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Abstract: Time-interleaved analog-to-digital converter (TI-ADC) technology can increase the
sampling rate without changing resolution. But, the dynamic performance of TI-ADC system
is seriously deteriorated by channel mismatches. Under the condition of large bandwidth,
gain mismatch and timing mismatch vary with the frequency, which cannot be regarded as fixed
values. To improve the dynamic performance of the TI-ADC system, an automatic calibration method
of channel mismatches for wideband TI-ADC system is proposed in this article. Frequency-dependent
channel mismatches are estimated by the algorithm based on sine fitting, and compensated by the
means based on perfect reconstruction. The entire sampling and calculation process is automated
and tedious operation is simplified. A 6.8-GS/s 12-bit wideband TI-ADC system is implemented.
This sampling system can achieve SNDR (signal-to-noise and distortion ratio) above 49 dB and
SFDR (spurious-free dynamic range) above 57 dB for an input signal from 100 MHz to 3300 MHz.
The proposed calibration method improves the SNDR over 10 dB and the SFDR over 15 dB.
The dynamic performance of the sampling system is close to that of its sub-ADC.

Keywords: time-interleaved ADC; automatic calibration; gain mismatch; timing mismatch;
sine fitting; perfect reconstruction

1. Introduction

The high-speed high-resolution sampling system is the crucial component in wideband digital
receivers, measurement instruments, and communication systems [1,2]. The performance of the
sampling system is mainly determined by analog-to-digital converters (ADCs), including sampling
rate, dynamic performance and full power bandwidth. However, the contradiction between high
sampling rate and high resolution restricts the development of ADCs [3]. TI-ADC technology can
effectively solve this problem. Several ADCs with lower sampling rate are used to acquire the signal in
parallel at the same clock frequency but different clock phases [4–7]. Finally, the sampling sequences of
sub-ADCs are combined as the output of the system to increase the sampling rate. An ideal architecture
of an M-channel TI-ADC system is shown as in Figure 1.

TI-ADC technique can multiply the sampling rate, but channel mismatches are introduced,
mainly including offset mismatch, gain mismatch, and timing mismatch [5–11]. Channel mismatches
can seriously degrade the spurious-free dynamic range (SFDR) and signal-to-noise and distortion
ratio (SNDR) of the TI-ADC system. At present, a lot of work has been done to correct the channel
mismatches. The TI-ADC channel mismatch calibration is mainly composed of two aspects, one is
channel mismatch estimation, and the other is channel mismatch compensation [12].

Accurate estimation of channel mismatches is a key step in realizing calibration of TI-ADC
channel mismatches. The current TI-ADC mismatch estimation algorithm is mainly divided into two
categories: forward estimation and backward estimation. Channel mismatches are calculated according
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to a calibration signal by the forward estimation algorithm in [13,14]. Channel mismatch measurement
is with high stability and high accuracy using this kind of estimation method. However, if the channel
parameters change, it is necessary to re-enter the calibration signal to calculate the channel mismatches.
The advantage of backward estimation algorithm is that the signal is reconstructed directly from the
acquired original signal without prior input of the calibration signal [15,16]. Although the backward
estimation algorithm can evaluate the variation of channel mismatch in real time, it has high complexity
and low precision. And the input signal should have certain special requirements, such as to have a
generalized stationary characteristic, or to meet oversampling. Adding an additional reference channel
to the TI-ADC system to estimate the channel mismatches is proposed in [17–19]. The disadvantage of
this method is that extra channel which consumes more area and power increases the complexity of
TI-ADC system. A series of sampled sinusoidal signals are used to estimate the amplitude response and
phase response of each channel, and the frequency response of the entire frequency band is obtained
by sine-wave fitting [20]. The disadvantage of this method is that it consumes a lot of measurement
time, especially for wideband TI-ADC system with a large number of channels.
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Figure 1. The ideal model of an M-channel TI-ADC (Time-interleaved analog-to-digital converter) 
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Figure 1. The ideal model of an M-channel TI-ADC (Time-interleaved analog-to-digital converter) system.

The purpose of TI-ADC channel mismatch compensation is to make the dynamic performance
of TI-ADC system as close as possible to that of its sub-ADC. According to whether the channel
parameters on the analog signal path need to be adjusted, channel mismatch compensation methods
can be divided into mixed-signal compensation and full digital compensation [21–23]. An analog
variable delay line (VDL) in the clock path of each sub-ADC is adopted to compensate the timing
mismatch in mixed-signal compensation method. The front-end analog circuit needs to be changed
when the mixed-signal compensation method is adopted, which will result in inflexibility in
application. The full digital compensation method is more flexible and can compensate for all
kinds of channel mismatches [22–26]. In [22], pseudo-aliasing signals are adopted to compensate
gain and timing mismatches. A notch filter and feedback signals are used to estimate gain
and timing mismatches, which increase its complexity. In [23], a derivative filter followed by a
fractional delay filter and a scaling factor is exploited for timing mismatch calibration. In [24],
a low-complexity Lagrange interpolation filter is used to compensate timing mismatch. But in these
articles, gain mismatch is regarded as a fixed value and not applicable to signals with large bandwidth.
In [25,26] frequency-dependent channel mismatches are researched, and compensated by means of
perfect reconstruction.

In Section 2, an automatic calibration method of channel mismatches for wideband TI-ADC
system is proposed. In Section 3, a 6.8-GS/s 12-bit wideband TI-ADC system is designed. The test
results are presented in Section 4. Section 5 gives the conclusions of this work.
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2. Calibration Method

There are several types of mismatches in the TI-ADC, but offset mismatch, gain mismatch,
and timing mismatch have the greatest impact on dynamic performance, such as SNDR and
SFDR. The inconsistency of channel parameters is mainly caused by signal power splitter, balun,
track-and-hold circuit in ADC, and cable length. Under the condition of large bandwidth, the gain
mismatch and timing mismatch of each channel will vary with frequency, which is enough to make
the dynamic performance of the sampling system deteriorate seriously. Offset mismatch can be seen as
not changing with the frequency of input signal. It can be easily estimated from the sub-ADC outputs
and corrected by the subtraction processes [26]. So, the following discussion focuses on the estimation
and compensation methods of frequency-dependent gain mismatch and timing mismatch.

The proposed wideband TI-ADC channel mismatch compensation method is based on the
principle of perfect reconstruction. The correction accuracy is determined by the estimation accuracy
of gain and timing skew. In practice, it is necessary to collect at least 100 sets of data at equal
frequency intervals in the working frequency band to ensure the estimation accuracy. Sampling and
processing hundreds of sets of data separately is quite time-consuming. Therefore, an automatic
calibration method of channel mismatches for wideband TI-ADC system is proposed. Using this
method, the finite impulse response (FIR) filter coefficients needed for compensation can be calculated
automatically. The consumed time and tedious operation during the calibration process are reduced.

The flowchart of automatic calibration method in wideband TI-ADC system is shown in Figure 2.
A signal generator that can be configured through Ethernet is needed in this method. The sampling
rate of the TI-ADC system is fs. K sets of sinusoidal sequence at the frequency f1, f2, · · · , fK is sampled
at equal frequency intervals within (0, fS/2). The initial value of the loop variable i is set to 1. Set ith
frequency of the signal generator when i ≤ K. After the setup of signal generator is complete, wait for
a second to stabilize the output of the signal generator. Then, start recording data and name this data
file i.dat. When a direct memory access (DMA) is completed (the data file reaches 4 MB), the file
record is ended. The loop variable i = i + 1 and the loop is continued until i > K. After sampling
data, the acquired data is used to estimate the channel mismatches. This procedure starts with a read
file loop. In every cycle, the amplitude and phase of each channel at each frequency are acquired
by sine fitting method. According to the conjugate symmetry of the real signal frequency response,
the channel mismatch function Hm will be obtained. This process will be elaborated in Section 2.1.
The reconstruction filter coefficient hm is calculated by the method in Section 2.2.



Electronics 2019, 8, 56 4 of 13

Electronics 2019, 8, x FOR PEER REVIEW 4 of 13 

 

Start

Set frequency and wait 1s.

i≤K

Start recording data.
Name this data file i.dat.

i=i+1

Yes

No

Stop

Record 4-MB data.

The reconstruction filter 
coefficient is calculated by 
the method in Section 2.2.

Yes

No

j=1

j≤K

Read 32k-point data from 
j.dat.

j=j+1

According to the conjugate 
symmetry of the real signal 

frequency response, the 
channel mismatch function 

is obtained.

i=1

The amplitude and phase 
of each channel are 

acquired by sine fitting 
method.

 

Figure 2. Flowchart of automatic calibration method. 

2.1. Estimation Method Based on Three-Parameter Least-Squares Fit to Sine-Wave Data 

Any single-frequency sine wave expression can be written as 

0( ) cos(2 )x t A f t C = + +  (1) 

where 
0f  is the sine wave frequency, A  is the amplitude,   is the phase and C  is offset. 

According to the properties of trigonometric functions, Equation (1) can be rewritten to 

0 0 0 0 0( ) cos(2 ) sin(2 )x t A f t B f t C = + +  (2) 

where 2 2

0 0A A B= + , 
0C C= , and 

 
 

1

0 0 0

1

0 0 0

tan if 0

tan if 0

B A A

B A A




−

−

 −        
= 

− +  

. 

Suppose that the sampling period of ADC is 1T  and N  sampling points are recorded as 

[1], [2], , [ ]x x x N . 
0A , 

0B  and 
0C  can be obtained by solving the minimum value of Equation (3) 

by least square method [27]: 

2

0 0 1 0 0 1 0

1

[ [ ] cos(2 ) sin(2 ) ]
N

n

e x n A f nT B f nT C 
=

= − − − . (3) 

Thus, the amplitude, phase and offset of ADC at 0f  can be estimated from the sampled 

sinusoidal sequence. 

Suppose that the TI-ADC system is M-channel. The aggregate sampling rate is sf . The 

sampling rate of each ADC is /sf M  and the phase difference from ADC0 to ADCM−1 is 2 / M  in 

sequence. The frequency range of sampled signal is (0, / 2)Sf . Sine sequence of K  frequency 

points 1 2, , , Kf f f  is acquired at equal frequency intervals in (0, / 2)Sf . Using the above 

sinusoidal three-parameter fitting estimation method, the amplitude discrete function ( )m kA f  and 

the phase discrete function ( )m kf  of each channel at K  frequency points are obtained, where 

0,1, , 1m M= −  and 1, 2, ,k K= . 

Figure 2. Flowchart of automatic calibration method.

2.1. Estimation Method Based on Three-Parameter Least-Squares Fit to Sine-Wave Data

Any single-frequency sine wave expression can be written as

x(t) = A cos(2π f0t + φ) + C (1)

where f0 is the sine wave frequency, A is the amplitude, φ is the phase and C is offset. According to
the properties of trigonometric functions, Equation (1) can be rewritten to

x(t) = A0 cos(2π f0t) + B0 sin(2π f0t) + C0 (2)

where A =
√

A2
0 + B2

0 , C = C0, and φ =

{
tan−1[−B0/A0] ifA0 ≥ 0
tan−1[−B0/A0] + π ifA0 < 0

.

Suppose that the sampling period of ADC is T1 and N sampling points are recorded as
x[1], x[2], · · · , x[N]. A0, B0 and C0 can be obtained by solving the minimum value of Equation (3) by
least square method [27]:

e =
N

∑
n=1

[x[n]− A0 cos(2π f0nT1)− B0 sin(2π f0nT1)− C0]
2. (3)

Thus, the amplitude, phase and offset of ADC at f0 can be estimated from the sampled
sinusoidal sequence.

Suppose that the TI-ADC system is M-channel. The aggregate sampling rate is fs. The sampling
rate of each ADC is fs/M and the phase difference from ADC0 to ADCM−1 is 2π/M in sequence.
The frequency range of sampled signal is (0, fS/2). Sine sequence of K frequency points f1, f2, · · · , fK
is acquired at equal frequency intervals in (0, fS/2). Using the above sinusoidal three-parameter fitting
estimation method, the amplitude discrete function Am( fk) and the phase discrete function φm( fk) of
each channel at K frequency points are obtained, where m = 0, 1, · · · , M − 1 and k = 1, 2, · · · , K.
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Based on the amplitude discrete function A0( fk) and phase discrete function φ0( fk) of channel 0,
the gain discrete equation of each channel at frequency fk can be written as

gm( fk) = Am( fk)/A0( fk) (4)

and the phase difference discrete equation is

τm( fk) = φ0( fk)− φm( fk) + fk/ fS · 2π · m (5)

According to the conjugate symmetry of the real signal frequency response, the channel mismatch
equation Hm can be acquired by gm( fk) and τm( fk):

Hm = Gm · ej·Ψm (6)

where

{
Gm = [gm( f1), gm( f2), · · · , gm( fK), gm( fK), · · · , gm( f2), gm( f1)]

Ψm = [−τm( f1),−τm( f2), · · · ,−τm( fK), τm( fK), · · · , τm( f2), τm( f1)]
.

2.2. Compensation Method Based on Perfect Reconstruction

The perfect reconstruction structure diagram of M-channel TI-ADC system is shown in
Figure 3. The equivalent transmission function of each channel before ADCs is regarded as Hm(ejw),
which corresponds to the estimated channel mismatch equation Hm in Section 2.1. The sampling rate of
each channel is 1/M of the aggregate sampling rate, which is equivalent to down sampling the signal
x(t). CLK0, CLK1, · · · , CLKM−1 is sampling clock. After M times up sampling, the discrete signals of
each channel are sent to the digital compensation FIR filter Rm(ejw). The output signal of each filter is
combined and the compensated signal y[n] is obtained. In the following derivation, the coefficients rm

of compensation FIR filters can be gotten using Hm the perfect reconstruction algorithm.
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The system sampling rate is fs and the sampling period Ts = 1/ fs. The bandwidth of input
wideband signal satisfies BW < fs/2. The output of the system in Figure 3 is

Y
(

ejw
)
=

1
M

M−1

∑
m=0

M−1

∑
p=0

e−j 2πmp
M X

(
jw
Ts

− j2πp
MTs

)
Hm

(
jw
Ts

− j2πp
MTs

)
Rm

(
ejw
)

(7)

where 0 < ω ≤ M−1
M · 2π. The signal x(t) is sampled in parallel by ADCs with a sampling rate of fs/M,

which leads to aliasing of the spectrum. When p = 0, Equation (7) is the spectrum of the input signal.
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When p = 1, 2, · · · , M − 1, Equation (7) is the signal caused by aliasing, which should be eliminated.
Equation (7) can also be written as:

Y
(

ejw
)
=

M−1

∑
p=0

X
(

jw
Ts

− j2πp
MTs

)
Tp

(
ejw
)

(8)

where:

Tp

(
ejw
)
=

1
M

M−1

∑
m=0

e−j 2πmp
M Hm

(
jw
Ts

− j2πp
MTs

)
Rm

(
ejw
)

(9)

According to perfect reconstruction theory [28], if only gain c and delay d exist between input
and output of the system, the following conditions should be satisfied:

Tp

(
ejw
)
=

{
ce−jωd p = 0
0 1 ≤ p ≤ M − 1

(10)

The following matrix expressions can be obtained from Equations (9) and (10):

T = H · R (11)

where T = [c · e−jωd 0 · · · 0]
T

, R = [R0(ejw) R1(ejw) · · · RM−1(ejw)]
T and

H = 1
M


e−j 2π0

M 0H0

(
j

Ts

(
w − 2π 0

M
))

e−j 2π0
M 1H1

(
j

Ts

(
w − 2π 0

M
))

· · · e−j 2π0
M (M−1)HM−1

(
j

Ts

(
w − 2π 0

M
))

e−j 2π1
M 0H0

(
j

Ts

(
w − 2π 1

M

))
e−j 2π1

M 1H1

(
j
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(
w − 2π 1

M
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M (M−1)HM−1

(
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(
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M
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...

...
...
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(
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M
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(
j

Ts

(
w − 2π M−1

M
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H is a matrix composed of channel mismatch function Hm, and R is a matrix composed of

compensation filter Rm for each channel. The frequency response equation of the compensated filter
can be obtained as

R = H−1 · T (12)

After transforming R into the time domain, the imaginary part of its complex coefficient is very
small and can be ignored. The corresponding coefficients of the compensation filter Rm(ejw) are

rm = Re
(

IFFT
(

Rm(ejw)
))

(13)

3. System Architecture

In order to verify the proposed calibration method, a TI-ADC system is described in this section.
Four 1.7-GS/s sub-ADCs in two ADC chips are time-interleaved in this system. The system mainly
consists of a field programmable gate array (FPGA) board, two sampling cards in the form of an FPGA
Mezzanine card (FMC), a clock board, an input output (IO) board, a backplane, a receiving board and
a storage server. The overall structure is shown in Figure 4. Analog signal is connected to a splitter and
transmitted to FMCs respectively. The reference clock is connected to the clock board, and the sampling
clock and SYSREF are generated to drive the FMC. The Joint Test Action Group (JTAG) interface can be
connected to the computer for debug. Backplane is mainly used to power and interconnect the circuit
boards. The sampled data can be passed to the back end via multi-gigabit transceiver (MGT), which is
converted from electrical signal to optical signal by optical transceiver in IO board, and transmitted to
receiving board of storage server through optical fiber. IO board implements the interface expansion of
the FPGA board, which integrates two quad small form-factor pluggable (QSFP) optical transceivers
and four small form-factor pluggable (SFP) optical transceivers. QSFP optical transceivers are used to
transmit sampled data, and SFP optical transceivers can be used to receive control information. Storage
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of sampled data and TI-ADC channel mismatch compensation are carried out on the storage server.
A receiving board with a peripheral component interconnect express (PCIE) interface is installed in the
storage server. The receiving board integrates two QSFP optical transceivers for receiving sampled
data from the optical fiber, and transmits it to the hard disks for storage.
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Figure 4. Overall structure of the TI-ADC system.

A commercial ADC (ADC12DJ2700) is used to implement the 3.4-GS/s 12-bit FMC. The structure
of the FMC is shown in the dotted box on the right of Figure 4. In the ADC chip, two sub-ADCs
alternately sample data. The ADC chip has a maximum sample rate of 5.4 GS/s and a resolution of
12 bits. There is a variable delay line (VDL) in the clock path of each sub-ADC, which can be adopted
to generate various phase required by TI-ADC systems. The ADC12DJ2700 operates in JMODE1.
In this mode, two 1.7-GS/s sub-ADCs in the ADC chip are time-interleaved to double the sampling
rate. Two 3.4-GS/s ADC chips are time-interleaved to double the sampling rate again. The delay time
of ADC1 relative to ADC0 is one quarter of the sampling clock period, which is implemented by the
Noiseless Aperture Delay Adjustment register in ADCs. The ADC uses SYSREF signal to achieve
deterministic latency and multi-device synchronization. The Clock chip (LMK04828) works in 0-delay
mode, and provides SYSREF for ADC and FPGA, Core CLK for JSED204B IP core, and REFCLK for
MGT. The frontend circuit is used to implement single to differential conversion and impedance match
for analog input and sampling clock. A broadband balun (BAL-0006SMG) is adopted to achieve a
good balance and frequency response.

There is a high performance FPGA (XC7VX690T) integrated on the FPGA board, which is used
to control sampling and receive data from ADCs. The board has two FMC interfaces to implement
multi-channel high-speed serial communication between FPGA and FMC. Pre-processing such as data
alignment is done in the FPGA. The data processed by FPGA can be delivered for storage via MGT or
analysis via JTAG.

Clock jitter corresponds to the uncertainty of the sampling timing of the ADC during
analog-to-digital conversion, and can usually be quantitatively characterized by measuring its
root mean square (RMS) value. Signal-to-noise ratio (SNR) is an important index to evaluate the
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performance of an ADC. According to the relation between the jitter and SNR [29], the SNR can be
estimated by Equation (14). If fin = 3300 MHz and SNR > 50 dB, the tjitter should be less than 150 fs.

SNR = −20lg
(
2π fintjitter

)
(14)

The clock chip (LMX2582) meets the requirement of the sampling clock jitter. LMX2582 is
a phase locked loop (PLL) which is used to generate a 1.7-GHz sampling clock and the external
voltage-controlled oscillator (VCO) of another clock chip (HMC7044). The HMC7044 acts as a clock
divider, dividing the 1.7-GHz clock to 5-MHz SYSREF. Both clock chips are controlled by FPGA via the
serial peripheral interface (SPI).

4. Results and Discussion

In order to verify the automatic calibration method proposed in this article, the wideband TI-ADC
system designed in Section 3 is used for testing. A four-channel TI-ADC system is implemented using
four sub-ADCs in two chips. The test setup is shown in Figure 5. The 100-MHz reference clock to the
clock board is produced by a signal generator (SMJ100A). The single frequency sine wave is produced
by another signal generator (E8257D). The sine wave is sent to two FMCs through a power splitter.
The 1.7-GHz sampling clock generated by the clock board is delivered to two FMCs through another
power splitter. The sampled data is transferred to the storage server through QSFP optical transceivers
on the IO board. Data storage and TI-ADC channel mismatch calibration are completed in the storage
server. The storage server and E8257D are connected via Ethernet. Custom software running on the
storage server can configure the E8257D through Ethernet.
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Figure 5. Experimental setup for four-channel 6.8-GS/s TI-ADC system.

Data acquisition is controlled by software running on the storage server. The frequency range of
calibration data is from 100 MHz to 3300 MHz and the frequency interval is 20 MHz. The frequency
band 0~100 MHz and 3300~3400 MHz are not of concern, and the gain and phase of these frequency
bands can be directly replaced by that of 100 MHz and 3300 MHz, respectively. Calibration is done on
MATLAB. After the software is started, the entire process is automatically completed by the sampling
system and signal generator. Curves of magnitude versus frequency relative to channel 0 are shown in
Figure 6a, and that of phase is shown in Figure 6b. From the amplitude-frequency and phase-frequency
curves of four sub-ADCs, it can be seen that the sub-ADCs in the same chip have better consistency.
But there are still deviations in some frequency ranges. These deviations still deteriorate the dynamic
performance of the system.
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Figure 6. Curves of four channels: (a) magnitude vs. frequency; (b) phase vs. frequency.

From [30] we can see that, there are spurs at k × fs/M ± fin when gain and timing mismatch exist,
where fs is sampling rate of system, M is the number of ADC, fin is frequency of input sinusoidal signal
and k = 1, 2, 3 · · · . The output spectrum of 2.81 GHz sinusoidal signal before and after compensation is
shown in the Figure 7. In this sampling system, fs = 6.8 GS/s, and M = 4. Due to the existence of gain
mismatch and phase mismatch, spurs appear in the spectrum at 0.59 GHz, 1.11 GHz and 2.29 GHz.
The spurs caused by mismatches are significantly suppressed after calibration. The SFDR is increased
from 37.7 dB to 61.6 dB and SNDR is raised from 37.4 dB to 50.3 dB.
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A multi-tone power ratio (MTPR) test is performed in the TI-ADC system. The input frequency
range of multi-tone sinusoidal signal is from 810 MHz to 3210 MHz and the interval is 200 MHz.
The output spectrum of multi-tone signal before and after compensation is shown in the Figure 8.
Comparing Figure 8a with Figure 8b, the spurious signals due to channel mismatches are effectively
suppressed after calibration.
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The measured SFDR and SNDR versus frequency before and after calibration are plotted in
Figure 9. The SNDR above 49 dB and SFDR above 57 dB for a sinusoidal input signal from 100 MHz
to 3300 MHz can be obtained after calibration by this TI-ADC system. The SNDR is improved over
10 dB and the SFDR is increased by more than 15 dB. Dynamic performance comparison between the
TI-ADC system and its sub-ADC is depicted in Figure 10. The dynamic performance of the TI-ADC
system is close to that of its sub-ADC, which shows the validity of the proposed method.

There are many methods to compensate channel mismatches in TI-ADC systems. The calibration
algorithms in [31,32] and this work are compared. Dynamic performance comparison among the
methods in [31,32] and this article is shown in Figure 11. The method in [31] regards gain mismatch
and time mismatch as not changing with frequency. When multiple chips are time-interleaved, it works
only if the input signal is narrowband. As the frequency increases, the dynamic performance of the
TI-ADC system decreases rapidly. In [32], a Lagrange interpolator is used as the reconstruction filter
to correct timing mismatch. This method cannot effectively correct the frequency-dependent gain
mismatch. It can be seen from the Figure 11 that the proposed calibration method is superior to that
in [31,32].
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5. Conclusions

In this article, an automatic calibration method of channel mismatches for wideband TI-ADC
system is proposed. Frequency-dependent channel mismatches are estimated by the method based
on sine fitting, and compensated by the method based on perfect reconstruction. The entire
sampling and calculation process is automated and tedious operation is simplified. A 6.8-GS/s 12-bit
wideband sampling system hardware is designed to verify the proposed method. Although there
are frequency-dependent gain and timing mismatches between each channel, the coefficients of the
compensation filter can be easily obtained by using the proposed calibration method. This sampling
system can achieve SNDR above 49 dB and SFDR above 57 dB for an input signal from 100 MHz
to 3300 MHz. The SNDR is improved over 10 dB and the SFDR is increased by more than 15 dB.
The dynamic performance of the sampling system is close to that of its sub-ADC. The experimental
results show the validity of the proposed method.
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