delays and coefﬁcients are
obtained, these parameters are applied to the actual reference
signal in order to obtain the approximation signal. The error
between the approximated signal and the original leakage
is displayed in Fig. 4. The result also includes the original
leakage and the error signals using the classic CoSaMP and LS
algorithms. All three techniques are evaluated using four taps.
The remaining errors that are obtained by the classic CoSaMP
and LS are very similar. The proposed technique can achieve
approximately -21 dB of NMSE for 35 MHz of bandwidth,
whereas more than -10 dB has been achieved using the classic
CoSaMP. This result implies that the estimated delays of the
proposed modelling technique can more accurately estimate
the delays. This is critical for implementing the wideband RF
cancellation system using analog FIR ﬁlter structure.
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