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ABSTRACT

This paper presents a novel all-digital background calibration technique for general Time-
Interleaved Analog-to-Digital Converters (TIADCs). Calibration of gain and timing mismatch of
TIADCs using the estimation technique is designed based on the principle of the Adaptive Noise
Canceller (ANC). In this ANC, there are two stages in gain, timing mismatch estimation in which
a cascade structure of the correction and estimation is proposed to guarantee that our
calibration achieves high performance. Besides the first Nyquit zone, the input signal at different
Nyquist zones is also experimented. It is shown through the result that our calibration performs
excellently on all chosen Nyquist zones. It achieves the SNDR (Signal to Noise Ratio) and SFDR
(Spurious Free Dynamic Range) improvement of 19dB and 49dB, respectively. Moreover, the
synthesized design with hardware co-simulation carried on the Xilinx Kintex-7 field-
programmable gate array (FPGA) platform consumes only 7.36 % of the hardware resources of
the FPGA chip and reduces the mismatch tone level to -87 dB. In addition, our convergence
speed of SNDR during calibration is approximately 1/3 others.

Keywords: All-digital feed-forward calibration; Sub-sampling TIADCs; FPGA implementation; ANC principle.
1. INTRODUCTION

Current data communication systems such as cable television transmissions, baseband optical
communication, and wide-band channel require analog- to- digital converters (ADCs) with high-
speed, high resolution, and energy efficiency. A time interleaved ADC (TIADC), including
individual ADCs operating in parallel, both in a laboratory and even in manufacture, was
incorporated into SAR-ADC (Successive Approximation Register) topology to apply to modern
devices. In such a time-interleaved structure, time shifted analog- to- digital conversion of an
analog signal is carried out sequentially by sub-ADCs, followed by a round-robin fashion. The
first problem that need resolving is to balance the increasing conversion rate and power
consumption as well as circuit area for embedded systems. In addition, TIADC performance is
affected by channel mismatch consisting of offset, gain, and timing mismatch. The method in
which SFDR is enhanced is currently under intense examination and may involve the decrease of
gain, offset and timing mismatch by normal least mean squares (LMS) algorithm. Most of the
mismatch among the individual ADC is due to some imperfection of each sub-ADC during the
manufacturing process and due to voltage and temperature variation (PVT). It is necessary for all
TIADCs to mitigate mismatch errors with estimation and calibration techniques.

Recently, the calibration techniques can be classified into two major categories, namely mixed-
signal and all-digital calibration as in [1, 8, 13]. Mixed-signal calibration techniques mitigate the
clock skew effects by employing an analog variable delay line (VDL) in each sub-ADC’s clock
path as in [2, 6, 7]. Meanwhile, all-digital approaches use post digital signal processing (DSP) to
directly compensate for the TIADC outputs [1, 8-12, 14, 15]. Digital correction can not be
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influenced by PVT (Process-Voltage-Temperature) variations and the additional jitter introduced
by the VDL [16], which in turn helps to take advantage of scaled complementary metal-oxide-
semiconductor (CMOS) technologies. Hence, digital calibration has recently become an
outstanding technique in both the circuit design and the signal processing field.

Authors in [10, 12, 17] developed the timing mismatch calibration mechanisms for an
arbitrary number of interleaved channels by using a digital synthesis filter bank in the correction
phase. The mechanism consists of more than two digital adaptive filters adding to the sub-ADC
outputs to mitigate the effects of timing mismatch as in [10]. More specifically, such a digital
correction system requires a high complexity level as in [17], hence the power consumption and
costs of large chip area slump in comparison with a digital synthesis filter bank used in multi-
GS/s ADC designs as in [12].

Currently, there are two well-known estimation classes: cross-correlation based estimation
[1, 8, 9, 5] and free-band based estimation[10-12, 15] to mitigate timing mismatch of TIADC. In
this paper, we propose the novel estimation technique of gain and timing mismatches based on
Adaptive Noise Canceller (ANC), which maximizes the output signal-to-noise ratio for any
Nyquist Zone. Our approach eliminates the aforementioned mismatch band’s limitations based
on calibration, such as relaxing the pre-existence of an out-of-band region and removing the
high-pass filter, which can reduce the complexity of hardware implementation. The digital
correction is simplified by subtracting mismatch error from the TIADC output. The performance
comparison between the proposed calibration and the cross-correlation based on calibration is
also analyzed. The synthesized design with hardware co-simulation on XilinxKintex-7 field-
programmable gate array (FPGA) platform of the proposed calibration is validated and assessed.

The structure of the rest of the paper is as follows: Section 2 analyzes the system model and
presents our calibration technique based on the ANC with any Nyquist Zone. In order to show
the efficiency of the proposed calibration, Section 3 analyzes simulation and experimental results
with FPGA validation. Finally, conclusions are included in Section 4.

2. PROBLEM

2.1. Mismatch band based calibration reviews

A commonly known model of an M-channel TIADC with the appearance of gain and timing
mismatches in sub-ADCs is shown in figure 1 as in [15]. The m™ channel is characterized by
the gain named g,, and the timing mismatch r T, (r, presents the timing mismatch relative to
the overall sampling period T,) for m=0,1...,M —1. Each input signal x(t) in the different

channel is multiplied by g,, at the point of (IM +m)T, +r, T, resulting in a sequence Y, [l].
The TIADC’s output sequence is formed by combining the output of sub-ADCs using a
multiplexer (MUX). Consequently, the sampling period of y[n] is as effective as that of T,.
(IM:— )7
[>—Cane PN

x(1) (It +m+t';“)’if

1 > ADC, 2 [H]: i

|
| (IM + M —1+r, )T
1

L ADC """["J-/

Figure 1. An M-channel TIADC with gain and timing mismatches.
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Assuming the input signal x(t) is slightly oversampled and band-limited (X ( j¢2)=0 for

|.(2Ts| > ), the discrete-time Fourier transform (DFT) of the output y[n] can be expressed as

in [15]:
(o) e, [l @
k=0
where:
jo 1 %= K wHa (1) —sz—”m ) o\
(e )ZMZ M ; Hd(e )=Ja),f0r—7r<a)<7r (2)

m=0
and H, (e"") is the frequency response of an ideal derivative filter [3]. X (ej"’) is the discrete-
time spectrum of the sampled input x[n]:x(t)L:nT . If the timing skews r are small and by

exploiting the first-order Taylor’s series approximation, the frequency response of the derivative
filters can be expressed as equation (3):

ejrde(e‘“’) 14 rde (eja)) (3)
Replacing (2) with (3) gives:
Hy (6¥) =G, +R.H, (e)) (4)

where:

M-1

=—ng S =—ng ¢ M (5)

It is worth noting that the variables {Gk,R } contain the information of the gain and timing

mismatches. Obviously, GO_%A g is the gain mismatch average of all sub-ADCs.

Generally, without loss, it can be assumed that the average value of the timing mismatches is
zero, i.e.,Ry~0or can be neglected as in [15], otherwise, the compensated signals can be

Gox[n] after calibration. To be simple, we assume G, =1. Under these assumptions and
conditions, the inverse DFT of (1) can be written as (6):

y[n]=x[n]+e[n] (6)
In (6), the error signale[n] contains all interfering terms due to gain and clock skew

mismatches. In [15], the error signal is analyzed as a sum of two inner-product components for
even M. It can be expressed by:

e[n]=cyxg, +6 X (7)
where modulated signal vectors are defined by:
Xgn =M X[n] 5 %, =m,(h,*x[n]) (8)
hy [n]denotes the impulse response of the ideal derivative filter. The modulation vector m, is
expressed as:
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m, =£2005(1.2—” nj,—Zsin(l.z—”n},...,ZCos(k.z—”n),—Zsin[k.z—”nj,...,
M M M M
M 27 M 27 ®)
ZCOS((——1)—nj,—Zsin((——lj—nj,(—l)”J
2 M 2 M

Where T represents the matrix transpose operator. The gain and timing mismatch coefficient

vectors C,,C, of the size (M —1) -by-1 are defined in terms of the real and imaginary parts of the

parameters {G,,R,} as in [15].

2.1.1. Digital Correction

The error signal in (7) and signal vectors in (8) are unknown since they are functions of the
unknown input signals and unknown gain and clock skew parameters. Authors used the output

instead of the input in blind calibration for the approximation of the error signal e[n] as follows:

é[n]=¢; myy[n]+<7 m, (h, []*y[n])

(10)

Xg-" xr,n

cg and ¢ are estimated results of the vectors Cg and ¢/, respectively. Using (6), the

compensated signal can be expressed by (11) and the principle of the digital correction is
performed:

X[n]=y[n]-€[n] (11)
2.1.2. Digital Estimation

In order to estimate the gain and timing skew coefficients {cg,cr}, authors in [15] assume

that the input signal is a band-limited low-pass signal and that TIADC slightly oversamples the
input signal. With these assumptions, oversampling results in higher frequencies containing only
spurs due to the gain and timing skews, as shown in figure 2. This frequency band is called free-
band or mismatch band. Thus, there exists an out-of-band region that contains only error spectra.

92-channel TI-ADC  Out-of-band [¥ ()]

| |
- 3t _m _I T & 3m
T 3 _Z T 0 4 - . & wlrad/sample]

Figure 2. The Spectrum of the TIADC output for M=2 with the present
of out-of-band region (or mismatch band).

High-Pass Filters' (HPFs) f [n] are designed to filter out gain and timing mismatch inducing
errors and to attenuate the input signal energy in the mismatch band. The estimated vectors X, ,

and %, are also filtered through f [n]to generate {ig,n,im}. Note that the error d[n] in free-

band is a reference signal of the learning algorithms. The channel mismatch coefficients {cg ,cr}

are estimated by using the LMS algorithm as in [3] to minimize the error signal
g[n]=d[n]—€&[n] in the free-band region. Hence, the coefficients of c,,c, [15] can derive

from updating equations in the adaptive LMS algorithm as in (12).
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ég,n :ég,n—l +:ugig1;—,n‘9[n] ; Cr,n :Cr,n—l +;urir-,rng[n] (12)
Where u, and g, are the step size parameters of LMS algorithms for gain and timing

mismatches, respectively. It would be worth noting that the channel mismatch coefficients are
updated with an amount being cross-product of two error signals (the channel mismatch induces
image signals and their estimates), hence meeting the requirements of the input statistical
properties [3]. The limitations of some approaches are (i) the input signal is slightly
oversampled, (ii) there exists an out-of-band region affected only by the error spectra, and (iii)

the location of the mismatch band is known beforehand in order to design HPFs’ f [n] In other

words, it puts high constraints on input spectrum because in order to get accurate estimation, the
timing mismatch must be inside the mismatch band. However, it is not difficult to see that when
the input signal has a limited bandwidth, all components of the error spectra fall into an out-of-
band region. For example, in Fig. 3(a) and (c), some or all spurs (the small red triangles) lie
completely within the original signal bandwidth (the large black triangle). The remaining smaller
triangles are components of the error spectra due to mismatches.

2-channel TI-ADC  Out-of-band Y(eJ )| Out-of-band
reglon regxon
I
| |
a | [ | 1
(@) /\ k |
! ‘l " l ! f T
—Bx —~% 57 % —= T 5% 3 wlrad/sample]
4-channel TI-ADC Out-of-band [Y(e™)|  Outeof-band
region region
11 [ |
0 : e A
‘ — ‘ - —_—
-3 _sm -7 _éTW —Z -2 0 Z = 3—‘;"— ™ B 3x wrad/sample]
4-channel TI-ADC  Qut-of-band Y ()| Out-of-band
region region
N y
AN | )
o N /!
/ | }\ ‘ L1
- &g —w S _z -2 0 I % = 7 Sr 3m wlrad/sample]

Figure 3. The figures show the spectrum of the TIADC for M =2,4.
For (a) and (c), the lack large triangles centered at +7/2 are the original spectrum;

whereas, for (b), the original spectrum is centered at 0.
The remaining smaller triangles are components of the error spectra due to mismatches.

2.2. Proposed calibration technique
2.2.1.Gain and Timing Mismatch Calibration use ANC algorithm

Free-band based adaptation is not used, thus the location of the mismatch band is no longer
important in this technique. It is worth noting that the distorted output signal y[n] is the sum of

two components: the desired clean signal x[n] and the error signal due to gain and timing

mismatches. The error signal due to gain and timing mismatches is linearly presented in terms of
the mismatch coefficients as expressed in (7). Using (6) and (7), we can write:

V=[] 2 | xlnl=uie 1) @)

T
u
n CO
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The error signal is the linear regression term uIC0 that can be constructed by a linear filter.

x[n] represents the signal component to be estimated. Obviously, the estimation problem is
referred to as an adaptive noise canceler presented in [3] and shown in figure 4. The output of the
linear filter is expressed by é[n]=u;]

nnl

Feeding the output feedback into the linear filter and adjusting the coefficients of the linear
filter via an LMS adaptive algorithm aims to minimize total system output power. Hence, this

leads to an output X[n]=x[n] +(u —u, Cn—l) that is the best fit in the least squares estimate of

the signal x[n] where ¢, is the mismatch coefficient estimate of c, at (n—1). Thus, the
system output serves as the error signal for the adaptive process, as shown in figure 4.

Assume that the input signal x[n] is a Wide-Sense Stationary (WSS), the input signal x[n] is

not correlated to the error signal e[n]=u;c®. The error signal is estimated by é[n]= and

this is due to gain and timing skew mismatches. As shown in figure 4, we have (14):

R[n]=y[n]-usc, . =x[n]+(e[n]-€[n]) (14)

Taking the square root of both sides of (14), we have (15):
%2 [n]=x*[n]+(e[n] —é[n])2 +2x[n](e[n]—¢€[n]) (15)
Because the input signal is uncorrelated with the error signal, E(e[n] —é[n]) =0. Taking
expectations of both sides, we have:

e {*[n]} = E{x[n]} + E{(e[n]-¢[n]"} (16)

Obviously, the output noise power E{ n] e[ }IS minimized when the linear filter is

nnl'

adjusted to minimize the output power E{x [n]} Therefore, minimizing the total output power

optimizes the output signal-to-noise ratio. The coefficients can be derived by an adaptive
algorithm as follows:

1 o%%[n]
- = 17.
€ =Cra = K . (17.a)
Ch =Cny +/JUI (y[n]_ugcn—l) (17b)

Where 4 is the step-size. Using (14), the updating equation (17.a) can be written by (17.b).

In order to use the adaptive algorithm expressed in (17.b), the regression vector u,, is required.
From (8) and (13), this regression vector undepends on the unknown signalx[n]. In blind
calibration, we again substitute y[n] for x[n] in (8) to estimate the vectors X, ,, X, . In order to
have a more accurate estimate forx[n], the proposed calibration technique consists of two

cascaded ANC stages, as shown in figure 5. The initial estimate x,[n]of x[n] in the first ANC

stage is fed into the second ANC stage in order to get a more accurate approximation of the
signal vector u, in figure 4, leading to a more precise construction of the error signal due to the

gain and timing skew mismatches, i.e., & [n]~e[n].
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Figure 4. Digital Estimation based on Adaptive Noise Canceller (ANC).

____________________________________________

Shen_En

v

v[n) = x[n] + e[]

ADDER LMS

S

1 I
| | 1
| H 1
i 1
| | |
] ! |
1
| ! i
1 1
| H |
i 1 |
| e | !
. [
| Linear | I | Linear 1 @
| Filter ! ® | Filter :
1 1
1 H 1
| N
H 1
1 1
1 H 1
1 I |
i I |
i I i
i I |
i H |
1 H I
H 1
. 1

|
|
|
|
|
|
|
| SeN0_En1Z
|
|
|
|
|
|

Figure 5. Proposed digital calibration technique based on ANC.
2.2.2.Gain and timing mismatch calibration for any Nyquist zone

The Nyquist zone (Nyquist band - NB) of the input signal is determined by k}\',‘B. The
bandpass (BP) is then defined by:

(kNB—l)%< f<|f|< <kNB%,kNle kg 21 (18)

Where f , f,, are the lowest and highest cut off frequencies of the input, respectively.

If the condition (18) is fulfilled, there will be no aliases after sub-sampling the original input
[3]. A filter is proposed to compute the derivative of the undersampling TIADC’s original BP
input. The filter is called a BP Derivative (BD) filter and is re-sketched in figure 6. It
encompasses a scaling factor that depends on kg , and two Finite Impulse Response (FIR)
filters with constant coefficients. BD filter includes a differentiator filter h, [n] and a Hilbert
filter. The Hilbert filter is an all-pass filter that shifts the input signal phase by 90 degrees [3],
and its impulse response hh[n] is expressed by [3]. The impulse response of the BD filter is
expressed by (19):

kNB
hys [n]=hg [n]+h, [n]>(-1) Xl_kNB/ZJXZﬂ' (19)
The constant (or scale factor) of(—l)kNEs x| fy /B |x 27 is referred to as an input parameter of
the proposed calibration algorithm and 1<Kkg S\_fH /B_|. As shown in figure 6, the input signal
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is fed both into the Hilbert filter and the derivative filter. After that, the Hilbert filter’s output
multiplies by the constant of (—1)kNB XLfH/BJXZE. Then the result is added to derivative

filter’s output to get X;, . By replacing the baseband derivative filter hy [n] in figure 5 by hy, [n]
in figure 6, our proposed solution can be applied to the input at any NZ.

k k.
1y VB INB |5
2

FIR Hilbert

filter
BLa| hlnl *n
—
Derivative
Filter

h o |n
L7

Bandpass Derivative Filter (BDF)

Figure 6. Bandpass derivative filter.
3. SIMULATION RESULTS

3.1. Input data

To verify the efficiency of the proposed technique, simulations are carried out on an
undersampling four-channel TIADCs with 60 dB SNR (thermal noise level) clocked at

f, =2.7GHz . Gain and timing skew mismatches are modeled as Gaussian distribution with zero
mean and standard deviation Jy of 0.02, &,0f 0.33ps, respectively. Withkyg = {1, 2,3, 4}

sampling rate is feasible as in [3]. Thus, the simulations demonstrate the efficiency of the
proposed calibration. The number of FIR taps is designed to be equal with coefficients for both
the derivative filter and Hilbert filter. The coefficients of these FIR filters are obtained by
multiplying the exact coefficients by the Hanning window to mitigate the influence of a
truncation error. In the simulation, the order of FIR filter chosen is 33 at which the performance
saturates.

3.2. Performance system evaluation

As suggested by Proakis [3], the 1,2 3™ and 4™ Nyquist Zones are usually considered in

sub-sampling. However, other studies have just used the 1% while our proposal operates with
different Nyquist bands, even with the higher ones and still achieves high the SNDR/SFDR
performance. Figure 7 demonstrates the output spectrum of TIADC before and after calibration
for a single-tone sinusoidal input signal at the frequency of f,, =0.45x f, + f,/2in the third NB.

As illustrated in this figure, the spurs due to gain and timing skew mismatches are mitigated
considerably in comparison with the output spectrum before calibration. The SFDR is improved
by almost 41 dB, while the SNDR value after calibration is about 60 dB, which is equal to its
value in the no-mismatch case.
Before Calibration After Calibration
SNDR = 48.1488 SNDR = 60.6973
SFDR = 50.5142 - SFDR =91.7197

-40 -40

=60 =60

Power [dB]
Power [dB]

-80 -80

=100 -100

-120 -120

0 0.1 0.2 0.3 0.4 0.5 0 0.1 0.2 0.3 0.4 0.5
Normalized Frequency [f/fs] Normalized Frequency [f/fs]

Figure 7. The output spectrum of four channel TIADCs with input f;, =0.45x f, + f /2
in the third Nyquist band (Due to undersampling TIADC).
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The presented feedforward calibration is also validated for a band-limited bandpass with a
multitone input signal. Figure 8 shows the output spectrum with/without calibration for a 47
sinusoidal tone input in the second NB with f, =0.05x f, + f,/2, and f, =0.4x f, + f,/2. As
illustrated in Figure 8, the bandpass input is down-converted directly to frequency baseband
(0, f,/2) by undersampling TIADC where f,, and f, map are 0.1f, and 0.45f, due to the second
NZ sub-sampling, respectively. It can be seen that spurs due to gain and timing skews are

reduced to the noise floor. The proposed calibration is also applied to a 16 quadrature amplitude
modulation (16-QAM) input signal with 10MHz bandwidth at the carrier frequency
0.45x f, + f,/2. In order to make pulse shaping, a relatively FIR square root raised cosine filter
with a roll-off factor of 0.3 is used. As a result, shown in figure 9, all spurious errors due to gain

and timing skew are mostly suppressed, and again, the distortion is significantly reduced to the
noise floor.

a) ,

b) o

=201

-40 |
60+

Power [dB]

- IAA
|
-120

0 0.

SNDR=40.4994 -

02

03

Normalized Frequency [ fs]

04

S = 2
20 SF\DI{. T1.1632

& b
S =

Power [dB]

%
>

T —

02 03 04
Normalized Frequency [{fsf

0.5 0 0.1 0.5

Figure 8. The output spectra for the band-limited bandpass multitone input
in the second Nyquist zone (a) without, and (b) with calibration.
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- 20 O G g T mistatch Signal
g &9
: Z40-
] g
- Z 60

0 0.1

0.2 0.3
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0.4 0.5 0

0.1

0.2 0.3
Normalized Frequency [ffs]

0.4 0.5

Figure 9. The output spectra for the 16-QAM signal with a carrier frequency of 0.45x f, + f /2
and 10MHz bandwidth (a) without, and (b) with calibration.

Figure 10 a, 10 b shows the performance of SNDR and SFDR of gain and timing mismatch
calibration using ANC technique combined with a bandpass derivative filter for signals of the
first four Nyquist zones. The result is: with gain and timing mismatch, before calibration, the
higher the order of the Nyquist bands is, the lower the SNDR and SFDR are reduced.

“ c)
a) == 60 e
@
—-nz1 w — ~

B - =N Nzl %

o =r=NZ3 0 =8 =NZ2 bl :
= 1A, e N7 = =7 =40 — 7 ]
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45 Nl 0 ——z4 “ 20 s N7
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+ 4 + @ v M T v 0 ; H
BT0% 02 03 012 0M 035 038 04 04 04 04 1 0 0.5 1 1.5 Z 25 3
032 0M 036 038 04 042 0M 046 4
Nommualized Frequency [0 | Normalized Frequency [0 | Number of samples x10

Figure 10. Performance of SNDR/SFDR of TIADC for single tone inputs of the first four NB
with and without calibration. (a) Performance of SNDR of TIADC. (b) Performance of SFDR of
TIADC; (c) Convergence speed behavior during calibration with the first four NB.
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However, the effect of correcting these mismatches based on ANC algorithm still guarantees
the improvement of approximately 19 dB of SNDR and approximately 49 dB of SFDR. As can
be concluded from figure 10, before calibration, the rise of input frequency leads to the growth of
timing skew, which has a large impact on TIADC. In addition, the derivative filter employs to
decouple timing skew mismatch, the estimated signals in (3) are computed using sub-ADC
outputs in place of an input. Therefore, the estimated signal becomes less accurate when input
frequency increases. On account of these, after calibration, the SNDR value after calibration is
approximately 60 dB which means there is no mismatch while the SFDR value is enhanced by
about 41 dB with different Nyquist zones. Besides, as can be seen from figure 10.c, the
convergence speed in different Nyquist zones is nearly the same, at about 18K samples.

0% 100

6075 oG g “ )
.,

>
4
>
b
il

et
)65

SNDR [dB]

06 07 08 09 1
Normalized Frequency (f/f)

Figure 11. Comparison SNDR/SFDR vs. input frequencies at the second Nyquist zone
between our proposal technical and other technical.

Table 1. Simulated SNDR and SFDR performance comparison input signal in the 3™, 4™ NB.

Frequency (MHz) The 3" NB The 4" NB
2835 | 3555 | 3690 | 3915 | 4185 | 4905 | 5040 | 5265
SNDR without cal.(dB)| 41.572 | 41.488 | 41.397 | 41.264 | 41.472 | 41.276 | 41.191 | 41.073
SNDR [1] 60.590 | 60.577 | 60.492 | 60.203 | 60.610 | 60.605 | 60.602 | 60.601
with cal. | [8] 60.387 | 60.685 | 60.683 | 57.165 | 59.495 | 60.485 | 60.483 | 58.165
(dB) Our 60.687 | 60.664 | 60.658 | 60.663 | 60.678 | 60.663 | 60.661 | 60.660
approach
SFDR without 49.852 | 48.742 | 48.030 | 47.486 | 49.852 | 48.742 | 47.030 | 46.486
cal.(dB)
SFDR [1] 88.71 | 88.594 | 88.403 | 88.464 | 86.71 | 87.094 | 86.903 | 86.403
with cal. | [8] 79.851 | 85.894 | 85.130 | 75.727 | 76.851 | 85.894 | 85.130 | 71.727
(dB) Our 91.696 | 92.394 | 92.464 | 91.903 | 89.696 | 89.394 | 89.464 | 89.015
approach

Figure 11 shows the SNDR/SFDR performance over the second, the third and the fourth
Nyquist band, respectively, compared with previous studies [1, 8]. In SFDR as well as SNDR
graph, two-dash curve with square makers represents the result shown in [1], dotted curve with
rhombus makers represents the result shown in [8], and solid curve with circle makers represents
the signal in our proposal after calibration and long-dash curve with circle markers illustrates
SFDR performance before calibration. Based on these graphs, it is pointed out that SNDR and
SFDR value in our technigue is slightly higher than those of the aforementioned, especially when
the frequency is approximately k f,/2 the calibration value in our technique remains stable

while there was a sharp reduction in the result of [8]. Also, in [1, 8], only clock skews mismatch
are calibrated, while both gain and timing skew mismatches are calibrated in our technique. That

is the reason why figure 11 uses the &, of 0,5, 0f 0.33ps for our simulation. The same

conclusions are witnessed in the 3™ and 4™ Nyquist zone, which are demonstrated in the
following table 1.

Figure 12 illustrates the comparison of convergence speed of gain and timing mismatch estimates
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in our proposed technique with that in the mentioned studies. It can be seen that it took them about
50K samples to get the expected value, while it only takes us 18K samples to do the same.

With these above results, it is obvious that our techniques could be used on all Nyquist zones
without harming the efficiency.

.
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Figure 12. Time evolution of SNDR during calibration.
3.3. Hardware Implementation and Validation
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Figure 13. SNDR/SFDR vs. WLs of the compensated TIADC output: (a) SNDR; (b) SFDR.
Table 2. FPGA Synthesis Results.
Family Xilinx Kintex-7
Device XC7K325T
Logic cells utilization | 6,777/203,800 (3.33%)
Distributed LUT RAM| 177/64,000 (0.28%)

Flip-Flop (FFs) 6,053/407,600 (1.49%)
DSP slices 19/840 (2.26%)
Fmax 204.25 MHz

A field-programmable gate array (FPGA) design flow using Matlab/Simulink in [13] is
applied in our framework. In order to implement the all-digital calibration algorithm on FPGA,
the hardware architecture of the proposed calibration is designed and optimized in terms of
fixed-point representation of signals. The signal Word-Length (WL) is defined by signal ranges,
which is the span of numbers that a fixed-point data type and the scale are used to convert signal
values into a binary representation. The signal WLs influence on SNDR and SFDR performance
metrics of the calibration system. In the optimal fixed-point (OFxp) hardware model, as figure 5,
its parameters such as the order of FIR filters and the signal WLs need to be optimized. Figure 5

shows the optimal fixed-point (OFxp) hardware architecture of the proposed calibration,

processing real-time signal data in a sample-by-sample manner. The z* blocks are

delayed/pipeline registers. The notation of sfix9En11 presents a 9-bit signed fixed-point data type
with a Fraction-Length (FL) or fractional bits of 11. The delays are made suitable. The pipeline
registers are inserted to reduce the combinational path length and improve the overall working
frequency and throughput. The latency between the distorted output and the compensated output
is 32 clock cycles. Figure 13 presents SNDR and SFDR performance with the number of bits (or
WL) assigned to the compensated TIADC output. As can be seen, the optimal values of WL of
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the compensated TIADC output is 11 bits in order to get the best trade-off between the
performance and hardware cost. The synthesized circuit is proved to operate properly on the
FPGA and to consume very little hardware resources of the FPGA chip, as reported in table 2.

0 ‘ ’ 0 T T ¢ : T ; T

SNDR = 414551 -
20 SFDR = 425348 o Signal —— 20+ Signal 20 Signal

Q Gain and Timing mismatch spurs SNDR = 60.6216 SNDR =60.0216
40 - SFDR=918191,. 40+ SEDR = 908191

| Qi and Tiwning mismatch spurs

Mag [dBFS]
Mag [dBFS]|
Mag |[dBFS]

-100

] 0.1 0.2 0.3 04 0.5 0 0.1 0.2 0.3 0.4 0.5 0 0.1 _ 0.2 0.3 0.4 0.5
Normalized Frequency 7] Normalized Frequency [ffs] Normalized Frequency [{/fs]

Figure 14. PSD of the compensated TIADC output with floating-point and fixed-point data:
(a) PSD of signal before calibration; (b)PSD of signal after calibration with floating-point model;
(c)PSD of signal after calibration with fixed-point model.

As illustrated by figure 14, at the 3™ Nyquist zone, before calibration, the spur value is about -
37dB, while the calibration was illustrating result without converting floating-point to fixed-
point shows that the spurs value is at about — 87 dB, nearly the same with the practical result
with the convert of floating-point to the fixed point. The output spectrum with/without
calibration for single tone input in the third NB with f =0.45x f,+3f /2. As illustrated in

figure 15, the signal input is down-converted directly to frequency baseband by undersampling
TIADC where input frequency maps is 0.45f due to the third NZ sub-sampling. It can be seen
that spurs due to gain and timing skews are reduced to the noise floor.

4. CONCLUSION

This paper presents the all-digital background calibration technique of the gain and timing
mismatches in TIADC for input at any NBs. The gain and timing mismatch coefficients are
estimated based on adaptive noise canceller. The simulation results show the efficiency of the
proposed calibration, obtaining SNDR improvement of around 19 dB, SFDR improvement of
approximately 49 dB with the 4-channel TIADC, which is sampled at 2.7 GHz on any Nyquist
zone. The optimal hardware architecture of the proposed technique is developed and correctly
validated on the Xilinx Kintex-7 board, which houses the Kintex-7 FPGA chip XC7K325T. The
synthesized result shows that the digital circuit operates properly on the FPGA and utilizes a
small number of hardware resources of the FPGA chip (only 7.36% of the hardware resources of
the FPGA chip and reduces the mismatch tone level to -87 dB). The proposed hardware
architecture converges after 18K samples (or 6.67 s ). In addition, our convergence speed of

SNDR during calibration is faster than others. This means that this technique is also feasible with
ASIC implementation, even with higher Nyquist zones.
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TOM TAT

Hiéu chinh omz“itotu’(rng thich d¢ khuéch dai va mit twong thich thoi gian
cia by chuyén doi twong ty so dan xen thoi gian (TIADC) véi cac tin hi¢u
6 cac mién Nyquist sir dung nguyén tac loc nhi€u thich nghi

Bai bao trinh bay mot ky thudt hi¢u chinh hoan toan o mién tin hiéu sé cho by chuyén
doz twong tir 56, ldy mdu xen ké theo thoi gian cua cac sub-ADC (TIADC). Viéc hiéu chinh
mdt twong thich dg khuéch dai va mdt twong thich thoi gian ciia TIADC bang ky thudt wée
liwong dwoc thiét ké dwa trén nguyén tic bé loc thich nghi logi bé nhiéu (ANC). Trong
nguyén tic ANC nay, c¢é hai tang dé wéc lrong mat twong thich thoi gian va dé khuéch dai
gitta cdc sub- ADC, trong dé cdu triic phan tang ciia hiéu chinh va wéc lwong dwoc dé
xudt dam bao dat dwoc hiéu sudt cao. NQOAi cdc tin hiéu vao ¢ ving Nyquit dau tién, cdc
tin hiéu vdo tai cdc vimg Nyquist khdc nhau ciing dwoc thir nghiém. Két qua la kj thudt
hiéu chinh ciia ching t6i thire hién dwoc trén tdt ca cdc ving Nyquist khac nhau. Két qua
dd cai thién dwoc mitc ciia SNDR va SFDR lan lwot la 19 dB va 49 dB. Hon nita, téng hop
thiét ké véi mé phong phan cung dwoc thuc hién trén nén tang FPGA Xilinx Kintex-7 chi
tiéu thu 7,36% tai nguyen phan cing cua chip FPGA va giam bién do cua cac hai mat
twong thich xuéng mirc -87 dB. Pong thoi, thoi gian héi tu ciia viéc wéc lwong chi bang
1/3 thoi gian ciia mét so tac gia khdc.

T khoa: Hi€u chinh c6 phan hdi mién tin hidu sd, Léy mau phu TIADCs, Thuc thi FPGA, Nguyén téc loc thich nghi
loai bo nhiéu.
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