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Abstract: This article presents a method to calibrate a 16-channel 40 GS/s time-interleaved analog-
to-digital converter (TI-ADC) based on channel equalization and Monte Carlo method. First, the
channel mismatch is estimated by the Monte Carlo method, and equalize each channel to meet the
calibration requirement. This method does not require additional hardware circuits, every channel can
be compensated. The calibration structure is simple and the convergence speed is fast, besides, the
ADC is worked in background mode, which does not affect the conversion. The prototype,
implemented in 28 nm CMOS, reaches a 41 dB SFDR with an input signal of 1.2 GHz and 5 dBm
after the proposed background offset and gain mismatch calibration. Compared with previous works,
the spurious-free dynamic range (SFDR) and the effective number of bits (ENOB) are better, the
estimation accuracy is higher, the error is smaller and the faster speed of convergence improves the
efficiency of signal processing.

Keywords: analog-to-digital conversion; Monte Carlo estimation; channel equalization; field
programmable gate array (FPGA)

1. Introduction

With the popularization of Internet, various new media promote the explosive development of the
network industry. The transmission bandwidth requirements of metropolitan area networks and
backbone networks continue to increase. Reference [1] proposes a method which includes two pilot
scheduling schemes, fractional pilot reuse (FPR) and asynchronous fractional pilot scheduling (AFPS)
scheme, which significantly mitigate the personal computer (PC) in the uplink time division duplex
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(TDD) massive multiple-input-multiple-output (MIMO) system. Reference [2] describes a machine
learning and deep learning concepts in optical 5G network, they collect the data first, and operate the
optimal weighted feature extraction (OWFE), then they finish the slicing classification. Their model
can influence the provision of accurate 5G network slicing. In 5G communication and MIMO system,
there are still many challenges to the deployment of transmission systems. In order to transfer the
photoelectric conversion analog signals into the digital domain, ADC plays an important role.

The traditional intermediate frequency (IF) signal acquisition platform is shown in Figure 1. With
the help of a software radio structure, the microwave signal received by the antenna is mixed, converted
into an IF signal, and then it is sampled after the signal conditioning links such as amplification and
filtering; however, for the 20 Gbps radio frequency signal, the IF method cannot directly sample the
radio frequency signal, so the radio frequency (RF) signal sampling structure is created, which is shown
in Figure 1. First, it receives the radio frequency signal, and passes through a filter to reduce noise.
After filtering through a low noise amplifier (LNA), it enters the ADC to achieve analog-to-digital
conversion. Compared with the traditional sampling method, the structure is simpler and it is more
suitable for high-bandwidth signals.

ICRSTEA Optical Signal Receiver System
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Filter LNA Filter

S FPGA

IF Input

N . Traditional IF Sampling System
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| AGC | Driver ADC FPGA

Filter LNA Filter

LO

Figure 1. RF sampling compared with traditional IF sampling.

In order to meet the requirements of RF signal sampling frequency, the sampling method of multi-
channel time interleaving is proposed and widely used in ultra-wideband communication and high-
speed serial communication. The structure and clock phase are shown in Figure 2, M channels sample
alternately, and the sampling frequency becomes M times that of a single channel. Although the time
interleaved technology increases the sampling frequency on the limited hardware resources, due to
process issues and device aging, stress imbalance and temperature drift, etc., the gain, offset and delay
of each channel will be randomly distributed (gain and offset are the values by which the input values
are multiplied and then to which the input values are added, respectively), and such errors will be
amplified several times under the influence of high speed, which seriously affect the accuracy of ADC,
so ADC calibration becomes a key step in the process of digital signal.
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Figure 2. (a) M-channel TI ADC; (b) Its clock phase.

In recent years, scholars have mostly used equalization technology, adaptive blind correction, and
random chopping sampling technology for calibrating the channel mismatch. Some works propose
inter-channel equalization technology to solve the gain mismatch [3—6], they divide the convergence
process into several phases and assist with a monotonicity detector to decide when to shift from one
phase to the next phase. Selecting one of the channels as the reference channel will cause the channel
to fail to perform self-calibration, and the calibration model lacks completeness, secondly, the addition
of the reference channel makes the input impedance change, which is an obvious shortcoming for ultra-
high-speed ADCs. The method proposed in [7] is to estimate the mismatch between channels, the
technique is based on the discrete Fourier transform (DFT) for estimating and correcting gain
mismatch and timing error in an M-ADC, which also describes the influence of these mismatches,
however, the research does not propose a method to compensate the offset error, the technique is lack
of integrity. In [8], an fast Fourier transform (FFT)-based method to evaluate and compensate offset
and gain errors in time-interleaved ADC system is proposed with a known sinusoidal input. In [9], a
digital background calibration method is proposed to calibrate the offset and gain mismatch as well as
the timing error.

Reference [10] proposes a digital hybrid background calibration for time delay, with a 5 GS/s 29
mW TI successive-approximation-register (SAR) ADC, and the calibrated signal noise distortion rate
(SNDR) reaches 48.5 dB (which is also called signal-to-noise-and-distortion ratio (SINAD) officially
in the IEEE Standard, in order not to confuse the two definitions (SNDR and SINAD) later in the text,
the subsequent exposition is consistent with the standard and is referred to as SINAD). They use a
model of parameter mixed between channels, and estimate the time delay based on Nyquist frequency,
the method is divided into 4 steps to achieve channel alignment. Finally, the calibration is completed
in the order of offset and gain. However, the reason for the offset and gain mismatch is attributed to
the delay in the article, after estimation and compensation, the offset and gain mismatch are resolved.
For ultra-high-speed optical signal acquisition systems, the sources of mismatch are more complicated,
and the effects of offset and gain need to be considered separately on the basis of completing channel
alignment. Reference [11] divides the TI structure into two topological structures, which improves the
convergence speed of time offset calibration, and SINAD can reach 54.2 dB; Reference [12] mainly
introduces the calibration of bandwidth mismatch, based on the traditional method, constructs a kind
of FIR filter to implement signal compensation. References [9] and [13] describe an algorithm for
evaluating ADC performance, and comprehensively analyzes the impact of bandwidth mismatch on
sampling. References [14,15] are different from the traditional background calibration, the calibration
method of the digital-to-analog converter (DAC) in the feedback link is introduced, which further
improves the calibration effect. References [16—18] analyze the influence of channel mismatch
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sampling, they use the channel cross feedback mechanism to equalize the mismatch, and design a
peripheral delay circuit to compensate for the offset of the calibration clock, which eliminate the energy
of harmonics, and improve SINAD; References [19-22] propose a background calibration method that
does not require pre-emphasis based on a 65 nm, 6-bit, 16 GS/s TI ADC. The offset mismatch is
reduced after digital calibration, the delay phase locked loop is used to generate 8 sampling interfaces
as multi-phase clock generator; References [23—25] propose a blind method to estimate channel
mismatch and timing skew, this method does not need to know the input signal, as long as it meets
the required bandwidth, calibration can be done while ADC is converting, it can be applied to many
environments. The above works are all carried out around the background calibration. Compared
with the foreground calibration, the background calibration can better monitor the power and
temperature of the system, besides, it will not affect the normal sampling of the ADC. 1241-2010
IEEE Standard in [26] provides the standard for terminology and test methods for analog-to-digital
converters, which also includes the method to calculate the gain and offset mismatch.

Different from the previous research works, this article does not select an actual channel as the
reference channel, which means all channels can be calibrated and there is no impedance mismatch.
When every channel meets the standard (offset and gain error are 0), the calibration is completed,
otherwise, calibrate it until convergence. We estimate the mismatch first and design a channel
equalization structure to calibrate, such method can reduce the error and the signal quality is further
improved. Besides, there are a variety of random noise in the complex transmission channel, traditional
methods are not stable especially at a high sampling frequency, however, Monte Carlo method happens
to be flexible to deal with these random issues, so the relative error of estimation is smaller and reduces
the number of iterations. After calibration, the SFDR reaches 41.72 dB and the SINAD increases from
21.65 dB to 30.16 dB, the signal-to-noise ratio (SNR) improves from 21.91 dB to 30.58 dB and ENOB
achieves 5.76 bits, such method shows a better performance than other methods in the same experiment
condition.

The rest of this article is organized as follows: Section 2 describes the impact of mismatch on
ADC. Section 3 reviews the accumulative average algorithm used in the channel equalization process.
Section 4 describes the improvement of the channel equalization algorithm. Section 5 is the hardware
implementation and experiment results compared with other art works. Section 6 draws the conclusion.

2. The influence of mismatch

There are two versions to define the gain and offset: 1) (independently based) gain and offset are
the values by which the input values are multiplied and then to which the input values are added,
respectively, to minimize the mean squared deviation from the output values. 2) (terminal based) gain
and offset are the values by which the input values are multiplied and then to which the input values
are added, respectively, to cause the deviations from the output values to be zero at the terminal points,
that is, at the first and last codes. In order to verify the derivation, we simulate the mismatch by a 4-
channel 8-bit ADC with the sampling frequency at 40 GS/s, there are two types of input signals: the
input frequency f;;, is 1.2 GHz and 12 GHz, both voltage of the input signal is 1 V.
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2.1. Analysis of offset mismatch

Because the processing is performed in the digital domain, the processing process is based on the
binary output, the input of the circuit is a standard sinusoidal signal, therefore, in the complete cycle,
the average value of the output code is 0, compared the actual average value with 0 can get the offset
mismatch. The same input voltage, output different codes, subtracting a calibrated offset mismatch
from this code is the output result after calibration. The conversion structure is shown in Figure 3(a),
each channel has an offset mismatch O; [27], the mismatch cause the transfer curve to deviate from
the ideal curve, as shown in Figure 3(b). At the same time, the temperature drift and stress of the chip
will also affect it. A certain range of fluctuations are generated on the input analog voltage. Such
fluctuations are randomly distributed among the sub-ADCs (SADCs), and there is a positive or
negative shift.

iai Ideal
Digital
Output ADGj e _ ADCi
/
91
|:> ¢;_// —‘>y}’1 Offset
Vin ¢3 > V2 \
¢M_// > Y3
ADC > Yum N
0) I Offset
0,
03 /
OM . . :
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Figure 3. (a) Conversion model with offset mismatch; (b) Transfer curve under ideal
and offset mismatch case.

Each channel has a different offset mismatch 04, 05, ..., Oy, since each channel works alternately,
the offset mismatch can be seen as periodic noise, which can be expressed as:

{..,01,0,,...,044,01,0,,...,044,04,0,,..} (1)
in the time domain, the noise sequence can be expressed as:
M oo
y(©) =Y 0; ) 8(t— kT, —nMT) @
i=1  n=—oo

where T is the sampling period, in order to identify the influence of the harmonics caused by the offset
mismatch, Fourier transform of Eq (1) can be represented as:

1 M-1 )
_ L 2m
Oy = Z 0,e~ /G 3)

[=—o0

bring Eq (3) into the output signal:
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n=—oo

it can be seen from Eq (4) that the offset mismatch will produce harmonic components at i X fs/M,
i=0,1,2,..,M—1, fs is the sampling frequency, since the DFT has symmetry, this article takes the
spectrum of one side, and the harmonics of the other half are the same. When the ADC only has an
offset mismatch, for example, simulate the offset in the 4-channel ADC, we set the root mean square
(RMS) and the range of offset to 0.29 V and + 0.5 V respectively, Figure 4(a),(b) show the comparison
between ideal and mismatch sampling sequence, the offset mismatch of each channel is different, and
they all deviate from the ideal sampling point. As shown in Figure 4(c),(d), the spectrum contained M-
1 harmonic components.

Offfset Mismatch Affect Offfset Mismatch Affect

15

15

= = =Ideal
Mismatch

= = =Ideal

Mismatch

-

e
@

s s

g 3

g g

3 g
0.5

'
-

. s . . | N N P L |
0 10 20 30 40 50 0 10 20 30 40 50

Sampling Time (ps) . Sampling Time (ps)
(a) (b)
0 Actual Spectrum 0 . Actual Spectrum
A f in
-20 0 A
-40
— = 50
8 0 3
o Q
3 0 E
2 100 5
=7 = 100
-120
-140
160 L L L 150 L L I J
0 5 10 15 20 0 5 10 15 20
Frequency (GHz) Frequency (GHz)
©) (d)

Figure 4. Sampling sequence with offset mismatch: a) f;,, = 1.2 GHz, b) f;;, = 12 GHz;
Spectrum with offset mismatch: ¢) f;,, = 1.2 GHz, d) f;,, = 12 GHz.
2.2. Analysis of gain mismatch

The gain mismatch is generally caused by the mismatch of the ADC reference voltage,
capacitance or device, the amplitude of the output signal is inconsistent with the ideal case, it is just a
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ratio without unit. The ADC used in this article integrates 128 SADCs, each 8 SADCs are combined
to form 16 channels. Due to the different positions of the SADCs on the chip, uneven temperature and
unbalanced forces, each ADC has a randomly distributed gain mismatch. In an ideal case, the gain is
1, but due to the above reasons, the gain of each channel is randomly distributed within a certain range
above or below 1. The mismatch model is shown in Figure 5(a), and Figure 5(b) shows a comparison
between ideal transfer curve and actual curve with gain mismatch.

Digital
OLgtIput - Ideal ADC
b1
-
‘ $5, — Y1
[T
> )3
¢M/ ADC > Ym ADCj
G
Gy
G3
Gm
Analog Input
(a) (b)

Figure 5. (a) Conversion model with gain mismatch; (b) Transfer curve under ideal and
gain mismatch case.

Each sub-channel ADC has a different gain (G4, G5, ..., Gpy). As shown in Figure 5(a), due to the
periodic alternating work of each channel ADC, the gain mismatch can be seen as the sequence noise,
which can be expressed as:

{.. Gy, Gy e, Gog, Gy, Goy oo, Gag) Gy, Gy ... } (5)

in time domain, Eq (5) is represented as:
M-1 00

a(t) = Z G, Z §(t — kTs — nMT;) 6)

i=0 n=-oo

in order to facilitate analysis, Eq (6) is transformed into frequency domain after Fourier transform:
= ,
L LTTS .
An :MZO Gre /™ (7
i=

assume there is only a gain mismatch in the time-interleaved ADC system, the output sequence can be
expressed as:

Vi) 1 i A xTiiy 2 .
n=-—oo

gain mismatch will cause the nonlinearity of the time-interleaved ADC output, which appears as

periodic noise in the time domain, and as high-energy harmonics at a fixed frequency in the frequency

domain. The frequency position where the peak of the harmonic spectrum appears for:

Mathematical Biosciences and Engineering Volume 18, Issue 5, 9050-9075.



9057

i
fais = tfin + Mfs,i =12,..,.M—1 )

In the simulation with gain mismatch only, we set the RMS to 1.01, and the range of the gain mismatch
is + 1.30, the sampling sequence is shown in Figure 6(a),(b). The inconsistency of the gains between
the 4 channels causes the sampling point to deviate from the ideal sampling point. The mismatched
spectrum is shown in Figure 6(c),(d). Large harmonic components are produced at the frequency
+ fin + i X fo/M, which have an impact on the signal, different input frequencies lead to different

harmonic positions within a limited spectrum.
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Figure 6. Sampling sequence with gain mismatch: (a) f;,, = 1.2 GHz, (b) f;;, = 12 GHz;
Spectrum with gain mismatch: (¢) f;,=1.2 GHz, (d) f;;, = 12 GHz.

2.3. Analysis of clock jitter

The jitter of the clock causes delay in the sampling time of different channels, the clock diagram
with time delay is shown in Figure 7(a), which make the actual sampling point deviate from the ideal
sampling point shown in Figure 7(b).

Mathematical Biosciences and Engineering
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Figure 7. (a) Sampling clock diagram with clock jitter; (b) The clock jitter make
sampling points deviate from ideal case.

The clock phase generated by the ideal clock is ¢; and the jitter is At;, the sampling points are
different from ideal case, the sequence can be expressed as:

M-1 +oo

y(t) = Z y;i(t) = Z Z x(t —At;)6(t — (M + )Ty),i = oM -1 (10)

i=0 k=—c0

where y;(t) is the sampling sequence of channel i, x(t) is the input signal, and § () is the sampling
pulse sequence, §(+) can be represented in frequency domain as:

i 5(] (:2 —%{Z))e—fﬂ”s (11)

k=—o0

As aresult, y(t) can be represented in frequency domain as:

Y(in) = Z X(G - kZ_n)) Z —e_ﬂlf/ll2 g R4t

MTs
* k= +o0 (12)
1 Z KX (0 k2m
77 2, “lIXUE@ )
where a[k] can be represented as:
M-1
k] = 1 _jaat; _jkliwz:r 3
a _Zﬁe e (13)
1=

As we can know from Eq (13), the jitter of sampling clock can cause several harmonic components at
+ fin T ifs/M (i = 1,2, M — 1) in the spectrum, in the simulation, we set the RMS to 14.53 ps, and
the clock jitter range is +1/fs, as shown in Figure 8(a),(b), the sampling points are different from the
ideal case, the position of harmonic components are consistent with the above derivation, which are
shown in Figure 8(c),(d).
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Figure 8. Sampling sequence with clock jitter: (a) f;,= 1.2 GHz, (b) fi, = 12 GHz;
Spectrum with clock jitter: (¢) f;, = 1.2 GHz, (d) f;;, = 12 GHz.

The energy of the effective signal in the output spectrum can be represented as:

M

E e]QOAtl

The noise power caused by clock jitter can be represented as:

M-1 M-1
Py=2 ) lalk]?=2 ) |a[k]|* - 2|a[0]|? (15)
hm2 el =2 ),

According to the Parseval theory,

Ps = 2|al0 (14)

1 .
2 ) lalk]? = 2. Y et = 2 (16)

As a result, the SNR can be represented as:

P, 2 + 2
SNR = 101log;, (é) = 101l0gs, <%> a7
1 2

where ff; = Z Lcos(QoAtLy), B, = Z?if)l sin(yA4t;), Eq (17) shows that noise and input
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frequency can influence the SNR seriously.
3. Review of channel equalization algorithm
3.1. Offset mismatch calibration using equalization algorithm

According to the channel equalization method, we construct the offset mismatch calibration
diagram shown in Figure 9. The model ACC&AVG indicates the accumulative average method. The
specific process is:

® According to the accumulative average method, calculate the initial offset mismatch O;(i =
0,1,..,M — 1) according to Eq (18), and obtain D, by taking the difference between 0; and O,..f,

N N/M

0r =37 (5t + ) Suu-t) = S0,i = 0,1,.., M — 1 (18)
n=1

Dy = 0; = Oref, Orey =0V (19)

® where s is the actual sampling sequence, M is the number of channels, N is the total number
of sampling points, and s, is the direct current (DC) offset of the signal under ideal case, 0. = 0.

® According to Eq (20), the offset correction amount O, ¢ 1s initialized, the result is stored in
the register, and O_4; ; is updated according to Eq (21).

Ocal,l = Ug X D, (20)

Ocal,t = Uo X D, + OCal,t—l (21)

where pu, is the calibration step size, which determines the number of iterations and calibration
accuracy of the calibration algorithm.
® (Calibrate the output data according to Oq; + to get the updated sequence Yy ;-

Yout,i = Sout,i — Ocal,t—l (22)

Update the calibrated data to D, once in step 2 and repeat the above algorithm, until O; approaches
Orer and Oq; approaches a fixed value.

Input

Time
Interleaved

Figure 9. Traditional offset mismatch calibration method with accumulative average
algorithm.
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3.2. Gain mismatch calibration using equalization algorithm

Similar to the calibration of offset mismatch, the gain calibration is shown in Figure 10. The
specific derivation process is presented as follows:

® According to the accumulative average, the gain mismatch G; is initialized according to Eq
(23), and the difference between G; and G5 is expressed by D:

N
o szALl(SrZLM—i + 512) (23)
P =
?io Z:ﬁf(srzm—i + SLZ)
Dy = G; = Gref) Grep = 1 (24)

® [Initialize the gain correction amount G.,; according to Eq (25), and update G.,; according
to Eq (26):

Geat = gDy (25)

Gcal,t = .ung + Gcal,t—l (26)

where pg is the calibration step size, which determines the number of iterations and calibration
accuracy of the calibration algorithm.
® Use G4 to calibrate the signal to get the updated sequence Yy ;:

Yout,t = Sout,i X (Gcal,t -1 (27)

® Update the calibrated data to Dy once in step 2 and repeat the above algorithm. G; approaches
Gref» Gear approaches a fixed value, and the calibration is completed.

Time
Interleaved

Figure 10. Traditional gain mismatch calibration method with accumulative average
algorithm.

4. Mismatch estimation and calibration based on Monte Carlo method

Monte Carlo method, also known as statistical simulation method, is a general term for ideas or
methods, rather than algorithms in the strict sense [28,29]. The advantage of this method is that it can
better deal with the randomness problem in the communication system: the mismatch of each channel
is stable and unchanging, and the constant characteristics can be used to iterate; but the quantized noise

Mathematical Biosciences and Engineering Volume 18, Issue 5, 9050-9075.



9062

is different in each measurement, and noise varies non-linearly with time, which is in line with the
characteristics of probability and statistics. Follow the steps below to build a Monte Carlo model:

® Construct or describe the random process: The random noise generated by the mismatch
allows the probabilistic process to be established, although each ADC has its own different true value
of mismatch, but the result of each estimated mismatch is random.

® Sample from a known probability distribution: Because the estimated mismatch noise is
different each time, the output result of ADC; is different, but the sequence noise is periodically
randomly distributed and has regularity.

® Obtain estimation results.

The estimation diagram is shown in Figure 11. The input signal x(t) is sampled by ADC to obtain
y[n], and y[n] is subjected to least square fitting. The gain mismatch g;, offset mismatch os; and time
delay At; are included in the parameters A, B, C; the ideal sequence is interpolated by finite impulse
response (FIR), after the mismatch model, the unknown mismatch At;, g;, os; are added and the actual
output sequence is equal, and the equation is constructed and solved using the equal relationship
between them.

__________________

Ideal Sample

}

Yideal

__________________

Figure 11. Channels’ mismatch estimation diagram.

The specific solution process is as follows: the ideal input signal can be expressed as:
x(t) = acosnrfi,t + ) +C (28)

where « is the signal amplitude, f;, is the signal frequency, ¢ is the phase, and C is the DC bias. The
actual sampling sequence can be expressed as:

y[n] = Q[acos(wn+ ¢) + C +e[n]],n=0,..,N—1 (29)

. o 14 2nf;
where Q is the quantization parameter, Q = =2, @ = ”ff &
N

21’1
number of sampling points. The actual output of ADC; is:

, e(n) is the channel noise, and N is the

N, M)] (30)

Y, = [y(i),y(i+1*M),...,y(i+128

There are many ways to estimate parameters. This article uses least square (LS) to complete fitting.
By calculating the minimum value of Eq (31), the best estimation result is:
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N-1
(B = ) O[] - 9]’ G1)
n=0

where y[n] is the actual sampling sequence, [n] =& cos(wn + ¢)+ € = A cos(wn) +
B sin(wn) + C,A = @ cos(wn) , B = @ sin(wn). The actual output after fitting is:
" ~ A NM
y;[n] = 4; cos(w;n) + B; sin(w;n) + C;,n=i,i+m,..,i + 128 (32)
For the case of no mismatch between AD C, the output of ADC; can actually be understood as the
output of ADC,, obtained through n-fold interpolation [30,31]. Therefore, when performing LS fitting
on an ideal channel, an ideal sequence can be obtained through an interpolation filter. This article uses
Chebyshev I-type interpolation filtering to simulate two-channel ADC interpolation. First, ADC; is
twice interpolated, and the upper limit of passband lost is set R, = 0.1, the lower limit of stopband
loss is Rg = 1, and the normalized band angle frequency W, = 0.4, the stopband corner frequency
Wy = 0.6, after calculated through the above parameters, the filter order n = 2 and the cutoff
frequency f, = 0.4, besides, as shown in Figure 12, the interpolated filter is compared to the initial
sequence, the filter contains more points and the error would be reduced.
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Figure 12. Sampling points before and after interpolation.
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Figure 13. Sampling diagram in channels with different mismatch.
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Fit the output data without mismatch according to the result of interpolation, and the fitted

sequence of ideal ADC; can be represented as:
_ _ _ NM
yi[n] = A; cos(wn) + B; sin(w;n) + C;,n =1i,i +m,..,i + 178 (33)

where /Tl' = c?l- COS(d—)l’) , Ei = CYL Sil’l((ﬁi).

In order to construct a set of equations, add mismatches to the ideal sequence according to Figure
13, add the delay At; between ADCs, the offset mismatch os; and the gain mismatch g; one by one
[11]. Due to the presence of noise and mismatch in the channel, the actual output sequence can be
expressed as:

yiln] = g; - x(nMTg + iTy + At;) + 0s;,i =0,1,2,..., M —1 (34)
substituting the x(t) expression into Eq (34), y;(n) can be expressed as:
y;[n] = P cos(wyn) — Q sin(wgn) + C; + os;
P() = [Aig; cos(2nfinAt)) + Big; sin(2mfinAty)] (35)
Q() = [A;ig; sin(2rfinAt;) — Big; cos2mfinAt;)]

Equations (35) and (32) both represent the actual output of ADC;, so the relationship between the ideal
sine and the fitted actual sequence is:

A a 27T - = = —
[4;B; C;] =[A;B;C]"-E (36)
where A; B; C; and 4; B; C; are all known, matrix E can be represented as:
g;cos(2nfi,At;) —g;sin(2mf;, At;) 0
gisin(2nfipAt))  g; cos(2rfi,At;) o (37)
0 0 1+ o0s;/C,

Solve the matrix equation and get the expressions of g;, At; and os;:

( ALEi - Aléi
At = tan | ———=—= | /2nfin
AiAi - BlBl
i A (38)
9i A; cos(2nfi, At;) + B,sin(2fi, At;)
\ 0s; = éi - _i

4.1. Offset calibration with Monte Carlo method

Pack the above algorithm into the model named Cali, replace the ACC&AVG module in the
algorithm presented in Section 3, the detailed process is shown in Figure 14:

® The input signal enters M SADCs through time interleaving sampling, and the sampled
sequence enters the Cali.

® The offset O; of channel i is obtained by least square fitting and Monte Carlo estimation.

® The initial value of the offset calibration amount Oq; ¢ = U, D,

® Compensate the sampling sequence according to Ocqy ¢, Youti = Souti — Ocait-
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® Perform fitting and mismatch estimation on the compensated sequence, then update the
mismatch O; through the estimated result EST; = [g;, 0s;, At;], the EST; is calculated by Eq (38).

® Update the offset mismatch calibration amount O.q; ¢ = oDy + Ocqpi-1-

® Compensate the sampling sequence again, Y,y ; = Souti — Ocalts

® Repeat the above steps until 0y, D, approach 0, O, ; approach a constant value.

The above-mentioned calibration steps are calibrated ADC; to ADC,.

Ov'v/ N

Input

]
l s/HF—{ ADC 1 || cali }—— oOutput
Time ] -
Interleaved S/H | ADC 2 |~ Cali |— Output

Figure 14. Offset mismatch calibration with Monte Carlo method.
4.2. Gain calibration with Monte Carlo method

Similar to calibrate the offset mismatch, calibrate the gain mismatch according to the diagram
shown in Figure 15:

® The analog signal is input to M SADC:s for interleaving sampling, and the sampling sequence
output by ADC; enters the model Cali.

® Fit the sequence and estimate the initial value G; of the gain mismatch.

® The initial value of the gain calibration amount Gq; ¢ = gDy

® Compensate the sampling sequence according to Geq;1 ¢, Youti = Sout,i X (Geart — 1)3

® Perform fitting and mismatch estimation on the compensated sequence, and update the gain
mismatch G; through the estimation result EST; = [g;, 0s;, At;];

® Update gain mismatch calibration amount G.qr = gDy + Gearp-1;

® Compensate the sampling sequence again, Youe; = Souti X (Geare — 1)-

Repeat the above steps until G;, Dy approach 0, and G4+ approach a constant value. The above-
mentioned calibration procedure is calibrated according to from ADC; to ADCy,.

Compared with the inter-channel equalization algorithm proposed in Section 3, the reference
channel set in this article is not a channel in the actual ADC, but an ideal ADC with offset mismatch
Orer = 0V and gain mismatch G,..; = 1. In the calibrated process, all M channels are compensated,
and the final sequence is close to the ideal value. The new reference channel does not occupy more
logic resources and consume more power consumption; in addition, the initial mismatch will also be
compensated in an iterative manner. Therefore, the accuracy requirements of this article are not as
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strict as those mentioned in [7], and the accuracy of calibration mainly depends on the calibration
factor u. This method reduces the number of estimates and the amount of calculation.

Input

l

Time
Interleaved

Gref ]

—

S/H—[ ADC 1 H~{ cali |—— Output
1

s/H}—{ Aapc 2 H+[ cali |— Output
: T
s/H —{ADc M | cali

[— Output

Figure 15. Gain mismatch calibration with Monte Carlo method.

5. Experiment results

The layout design and power consumption of the ADC are shown in Figure 16(a), and the size is
21 mm X 21 mm. The ADC is calibrated using the method in Section 4. The signal supply source is
shown in Figure 16(b). The signal generator from Rohde Schwarz is used to input a 1.2 GHz and 5
dBm sinusoidal signal and enter the experimental platform through the RF interface. The actual
platform is shown in Figure 16(c): The daughter card in the lower right corner is equipped with a 16-
channel 8-bit ADC with a sampling frequency of 40 GS/s, and the reference voltage V.or is 1.2V,
which is connected to the motherboard through the FPGA mezzanine card (FMC) interface, and the
FMC connector establishes a connection with the FPGA through the gigabit transmitter in Y-version
(GTY) high-speed port. The test environment and related indicators are shown in Tables 1 and 2:

21mm

vDD10C
1V, 0.59W

(b)

Figure 16. (a) Chip Micrograph; (b) Power Breakdown; (c) The Signal Generator from

Rohde Schwarz.
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Table 1. Test environment.

Hardware Configuration Amount Remark
Sampling Clock 1 fs >15GHz
Input Signal 1 fin >1GHz
High Frequency Cables 2 /
Balun 1 /
ADC Test Evaluation Board 1 40 GS/s 8-bit
FPGA 1 Xilinx Virtex
Computer 1 /
Table 2. Test target.
Parameter Index
Resolution 8-bit
Sampling Frequency 40 GS/s
Number of Channels 16
Analog Input Bandwidth 1.2 GHz
SFDR 32dB
ENOB 4.5 bits
Package Flip Chip Ball Grid Array (FC BGA) 256
Size 21 mm X 21 mm X 2.53 mm
Pitch 1.27 mm
Output Interface (Current Mode Logic) CML
Static Level 1C

5.1. Offset calibration

On the premise that the channel is aligned, the offset mismatch is calibrated. The spectrum before
and after calibration is shown in Figure 17. The harmonic components are suppressed and the SFDR
is improved. The other parameters are shown in Table 3.

SFDR=40.72 dB
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Figure 17. Spectrum before and after offset calibration.
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Table 3. Performance of offset calibration.

Testing Parameters Before Calibration After Calibration Units
SINAD 21.65 30.16 dB
SNR 21.91 30.58 dB
SFDR 34.51 40.72 dB
ENOB 4.21 5.76 bits

The experimental results show that the offset calibration algorithm is effective. The mismatch
between channels is compensated.

After 100 iterations of the algorithm, the relationship between related parameters and the number
of iterations is shown in Figure 18. Within the first 20 calibration iterations, the rate of change of the
parameters is larger and the convergence speed is faster. After 50 iterations, it is basically stable. The
offset mismatch O; of each SADC approaches O,.f, and the difference D, between the two approaches
0. The calibration value O_,; approaches a constant value, and the value is written into the M registers
of the FPGA. The subsequent sampling sequence directly uses the register value, the result is
compensated without iteration.

Offset o cal

0.04 0.04
0.02 - 0.02
£ e
Q L)
g 0 g 0
o )
>
-0.02 - = -0.02
041 = .
%% T~ ——" ? 03
"”"'ber °f50 e ,\// 00 o¢
’teratio,,s 100 150 o P

(a)
Figure 18. Parameters curve of different channels. (a) Offset mismatch O;; (b) Offset

error D, ; (c) Offset calibration amount O,;.

5.2. Gain calibration

Compensate the sampling sequence according to the calibration algorithm of gain mismatch, and
the spectrum is shown in Figure 19. The comparison before and after shows that the harmonic
components are reduced after the algorithm. The test parameters are shown in Table 4. The experimental
results show the algorithm in Section 4 is also effective in compensating for gain mismatch.
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Figure 19. Spectrum before and after gain calibration.

Table 4. Performance of gain calibration.

Testing Parameters Before Calibration After Calibration Units
SINAD 21.00 29.68 dB
SNR 21.05 30.05 dB
SFDR 33.53 40.72 dB
ENOB 3.90 5.63 bits

Gain is the ratio of the output signal to the input signal without unit, so there is no unit of the
relevant parameters. Similar to the offset calibration, after 100 iterations of the algorithm, the
relationship between the relevant parameters and the number of iterations is shown in Figure 20, the
calibration parameters within 20 times have a large change rate and a fast convergence speed. All
parameters converge around 50 iterations, for each SADC, its gain mismatch G; approaches G,r, and
the difference D, approaches 0. The calibration amount G.,; approaches a constant value, and this
value is written into the M registers of the FPGA. The subsequent sampling sequence directly uses
G.q to compensate the signal without calibration.

1.1 w 0.1+
1.osw 0.08
1.06 0.06
(U] | a”
1.04 0.04
1.02 ] 0.02 |
" o
Ly e W 50
urnbe,of,f" 100 :ogc. n ro,f:; w s " e
e'a"bns 100 150 sul Yation, sub
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Figure 20. Parameters curve of different channels. (a) Gain mismatch G;; (b) Gain error
Dgy; (¢) Gain calibration amount G-
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The relationship curve between u (14, and py) and the number of iterations is shown in Figure 21.
Although u is less than 1, the number of iterations decreases with the increase of y, which reduces the
amount of calculation, but it affects the accuracy of calibration. When it is greater than 1, the number
of iterations will increase accordingly. Therefore, setting u appropriately can balance the calculation
complexity and the calculation accuracy.
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Figure 21. Variation curve of iteration times with u, and u.
5.3. Comparison between this work and previous works

In order to verify the advantages proposed in this article, a series of comparative experiments are
completed under the same conditions, the details are as follows.

The initial mismatch must be estimated before the calibration, the initial estimation accuracy
affects the subsequent operations, we evaluate relative error after the first estimation, it is an average
relative error of all SADC:s, its unit is %, which can be represented as:

X, — X
5= l)? x 100% (39)

where § is the relative error, X; is the estimated mismatch, and X is the conventional true value of the
mismatch after enough experiments. We compare the relative error with the accumulative average
method and method proposed in 1241-2010 IEEE standard [26], in the standard, gain G and offset V¢
are represented as:

rG Q@M =) (TR KL - 2V R T[]
@¥ - DI T2k — (SR TR

2N_q

G
Vos =TI+ Q% = 1) = ——— " T[k]
k=1

(40)

2N

where Q is the ideal width of a code bin, that is, the full-scale range divided by the total number of
codes, N is the resolution of ADC, T[k] is the input value corresponding to the transition between
codes k and k — 1. Table 5 shows the comparisons of relative errors, references [3] and [4] represent
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the accumulative and average method, the Monte Carlo method in this article shows smaller relative
error and higher estimation accuracy than others.

Table 5. Relative error of estimation compared with previous works.

Parameter (Gain/Offset) This Work [26] [3]&[4] Units
Relative Error 0.01/0.09 3.69/4.92 3.1/6.47 %

After estimating the initial mismatch, we also use the method presented in [3] and [4] to calibrate the
ADC in the same experiment condition, the testing parameters are compared in Table 6, the proposed
method has better calibration performance, higher accuracy and faster convergence than [3] and [4], the
signal quality improves more and the harmonic components caused by the channel mismatch are
suppressed.

Table 6. Performance comparison with previous works.

Parameters (Gain/Offset) This Work [3]&[4] Units
SINAD 29.68/30.16 23.72/24.48 dB
SNR 30.05/30.58 23.81/24.59 dB
SFDR 40.7182/40.7187 37.56/37.46 dB
ENOB 5.63/5.76 5.08/4.75 bits
Number of Iterations 28/52 76/95 times

Furthermore, we verify the comparability of the two methods based on the measurement uncertainty
u,, which can be represented as:

Z?=1(xi - f)z

nn—1) “D

uy(x) =

where x is the measured quantity, X is the average of x, n is the number of measurements, the u, of
SINAD, SNR, SFDR and ENOB are listed in Table 7, which shows the possibility to compare this
work with [3] and [4].

Table 7. Measurement uncertainty u,.

u, (Gain/Offset) This Work [3]1&[4] Units
SINAD 0.0064/0.0044 0.0067/0.0076 dB
SNR 0.0077/0.0053 0.0080/0.0088 dB
SFDR 0.0530/0.0455 0.0530/0.0532 dB
ENOB 203X 10%1.48 x 10% 214 x 107%/2.44 x 10°* bits

Some art works only present the method to calibrate gain mismatch, so we compare the gain error
with other art works, different from the relative error, the gain error e, is calculated after calibration

and it is an absolute error, which can be represented as:
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M
i=1(G; — Grer)
ey = o (42)

where G; is the gain of SADC; after calibration, M is the number of channels, this error represents the
degree to which the calibrated signal is close to the ideal signal, which is also one of the indicators for
judging the performance of calibration. As shown in Table 8, the gain error is smaller than previous
works, shows better signal quality after calibration.

Table 8. Gain error comparison with previous works.

This Work [7] [32] 6] [33] [34]
e, 0.0018 0.01 0.04 -0.015 —0.02 0.05

6. Conclusions

This article proposes a method that uses Monte Carlo to estimate the mismatch between ADC
channels and combines the channel equalization method to calibrate the offset and gain mismatch.
Such method does not need an actual channel as the reference, it is a global calibration, and there are
no additional circuits. Compared with the accumulative average method, Monte Carlo method is more
stable in the face of random noise. It can flexibly grasp the dynamic changes of transmitted data and
does not require additional front-end processing circuits; besides, the estimation is more accurate
compared to just average the mismatch, and high-precision estimation shortens convergence time. At
a sampling frequency of 40 GS/s, a 16-channel TI ADC reaches an SFDR of 41 dB and an SNR of 30
dB, increases the ENOB from 4.06 bits to 5.68 bits, the performance is better than previous works
(including IEEE Standard) at the same experiment condition. The results verify the novelty of the
method, and highlight the advantages compared to other works in the literature, based on the high
accuracy of estimation, this work increases the convergence speed, and saves more power consumption
for the subsequent operations, such as frame synchronization, modulation format recognition and
carrier recovery. As a result, it is an effective method in ADC calibration.

Acknowledgments

The authors would like to acknowledge the Natural Science Foundation of Hunan Province (Grant
No. 20181J3607), Natural Science Foundation of China (Grant No. 51575517), and National
Technology Foundation Project (Grant No. 181GF22006) and Acela Micro Co., Ltd to provide fund
and technical support for conducting experiments.

Contflict of interest
We declare that we have no financial and personal relationships with other people or organizations
that can inappropriately influence our work, there is no professional or other personal interest of any

nature or kind in any product, service and/or company that could be construed as influencing the
position presented in, or the review of, the manuscript entitled.

Mathematical Biosciences and Engineering Volume 18, Issue 5, 9050-9075.



9073

References

1.

10.

1.

12.

13.

14.

M. 1. Zahoor, Z. Dou, S. B. H. Shah, I. U. Khan, S. Ayub, T. R. Gadekallu, Pilot decontamination
using asynchronous fractional pilot scheduling in massive MIMO systems, Sensors, 20 (2020),
6213.

M. H. Abidi, H. Alkhalefah, K. Moiduddin, M. Alazab, M. K. Mohammed, W. Ameen, et al.,
Optimal 5G network slicing using machine learning and deep learning concepts, Comput. Stand.
Interfaces, 76 (2021), 103518.

N. Ning, Z. Sui, J. Li, S. Wu, H. Chen, S. Xu, et al., Multi scaling coefficients technique for noisy
signal based gain error background calibration, in 2012 [EEE International Conference on
Electron Devices and Solid State Circuit (EDSSC), (2012), 1-2.

N. Ning, Z. Sui, J. Li, S. Wu, H. Chen, S. Xu, et al., Multiscaling coefficients technique for gain
error background calibration in pipelined ADC, J. Circuits Syst. Comput., 23 (2014), 1450034.
C. C. Hsu, F. C. Huang, C. Y. Shih, C. C. Huang, Y. H. Lin, C. C. Lee, et al., An 11b 800MS/s
time-interleaved ADC with digital background calibration, in 2007 IEEE International Solid-
State Circuits Conference, (2017), 464—615.

D. Wang, J. P. Keane, P. J. Hurst, B. C. Levy, S. H. Lewis, Convergence analysis of a background
interstage gain calibration technique for pipelined ADCs, in 2005 IEEE International Symposium
on Circuits and Systems, (2005), 4058—4061.

L. Guo, S. Tian, Z. Wang, Estimation and correction of gain mismatch and timing error in time-
interleaved ADCs based on DFT, Metrol. Meas. Syst., 21 (2014), 535-544.

S. Liu, N. Lyu, J. Cui, Y. Zou, Improved blind timing skew estimation based on spectrum sparsity
and ApFFT in time-interleaved ADCs, IEEE Trans. Instrum. Meas., 68 (2018), 73—86.

S. M. Jamal, D. Fu, N. C. J. Chang, P. J. Hurst, S. H. Lewis, A 10-b 120-Msample/s time-
interleaved analog-to-digital converter with digital background calibration, /EEE J. Solid State
Circuits, 37 (2002), 1618—-1627.

M. Guo, J. Mao, S. W. Sin, H. Wei, R. P. Martins, A 5 GS/s 29 mW interleaved SAR ADC with
48.5 dB SNDR using digital-mixing background timing-skew calibration for direct sampling
applications, /IEEE Access, 8 (2002), 138944—-138954.

D. Xing, Y. Zhu, C. H. Chan, S. W. Sin, F. Ye, J. Ren, et al., Seven-bit 700-MS/s four-way time-
interleaved SAR ADC with partial Vem-based switching, /EEE Trans. VLSI Syst., 25 (2016),
1168-1172.

N. Le Dortz, J. P. Blanc, T. Simon, S. Verhaeren, E. Rouat, P. Urard, et al., A 1.62GS/s time-
interleaved SAR ADC with fully digital background mismatch calibration achieving interleaving
spurs below 70dBFS, in Proceedings of the 2014 IEEE International Solid-State Circuits
Conference Digest of Technical Papers, (2014), 386—388.

S. W. Sin, U. F. Chio, U. Seng-Pan, R. P. Martins, Statistical spectra and distortion analysis of
time-interleaved sampling bandwidth mismatch, /EEE Trans. Circuits Syst. I Express Briefs, 55
(2008), 648—652.

K. C. Dyer, J. P. Keane, S. H. Lewis, Calibration and dynamic matching in data converters: part
1: linearity calibration and dynamic-matching techniques, /EEE Solid State Circuits Mag., 10
(2018,), 46-55.

Mathematical Biosciences and Engineering Volume 18, Issue 5, 9050-9075.



9074

15.

16.

17.

18.

19.

20.

21.

22.

23.

24.

25.

26.

27.

28.

29.

30.

31.

D. Dermit, M. Shrivas, K. Bunsen, J. L. Benites, J. Craninckx, E. Martens, A 1.67-GSps TI 10-
Bit Ping-Pong SAR ADC With 51-dB SNDR in 16-nm FinFET, IEEE Solid State Circuits Lett.,
3(2020), 150-153.

B. Razavi, Problem of timing mismatch in interleaved ADCs, Proc. Cust. Integr. Circuits Conf.,
2012 (2012), 1-8.

B. Razavi, Design considerations for interleaved ADCs, IEEE J. Solid State Circuits, 48 (2013),
1806-1817.

D. Wang, X. Zhu, X. Guo, J. Luan, L. Zhou, D. Wu, et al., A 2.6 GS/s 8-Bit time-interleaved SAR
ADC in 55 nm CMOS technology, Electronics, 8 (2019), 305.

C. C. Huang, C. Y. Wang, J. T. Wu, A CMOS 6-bit 16-GS/s time-interleaved ADC using digital
background calibration techniques, IEEE J. Solid State Circuits, 46 (2011), 848—858.

H. Le Duc, D. M. Nguyen, C. Jabbour, T. Graba, P. Desgreys, O. Jamin, Hardware
implementation of all digital calibration for undersampling TIADCs, in 2015 IEEE International
Symposium on Circuits and Systems (ISCAS), (2015), 2181-2184.

M. Bagheri, F. Schembari, H. Zare-Hoseini, R. B. Staszewski, A. Nathan, Interchannel mismatch
calibration techniques for time-interleaved SAR ADCs, IEEE Open J. Circuits Syst., 2 (2021),
420-433.

K. Seong, D. K. Jung, D. H. Yoon, J. S. Han, J. E. Kim, T. T. H. Kim, Time-interleaved SAR
ADC with background timing-skew calibration for UWB wireless communication in [oT systems,
Sensors, 20 (2020), 2430.

S. R. Khan, A. A. Hashmi, G. S. Choi, A fully digital background calibration technique for M-
channel time-interleaved ADCs, Circuits Syst. Signal Process., 36 (2017), 3303-3319.

Y. Qiu, Y. J. Liu, J. Zhou, G. Zhang, D. Chen, N. Du, All-digital blind background calibration
technique for any channel time-interleaved ADC, IEEE Trans. Circuits Syst. I Regul. Pap., 65
(2018), 2503-2514.

H. Niu, J. Yuan, An efficient spur-aliasing-free spectral calibration technique in time-interleaved
ADCs, IEEE Trans. Circuits Syst. I Regul. Pap., 67 (2020), 2229-2238.

Waveform Measurement and Analysis Technical Committee, IEEE Standard for Terminology
and Test Methods for Analog-to-Digital Converters, 2011. Available from: http://www2.imse-
cnm.csic.es/elec_esi/asignat/LME/pdf/temas/IEEE_ADC.pdf.

S. Singh, L. Anttila, M. Epp, W. Schlecker, M. Valkama, Analysis, blind identification, and
correction of frequency response mismatch in two-channel time-interleaved ADCs, IEEE Trans.
Microw. Theory Tech. 63 (2015), 1721-1734.

W. K. Hastings, Monte Carlo sampling methods using Markov chains and their applications.
Biometrika, 57 (1970), 97-109.

J. Lemley, F. Jagodzinski, R. Andonie, Big holes in big data: A monte carlo algorithm for
detecting large hyper-rectangles in high dimensional data, in 2016 IEEE 40th Annual Computer
Software and Applications Conference (COMPSAC), (2016), 563-571.

A. Dubey, A. Lohiya, V. Narwal, A. K. Jha, P. Agarwal, G. Schaefer, Natural image interpolation
using extreme learning machine, in International Conference on Soft Computing and Pattern
Recognition, (2016), 340-350.

T. Saramaki, R. Bregovic, Multirate Systems and Filterbanks, in Multirate systems: design and
applications, 1GI Global, (2002), 27-85.

Mathematical Biosciences and Engineering Volume 18, Issue 5, 9050-9075.



9075

32. Y. Yin, G. Yang, H. Chen, A novel gain error background calibration algorithm for time-
interleaved ADCs, in 2014 International Conference on Anti-Counterfeiting, Security and
Identification (ASID), (2014), 1-4.

33. S. Saleem, C. Vogel, LMS-based identification and compensation of timing mismatches in a two-
channel time-interleaved analog-to-digital converter, Norchip 2007, (2007), 7-10.

34. J. Wu, J. Wu, Background calibration of capacitor mismatch and gain error in pipelined-SAR
ADC using partially split structure, in 2021 IEEE 5th Advanced Information Technology,
Electronic and Automation Control Conference (IAEAC), (2021), 1882—1885.

©2021 the Author(s), licensee AIMS Press. This is an open access

AIMS AJIMS Press article distributed under the terms of the Creative Commons
Attribution License (http://creativecommons.org/licenses/by/4.0)

Mathematical Biosciences and Engineering Volume 18, Issue 5, 9050-9075.



