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Abstract—Time interleaving is one of the most efficient tech-
niques employed in the design of high-speed sampled-data systems.
However, the mismatches appearing among different channels will
create distortion tones that will degrade the system performance.
This paper presents a detailed analysis of the effect of sampling
bandwidth mismatches in the statistical behavior of time-inter-
leaved sampling systems. Closed-form and handy signal-to-noise
distortion ratio formulas will also be derived which allow quick
evaluation of the system performance, and the MATLAB simu-
lations are provided in order to verify the effectiveness of those
formulas. Finally, the corresponding design procedure extracted
from the formulas will be further addressed through a design
example.

Index Terms—Bandwidth mismatches, sampled-data systems,
time-interleaved (TI) analog-to-digital converter (ADC).

I. INTRODUCTION

IGH-SPEED sampled-data systems, e.g., analog-to-dig-
H ital converters (ADCs), have found increasing impor-
tance in various electronics circuits and systems, such as
in wireless communications, flat-panel displays, video and
imaging signal processing applications. Time-interleaving (TT)
in ADCs [1], as shown in Fig. 1, is one of the effective ways to
boost the speed of sampled-data systems beyond the limitation
imposed by the technology. However, special attention must be
paid to avoid various types of mismatches arising in parallel
identical channels, e.g., offset, [2], gain, [2], sampling-time
[2]-[5], as well as bandwidth mismatches (from the sampling
RC time constant) [2], [6]-[8]. These mismatches create dis-
tortion tones at frequency locations which are multiples of
fs/M, where f; = 1/T is the overall sampling frequency of
the system and M the number of TI channels.

To characterize conveniently the performance degradation
due to various types of mismatches, handy and closed-form
expressions for the signal-to-noise-and-distortion ratio (SNDR)
are highly desirable. Thus, the mismatches can be predicted
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Fig. 1. Time-interleaved ADC.

and characterized in the very early design phase, allowing
an accurate estimation of sampling circuit components, oth-
erwise post-calibration (either analog or digital) [6]-[8] is
unavoidable, which may lead to additional power and silicon
consumption with complex hardware and software (algorithms)
for measurement and calibration.
In this paper, a thorough spectra-domain analysis of the band-
width mismatch effect will be presented and based on this a
closed-form SNDR expression will be derived. Also, it will be
proven that the most important contribution for the bandwidth
mismatch is the phase mismatch originated from the phase-shift
of the RC-filtering by the sampling branch, which causes per-
formance degradation even for signal frequencies smaller than
the bandwidth of such sampling branch. Although the analysis
of deterministic mismatches had already been addressed in [2],
[6] and [7], this paper will present a comprehensive and thor-
ough study with a new statistical approach that comprises the
following improved features over previous works.
a) A handy closed-form SNDR expression is derived.
b) The formula can be generalized for any number (M) of
TI channels.

¢) Since intrinsic circuit imbalance (being highly circuit and
architecture dependent) or inadequate layout design will
introduce systematic mismatches, and considering that
only standard deviations of various mismatch parameters
are given by the foundries process datasheets, a statistical
method dealing with random mismatches is derived.

The formula derived here will simplify the performance eval-
vation of TI sampling systems under bandwidth mismatches,
and will also allow the prior determination of the specifications
of sampling switches and capacitors in the design phase for a
specifically targeted value of SNDR. The analysis in [8] focuses
on the design methodology for digital post calibration assuming
small input signal bandwidth, while this paper is targeting a
prior analysis to suppress the bandwidth mismatch within a full
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Fig. 2. Typical front-end S/H circuit.

input signal bandwidth at a much earlier design phase that is
well suited for usual top-down analog design flows.

II. SPECTRA ANALYSIS OF BANDWIDTH MISMATCHES

A typical sample-and-hold (S/H) circuit widely used in the
front-end of sampled-data systems is shown in Fig. 2, which
must also be part of each channel of the ADC front-end of Fig. 1.
In phase 1 the continuous-time input signal is passively sampled
into the capacitor C and also RC-filtered by the finite bandwidth
imposed by the sampling switch’s on-resistance R and the sam-
pling capacitor C. The mismatches occurring in the sampling
switches and the capacitors among various channels will lead
to the overall bandwidth mismatch. This will only modulate the
continuous-time input signal, and after the signal being sampled
into C the operation of the remaining part of the S/H is in dis-
crete-time and all the mismatches will appear as offset and pure
gain-mismatches that were already fully characterized before,
[2]. Assuming that R,, and C,, are the switch’s on-resistance
and the sampling capacitance of the mth channel, respectively,
then, the sampling time constant would be 7,,, = R,,,C
7(1 + ry,,) where 7 corresponds to its mean/nominal value and
Tm 1S the percentage of the time-constant mismatch. Based on
this, the frequency response in the mth channel, from the input
x(t) to the sampled signal y(¢), can be defined as

1 1

Hn(w) = 14 jwr(l+7)

1
L+ jwrm M

containing both magnitude and phase contributions. On the
other hand, the sampled time-domain signal in capacitor C can
be represented as

> A[#(nT) * hon (RT)]8(t — nT)} )

n=—oo

where h,,(t) is the impulse response of the RC-filter in the
mth channel and * denotes the convolution operation. For a TI
system with M channels the following will hold:

nT = kMT + mT, for integer k 3)

and (2) becomes

M—-1 oo

=2 2

m=0 k=—oc

{ (kMT + mT) % hy,

x (kMT + mT))6(t — kMT — mT)}. @)

This leads to an output spectrum that can be expressed by [7]

27

— Z Ak (w)X

k=—o0

where
M-1

—ikm?2T
A MZH( Mﬁw o

Equations (5) and (5a) completely describe the spectrum of a
TI sampling system with bandwidth mismatches. Furthermore,
they reveal that the characteristic of the bandwidth mismatch
is similar to a pure gain - and timing mismatch, also creating
weighted modulation sidebands at multiples of f,/M = 1/MT
[with weights specified by Ay in (5a)].

(5a)

III. CLOSED-FORM FORMULA FOR SNDR

In this section, a closed-form formula for SNDR will be
derived for TI systems with bandwidth mismatches. Recalling
that (5a) represents the weights of the various modulation
sidebands which allows SNDR’s computation. For an input
sinusoidal signal with frequency wy = 2u fy, the sidebands
contain tones located at w = twqg + k(27)/(MT). Due to the
symmetry property of the Fourier Transform of real signals,
the calculation can be simplified by evaluating the sideband
components at only w = wqo + k(27)/(MT) over the range
[—fs/2, fs/2] (or equivalently [0, fs]) to find the SNDR (with
respect to the signal only centered at wg) over the range of
[0, fs/2].

Simplifying (5a) using w =
yields

wo + k(27)/(MT) and (1) it

1 M—-1 e_jkm 2
A k— | = — 6
F (wo + MT) M rnE::O 1+ jwor(1+ 7) ©

where for &k = 0 Ag(wp) corresponds to the signal component,
and for k = 1to M — 1 Ay correspond to M — 1 different
sideband components. The SNDR, over the range of [0, f5] or
equivalently for £ = 1 to M — 1, can be expressed as [9]

E[|Ao(wo)|’]
E [ [ Ak (wo + k7)|]

In order to evaluate the SNDR by statistical means it would be
necessary to assume now r,(m = 0,1,2,....M — 1) as M
independent identically distributed (i.i.d) random variables with
Gaussian distribution of zero mean and standard deviation o,..
Then, the expected values of the signal component |Aq(w,)|?
can be evaluated by substituting k£ = 0 into (6) and multiplying
it by its complex conjugate as follows:

SNDR = 10log;,

(N

1 M—1 1
N :
M?2 mZ::O 1+ jwor(l+7.)
- 1
1 + wiT?

E[|Ao(wo)["] =

®)

which shows that the signal component is approximately scaled
by the RC-filter for small values of r,, (r,, < 1). The expected
value of the sideband components can also be calculated from
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(6) leading to (9), shown at the bottom of the page, where, in
this case, the second-order term 7,7, in (9) cannot be neglected
since in the following derivations it will be required to use the
statistical values of E[r,,] = 0 and E[r2,] = 02 and, besides
this, it will constitute the most significant contribution to the
sideband components. However, in (8) such approximation is
valid because the amplitude of the signal component is, in prin-
ciple, much larger than that of the sideband. The evaluation of
the expected value of the sideband components in (9) is quite
complex and only key steps will be addressed here. The double
summation in (9) can be analyzed in two parts for m = n (con-
taining M terms) and m # n (contain M? — M terms) in the
following way:

M-1M-1
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since r,, and r,, are random variables with zero means. Further-
more, for the second-order term

21 _ wgT? ’
A= <W>
X (4B [rp] + 48 [r] + E [r7,])
2_2 2
~(35) @
2
E[BZ] = <1_:02)7;7_ ) B [ngz(Tm +7'n)2
+ 2jwoT ( - 7"2) — (T — rn)2] . (15

Since r,,, and 7,, have zero mean and are independent (uncorre-

Part 1= — Z [ — 1 - lated) (15) can be eva!uated' considering E[r2,] = E[r}] = o2
M om0 14+ wir? (14 2ry, +72) and E[r,,r,] = 0 which will lead to
| M-1M- )
- A+ A% (10 BB =27 ) |2 ~1 16
MZmZ(M;)l-'_w [B7] 1+ wir? [G(WOT )] (16)
M—1 M 1 Then, substituting (12) and (14) into (10) it yields
Pat2 = by 3 3 ek !
Partl = ———
m=0 n=0 T Mt Wi
1 woT 2
E 2(q 2.2
[1 + jwoT (Tm — 1) + WFT2(L 4 ' + 70 t <1 + ng2> 7 (Buor 1)] an
e edklm- ”)Zﬁ d, similarly, by substituting (13) and (16) into (11)
EM — B+ B2 (11) and, similarly, by substituting an into
i Part 2 == ——
m#n ar T M21+ wlr?
where 2
woT 2 92
1 —_— 2 -1
) (7 ot - 1)
- 1+ wir? M—1M-1
- 27
B W32 + Tn) + JwoT (T — ) X Z Z e~ ik(m—n) 37 (18)
- 1+ wir? mfff;!;:o
should be small for r,,, < 1 leading to a valid Taylor Series  where
expansion in (10) and (11). The expansion can also be evalu- ,
ated up to th d order b A% and B3 contain at least  x—~ s~ _; N
p to the second order because A® an contain at leas —ik(m—-m)2z _ Z Z p—ik(m—n)2F
a third-order term like 73, which is negligible compared to the Z Z ¢ -
main contribution from 72,. The expected values can be calcu- mzrg;gfo m=0n=0
lated as M—1M-1
—jk(m-n)3F _
S <o
E[A] = 1+072 (2E[rm] + E [r},]) m=0 n=0
2.2 2 o 19
1 +2w027' leading to the following simplification of part 2:
wiT
E[B] = —2——(E[rm] + E[rn 1 1 2
Bl=13 ngZ( rm] + Elra]) Part2=————— |14+ [ —2C ) [202(w2r®— 1)]| .
jw M 14 wir? 1+ wir?
O (Elrm] - E[ra]) =0 (13)
14 wir? (Elrm e (20)
o M—1M-1 1
E||A k—— e Ikm—m3 | 9
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Fig. 3. Plot of number of TI channels A versus SNDR [simulated and calcu-
lated from (22)] with w,7 = 0.8 and ¢,. = 1%.

Finally, the sideband components can be calculated by the ad-
dition of both parts 1 and 2

2m
e (0 57)

From (21) it can be concluded that the expected values of the
various sidebands are independent of the frequency index k, i.e.,
all the sidebands have the same expected distortion power. As a
result, the total distortion power should be equal to (21) multi-
plied by M — 1, and the final SNDR can be calculated by sub-
stituting (8) and (21) into (7)

2
1 1 w87'203

E - .
M1+ wir?l+wir?

1)

SNDR = 10log;q [1 + wgT?] — 201logolwoTo]

1
—101 1-—= .
Ologyq [ M} dB. (22)

Although the previous analysis can be considered relatively
complex, the final SNDR formula is simple enough for quick
evaluation of the performance of TI sampled-data systems under
the influence of bandwidth mismatches. Important information
can be extracted directly from (22), namely that SNDR is in-
versely proportional to the signal frequency, as expected. The
Ist term in (22) is reflecting the RC filtering effect by the finite
bandwidth, since this will degrade the signal amplitude and thus
the SNDR. Also, the formula can be generalized for any number
(M) of TI-channels, and actually the SNDR only degrades by
an amount of 3 dB from M = 2 to oo, as shown in Fig. 3, a fact
that was not explained before when the phenomenon of band-
width mismatch was previously analyzed [2], [6], [7] (actually
a similar conclusion can be found in the gain- and timing-mis-
match analysis, e.g., from, [3], and [5]).

The first-order filtering effect caused by the sampling branch
will usually have more influence when the signal frequency is
near or greater than its bandwidth, since before the —3-dB fre-
quency the filter provides only negligible attenuation. However,
the bandwidth mismatches among TI channels can have a large
impact on the performance even when the signal frequency is
well below the corner frequency (quite unexpectedly), since the
phase shift starts to increase at 1/10 of the corner-frequency. To
demonstrate this effect it should be considered only the magni-
tude response of an idealized RC-filter

(23)
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Fig. 4. Plot of normalized frequency w, 7 versus SNDR [simulated and calcu-
lated from (22) and (24)] with M = 4 and o, = 1%.

Then, following the same procedure it can be shown that :

SNDRmagnitude_only =10 logl[) [1+ wg'rz] — 20 10g10 [UJOTO'T]

101 1 !
—101log R
g10 M
w272
—10log,, | —2—— | dB
810 [1 + w%ﬂ]

which differs from (22) only in the last term. Fig. 4 presents
a plot of (22) and (24) as a function of wor with M = 4 and
o, = 1%. It clearly shows that the effect of the phase mismatch
is dominant especially at low frequency, which will lead to (e.g.,
25 dB) overestimation of SNDR for the TI systems if only gain
mismatch is considered as a dominating factor around the corner
frequency.

(24)

IV. SIMULATION RESULTS AND DESIGN FLOW

To verify the accuracy of the formula, MATLAB FFT model
simulations will be presented. Fig. 5(a) shows plots of the simu-
lated SNDR versus normalized signal frequency wo7 and o,. by
10000 times Monte Carlo simulations under M = 4 and wyT =
27 x 0.2495, with the absolute error (in decibels) between the
simulated and calculated SNDR presented in Fig. 5(b). From
this figure the absolute error between the simulated and calcu-
lated SNDR is well below 0.5 dB for the normal range of w7
and o,.. The error starts to increase with higher values of the
mismatch o, and high input frequency, since an approximation
of 0, < 1 is considered in the previous formula derivations,
but such a large value of mismatches (e.g., >10%) are not typ-
ical in CMOS which will lead to an SNDR of only <20 dB.
Fig. 6(a) shows another 3-D plots of the simulated SNDR versus
the number of TI channels M and o,. by 10000 times Monte
Carlo simulations under w,7 = 0.8 and woT = 27 x 0.2495,
with the absolute error (in decibels) between the simulated and
calculated SNDR presented in Fig. 6(b). It is also demonstrated
that the formula can accurately predict systems’ performance
under any number of TI channels M.

On the other hand, to demonstrate the corresponding design
flow using (22), a 10-bit 6-channel 360 MHz pipelined ADC
was implemented in 0.18-pm CMOS [10], where the SNDR
specification for distortions imposed by signal-dependent mod-
ulation sidebands was designed to be 60 dB (including all error
sources), and the SNDR contribution from pure bandwidth mis-
matches should be below 65 dB. With the signal frequency of
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Fig. 5. (a) Simulated SNDR. (b) Absolute error between the simulated and calculated SNDR of TI systems under bandwidth mismatches versus normalized
frequency w,7 and mismatch standard derivation o, by 10000 times Monte Carlo Simulations (M = 4,w,T = 27 X 0.2495).
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Fig. 6. (a) Simulated SNDR. (b) Absolute error between the simulated and calculated SNDR of TI systems under bandwidth mismatches versus no. of TI channels
M and mismatch standard derivation o, by 10000 times Monte Carlo Simulations (w,7 = 0.8, w,T" = 27 X 0.2495).

25.2 MHz and sampling bandwidth of 100 MHz, the mismatch
in the sampling bandwidth should be smaller than o, < 0.3%
from (22), which is achievable in current standard CMOS tech-
nology. According to this specification and the statistical param-
eters from the foundry’s datasheet (with design margins), 1-pF
sampling capacitor and 1.6-k€) resistance were chosen which
will imply 7 = 1.6 ns. This chip was successfully implemented
with good silicon performance, and without any type of band-
width mismatch calibration, showing the importance of mini-
mizing the bandwidth mismatches according to the formula and
following an analog design flow leading to precise values of the
sampling circuit components.

V. CONCLUSION

This paper presents a comprehensive spectrum analysis of
the bandwidth mismatch in time-interleaved sampling systems.
Due to the statistical nature of mismatches a statistical anal-
ysis is presented together with the derivation of a handy and
closed-form SNDR formula which can be used to quickly eval-
uate the system performance. The analysis was further general-
ized to any number of TI channels with an elegant and simple
expression. To verify the accuracy of the formula MATLAB
simulations were presented showing that the absolute error in
performance prediction was as low as 0.5 dB only for a rea-
sonable range of bandwidth mismatches and signal frequencies.
An IC design example is also briefly referred to show the cor-
rectness of following an analog design procedure (based on the

formula), in the dimensioning of the sampling network compo-
nents, thus leading to the suppression of such mismatches.
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