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Abstract— This paper proposes a new method of construct-
ing a compensation filter for the modulated wideband con-
verter (MWC) system. The proposed method can be directly
used in the MWC circuit without disconnecting any components.
Furthermore, the non-ideal transfer characteristics of the real
mixer output and the real ADC input are taken into account in
the proposed compensation filter. The proposed method can be
utilized in the advanced MWC that enables more flexibility in the
design parameters of the MWC. This paper also demonstrates
the reconstruction of the Bluetooth signal as a practical example
for the evaluation of the reconstruction performance. The MWC
successfully reconstructs the time-domain waveform of the signal
based on the proposed compensation filter. Even in the case that
the total effective number of channels in MWC is small as close to
the necessary condition of the MWC, the error vector magnitude
(EVM) was still under 1%, which is acceptable for Bluetooth
device testing applications.

Index Terms— Bluetooth signal, modulated wideband con-
verter, compressed sensing, sparse wideband signal spectrum
sensing, time-domain waveform reconstruction, practical imple-
mentation, compensation filter.

I. INTRODUCTION

EVERY human-made RF signals are often sparse in the
allocated band. For example, in the wireless standard

IEEE-802.11, allocated wideband signal is centered at the
2.4 GHz with several numbers of active bands depending on
the surrounding users. To capture such signal, it is common
to sample the signal over the full band of interest with Nyquist
rate after the downconversion and the low-pass filter. To
reduce the burden of the sampling, a sub-Nyquist sampling
system named modulated wideband converter (MWC) that
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uses reduced sampling rate in multi-band settings below
Nyquist rate has been widely studied [1]–[11].

MWC and other compressed sensing architectures are
notable candidates for some specific applications where a
wideband sparse signal is used, including cognitive radio
[12]–[14], spectrum analyzer [15], [16], radar [17], [18], total
harmonic distortion testing [19]–[22] and ultrasound imaging
[23], [24]. However, the possibility of the MWC are not
limited to these applications. Wireless device testing in auto-
matic test equipment (ATE) is another candidate. For exam-
ple, Bluetooth signal uses frequency hopping technique that
pseudo-randomly switches the carrier frequency in each time
slot. Although the carrier frequency is unknown in advance
especially from the testing side, this random property can be
advantageously handled in the MWC framework. To demod-
ulate the Bluetooth signal, it is necessary to reconstruct the
time-domain waveform.

To the best of our knowledge, the first practical challenge
to apply the MWC to the communication device testing is a
degradation on noise performance in the MWC reconstruction.
In [4]–[6], the noise figure (NF) analysis of the system was
made only at the output of the ADC. To use the MWC in
a practical RF receiver, it is necessary to estimate the NF of
MWC to optimize the sensitivity of the receiver. The NF of
the MWC including the contribution of its matrix operation is
analytically investigated in [25], [26].

The recovery process and the reconstruction procedure
for the sensed multiband sparse signal is ideally well-
defined by sensing matrix of the compressed sensing in
mathematical frameworks. However, the existing implemen-
tations [4]–[6], [10], [27]–[32] including quadrature analog-
to-information converter (QAIC) [33], [34], time-segmented
QAIC (TS-QAIC) [35] and random triggering based modu-
lated wideband compressive sampling (RT-MWCS) [36] face
several practical issues related to the non-ideality of the analog
components including mixer, low-pass filter (LPF) and analog-
to-digital converter (ADC) that cause uncertain deviation on
the sensing matrix from its ideal value. Without calibrating
the sensing matrix, realization of the reconstruction and the
recovery of support becomes infeasible. The works [10],
[27]–[29], [37]–[39] exploit the estimation method for actual
sensing matrix based on a set of sequential measurements of
single-tones with known frequencies. This iterative method
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is extremely time-consuming and the digital processing of
the calibration turns into computationally complex due to the
large number of calibration signals for real-time applications.
In addition, the accuracy of the calibration may be deteriorated
by the measurement-to-measurement timing mismatch. We
have proposed a new calibration method that estimates the
actual sensing matrix coefficients of the MWC only with a sin-
gle measurement based on a pilot multi-tone signal [40]. Not
only the number of measurements is reduced in this method,
but also the impact of the measurement-to-measurement timing
fluctuations on the calibrated sensing matrix is fundamentally
removed.

However, there is another factor that also limits the recon-
struction performance of the MWC. It has been reported that
the impact of the non-ideal LPF critically degrades the MWC
reconstruction performance [41]–[43]. One of the excellent
ways to build the compensation filter is to use the least-
squares method for finding the optimal coefficients of the
compensation filter [44]–[46]. However, it is applicable only
to basic MWC (q = 1), which makes the method not a
good candidate in practical implementations. This method also
needs many measurements, which takes a long time to build
the compensation filter. Another method that is usable for the
advanced MWC (q > 1) is proposed in [47], [48]. However,
these previous works have some drawbacks. First, it was
impossible to estimate the transfer characteristics of the LPF
without disconnecting the LPF circuit from the MWC system,
making the method infeasible in some practical implemen-
tations. Second, the compensation filter cannot compensate
for the non-ideality of the mixer output and the ADC input
characteristics.

This paper proposes a new method to construct the com-
pensation filter that can be directly used in the MWC system
without disconnecting any components. Thus, the non-ideal
characteristics of the mixer output and the ADC input are
taken into account together with that of the LPF in the
proposed compensation filter. The proposed method can be
utilized in the advanced MWC that enables more flexibil-
ity in the design parameters of the MWC. The proposed
advanced digital compensation filter relaxes the analog filter
requirement in the practical implementation of the MWC.
Besides above advantages, the proposed method can also
obtain the necessary measurement for the compensation filter
in a single measurement while the previous methods require
many measurements. While all the previous results are based
on simulation due to the infeasibilities for the practical mea-
surement setup [41]–[48], in this paper we will demonstrated
the performance of the proposed method with the actual
measurement results using the on-board implementation of the
MWC system.

This paper uses Bluetooth signal as a practical example
for the evaluation of the reconstruction performance. The
MWC successfully reconstructs the time-domain waveform
of the signal based on the proposed compensation filter.
The measured EVM of the reconstructed waveform is under
1%, which is totally acceptable for Bluetooth device testing
applications. The application of the MWC to the reconstruction
of the real modulated signal has not been demonstrated in any

Fig. 1. Conceptual spectrum of the input sparse signal. The number of slots
within the band of interest is counted as L0.

prior works. However, in this paper, we explore a possibility of
the MWC for capturing those real modulated signals to prove
its feasibility in this area.

II. PRELIMINARIES

This section briefly explains the mathematical backgrounds
of the MWC. Table I defines some key parameters of the
MWC. Frequency domain representation is useful to define
a wideband sparse signal [25]. The frequency-domain repre-
sentation of a multiband signal can be modeled as

X ( f ) =
�
l∈S

Zl( f − l f p), (1)

where Zl( f ) is a separate spectrum slice placed at baseband,
and carrier frequencies are assumed to be aligned with integer
multiples of f p here. S is a support of X ( f ), which is a set
of N indices that correspond to carrier frequencies (including
conjugate frequencies) of active bands. As shown in Fig. 1,
the frequency-shifted version of Zl( f ) is sparsely placed in
the frequency domain. The number of slots within the band
of interest is counted as L. As the signal is spectrally sparse,
N � L.

A. MWC

Based on the MWC settings defined in [2], a basic MWC
system is illustrated in Fig. 2 [25]. The design parameter
notations are summarized in Table I. A periodic sign function
(PSF) pi (t) is a periodically constant sequence with M length
that switches the level between −1 and +1 for Tp = 1/ f p

interval [2]. A frequency-domain illustration of a PSF pi(t)
that is decomposed into Fourier series coefficients ci,l located
at l f p is shown in Fig. 3(a). These components downconvert
corresponding bands or spectrum slices of the input signal with
individual amplitudes as in Fig. 3(b), where the digital output
signal yi [n] in i -th channel through Fourier transform can be
expressed as

Yi (e
jωTs ) =

L0�
l=−L0

ci,−l Zl( f ). (2)

Here, Yi is a frequency-domain representation
of yi [n]. If (2) is written as a vector signal
Y = [Y1(e jωTs ), Y2(e jωTs ), . . . Ym(e jωTs )]T in matrix form
where the superscript T represents transpose, the generalized
form is given by

Y = AZ, (3)

where Z points out separate spectrum slices of the input
discrete-time signal and A is a sensing matrix that is defined
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Fig. 2. A basic MWC system block diagram in general. The wideband sparse
signal x(t) is injected to the RF input path of the mixer. The LO input path is
provided with a periodic sign function pi (t). The digital pre-processing part
includes our proposed compensation filter.

TABLE I

MWC DESIGN PARAMETERS

only by Fourier series coefficients of all the PSF signals as

[A]i, j = ci, j , i ∈ [1, m], j ∈ [−L0, L0]. (4)

The parameter q in Table I enables design flexibility
between the number of analog channels and the complexity
of digital signal processing by increasing the sampling rate of
the ADC in each channel to capture more frequency bands into
digital domain. Although the detailed explanation is omitted in
this paper, in the case of a so-called advanced MWC, q (> 1)
digital channels are effectively extracted from a single analog
channel [25]. After capturing the digital vector signal Y,
the support frequencies of active bands in the input sparse sig-
nal can be recovered by Greedy algorithms such as matching
pursuit (MP), orthogonal matching pursuit (OMP), etc [49].
Recovered support frequency indicates nonzero signal indices
of Z = [Z−L0( f ), . . . , Z0( f ), . . . , Z L0( f )]T . These nonzero
signals can be reconstructed using least-squares through the
multiplication of the pseudo-inverse matrix as follows:

ẐS = A†
SY (5)

Here, subscript S denotes a set of row indices where Z takes
nonzero values.

To achieve proper reconstruction, the MWC system has to
meet the necessary condition. Theoretically, the necessary con-
dition for exact recovery of S is defined as follows: a number
of channels m is needed to be m ≥ 2N for blind detection
of arbitrary support frequencies of the input wideband sparse
signal [2]. However, if the support is correctly found, m ≥ N
is sufficient for the perfect reconstruction of the input signal.

B. Calibration of the Sensing Matrix

In the practical implementation, the sensing matrix A in
(3) is deteriorated by the non-ideality of the real circuits that
severely impacts the reconstruction performance. There are
numerous calibration techniques for the sensing matrix [10],

Fig. 3. (a) Fourier Series of the PSF for i-th channel and (b) DTFT of the
sampled signal in i-th channel of the basic MWC.

Fig. 4. (a) The frequency-domain representation X̃( f ) of the calibration
signal x̃(t) and (b) i-th output of the ADC.

[27]–[29], [37]–[40]. Among them, we exploit the simultane-
ous estimation technique of the sensing matrix [40]. To use
the calibration, the input signal should be specific multi-tones
that are written as

x̃(t) =
L0�

l=1

cos(2π(l f p + fl)t + φl), (6)

where φl is an initial phase and fl is a pilot single-tone
frequency that lies within f p/2. The frequency-domain repre-
sentation of x̃(t) is illustrated in Fig. 4(a). The set of the phases
is important to limit the crest factor in order to maximize the
dynamic range within a limited full-scale range of the ADC.
For this purpose, the Newman phases are used to present low
crest factor [50].

Then with this x̃(t) as an input, the discrete-time Fourier
transform of the i -th output (2) of the ADC is given by

Ỹi (e
jωTs ) =

L0�
l=−L0

c̃i,−lδ( f − fl). (7)

Here, c̃i,−l is a Fourier series coefficients of the actual PSF,
which is not equal to the ideal ci,−l . Each single tone at fl

of the pilot signal is mixed with the corresponding actual
coefficient c̃i,−l of the PSF in Fig. 3(a). The downconverted
part of the mixer output is illustrated in Fig. 4(b). The main
advantage of the pilot signal can be seen in (7) as well as
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Fig. 5. (a) The frequency response non-ideality on RF path, and (b) the
frequency response non-ideality on LO path diagram.

in Fig. 4(b); the downconverted components are disjoint in
the frequency-domain.

In the frequency-domain of the mixer output, the actual
coefficients of the sensing matrix can be independently cal-
culated as

c̃i,l = Ỹi (e j2π( fl)Ts )

Z̃l( fl)
for all l ∈ [−L0, L0], i ∈ [1, m].

(8)

The calculation of the whole sensing matrix coefficients
needs only a single measurement with the pilot signal in the
proposed calibration method [40]. This calibration method is
exploited in the actual measurements in this paper.

III. ADVANCED DIGITAL COMPENSATION FILTER DESIGN

FOR DIGITAL PRE-PROCESSING OF MWC

The ideal LPF has constant amplitude and linear phase
characteristics on the passband, while zero amplitude entirely
over the stopband. Every practical LPF can not achieve such
ideal characteristics. The non-ideal LPF in the MWC intro-
duces several unwanted impacts on the mixed signal. Firstly,
the passband may have non-constant amplitude characteristics.
Secondly, the phase does not change linearly to the frequency.
The third is that the stopband does not entirely reject the signal
beyond cut-off frequency. In the MWC, those remained signals
severely interfere with the reconstruction performance. So it
is recommended to perform an oversampling in the ADC to
apply a sharp digital filter in the digital domain. In this way,
the requirement for the non-ideal LPF is relaxed. However,
the non-ideal characteristics in the passband still need to be
equalized with a compensation filter.

A. Non-Ideal Frequency Characteristic Model of the MWC

In the practical implementation of the MWC, the input
signal path has non-ideal frequency response HRF due to the
input parasitic impedance of the mixer as shown in Fig. 5(a).
Similarly, the LO path has its own non-ideal frequency
response HL O as illustrated in Fig. 5(b). The impact of LO

Fig. 6. (a) The conceptual non-idealities of the MWC, and (b) the equivalent
frequency response of all non-linearities.

Fig. 7. The block diagram of digital pre-processing.

path non-ideality is considered as follows. The Fourier series
coefficients of the i -th PSF becomes

c̃i,l = ci,l HL O(l f p), (9)

where the c̃i,l is the actual coefficient while ci,l is the ideal
coefficient as introduced in Sect. II-A. This paper aims to gen-
eralize the compensation filter for equalizing all the frequency
response non-idealities including the non-ideal effect of real
mixer output HI F as well as the analog filter HL P F and the
ADC characteristics HADC as illustrated in Fig. 6(a). These
non-idealities will be considered as an equivalent frequency
response Heq as depicted in Fig. 6(b).

Heq = HI F HL P F HADC (10)

Thus, the ADC output on i -th channel of the basic MWC
(2) can be rewritten as

Ỹi (e
jωTs ) =

⎛
⎝ L0�

l=−L0

c̃i,−l Zl( f )Rl( f )

⎞
⎠ Heq( f ), (11)

where Rl( f ) is a spectrum slice of HRF( f ) that is determined
by Rl( f ) = HRF( f − l f p), | f | < f p/2. Similarly, the ADC
output on i -th channel of the advanced MWC can be also
given by

Ýi (e
jωTs ) =

� q ��
k=−q �

L0−k�
l=−L0−k

c̃i,−(l+k)

× Zl+k( f − k f p)Rl+k( f − k f p)

�
Heq . (12)

HL O is taken care by the sensing matrix calibration method
explained in Sect. II-B. HRF is not taken care by this frame-
work because the impact is negligibly small. If the impact
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Fig. 8. (a) The conceptual baseband spectrum of the LPF training signal, (b) the original spectrum of the LPF training signal, (c) the spectrum of the i-th
PSF and (d) the spectrum of the ADC input signal.

of HRF becomes significant, it is still possible to reduce the
impact by using additional measurements with specific training
signals. Since the goal of our digital pre-processing block is
to compensate the non-ideal impact of the Heq in the digital
domain, the first task is the estimation of the Heq . The next
section explains the proposed digital pre-processing method in
detail.

B. Proposed Digital Compensation Filter

The block diagram of the proposed pre-processing is shown
in Fig. 7. The ADC is always recommended to be operated at
oversampled rate to avoid unwanted aliasing of LPF output’s
nonzero stopband. An appropriate choice of the oversam-
pling rate depends on the cutoff characteristics of the LPF.
By efficiently using upsampling rate U and downsampling
rate D, the fractional resampling rate can be determined by
U/D. After upsampler, the nonzero signals in stopband of the
LPF can be rejected by the sharp digital LPF HS(e jω) with
high roll-off rate or high order. Then the compensation filter
HC(e jω) will be applied.

Our proposed method of building compensation filter is
based on a training signal that will be applied to the MWC as
the input signal. The training signal is defined by

xL P F (t)=
G�

ξ=0

cos(2π(ξ� f + � f

4
− f p

2
+ fc)t+φξ). (13)

Here, φξ is an initial phase, fc is carrier frequency, G is
the number of tones (odd number) and � f = f p/G is the
spacing of the tones. The set of the phases is important to
limit the crest factor in order to maximize the dynamic range
within a limited full-scale range of the ADC. Similar to the
multi-tone signal for the sensing matrix calibration explained
in Sect. II-B, the Newman phases are used to present low crest
factor. According to [50], the Newman phases can be given
by

φξ = π(ξ − 1)2

G
. (14)

The baseband spectrum of the training signal xL P F (t) is
shown in Fig. 8(a). The original spectrum of the training
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signal is illustrated in Fig. 8(b), while the spectrum of the
i -th PSF is shown in Fig. 8(c). The increment of G decreases
� f that leads to finer frequency resolution, while SNR will be
deducted because the amplitude of each tone is limited with
more tones due to the fixed full-scale range.

In the MWC with the LPF training signal ( fc = k fp),
the output of the i -th ADC is given by

Ỹi (e
jωTs ) =

∞�
l=0

	
c̃i,−(k−l) Zk( f − l f p)Rk( f )

+ c̃i,(k+l) Z−k( f − l f p)Rk(− f )


Heq( f ), (15)

where the conjugate image components Z−k( f ) of original
components Zk( f ) do not conflict with its original frequencies
as shown in Fig. 8(d). The dotted arrows are indicating the
conjugate image Z−k( f ) while the solid arrows are showing
the original components Zk( f ) in Fig. 8(d). By using this
advantage, the sampled version of Heq( f ) can be obtained by

Ĥeq[ f̂ ]= Ỹi (e j2π f̂ Ts )
∞�

l=0

	
ci,−(k−l) Zk( f̂ − l f p)+ci,(k+l) Z−k( f̂ − l f p)


 ,

(16)

where f̂ = n � f
2 , n ∈ Z. Using a linear interpolation,

the entire Heq( f ) can be obtained from Ĥeq[ f̂ ]. Then we
construct the compensation filter HC(e jω) by using estimated
Ĥeq( f ) function as follows

HC(e jω) = 1

Ĥeq( f )HS(e jω)
. (17)

C. Compensation Performance

To demonstrate the effectiveness of the compensation filter,
the LPF training signal is reconstructed by the MWC with
(m = 4, q = 16) in simulation. The spectrum of the
reconstructed signal without the compensation filter is shown
in Fig. 9(a). As highlighted in the figure, there are significant
spurs in the reconstructed signal caused by conjugate images.
Those conjugate images were not entirely rejected due to the
non-ideality of the frequency response of the MWC. However,
the spectrum of the reconstructed signal with the compensation
filter no longer has such unwanted spurs as shown in Fig. 9(b).
By using the compensation filter, the spurious-free dynamic
range (SFDR) is increased from 45 dB to 66 dB. As long
as the sensing matrix calibration and the compensation filter
are exploited, the reconstruction of the input signal can be
accurately done even if the signal occupies two (or more) spec-
trum slices, which will be demonstrated with the measurement
results in Sect. IV-C.

IV. PRACTICAL IMPLEMENTATION AND MEASUREMENT

RESULTS OF MWC RECONSTRUCTION

A. Implementation Setups and MWC Design Parameters

The on-board implementation of the MWC system is
shown in Fig. 10. The splitter board is designed to distribute
the input signal to 4 separate single-channel MWC boards.

Fig. 9. (a) The reconstructed spectrum without the compensation filter and
(b) The reconstructed spectrum with the compensation filter.

The single-channel MWC components excluding the active
LPF in [40] are integrated onto the single board. In this paper,
a passive 9-th order LC filter with fcut-off = 30 MHz cut-off
frequency is designed on the board. The design parameters of
the implemented MWC are summarized in Table II. Note that
N, L, M parameters count conjugate frequency components
as well.

B. Construction of Compensation Filter

The actual non-ideal frequency response should be esti-
mated to construct the proposed compensation filter. In this
experiment, the LPF training signal (13) is used with G =
50, fc = 11 MHz. The spectrum of the ADC raw input signal
is shown in Fig. 11. Due to the non-ideal characteristics of the
LPF, the amplitudes of the tones are not flat in each frequency
band. Also, there are spurs at integer multiples of f p (1 MHz,
2 MHz, 3 MHz, …), which is introduced by LO leakage in
the analog mixer. We just ignore those spurs in the estimation
of the actual LPF. The dynamic range and non-linearity of the
external signal source may limit the compensation accuracy.
The signal source should have better noise floor than the
noise contributions of the MWC system itself or the incoming
actual signal under test so that the compensation accuracy is
not limited by the training signal. Also the unwanted spurs
due to the non-linearity of the RF front end as well as the
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Fig. 10. The 4-channel MWC implementation boards.

TABLE II

THE DESIGN PARAMETERS OF MWC IMPLEMENTATION

Fig. 11. The spectrum of the raw LPF training signal at the ADC output.

training signal will cause some error. Thus the external signal
source that generates the training signal should have better
linearity than the RF front end of the MWC system. Based on
the spectrum’s sampling points, the amplitude and the phase
responses of the actual non-ideality are estimated as plotted
with blue solid lines in Fig. 12(a) and Fig. 12(b), respectively.
Based on the estimated responses, the amplitude and the phase
responses of the compensation filter are built as shown with
green dashed lines in Fig. 12(a) and Fig. 12(b), respectively,
which almost perfectly reproduce the desired characteristics
for compensation. This compensation filter is directly used to
reconstruct the LPF training signal to test its performance.
The result is shown in Fig. 13. The non-flat shape of the LPF
training signal within each frequency band in Fig. 11 is fixed

Fig. 12. (a) The amplitude response of the compensation filter and (b) the
phase response of the compensation filter.

Fig. 13. The spectrum of the training signal after applying the compensation
filter.

Fig. 14. The instantaneous frequency of the reconstructed Bluetooth signal
with 2 MHz bandwidth (m = 4, q = 16).

to have flat shape after the compensation filter as shown in
Fig. 13.

C. Measurement of Bluetooth Signal

We exploit the proposed MWC-based high-precision sub-
Nyquist sampling system for the measurement of Bluetooth
signal. The Bluetooth enhanced data rate (EDR) signal is gen-
erated by the commercially available software. The packet type
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Fig. 15. Frequency-domain spectrum of (a) the input Bluetooth signal modulated at 40 MHz, (b) the reconstructed Bluetooth signal without the compensation
filter (w/o comp.) and without the sensing matrix calibration (w/o cal.), (c) that without the compensation filter (w/o comp.) and with the sensing matrix
calibration (w/ cal.) and (d) that with the compensation filter (w comp.) and without the sensing matrix calibration (w/o cal.). The constellation diagram of
(e) the demodulated ideal input Bluetooth signal, (f) the reconstructed Bluetooth signal without the compensation filter (w/o comp.) and without the sensing
matrix calibration (w/o cal.), (g) that without the compensation filter (w/o comp.) and with the sensing matrix calibration (w/ cal.) and (h) that with the
compensation filter (w/ comp.) and without the sensing matrix calibration (w/o cal).

Fig. 16. Frequency-domain spectrum of (a) the reconstructed Bluetooth signal with the compensation filter (w/ comp.) and with the sensing matrix calibration
(w/ cal.) by the MWC with m = 4, q = 16, (b) that reconstructed with m = 4, q = 2 and (c) that reconstructed with m = 1, q = 6. The constellation diagram
of (d) the reconstructed Bluetooth signal with the compensation filter (w/ comp.) and with the sensing matrix calibration (w/ cal.) by the MWC with m = 4,
q = 16, (b) that reconstructed with m = 4, q = 2 and (c) that reconstructed with m = 1, q = 6.
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Fig. 17. The demodulated symbols of the reconstructed Bluetooth signal
with 2 MHz bandwidth (m = 4, q = 16).

is set to 2-DH5 that uses 4-DPSK modulation for the payload.
The Bluetooth signal is generated at 40 MHz carrier frequency.
Along with the main spectrum slice of the Bluetooth signal,
two neighboring sidebands are reconstructed in the MWC to
achieve the EVM below 1%. To demodulate the Bluetooth
signal, first, the frequency demodulation should be performed
to the reconstructed signal. The instantaneous frequency is
shown in Fig. 14. The GFSK modulated digital sequence can
be seen in this figure. The ideal spectrum and the constellation
diagram of the Bluetooth signal are shown in Fig. 15(a)
and Fig. 15(e), respectively. The reconstructed spectrum and
the constellation diagram based on the MWC without both
of the compensation filter and the calibrated sensing matrix
(m = 4, q = 16) are shown in Fig. 15(b) and Fig. 15(f),
respectively. The EVM is 8% which is not acceptable for
testing purpose. Similarly, without the compensation filter but
with the calibrated sensing matrix case is shown in Fig. 15(c)
and Fig. 15(g). The case with the compensation filter but
without the calibrated sensing matrix is shown in Fig. 15(d)
and Fig. 15(h). In terms of EVM and the similarity between
the reconstructed spectrum and the original spectrum, these
cases do not have sufficient performance, either. However,
in the case with both the compensation filter and the calibrated
sensing matrix, the performance is noticeably improved as
shown in Fig. 16(a) and Fig. 16(d). Even in the reduced
MWC (m = 4, q = 2) case in Fig. 16(b) and Fig. 16(e),
the EVM performance is below 1%, which is still in the
acceptable range for Bluetooth device testing. In the case of
single-channel MWC (m = 1, q = 6), the reconstructed
spectrum and the constellation are shown in Fig. 16(c) and
Fig. 16(f), respectively. Also, the EVM performance is still lies
in the acceptable range, even though the side-band part of the
reconstructed spectrum is deteriorated. Finally, the 4-DPSK
demodulated symbols are shown in Fig. 17. In the recon-
structed spectra, there are two spurs at 39 MHz and 41 MHz
that are caused by the LO leakage of the mixer. In the 4-DPSK
demodulation, however, these spurs do not affect the EVM
performance, because the 4-DPSK Bluetooth signal needs only
2 MHz bandwidth to achieve the maximum EVM performance.
These results clearly demonstrate the capability of the MWC
with the proposed compensation filter for the application of
the communication device testing.

V. CONCLUSION

The digital pre-processing block is one of the essential
computations in the practical implementation of the MWC.

Without the compensation filter, the reconstruction perfor-
mance of the MWC is not satisfactory. The proposed filter
construction method can be directly used in the MWC circuit
without disconnecting any components. The compensation
filter can also equalize the impact of the mixer IF output,
the analog filter, and the ADC input.

In the test of practical signal, we used the Bluetooth signal
as an example to demonstrate the feasibility of the MWC. The
MWC successfully reconstructs the time-domain waveform of
the signal based on the proposed calibration techniques. Even
in the case that the total effective number of channels mq
is small as close to the necessary condition, the EVM was
still under 1%, which is acceptable in Bluetooth device testing
applications.

Further development of the proposed method can be made
in several ways to improve the accuracy. First, the impact
of HRF may be dominant depending on the RF front-end.
Using additional measurements, it is possible to compensate
the impact of HRF by applying individual filters with each
reconstructed spectrum slices. Second, also depending on the
RF front end configurations, the impact of its non-linearity
may limit the performance of the MWC. We are trying to
develop a new calibration method to accurately reconstruct the
wideband sparse signals even with RF front end non-linearity.
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