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Abstract: As gain, offset, and timing mismatches, nonlinearity mismatches
also contribute to spurious components which deteriorate TIADC’s perform-
ance. This paper proposes an efficient blind calibration method for non-
linearity mismatches in M-channel TIADCs. A modified model for non-
linearity mismatches is established by exploiting binary Hadamard transform
(BHT) and differentiator. The calibration is composed of two stages—
mismatches compensation and coefficients identification. The principle of
mismatches compensation is to reconstruct estimations of the mismatches-
induced spurious components and subtract them from the original TIADC’s
output. The coefficients identification is performed based on filtered-x least
mean square (FxLMS) algorithm. By using improved model and calibration
algorithm, the proposed method consumes less computational resource
according to the complexity comparison. To tackle the 4-order nonlinearity
mismatches in an 16-channel TIADC, the proposed method consumes 23%
fewer multipliers than the previous work. Simulation results reveal that both
effective resolution and dynamic range improve a lot after calibration.
Keywords: TIADC, frequency-dependent nonlinearity mismatches, binary
Hadamard transform, filtered-x least mean square, differentiator
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1 Introduction

Analog-to-digital converter (ADC) plays an important role in modern electronic
systems, such as radars, digital storage oscilloscopes, software defined radios, etc.
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rate while maintaining the resolution, time-interleaved ADCs (TIADCs) are pro-
posed in [1] and gaining momentum.

A TIADC is composed of M sub-ADCs. Every sub-ADC samples the input
analog signal at an identical interval of M7y in rotation, while the sampling instant
of the next sub-ADC lags behind the previous one by a fixed interval of 7. Ideally,
when the output samples from all sub-ADCs are interleaved by phase, one can
achieve an overall sampling interval of 75. But in fact, there are always differences
between the characteristics of sub-ADCs, namely mismatches, owing to variations
in the manufacture. These mismatches will introduce spurious components in
TIADC’s output spectrum, which inevitably degrades the dynamic performance
and effective resolution. Much emphasis has been put on the mitigation of linear
mismatches, i.e., gain, offset, and timing mismatches [2, 3, 4, 5, 6, 7, &8, 9, 10,
11, 12, 13]. But there are only a few papers addressing the calibration of
nonlinearity mismatches which are introduced due to the imperfection of analog
front-end circuits as well as the differential and integral nonlinearities (DNL and
INL) of sub-ADCs.

An adaptive blind calibration method for nonlinearity mismatches of A/-channel
TIADC was proposed in [14], however the influence of the input frequency on
nonlinearity mismatches was not considered. Moreover, the error was reconstructed
through output samples multiplied by the sinusoidal sequence, therefore occupying
more computation resource. Then the method in [14] was improved by [15], where
the error reconstruction was accomplished only by changing the sign of output
samples, thus reducing the computational complexity. In broadband applications,
the influence of input frequency on the mismatches parameters has to be consid-
ered. A model for frequency-dependent nonlinearity induced error of a single ADC
was established by deploying differentiator and simplified Volterra series in [16].
Subsequently, an adaptive blind calibration method was proposed for frequency-
dependent nonlinearity mismatches (FDNM) in two-channel TIADCs in [17].
Nonetheless, there is a lack of calibration method for FDNM in M-channel
TIADCs.

This paper proposes an efficient blind calibration method for nonlinearity
mismatches in M-channel TIADCs. The error model for single ADCs in [16] is
first extended to M-channel TIADCs and then simplified using binary Hadamard
transform (BHT). Filtered-x least mean square (FXLMS) algorithm is employed to
identify the mismatches parameters. The imperfection is alleviated by removing the
reconstructed error from output samples. The complexity comparison shows that
the proposed method has less hardware consumption than [14]. For example, to
calibrate 4-order nonlinearity mismatches in an 16-channel TIADC, the proposed
method consumes 23% fewer multipliers than [14].

This paper is organised as follows. In Section 2, we propose the improved error
model. The calibration algorithm is formulated in Section 3, while Section 4
presents the simulations to testify the performance. The computational complexity
is compared in Section 5, and Section 6 concludes the paper.
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2 Improved model using binary Hadamard transform

Fig. 1 illustrates the structure of a TIADC with nonlinearity mismatches and the
timing diagram of its sampling process. The frequency-dependent nonlinearity is
represented by transfer function H,,(x, f).!
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Fig. 1. (a) Structure of an M-channel TIADC with nonlinearity
mismatches and (b) timing diagram of sampling process.

An analog signal x(f) sampled at a period 7, generates the discrete-time
sequence x[n] = x(nTs). The nonlinearity-induced error of an ADC can be mod-
elled as [16]

L
eln] = xalnl Y _ an'[n], (1
=2
where
xd[n] = x[n] * hq[n] 2)

is the derivative of the input signal, and /4[#n] is the unit impulse response of a
differentiator; x[n] stands for the I-th power of x[n], while g; is the nonlinearity
coefficient. Moreover, the operator “+” denotes convolution.

In an M-channel TIADC scenario, the output sample is expressed as

yln] = x[n] + e[n]. 3)

The nonlinearity-mismatches-induced error is represented as

L
eln] = xalnl Y _ ayx'[nl, )
=2

where a,; = a,4+, is the nonlinearity coefficient of sub-ADCs. In a transformative
view of Eq. (4), we might as well regard the overall error as a sum of errors
generated by L — 1 child-TIADCs working in parallel, while the /-th child-TIADC
has only a nonlinearity level of x/[n]. This equivalent architecture is shown in
Fig. 2.

The discrete-time Fourier transform (DTFT) of e[n] can be denoted as

L
E(e!”) = Xy [Z()?’)TWJI} (5)

=2

where the frequency response of the differentiator is

To concentrate on the nonlinearity mismatches, we assume other sorts of mismatches have already been
calibrated.
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Fig. 2. Equivalent architecture of an M-channel TIADC with L-order
nonlinearity mismatches.

Xy = joX(jo), (6)

and the counterpart of x/[n] in frequency domain is

=TI afof 2@\ . 2M-Dx !

L / " XGHX 0= i 1=2
27 J_o

X (jow) = . , ®)
(XxX*--- %X )(jow) [>2

(I = 1) fold convolutions

while the discrete Fourier transform (DFT) matrix reads

1 1 e 1
e eI . T
W= : ©)
T
and the nonlinearity coefficients for the /-th child-TIADC in time domain is
ar = laog,ar, - ap-14]" (10)

For the purpose of developing a blind method, the model described in Fig. 2
should be further modified so that the coefficients to be estimated can be released
from dependence on the time instant n. BHT can be used to achieve this goal. The
binary Hadamard matrix exploited in this paper is defined as

F—l1 11
=1 (1D

F, F,
Fa, = 2 (12)

and

Two properties of Fy, will be used subsequently, which are FyF. = MI and
F), = F}, with I being the identity matrix.
By applying BHT, Eq. (5) can be redeveloped as

2m = 2", and n is any positive integer.
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L
E(e") = Xy * [Z()?’)TWFME,} (13)
=2
where
5= Lhya (14)
¢ = M Maj

is the time-independent nonlinearity coefficient.
After the inverse discrete-time Fourier transform (IDTFT) of E(ei®), we obtain
a new expression of the error in time domain as

L M-1
eln] = xa[n] Y _x'[n] > Tilnlcx,, (15)
=2 k=0

where Ti[n] is the k-th row of Fy, duplicated by [1{‘—4J3 times, and ¢y is the k-th
element of the vector ¢;. The calibrated output sample is therefore

veln] = yln] — e[n]. (16)

3 Calibration algorithm

Like many blind calibration approaches [14, 15, 18], it is also necessary to reserve
an input-free mismatches band (IFMB) containing all the mismatches information
except the input signal. Two conditions must be satisfied to acquire a proper
IFMB —slight oversampling and wide enough input bandwidth. Most digital
acquisition applications adopt slight oversampling to avoid spectral aliasing, which
is not a demanding condition. The IFMB is often located around 7 rad/sample in
the spectrum. The input signal’s bandwidth B; should therefore satisfy

T — By,

2

where By, is the width of IFMB and also the width of the highpass filter to be used
in Section 3.2.

<Bi<rm-Bp*} (17)

In this section, a structure for mismatches compensation is proposed, and then
the adaptive estimation process is demonstrated.

3.1 Mismatches compensation structure

In practice, we cannot reconstruct the error as Eq. (15) even if the coefficients can
be estimated quite precisely. This is because we are not capable of knowing the
exact input sequence x[z]. One widely acceptable solution is approximating x[#n] by
y[n], which is true of a well-fabricated TIADC where the power of the error is
much smaller than that of the input signal. Such being the case, the reconstructed
error can be expressed as

L M-1
élnl = yalnl Y y'ln Y Tulmlés, (18)

=2 k=0

where ¢ is the estimate of ¢;;. So the compensated output sample is written as

3The operator “|-|” means rounding down to the adjacent integer.
“The lower limit was illuminated in [14]. As for the upper limit, if B; > 7 — By, the signal will reach the passband
of the highpass filter, and the estimation process introduced in Section 3.2 will not converge.
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L M-1
velnl = x[n] + yaln] Y ¥'[n] Y Telndews = éxp)- (19)

=2 k=0
The compensation structure is pictured in Fig. 3. The function of block “Opp” in
Fig. 3(b) is to obtain the opposite number of the input. If T;[n] = 1, the switch
across “Opp” is on and “Opp” is bypassed; while if T;[n] = —1, the switch is off
and the opposite number of the input will be generated.

3.2 Adaptive coefficients estimation
FXLMS algorithm is used to adaptively identify ¢ ;. The cost function is selected as

L

M—-1
eln] = yeln] % hplnl =YY" y/inl(ces = G, (20)

1=2 k=0

where y,{ 1l = yaln] Y [n] Tiln] = hnpln], and hnp[n] represents the unit impulse

Toim v
&
4
Opp ——>(——
Tiny

C
Vooy o im

Fig. 3. (a) Compensation structure of an M-channel TIADC with L-
order nonlinearity mismatches and (b) detailed BHT block.

response of a highpass filter. The width of the filter’s passband is identical to that of
IFMB. The coefficients are hence iterated as

peln)yl,[n]
Iyl lnll? + 5

where p is the step size, 1 is the regularisation factor used to avoid the denominator

Craln+ 11 = Eryln] + (21)

being zero. Besides, the operator || - || stands for the Euclidean norm.

4 Simulation results

In this section, numerical simulations are performed to testify the performance of
the proposed method via MATLAB®. In the following examples, we have some
common settings. A 14-bit TIADC model will be employed. The step size u is set
as 0.5, and the regularisation factor » is 0.1. The highpass filter is implemented by a
62-order Type-I FIR filter with the stopband cutoff frequency of 0.87 rad/sample
and the passband cutoftf frequency of 0.957 rad/sample. The differentiator is
implemented by a 40-order Type-I FIR filter with the same cutoff frequency as
the highpass filter.

Example 1: A 4-channel TIADC model with 3-order nonlinearity mismatches
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is used here. The 2nd and 3rd-order nonlinearity coefficients are set as
> = [0.01,-0.02,0.007, —0.011", (22)

and
a; = [0.002,—0.005,—0.001,0.004]" (23)

respectively. A 7-tone sinusoidal signal is adopted as the input whose angular
frequencies uniformly space from DC to 0.745x rad/sample.

The output spectra without and with calibration are demonstrated in Fig. 4. As
can be seen from the figure, the spurious components induced by nonlinearity
mismatches spread all over the entire band although the input signal is band-
limited. The signal-to-noise-and-distortion ratio (SINAD) and spurious-free dy-
namic range (SFDR) before calibration are 41.51 dB and 41.75 dBc, while after
calibration they are enhanced to 73.98 dB and 78.92 dBc respectively. It is noted
that some spurious components still exist after calibration due to the difference
between x[n] and y[n] (cf. Eq. (15) and (18)). They can be further suppressed by
cascaded calibration described in [17], since y[n] gets much closer to x[n] after
every calibration stage.

As mentioned in Eq. (14), the coefficients to be estimated are the BHT of a,,
sets, namely ¢,;. In this example, they are

¢, = [-0.00325,0.01175,-0.00175,0.00325]", (24)

and

¢; = [0,0.0005,-0.0015,0.003]" (25)

respectively. The convergence results of the estimated coefficients are presented in
Fig. 5. The coefficients converge to the preset values in no longer than 15000
sampling intervals.

Example 2: To further demonstrate the versatility of the proposed approach for
more channels, an 8-channel TIADC model with 3-order nonlinearity mismatches
is used here. The 2nd and 3rd-order nonlinearity coefficients are

a; = [0.01,-0.02,0.009, —0.005, —0.007, 0.008, 0.004, 0.02]", (26)

and
53 =1[0.001,-0.003,-0.002,0,0.001, —0.004, 0.002, O.OOS]T 27)

0 (@)

@40 I A O T TR Y T

3 -80 - !

£ )

= 40

804 1 TR AN AT 7 TR il i

0.0 02 0.4 0.6 08 10 XT

Angular frequency (rad/sample)

Fig. 4. Output spectra of a 4-channel TIADC with 3-order nonlinearity
mismatches (a) before and (b) after calibration.
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Fig. 5. Learning curves of the estimated coefficients for a 4-channel
TIADC with 3-order nonlinearity mismatches.
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Fig. 6. Output spectra of an 8-channel TIADC with 3-order non-
linearity mismatches (a) before and (b) after calibration.

respectively. A dual-passband signal is employed as the input which is generated by
passing a zero-mean white noise through a dual-passband filter. Fig. 6 depicts the
output spectra without and with calibration. It is demonstrated that the magnitude of
the error is reduced from approximately —50dB to —80 dB after calibration.

Example 3: To verify the calibration effectiveness of the proposed method for
higher order nonlinearity mismatches, a 4-channel TIADC model with 4-order
nonlinearity mismatches is used here. The 2nd, 3rd and 4th-order nonlinearity
coefficients are configured as

a, = [0.01,-0.02,0.007,—0.01]T, (28)
as = [0.002, —0.005, —0.001, 0.004]T, (29)

and
s = [0,-0.003,0.002,0.005]" (30)

respectively. A 12-tone sinusoidal input is adopted whose angular frequencies
uniformly space from 0.3z rad/sample to 0.637 rad/sample. The output spectra
without and with calibration are depicted in Fig. 7. Before calibration the SINAD
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and SFDR are 46.74dB and 48.95 dBc, while they are enhanced to 74.78 dB and
78.92 dBc respectively after calibration.

5 Complexity comparison

A brief comparison among this work and previous research is presented in Table I.

The computational cost is manifest by the number of multipliers used for one
sample’s calibration which is divided into compensation stage followed by iden-
tification stage. It is worth noting that the multiplications between the operators
used in both stages will be counted only in the compensation stage. Now that we

(a)

BT T

-20

(b)

Magnitude (dB)
o

-40

-60

-80 | | | |
0.0 0.2 0.4 0.6 0.8 1.0 T

Angular frequency (rad/sample)

Fig. 7. Output spectra of a 4-channel TIADC with 4-order nonlinearity
mismatches (a) before and (b) after calibration.

use FIR filters to implement the highpass filter and differentiator, the quantities of
multipliers required for them are only % + 1 and % + 1 owing to the symmetric
property of the coefficients.

When the channel number extends from 2 to M, the number of required
multipliers in [14] increases by at least 2(M — 1)(L — 1), whereas the increment
is only (M —2)(L —1) in this paper for the compensation stage. As far as
identification stage is concerned, the quantity of multipliers needed in [14]
increases by at least (M — 2)(L — 1), while it remains the same in this paper. That
is because the output samples in [14] have to be multiplied by f—,[cos(zﬁ” nk) and
]%4 sin(zﬁ’r nk) separately. Nevertheless, only toggling the signs of the output samples
is needed in this paper.

To give an intuitive impression, we adopt a 62-order Type-I FIR filter as the
highpass filter, and a 40-order Type-I FIR filter as the differentiator. Fig. 8 shows
the multipliers needed by the method in [14] and the proposed method in this paper.
When M = 16 and L = 4, the proposed method consumes 23% fewer multipliers
than [14].

Therefore, the proposed method has an advantage of low hardware consump-
tion, and yet also imposes a restriction on the channel number to 2", which is
however common in TIADCs and thus would cause little concern.

6 Conclusion

This paper introduces an efficient blind calibration method for nonlinearity mis-
matches in M-channel TIADCs. The error model for a single ADC is first extended
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Table I. Comparison of different approaches

Method [18] [14] [17] This paper
Mismatches FINM FINM FDNM FDNM
Channel No. 2 M 2 M=2"

M is even:
Compensation 3L-1) M+ DL -1) Kq/2+ 1 Kq/2+ 1+
(mul. /smpl.) M is odd: +4(L-1) M+2)L-1)
aM - 1)L -1)
M is even:
L(Ky/2+ 1)+
M+2)(L-1)
Identification LKp/2+1) +1 L(Ku/2+ 1) L(Kn/2+ 1)
(mul./smpl.) +4(L—1)+1 Mis odd: +4L-D+1 +4L-1D+1

L(Kn/2+ 1) +
QM+ 1)L - 1)
+1

Note:
1) “mul./smpl.” means the required multipliers for the calibration of one sample.
2) “Ky” is the order of the highpass filter.
3) “Ky” is the order of the differentiator.
4) “n” is any positive integer.
5) “FINM” stands for frequency-independent nonlinearity mismatches.

(a) Compensation (b) Identification
100 | I [14] (=3 , B [14]L=3 ,
224 This paper L=3 | _ 180 |EZZA This paper L=3|
g0 SSS[14]L=4 N [14] L=4
B8 This paper L=4 B8888 This paper L=4

160

[=2]
o

N
°

Complexity (mul./smpl.)
o 5

4 8 16
Channel No. Channel No.

Fig. 8. Complexity comparison of (a) compensation stage and (b)
identification stage.

to an M-channel TIADC and then simplified using BHT. Error reconstruction
structure stemming from the model is elaborated and parameter identification based
on FXLMS algorithm is presented. Simulations verify the recovery of effective
resolution and the improvement of dynamic range. Complexity comparison reveals
the economic virtue in the sense of resource consumption.
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