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In the signal acquisition of complete orthogonal frequency alternating acquisition system, we need to transform the broadband
input signal to baseband through analogue orthogonal demodulation. .us, the IQ imbalance errors will inevitably exist, in-
cluding amplitude imbalance error and phase imbalance error, resulting in distortion deterioration of reconstruction signals. .is
paper makes an in-depth study on such IQ imbalance errors and mathematically deduces the mathematical expressions of
imbalance errors and the spurious frequency distribution caused by them, which shows that the positions where the spurious
signals appear are closely related to the frequency of input signal and the tuning frequency of analogue quadrature demodulation.
Meanwhile, the amplitude and phase imbalance parameters of the channels I and Q are also calculated. Finally, the spurious effects
caused by imbalance errors are verified by simulation experiment, and the verification results are consistent with the theoretical
derivation results.

1. Introduction

Sampling rate and bandwidth are two key indicators to
evaluate the performance of a set of data acquisition systems,
and the two indicators are also directly reflected in the
performance of analogue-to-digital converter (ADC). At the
current level of integrated circuit technology, the sampling
rate and bandwidth of a single ADC is extremely limited; in
order to build a wideband high-speed acquisition system, it
can only be realized by combination sampling using several
ADCs. One combination mode is time-interleaved sam-
pling, namely, TIADC mode [1, 2], which can effectively
break the limit of sampling rate, but the bandwidth is still
limited; the other combination mode is frequency-inter-
leaved sampling, namely, FIADC mode [3], also known as
the HBF mode [4], which is the best means to effectively
increase the sampling rate and bandwidth.

.e structural forms of frequency-interleaved sampling
technology mainly include two types, namely, traditional
structure [5] and orthogonal structure [6, 7]..e orthogonal

structure is an equivalent improvement of the traditional
structure. Its concept is that the input signal is uniformly
divided into several sub-bands in terms of frequency
spectrum characteristics, each sub-band is moved to the
baseband by analogue IQ quadrature demodulation, and
then the various baseband signals are sampled using the
ADC and the carrier frequency of these baseband signals is
recovered with the help of the digital IQ quadrature mod-
ulation algorithm, so as to achieve the purpose of repro-
ducing the characteristics of input signal. As this structure
involves the two characteristic links of analogue IQ quad-
rature demodulation and digital IQ quadrature modulation,
it is also known as a complete orthogonal frequency alter-
nating acquisition structure. In this structure, it required to
design only one analogue low-pass filter at the front end of
the ADC array and one digital low-pass filter at the back end,
which greatly reduces the design complexity and error
sources of filters and is more conducive to engineering
applications; moreover, the sampling rate and bandwidth of
various ADCs are further reduced by a half compared to
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those of the traditional structure, which is conducive to
construction of higher speed and larger bandwidth acqui-
sition systems.

.e errors existing in both traditional and complete
orthogonal frequency alternating acquisition systems in-
clude analogue device error, channel mismatch error, and
signal reconstruction error. At present, a large number of
literatures [8–11] have made an in-depth study on evalua-
tion, compensation, calibration, etc. of these errors. How-
ever, due to the introduction of an analogue IQ quadrature
demodulator at the front end of the ADC, the IQ imbalance
errors will inevitably exist in the complete orthogonal fre-
quency alternating structure [12, 13], including the two parts
of IQ amplitude imbalance error and phase imbalance error,
which directly leads to frequency spectrum deterioration
and spurious cluttering of output signals. .e study on IQ
imbalance errors in such structures is still quite scarce and
needs to be further developed. .is paper focuses on
studying the IQ imbalance errors in the complete orthogonal
frequency alternating systems, progressively deduces the
mathematical expression of the output spurious signals in
the case of IQ imbalance, determines the frequency positions
of various spurious signals and their correlations with input
signal frequency, obtains the computation expressions of
amplitude and phase imbalance parameters, and finally
verifies the analysis by simulation experiment.

2. Principle of Complete Orthogonal Frequency
Alternating Acquisition

Figure 1 shows the principle structure of complete or-
thogonal frequency alternating acquisition system, of which
sampling period is Ts.

.e analogue quadrature demodulator and analogue
low-pass filter Φ(jΩ) of M-channel are used to uniformly
convert the input signals Φ(jΩ) into M-channel baseband
sub-signals of equal bandwidth, and thus the bandwidths of
various sub-signals are reduced to (1/2M) of the input
signals; then, the base band signal can be digitized by M-
channel ADC with sampling period of (1/2M), and then the
carrier frequencies of various baseband sub-signals are,
respectively, recovered to the tuning frequency points of
analogue quadrature demodulator at the front end of cor-
responding channels using digital up-conversion (DUC)
[14] and added together to obtain the full digital domain
information of input analogue signals. .e digital up-con-
version (DUC) consists of three operations, namely, 2M-fold
interpolation, digital low-pass filtering with a frequency
response of Ψ(ejω), and digital quadrature modulation.

Full-domain processing is made for the signals in the
first Nyquist domain, and then the tuning frequency of each
channel analogue quadrature demodulator can be expressed
as

Ω
→

� Ω0, . . . ,Ωm, . . . ,ΩM−1 , m ∈ [0, M − 1], (1)

where Ωm � (2m + 1) · (π/2M).
.e time-domain expression of analogue quadrature

demodulator is

OCm � e
− jΩmt

� cos Ωmt(  − j sin Ωmt( . (2)

According to Fourier transform characteristics, the
signals Xm(jΩ) after analogue quadrature demodulation are
as follows:

Xm(jΩ) � X jΩ + jΩm( . (3)

After sampling by analogue low-pass filter and ADC, the
frequency characteristics of signals can be expressed as
follows:

Xm e
jω

  �
1

2MTs
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If ωm is used to express the tuning frequency of sub-
sequent digital quadrature modulator, then ωm � ΩmTs and
the output signal Y(ejω) is

Y e
jω

  � 
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r�0
X j

ω
Ts
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  · Tr e
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 , (5)

where
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jω
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1
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MTs

 Ψ e
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It expresses the transfer function of the system [15].
Assuming the output signal Y(ejω) is reproduction of un-
distorted digital domain of the input signal X(jΩ), then
Tr(ejω) shall satisfy

Tr e
jω

  �
Ce

− jωd
, r � 0,

0, r ∈ [1, 2M − 1].

⎧⎨

⎩ (7)

At this point, the output signal Y(ejω) � Ce− jω d

X(j(ω/Ts)) is only the result of grain and delay effects of the
input signal and there are no other spurious or aliasing
phenomena. However, in fact, when r≠ 0, Tr(e

jω) is im-
possible to be theoretically zero. .is means that the re-
construction error exists objectively, which can only be
reduced as far as possible to meet the signal-to-noise dis-
tortion ratio required by the intended design.

3. Analysis of Analogue IQ Imbalance Errors

.is paper focuses on IQ imbalance analysis of analogue
demodulation, so the effects of analogue device error,
channel mismatch error, and signal reconstruction error are
ignored for the time being.

Suppose the IQ imbalance errors are uncorrelated with
the input signal’s frequency; then, formula (2) is changed
while the IQ imbalance errors are introduced:
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OC
Δ
m � cos Ωmt(  − j 1 + αm( sin Ωmt + φm( , (8)

where αm and φm, respectively, express the magnitude im-
balance parameter and phase imbalance parameter between
the two channels I and Q in the mth channel analogue
quadrature demodulator.

.e Fourier transform expression of formula (8) is

F OC
Δ
m  � 2πδ Ω −Ωm(  + π 1 − 1 + αm( cos φm

− j 1 + αm( sin φmδ Ω −Ωm( 

− π 1 − 1 + αm( cos φm + j 1 + αm( sin φm δ

· Ω +Ωm( ,

(9)

where F[·] represents Fourier operator. .en, in this case,
the signal after analogue quadrature demodulation is
updated as XΔm(jΩ), and

X
Δ
m(jΩ) � X jΩ + jΩm(  +

1 − Pm

2
X jΩ − jΩm( 

+
Sm − 1

2
X jΩ + jΩm( ,

(10)

where Pm � (1 + αm)ejφm and Sm � (1 + αm)e− jφm . .e
signal after sampling by analogue low-pass filter and ADC is
updated as XΔm(ejω) and
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Figure 1: Principle of orthogonal frequency alternating acquisition systems.
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.en, the output signal is updated as YΔ(ejω) and
satisfies

Y
Δ

e
jω

  � Y e
jω

  + zm, (12)

where zm represents the error term of the system output
signal with IQ imbalance compared with the output signal
without IQ imbalance, and it meets

zm � 
2M−1

r�0
X j

ω
Ts

− j
πr

MTs

  ×
1

2MTs



M−1

m�0

Sm − 1
2
Φ j

ω
Ts

− jΩm − j
πr

MTs

 Ψ e
jω− jωm ⎡⎣ ⎤⎦

+
1

2MTs



2M−1

r�0


M−1

m�0

1 − Pm

2
X j

ω
Ts

− j2Ωm − j
πr

MTs

  ×Φ j
ω
Ts

− jΩm − j
πr

MTs

 Ψ e
ejω−jωm

  .

(13)

Obviously, zm directly reflects the spurious situation in
the case of IQ imbalance.

In order to further evaluate the specific impact of am, the
input signal is loaded as a single tone sinusoidal signal.

Suppose the amplitude is UIN, and ΩIN and ωIN are the
analogue and angular frequencies, respectively. At this point,
formula (13) can be simplified into
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In formula (14), according to the frequency response
characteristics, the analogue low-pass filter and the digital
low-pass filter should have

Φ j
ω
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− jΩm − j
πr

MTs

 Ψ e
jω− jωm |ω� ± ωIN+(πr/M) � Φ ±j

ωIN
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≈ 0, r> 1.

⎧⎪⎨

⎪⎩
(15)

.erefore, analysis for zm mainly focuses on the cases of
r� 0 and r� 1. At this point,
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According to formulas (16) and (17), it can be founded
that zm will produce excessive frequency spectrum signals at
the frequency position IQ

ω , and

ωIQ � ±ωIN +
π
M

 ∪ ±ωIN + 2ωm  ∪ ±ωIN +
π
M

+ 2ωm . (18)

Formula (18) directly reflects the frequency distribution
of spurious signals brought about by imbalance error, and
the position where it appears is closely related to the input
signal frequency and the tuning frequency of quadrature
modulation and demodulation, and the number of spurious

signals is obviouslymore than that of spurious signals caused
by grain error, biased error, and time error of ADC ac-
quisition channel. .e reason mainly lies in that the IQ
mismatch errors bring an additional impact factor (i.e., the
tuning frequency of quadrature modulation) to the channel
mismatch.

To further analyze the amplitude strength of spurious
signals, now a uniform n-point discrete Fourier transform is
made for formula (4) within the interval of [0, 2π]. At this
point, r� 0; therefore,
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In formula (19), k ∈ [0, N − 1]. XΔm(ejω) represents the
frequency spectrum characteristics of signals after sam-
pling by ADC, and the frequency spectrum value of each
point is measurable and then the amplitude imbalance
parameter αm and phase imbalance parameter φm between
the two analogue channels I and Q can be estimated in the
inverse direction according to the number of frequency
spectrum of signals after sampling by ADC. Details are as
follows.

When k � (ωIN − ωm/π) · N · M, it can be obtained that

X
Δ
m e

jω
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Sm − 1
2

 Φ
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(20)

When k � (ωIN − ωm/π) · N · M, it can be obtained that
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(21)

.en, combining formulas (20) and (21), it can be ob-
tained that

1 + αm( e
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(22)

In formula (22), Φ(jΩIN + jΩm) can be obtained
according to the designed analogue low-pass filter Φ(jΩ).
According to formula (22), the computation expressions of
amplitude imbalance and phase imbalance parameters can
be obtained as follows:
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Figure 2: Simulink model of 4-channel high-speed system with IQ mismatch.
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4. Simulation Verification

To verify that the IQ imbalance error in the complete or-
thogonal frequency alternating acquisition system can bring
about spurious effects on the output signal, experimental
analysis is further made using the Simulink simulation tool.
.e Simulinkmodel is shown in Figure 2. Here, the complete
orthogonal frequency alternating acquisition system is in-
stantiated as a four-channel (M� 4) high-speed acquisition
system, with a total sampling rate of fs � 2GSPS

(fs � (1/TS)), which totally requires eight low-speed ADCs
operating at 250MHz.

.en, the quadrature modulation and demodulation
frequencies fm (fm � ωm/2π � (ΩmTs/2π)) of various
channels are f0 � 125MHz, f1 � 375MHz, f2 � 625MHz,
and f3 � 875MHz, respectively.

Let the input signal be a cosine signal, and it is expressed
as follows:

x(t) � cos 2πfINt( , (24)

where fIN � (ωIN/2π) � (ΩINTs/2π). To significantly ver-
ify the spurious effects of amplitude imbalance and phase
imbalance, the amplitude imbalance parameters of various
channels are set as 8, 9, 10, and 11, respectively, and the
phase imbalance parameters of various channels are set as
(π/6), (π/8), (π/10), and (π/12), respectively. Meanwhile,
set fIN � 230MHz. .e frequency spectrum of the output
signal is obtained as shown in Figure 3.

In the frequency spectrum information as shown in
Figure 3, in addition to the input information including
230MHz, there are also a total of seven spurious signals at
20MHz, 270MHz, 480MHz, 520MHz, 730MHz, 770MHz,
and 980MHz.

Here, formula (18) is rewritten as the frequency form:

fIQ � ±fIN +
fs

2M
 ∪ ±fIN + 2fm ∪ ±fIN +

fs

2M
+ 2fm .

(25)

Calculation based on formula (25) and various setting
parameters reveals that the spurious signals theoretically
deduced are all reflected in these seven signals (see Table 1
for details).

.us, it can be seen that the simulation verification
results are consistent with the theoretical derivation,
reflecting the objective existence of spurious effects caused
by IQ imbalance.

5. Conclusion

.e complete orthogonal frequency alternating acquisition
systems are a kind of high-speed signal processing systems
built based on low-speed narrowband analogue-to-digital
converter devices, with the advantages of lower sampling
rate of required devices, simpler filter design, and easier
engineering application than the traditional frequency-in-
terleaved acquisition systems. However, due to the different
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Figure 3: Output spectrum under the effect of IQ mismatch.

Table 1: Statistics of spurious source.

Spurious frequency point (MHz) Spurious source
20 −fIN + (fs/2M), −fIN + 2f0, −fIN + 2f2
270 −fIN + (fs/2M) + 2f0, −fIN + (fs/2M) + 2f2
480 fIN + (fs/2M), fIN + 2f0, fIN + 2f2
520 −fIN + 2f1, −fIN + 2f3
730 fIN + (fs/2M) + 2f0, fIN + (fs/2M) + 2f2
770 −fIN + (fs/2M) + 2f1, −fIN + (fs/2M) + 2f3
980 fIN + 2f1, fIN + 2f3
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analog quadrature demodulation operation of this kind of
system, there are not only the same analog implementation
error and channel mismatch error as the traditional system
but also IQ imbalance error. In order to master the effects of
IQ imbalance errors on such systems, this paper makes a
detailed study and mathematically deduces the spurious
effects of imbalance errors and verifies them combined with
simulation experiments. As a whole, the IQ imbalance errors
will bring several spurious signals to the output signals and
cause frequency spectrum deterioration, and the frequency
distribution of these spurious signals is directly influenced
by the input signal frequency and the analogue quadrature
demodulation frequency.
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