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Abstract—This paper presents a de-interleaved subsampling receiver
architecture suitable for homodyne receivers. The proposed topology
requires only a single branch to down-convert and extract the in-
phase (I) and quadrature (Q) baseband signals. Using a single-
branch receiver eliminates the I/Q mismatch issue of traditional direct
down-conversion receivers. The simplicity of the proposed receiver
architecture makes it an alternative solution for multi-band and multi-
standard applications.

1. INTRODUCTION

In recent years, there have been significant research efforts to design
and develop transceivers that are capable of working with different
standards in different frequency bands [1, 2]. The idea of multi-
standard design was first introduced by Mitola [3], who proposed
a receiver topology based on an analog-to-digital converter (ADC)
placed right after the antenna to directly digitize the RF signal.
However, this simple topology is not yet feasible, mostly due to
limitations in designing high-resolution ADCs with high sampling rates
of several Gigahertzes (GHz). More realistic receiver topologies, such
as direct conversion [4], low intermediate frequency (low-IF) [5], and
subsampling receivers [6–8] have also been proposed. In the direct
conversion receiver, the radio frequency (RF) input signal is directly
down-converted to complex baseband signals designated as in-phase
(I) and quadrature (Q) signals. In the low-IF architecture, the RF
signal is down-converted to intermediate low frequency and directly
converted to the digital domain.

In the subsampling technique, the RF signal is down-sampled
with a sampling rate much smaller than the RF carrier frequency,
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but at least twice the signal bandwidth. Sampling the RF signal at
a rate lower than double rate of the RF will fold the signal to lower
frequencies, where these replicates of the RF signal at baseband or IF
are used to extract the baseband signal [6–8]. Receivers designed based
on this architecture suffer generally from higher noise floors.

An alternative architecture for the subsampling receivers is
presented in this work. In [9], we investigated the possibility of using
a single-branch receiver to extract the baseband signal. The receiver
topology was based on multiplying the RF signal with a square wave,
followed by the subsampling technique. This topology was analyzed
and validated with measurements. The measurement results were
obtained using commercial instruments for low carrier frequencies.

In this paper, a new approach of implementing the de-interleaved
subsampling receiver is proposed and validated. With this new
approach, a square wave carrier is not needed and is replaced by a
single sine wave. This modification reduces the jitter and noise on
the LO signal. However, it introduces extra phase distortion to the
system, for which a new compensation algorithm is also proposed.
This algorithm estimates and compensates for the phase distortion.
The proposed architecture is validated with commercial off-the-shelf
RF components.

This paper is organized as follows: first, the de-interleaved
subsampling receiver architecture is presented. Then, the phase
compensation algorithm is explained. Finally, the proposed method
is validated with measurements.

2. OVERVIEW OF PREVIOUS TOPOLOGIES

The direct-conversion receiver architecture is the simplest approach to
directly down-convert the RF signal to baseband. In this topology,
the RF signal is multiplied by in-phase and quadrature LO signals
to produce the real part and imaginary parts of the baseband signals
respectively, as shown in Fig. 1(a). The simplicity of the topology
makes it suitable for integrated circuits; however, impairment issues
such as I/Q mismatch, LO leakage and DC (direct current) offsets
could considerably degrade the received signal quality [10, 11].

Low-IF architecture [5] is another alternative for frequency down-
conversion. As shown in Fig. 1(b), in this topology, the RF signal
is first down-converted to a low intermediate frequency; and then,
the low-IF signal is directly digitized. In a final step, the down-
conversion to baseband and I/Q demodulation are implemented
digitally. Therefore, the I/Q mismatch, LO leakage and DC offset
issues observed in direct conversion architecture can be avoided. The
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major drawback of this topology is the need of a very sharp image
rejection filter, since the image signal is very close to the useful signal.
Such filter is hard to achieve and integrate when designed in RF
frequencies [12, 13].

The last topology, which is reviewed in this paper is based on
subsampling technique [6–8, 14]. In this topology, the RF signal is
down-sampled with a sampling rate much smaller than the RF carrier
frequency. Subsampling the RF signal at a rate lower than the Nyquist
rate will produce replicas of the RF signal at lower frequencies. In the
subsampling technique one of the replicas at lower frequency is used as
an IF signal to extract the baseband I and Q signals. In order to avoid
possible aliasing, the sampling rate should be considered according to
the following boundaries [8]:

2fU

n
≤ fs ≤ 2fL

n− 1
where 1 ≤ n ≤

⌊
fU

B

⌋

fs ≥ 2×B Nyquist rate
(1)

where fL and fU are the lower and upper frequencies of the band-
limited RF signal, B = fU − fL is the signal bandwidth, and n is an
integer value. Fig. 1(c) shows a receiver topology based on a band-pass
sampling technique.
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Figure 1. Overview of recent receiver topologies.
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In Fig. 1(c), the incoming RF signal is first amplified by a low-noise
amplifier (LNA), a sample and hold circuit is used to produce the low-
IF replica of the RF signal (based on band-pass sampling technique).
Finally, the IF signal is digitized with a high-speed ADC similar to
low-IF receiver. This topology is similar to low-IF technique except
that the mixer is replaced by a sample and hold circuit. Therefore,
similar to a low-IF receiver, this topology suffers from the signal image
rejection problem [15].

3. TOPOLOGY OF THE PROPOSED SUBSAMPLING
RECEIVER

A block diagram of the proposed receiver topology is depicted in Fig. 2.
In this topology, the RF signal is multiplied with a sine wave signal
having the same carrier frequency. This results in signals at both the
baseband and double the carrier frequency. The subsample version of
this signal contains the interleaved version of the baseband I and Q
signals. This section describes the proposed topology in detail.

The RF signal with carrier frequency (fc) can be represented as:

VRF (t) = I cos (ωct + ϕ)−Q sin (ωct + ϕ) (2)

where ωc = 2πfc, and (ϕ) represents the phase offset of the transmitter
LO relative to the reference. In the following analysis, the phase
reference corresponds to the phase of the sampling clock of the ADC.
In the first step on the receiver side, the RF signal is multiplied by a
sine wave with a frequency equal to the carrier frequency of the signal.
The obtained signal is:

rec (t) = {I cos (ωct + ϕ)−Q sin (ωct + ϕ)} × sin (ωct + α)

=
I

2
{sin (2ωct + ϕ + α)− sin (ϕ− α)}

−Q

2
{cos (ϕ− α)− cos (2ωct + ϕ + α)} (3)

(3) contains terms in both baseband and double the carrier frequency.
In (3), (α) and (ϕ) are the phase offsets of the transmitter and receiver
relative to the reference, respectively. Taking into consideration the
subsampling rate (Fs) from the following equation:

Ts = n× Tc +
Tc

4
where Tc =

1
Fc

Fs =
Fc

n + 1
4

(4)
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Figure 2. The proposed homodyne subsampling receiver.

From (4), the subsampled version of the received signal (rec(kTs)) is:

rec (kTs) =
I

2
{sin (kπ + ϕ + α)− sin (ϕ− α)}

−Q

2
{cos (ϕ− α)− cos (kπ + ϕ + α)} (5)

By de-interleaving the signal in (5) to even and odd terms, the result
is: 




k : even ⇒
{

receven = I
2 {sin (ϕ + α)− sin (ϕ− α)}
−Q

2 {cos (ϕ− α)− cos (ϕ + α)}
k : odd ⇒

{
recodd = I

2 {− sin (ϕ + α)− sin (ϕ− α)}
−Q

2 {cos (ϕ− α) + cos (ϕ + α)}
(6)

where (6) can be written after computation as:
{

receven = {I cos (ϕ)−Q sin (ϕ)} × sin (α)
recodd = {I sin (ϕ) + Q cos (ϕ)} × cos (α) (7)

Looking at (7), there are two phase terms, (α) and (ϕ), which
impact the baseband signal extraction. These two phase terms have
different effects on the extracted baseband signals. The phase term,
(α), can be seen as the time offset between the LO at the receiver and
the sampling clock of the ADC. From (7), it is clear that (α) directly
affects the magnitude and phase of the I and Q signals unevenly and
leads to gain and phase mismatches. In the design process, the timing
between the LO and the ADC sampling clock is adjusted to be α = π

4 .
Therefore, the phase term, (α), in such a case, would not affect the
baseband signal extraction. The other phase offset term, (ϕ), is the
typical phase offset, and its effect is a phase rotation on the final
constellation. It is easily compensated with typical algorithms [16].
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Figure 3. A training sequence used to estimate the phase term (α).

Following the numerical compensation for these two phase offset
terms, (α) and (ϕ), Equation (7) could be simplified as follow:

{
receven = I
recodd = Q

(8)

Equation (8) shows that the de-interleaved signals are represent the in-
phase and quadrature baseband signal. Therefore, by subsampling the
signal based on (4) and de-interleaved the samples and compensating
for the phase offset terms, it is possible to extract the complex
baseband signal.

In real implementation, adjusting the exact value of α = π
4 is not

practical, and there is an error in the final product. This error, even as
small as it can be, degrades the overall performance of the baseband
signal extraction; therefore, it is necessary to estimate the error term
and compensate for it digitally at the output of the ADCs. The
following compensation algorithm is proposed to compensate for this
phase error term. The objective is to develop an algorithm to estimate
the offset in (α) using the same training sequences as those for both
IEEE 802.11 and 802.16 orthogonal frequency division multiplexing
(OFDM) based standards.

Figure 3 shows the I/Q signals of the training sequence. The
time steps are marked with circles and squares: when the circle points
are non-zeros, the square points are zero, and vice versa. Also, the
non-zero values of both the circle and square points have equal values.
Taking into account the above properties and using (7), the phase term,
(α), can be estimated based on the ratio of the samples at the marked
points. Where the estimated phase offset, αest, is proportional to the
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tangent of the phase offset (α):

αest = atan
(

I cos(ϕ) sin(α)
Q cos(ϕ) cos(α)

)
(9)

From (8), the phase offset term, (α), can be estimated for any offset
away from α = π

4 and can be easily compensated for afterward. The
nominator and denominator in Equation (9) are the non-zero points
marked respectively with circle and square in Fig. 3. These non-zeros
points have equal magnitude (I = Q). Therefore, Equation (9) can be
simplified to:

αest = atan
(

I cos(ϕ) sin(α)
I cos(ϕ) cos(α)

)
= atan

(
sin(α)
cos(α)

)
= atan(tan(α)) (10)

From (10) and proper selecting the data point from the training
sequence, it is possible to estimate the phase offset, (α).

This topology can be easily implemented for multi-standard
applications. For that, one need to set the LO frequency equal to the
desired carrier frequency and choose a proper subsampling rate based
on Equation (4). By adjusting these two parameters the proposed
receiver architecture is adjusted for any different standards.

4. SIMULATION AND MEASUREMENT RESULTS

The proposed architecture has been validated with commercial off-the-
shelf RF components using an OFDM-based signal with bandwidth
equal to 1.25 MHz. The block diagram of the measurement setup is
shown in Fig. 4. Two ESG-4438C signal generators, the first used as an
RF source and the second as a LO, were used to feed the mixer (MD-
141 from M/A-COM, Inc.). The output of the mixer was sampled
with an ADC (AD9430), and the sampled data were captured with a
high-speed ADC USB FIFO evaluation kit (from analog device). The
signal processing was performed in a MATLAB environment.

Using the above measurement setup, the RF signal was mixed
with the LO and digitized. The digital signal was de-interleaved and
zero padded. The training sequence part of the packet was used first
to synchronize the frame and then to estimate and compensate for
the error term in the phase offset, (α). The signal-to-noise-distortion
ratio (SNDR) was used as the metric in the evaluation of the quality
of the received signal compared to the transmitted signal. SNDR is
defined as the ratio of the input signal power over the mean power of
the difference between the original and received signals. Its expression
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is given by:

SNDR=10 log10

〈
mean

{∑(
I2
o + Q2

o

)}

mean
{∑{(

(Io − Ir)
2 + (Qo −Qr)

2
)}}

〉
(11)

where Io and Qo are the original in-phase and quadrature baseband
signals, respectively; and, Ir and Qr are the received in-phase and
quadrature baseband signals, respectively. The measured SNDR from
the above experimental setup was found to be in the vicinity of
20 dB. The actual measured value for the measurement conditions was
18.8 dB.

Figure 4. Block diagram of the measurement setup.

Figure 5. Power spectra of the original (blue solid) and extracted
(red dashed) baseband signals.
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Figure 6. Magnitude of the original and extracted baseband signals.

Figure 7. Sensitivity of the phase offset estimation algorithm.

The power spectrum of the original baseband signal and the signal
extracted at the output of the new receiver are compared in Fig. 5.
A good agreement between both spectra was observed, which proves
the soundness and the good performance of the proposed receiver
architecture.

In Fig. 6, the magnitude of the original baseband signal and the
signal extracted at the receiver output are compared. The results show
a good agreement between both time domain envelopes.

The sensitivity of the proposed phase offset estimation and
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compensation algorithm over different phase offset values was
investigated in MATLAB. For this purpose, a phase offset was
intentionally added to the baseband complex signal. Fig. 7 shows the
relative percentage error versus the phase offset values for different set
of SNRs. The simulation results indicates that the relative percentage
error is less than 8% for SNR = 15dB and eventually it reduced to less
than 1% for SNR higher than 25 dB.

5. CONCLUSION

This paper proposed an alternative topology suitable for subsampling
receivers based on de-interleaved concepts. The proposed architecture
uses a single path to simultaneously down-convert and extract the
inphase and quadrature baseband signals. Compared to the available
receiver architectures, the proposed topology requires fewer and
simpler circuit components. This simplicity makes the proposed
receiver a practical solution for low-cost, low-power, multi-standard
applications. The proposed receiver topology was tested with an
OFDM-based modulated signal. The SNDR of the proposed receiver
topology was shown to be better than 18 dB in the measurement
results. The sensitivity of the proposed phase offset algorithm over
different phase offset values was investigated and it was shown that
the relative percentage error on the phase offset estimation would be
less than 5% for SNRs higher than 20 dB.
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