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Time-Interleaved Oversampling A/D
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Abstract—In this paper, the design procedure and practical into several subbands which are then applied to separate A/D
issues regarding the realization of time-interleaved oversampling converters whose outputs are recombined [4]. In this paper,
converters are presented. Using the concept of block digital an alternate approach is described which is also based on

filtering, it is shown that arbitrary AX topologies can be con- ltirate si | - ts. B b int
verted into corresponding time-interleaved structures. Practical multirate signal processing concepts. By usihg intercon-

issues such as finite opamp gain, mismatching, and dc offsets arenected modulators working in parallel with each running at
addressed, analyzed, and practical solutions to overcome some ofthe same clock, the effective sampling rate becofetmes
these problems are discussed. To verify the theoretical results, athe clock rate of each modulator. In other words, one can
discrete-component prototype of a second-order time-interleaved ; ; ; ;
AY analog/di%ital (A/pD) co}r/f\)/erter has been implemented and the achieve th.e required §amp|mg rate not by performing more
design details as well as experimental results are presented. oversampling bu_t by lncrea_SIng. the nl_meer _Of modu.lgtprs.
Hence, the required resolution is obtained without utilizing
a faster and more costly fabrication process or using a higher
order modulator. The key idea here is to make use of block
|. INTRODUCTION digital filtering in which a single-input single-output transfer
VERSAMPLING converters have become a popul‘,j{‘ynction.is realized via am\/ x M transfer function matrix'
O . ; along with a commutator at both front and back ends. Using
technique for data conversion [1]. One reason for thetlfqis concept and applying several topological transformations
popularity is their outstanding linearity which comes from the

fact that they usually exploit a 1-b quantizer. Even with 8” a givenA.; modulator, one can derive the equivalent time-

. " : . interleaved byM structure which is capable of operating at

trilevel quantizer, linearity performance up to 20 b has recent . . :
ectively M times the speed of the give> modulator.

been reported [2].

: . . . . The outline of this paper is as follows. In Section Il, the
However, there is a price to be paid to achieve this degree of o e . ;
. . . concept of block digital filtering is reviewed and a systematic
linearity. Due to the nature of oversampling, these converters - . L :

X . approach is introduced to derive the time-interleaved equiv-
are much slower than their Nyquist-rate counterparts. FQ

instance, the input bandwidth of the aforementioned 20__abent structure for an arbitrarAX converter. The practical

converter is only 400 Hz whereas the sampling rate is 200 kissues regarding implementation of these modulators are ad-

Hence, the application akX modulators are usually restricted. ressed in Section Ill. Specifically, th(_a problems. of Ie_aky
to low-speed high-linearity applications such as digital audibntegrat_ors, de offse'_[, and component mismatch are con_S|dered
I detail and practical solutions are presented. Section IV

I_Emergmg appllcatl_onS have fprced deS|g_ners to seek h'grg als with an experimental second-order time-interleaved A/D
linear converters with broader input bandwidths. One approac . .
rototype. The design procedure as well as experimental

is through the use of higher order modulators and low&t . . . .
. . ! X . e?ults are discussed thoroughly. Finally, conclusions are given

oversampling ratios. The disadvantage of this approach is tlﬁa Section V

the anti-aliasing filter for the A/D converter (smoothing filter '

for the D/A converter) becomes more complicated and hence,

it diminishes a key feature of oversampling converters—the [I. TIME-INTERLEAVED MODULATOR (TIM)

simplicity of their :?mt'i—aliasing filters (smoothing filter.for the In this section, the basic concept of block digital filtering is

D/A converter). Similarly, the complexity of the decimationnoquced and is used to develop a technique for realizing

filter (interpolation filter for the D/A) increases with the Orde'iime-interleaving converters [5]. A step by step procedure

of the modulator. 3 is provided showing how to derive the equivalent time-
Recently, several authors have utilized the concept of Miylierieaved version of an arbitrand¥. converter with an

tirate signal processing. In one approach, quadrature-matchg%itrary interleaving numbeh/.

filtering is used with a bank of independent A/D converters

to reduce in-band harmonics [3]. In another approach, a

. . . Block Digital Filterin
Hadamard transform is used to decompose the input spectlﬁm 9 9
A block digital filter is basically a multirate system in which
Manuscript received May 16, 1994; revised February 7, 1997. This pagearallelism is exploited to reduce the speed requirement on
was recommended by Associate Editor V. Gopinathan. __each processing element [6]. In this section, the basic concept
The authors are with the Department of Electrical and Computer Englneerf— h fil . d C id h inale-i inal
ing, University of Toronto, Toronto, Ont., Canada M5S 1A4. of these filters are reviewed. Consider the single-input single-
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system with the same input—output transfer function is depicte&ln), --------------

in Fig. 1 in whichH(z) is anM x M transfer function matrix ~— ——— -
shown in (1) at the bottom of the page, whefe; represents 'y | H(z2)
the contribution of theith input to theith output. The general - ‘

FARE 2 , .

structure of H(z) is shown in (1). The elements of the first MxM
row of H(z) are type 1 poly-phase componentsgfz), or

Ez‘l: ' | Block Filter || __ y ¥(n)
mathematically } | IMH : O—1 ]

. input output
M—1 C sdmpler o - combiner :
H(z) =Y 2 'E(z") @
=0 Fig. 1. Equivalent block filtering structure for the single-input single-output
transfer-functionH (z).
where
x(n) y(n)
oo
__>(:)—> H(z) >
E(z)= Y amz" 0<I<M-1 (3) A (H@ = [
n=—oo T
ei(n) =h(nM +1) 0<I<M-1. (4) Fig. 2. Interpolative structure.

In other wordsg;(n) is merely theM/-fold decimated version Hence,Ey(z) = 1/(1 —az™!) andE1(2) = /a/(1—az™1).
of h(n +1). Note that in (1), each row is a circularly shiftedTherefore,

version of the row above it except for the elements below the 1 N
diagonal entries which are delayed as well. Matrices with such 1—az-!l 1—aqzt

isti —Ci i H(z) = i i . (6)
characteristics are callegseudo-circulant For an arbitrary Jaz 1

transfer function matrixH(z) in Fig. 1, Y(¢/*) not only
consists ofX (¢’“’) but also includes its aliased versions, i.e.,
X[e/wt2km/M)]'s, Generally speaking, the structure showm. Derivation of the Structure

in dF'g'f% IS ahnec?r_ tmfe—va;ymgl sykstzm: lTr;? Necessary  consider the interpolative structure shown in Fig. 2 [7].
and sutiicient condition for the block digital Tilter StrUCtureAIthough the interpolative structure does not cover AlL

shown in Fig. 1 in order to represent a single-input Singl?ﬁodulatorarchitectures (such as double-loop or error-feedback

output linear time-invariant (LTI) transfer function is that topologies), the procedure presented here is general and the

H{(z) be pseudo-circulant. In other words, if the pseudgy,, e sirycture is used as an example to clarify the steps
circulant condition is satisfied then all aliased componeqﬁvolved

i(w+2kw /M) H Jw
(X[eler2in/AD]s) will be cancelled perfectly and’(¢™) = The first step is to put the equivalent block digital filter
consists of onlyX(e/), resulting in the block digital fil- =

H(z) shown in Fig. 1 in place off(z) in Fig. 2 resulting in

ter being an LTI system. In summary, an arbitrary ransf@fig ‘3 Note that the quantizer and!—! blocks have switched
function H(z) can be transformed into its correspondingibcatiOns

pseudocirculant block digital transfer function matdk(z),
but not all H(z) can be converted back into an LTI transfe
function. The following example clarifies how to deriv(z)
from H(z).

l—az! 1—azt

Studying Fig. 3 carefully, one realizes that rather than
Fecombiningoj’s into o(n) and quantizing it to derivey(n),
one can alternatively quantize each of thgs and then

o i he followi for f i recombine them to obtaig(n). In this way, the quantizer
Example: Consider the following transfer functiaH (z) = block also enjoys the benefit of working at the lower rate.

1/(1 - y/az™1). To find its correspondingi(z) for M =2, gageq on this idea, Fig. 4 is derived where té- block

one should first derive its polyphase decomposition elemeniSg peen transformed into two blocks to facilitate derivation
of the remaining step.

1 = 1+ Vaz" The final step is to merge the input adder into the lower-
1-veazt 1-az? rate section as well. The key point here is to note that
_ 1 Ll x Vo to = u(Mn) — yo, 91 = u(Mn + 1) — y; and so on. In other
l—az"2 7 1—az2 words, eachi; consists only of its correspondingandy terms.
=Eo(2?) + 21 EL(2?). (5) Hence, Fig. 4 can be modified into Fig. 5. Thus, assuming the
Eo(z) El(z) EQ(Z) e ij_l(z)
zLEN_1(2) Eo(2) Ei(z) - Ey_a(z)
H(z) = |# 'Eu—2(2) 27 En—1(2)  Eo(z) -+ Enm-3(2) |, (1)

27 E(2) 2 Ey(z) 27 Es(z) - Eo(2)
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u(n) to

H(z)
MxM
i % i, | Block Filter |0y, o(n)  Yn-M+1) o
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O [
Fig. 3. Oversampling converter with a block digital filter.
u(n) —
H(z)
MxM
Z_lf ! i,_,| Block Filter [O¥-1" | =MD
Lgan—~ il O
M-1
Zz
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Fig. 4. Oversampling converter with block digital filter and quantizers at the lower-rate side.
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Fig. 5. TIM oversampling converter.

same initial conditions, Fig. 5 is equivalent to Fig. 2 from an Based on this example, simulations were carried out to
input-output point of view. verify the theoretical results. Throughout these simulations,

Note that the noncausal componerit ! can be disre- it is assumed that both structures in Fig. 6(a) and (e) are
garded and thus the final structure will ha\e-1 delays more clocked at the same frequency (also referred to as internal
than the structure illustrated in Fig. 2. Finally, as mentiongdgck frequency) except for the input sampler and output
earlier, the aforementioned procedure is general and applicalignpiner in the TIM structure which are operated at twice the
to arbitrary A architectures. In fact, a double-loop topologyaie of the rest of the structure. The quantizer output levels
was chosen in the next section to illustrate the concept. . .5 o1 the input is a sinusoid with an amplitude of 0.5

_ ) and a frequency of 1 kHz. The internal clock frequengy) (

C. Simulations is 100 kHz which leads to an effective clock ratg (g) of

Consider the second-ordeY> A/D converter, taken from 200 kHz. The output spectrum of both structures is illustrated
[8], as shown in Fig. 6(a). The equivalent block digital filtein Fig. 7. The spectrums were generated using the fast Fourier
for H(z) = 0.5271/(1 — z~") assumingM = 2 is transform (FFT) algorithm. Specifically, the Welch method
of power spectrum estimation [9] with 50% overlapping and

— 21 1 0.5 . ) . . .
H(z) = {2_1 2_1} X T Z—l' (7) Hanning windowing was used. The size of the periodogram

for the conventional modulator was set at 32k while the time-

Hence, the equivalent TIM structure f8f = 2 can be derived interleaved modulator at 64k. Thus, the spectrums for the
based on a similar procedure as depicted in Fig. 6(b)—(e). conventional modulator were obtained by averaging sixteen
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Fig. 6. Second-ordenY. modulator. (a) Conventional. (b) With block digital equivalent filters. (c) With quantizers in the lower-rate section. (d) With
D/A’s in the lower-rate section. (e) Final TIM structure. Note that= 1.

32k-point FFT's whereas the TIM spectrums were averagesTo make the comparison of the two spectrums easier,
of sixteen 64k-point FFT’s. The difference in the size of thi¢ was decided to make them spurious free by adding the
periodogram used to calculate the two types of spectrusame amount of dithering to the 1-b quantizer inputs of both
was a result of the effective clock-rate of the TIM whiclstructures.

was double that of the conventional modulator. In order to Simulation results reveal that the TIM structure has a 15
have the same resolution per bin in the frequency domain, tiiB better signal-to-noise ratio (SNR) as predicted by theory.
number of FFT points for the TIM must be double that of thén other words, though both structures have the same internal
conventional modulator. clock frequency, the time-interleaved structure has an overall
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0 . integrator. It can be shown that the transfer function for this
leaky integrator is as follows [10]:
-20f -0
-40k Convantional Cy |:1 + % + %}
g H(z) = E— ®
§ -60} 1+ =
3 1- A _ -1
i G
o -80f 14+ —
2 Time-interleaved Cy
& e
-100 ) ) ) ) _
AssumingA is large and after some algebraic manipulations,
.120f | (8) can be approximated by
-140 . 1 C
10° 10' Coll+ = 4+ =1
Frequency (kHz) H ( ) A CQA
)~
Fig. 7. Output spectrums of second-order conventional and time-interleaved 1-(1= G 21
structures being clocked at the same rate. CrA i
g
=——. 9
C, I 1—az
¢2 (Dz 1 The further awayx is from unity, the more nonideal the
1 o L ) integrator becomes. In the context &f> modulators, this
| 1_{ ™~ L nonideality reflects into a displacement of the noise transfer
| A | _T¥ ., function zeros from their ideal locations and hence noise
¢ (D t shaping is degraded. In [8], it was noted that for a second-
_1| l{ e order modulator, the minimum opamp gain (in V/V) before

= noise-shaping degradation is noticeable is around a value equal
to the OSR. In [7], a fourth-order modulator was studied and
= = according to simulation, a minimum gain of 200 V/V was
Fig. 8. Inverting nondelayed SC integrator. required when using an OSR = 48. In summary, fE
structures, there is a critical opamp gain below which noise

shaping deterioration becomes noticeable.

performance equivalent to one octave higher oversamplin . i
ratio (OSR). In summary, the two modulators inside the TIMgThe above statement is also true for TIM structures. How

. . . ever, we show here that the critical opamp gain in a TIM
of Fig. 6(e) are equivalent to one modulator clocked at tWIC% . . .
structure is1/M times that of a conventional modulator. In

the rate. o . : .
other words, the critical opamp gain canktimes smaller in
a time-interleaved structure. To illustrate this result, consider
the conventional and TIM structures shown in Fig. 6(a) and

So far, a general procedure was presented to derive(ed and assume that both structures are built out of leaky
TIM equivalent of an arbitrary\¥ structure. In this section, integrators with transfer functiony/(1—az~1). Based on (6),
practical issues regarding circuit implementation of TIM archihe equivalentt (=) for the TIM structure isl/(1 — y/az™1)
tectures are discussed. Specifically, circuit nonidealities sushereasH(z) for conventional modulator ig/(1 — az~1).
as finite opamp gain, component mismatch, and dc offset atence,a.q is v/« for TIM which is closer to unity resulting
addressed and their effects on the overall performance #@vea better overall performance. Also, recall that= 1 —
analyzed. Simulation results are given to verify theoretical; /(C>A) (9), hence
discussions in all these cases. Also, an approach is proposed

I1l. PRACTICAL ISSUES

to simplify the implementation of the decimation stage. Get =V &
—J1- 2
A. Leaky Integrators CrA
One of the major building blocks in switched-capacitor ~1-— glA
(SC) implementations ofAY. modulators are SC integrators. 2 C%
Fig. 8 illustrates an inverting nondelayed SC integrator whose =1- L (10)
transfer function is(—C;/C5)/(1 — z=1) assuming an ideal Caden

opamp. However, in practical realizations, the finite dc gain Therefore, A.;y = 2A. A similar argument is valid for

of the opamp violates the virtual ground concept at node Bie general case in which the equivalent single-input single-
Hence, not all of the charge of the input capacifyrwill be output transfer function would be/(1 — ¥/az~!) resulting
dumped onto the integrating capacitOs resulting in a leaky in Ay = MA.
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to leaky integrators and hence can use lower opamp gains as
compared to conventional modulators.

B. DC Offsets

DC offsets of integrators do not typically pose any problem
in conventional AX modulators since they only cause an
offset-error in the overall dc characteristic function of the
converter [1]. Also, the output of the integrators stay in the
nonclipping range due to feedback. To clarify the latter point,
consider the first-order conventional modulator illustrated in
Fig. 10(a). Assuming a zero input signal(k) = 0] and a
positive offset fn(n) > 0], the output of integraton(n),
starts accumulating sinag(n) > 0. Eventuallyy(n) becomes
L and the negative feedback of the modulator forces the
integrator output to go back down. Thus, the negative feedback
of the modulator keeps the integrator output from saturating
even in the presence of dc offsets.

The effect of offsets on a TIM structure is not quite the
same. Consider the equivalent first-order TIM depicted in
Fig. 10(b) and assume that the cross-coupling coefficleats
1. Also assuming:(n) = 0, my(n) > 0, andma(n) < 0, we
see thatu;(n) starts increasing and:(n) starts decreasing.
Eventually,y; (n) andyz(n) will become L and —L, respec-
tively. In contrast to the conventional modulates; (n) and
we(n) will not change signs sincg»(n) cancelsy; (n) in
the top branch and visa versa in the bottom branch. Hence,
u1(n) keeps increasing ang,(n) keeps decreasing, eventually
causing the integrators to clip as well as the quantizers to

: ) overload thereby degrading noise-shaping performance. Even
e - -~ Op-Amp Gain = 25 V/V . . .
N A Op-Amp Gain=50VV | if both offsets have the same sign, this phenom_ena occurs
—— Op-Amp Gain = inf V/V except that the modulator with the larger offset will become
unbounded whereas the other one stays bounded. The only
situation where saturation would not occur would be if the
offsets are precisely the same which is highly improbable.
(b) Fortunately, ift < 1, then each branch has more control on
Fig. 9. Output spectrums for modulators with leaky integrators. (a) Convefts own feedback as compared to the cross-coupling branch.
tional. (b) TIM. If mi(n) and mo(n) are small enough, the total feedback
L x (1 - k) is capable of cancelling the effect of the offsets.
In other words, if

20}

-40F

Power Spectrum (dB)

-1 1;)0 1
Frequency {kHz)

To verify the results forAd = 2, simulations were run
for the second-order modulators introduced in Section II-C.
The output spectrum for both modulators are illustrated in
Fig. 9(a) and (b) for different opamp gain€(is assumed then the effect of offsets is cancelled by negative feedback
to be equal toC,). Here, TIM is clocked at half the ratethe same way as in a conventionab: modulator. Note that
of the conventional modulator so that the noise floors dfie deviation ofk from unity does not cause aliasing since
both modulators are the same when using opamp gainstia¢ pseudocirculant condition is still satisfied and hence the
infinity. Note that the conventional modulator is sensitive tétructure remains time-invariant. However, the poles and zeros
gain variation whereas TIM is more robust. Also, notice th&f the STF and NTF are displaced. Performing linear analysis
around dc, the performance of TIM with opamp gain of 28r Fig. 10(b), one can derive the following input-output
VIV is nearly the same as that of the conventional modulatgglationship:
with opamp gain of 50 V/V as predicted.

Before leaving this section, it should be noted that leaky(z) = X (2)z
integrators pose another problem as well. Specifically, they (12)
also cause the zeros of the NTF to momsidethe unit circle Note that the STF has a new pole-zero pair-atand —(1/k),
and hence dead-band and limit-cycles are generated [11], [I2kpectively, making it an all-pass function and hence, it won't
Since a TIM structure has the benefit of having the NTF zereause amplitude distortion. Since the pole-zero pair is around
closer toz = 1 for a given leaky integrator, it is also less: = x and assuming a high OSR, the phase is quite linear
prone to limit cycles. In summary, TIM’s are less sensitiven the band of interest which is around= 0. Also note that

max(|mi|)i=172 < L x (1 — k‘) (ll)

14271
14 kz=17

—1 k+2_1

Tkt TEEU

_Z—l)
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u(n) L] y(n)

y
Ij
y

D/A (=

@

x(n)

(b)
Fig. 10. First-orderAYX modulator. (a) Conventional. (b) TIM.

the NTF has a new pole-zero pair att and —1 causing a 70
notch atr and a peaking near. Noting that the total noise
energy is constant, a notch in the NTF causes the noise to go
elsewhere meaning that the noise floor will rise. A peaking  86f
in NTF causes the modulator to have larger integrator outputs _ g4}
which in turn makes the structure more prone to clipping and £
overloading eventually degrading noise-shaping performance §62

68

[7]. Hence, there is a tradeoff between the maximum tolerable & sof
: : . . £ OSR = 50
opamp offset and noise-shaping degradation which leads to Eggl
an optimum value foik below which clipping effects due to & BW = 2kHz
opamp offsets are dominant and above which clipping due to > f. = 100kHz
the peaking of NTF would be dominant. 54r fserp = 200kHz
To verify these results, several simulations were carried g,|

out for the second-order TIM of Section II-C fdr = 3 and

mi(n) = + 0.015. The results are depicted in Fig. 11. Note ~ *% 02 04 o8 08 1
that there is a maximum dynamic range as was discussed and Cross-Goupling Goefficient (k)

the optimalk in this case is around 0.96. Above this valuesig. 11. Dynamic range versus cross-coupling coefficignt.= 3 and
the dynamic range quickly deteriorates as integrator outptits™ = + 0.015.

saturate.

function could be IIR in general. However, simulation results
) indicates that the overall effect is similar to the mismatch effect
C. Mismatch Effects in block digital filtering. Specifically, fori/ = 2 and recalling
In [13], the effect of coefficient mismatch on the perds .z to be the effective clock frequendf;, noise around
formance of a general block digital filter is studied wherg; .x/2 will be attenuated by a factor (related to mismatch
it is shown that due to mismatches, the overall structuratio) and then folded back into the band of interest.
becomes time-varying and hence aliasing is present. It wad-urthermore AY. modulators tend to generate limit cycles at
also emphasized that those portions of the spectrum arodretjuencies off, .q/2=+¢fin Where fi, is the input frequency
2mi/M (i =1, 2, ..., M — 1) would first get attenuated and[14]. Due to mismatch, these limit cycles will also fold back
then folded back into the band of interest. Also, it was shownto the baseband and cause tones jat as if they were
that the attenuation factor for FIR block filters is proportiondlarmonics of the input frequencg,. Note that these tones
to the mismatch ratio. are originating from the time-varying nature of the structure
Unfortunately, the general analysis for mismatch effects mather than its nonlinearity.
a TIM structure is a difficult problem since one has to deal Fig. 12 shows the spectrum for a 0.1% coefficient mismatch.
with a time-varying multirate nonlinear system whose transfétote that aliasing causes a flattening of the noise floor in
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k = 1 and dither= [—L/2, L/2].
-140 L . L
. N _ _ 10" 10° 10' 10°
the band of interest sitting around100 dB. This level is Frequency (kHz)
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(neglecting limit cycles). The tones at integer multiples of theg 14, output spectrum for second-order TIM with a 0.1% mismatch and
input frequency are also caused by aliasing of the limit cycte dithering for (a)k = 1 and (b)k = 0.90.
tones at frequencies of; ox/2 £ ifi.

Limit cycles are a disturbing phenomena in conventional
AY converters and are traditionally removed by introducingould occur in a conventional modulator operatingfat.s).
dithering at the input of the 1-b-quantizer causing an increakénce for low values of OSR, mismatching should not cause
in the noise floor [15]. In TIM structures, dithering not onlyany degradation in SNR. For high values of OSR, the in-band
alleviates the problem of in-band limit cycles but also destroy¥ise is dominated by aliasing. However, there exists a way
them elsewhere. By dithering, tones aroufid.;/2 disap- to reduce this aliasing effect. As discussed in Section IlI-B,
pear. Consequently, in-band harmonics due to aliasing vani&pducingk has the effect of generating a notchfates/2 for
F|g 13 shows the Output spectrum of the second-order T|Mﬁr5t-0rder TIM. The same is true for a second-order TIM as
(M = 2) with dithering applied to both 1-b-quantizer inputsverified by the following equation:
The dithering signal is uniformly distributed betweetiL /2)

where L is the output level. Note that tones aroufid.g /2 Y(2) =X (2)z2 (k+271)

are completely removed at the expense of an increase in noise (14 Fkz=t)2

floor. It should be noted that the effect of this amount of dither- 1o (L4271)2

i i i HEEHA - o 19
ing on TIM is comparable to that of a conventional modulator. ” ” (14 kz=1)2"

Adding dithering will remove the idle tones but aliased
noise, if not corrected, will limit the amount of resolutionNote that the noise floor arounf .z /2, which will be aliased
that a TIM can achieve. For low values of OSR, the in-bantshck due to mismatching, is first attenuated by the two new
noise is dominated by thenaliasednoise floor (that which zeroes generated at Fig. 14(a) and (b) shows the output
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Fig. 15. Block diagram of a second-order time-interleavell modulator after delay redistribution.
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Fig. 16. Single-ended SC circuit for second-order TiM.= 3.8 nF,k = 0.96, L = 3 V, and 100 kHz clock frequency.

spectrums for a second-order TIM with a 0.1% coefficierdt the same rate are also given. Note that for a mismatch
mismatch and no dithering fok = 0.98 andk = 0.90, ratio of 0.1% and BW= 2 kHz, decreasing deteriorates the
respectively. Notice that in Fig. 14(a), the noise floor in thédynamic range as aliasing is not the dominant component of
baseband shows an improvement over Fig. 12 due to ftitee in-band noise and reducirig only makes the unaliased
existence of a notch gt g /2. Reducingk to 0.90 effectively noise floor worse. However, for BW= 500 Hz, decreasing
increases the notch width g /2 resulting in the spectrum £ significantly improves the dynamic range since the in-band
of Fig. 14(b) in which the aliased component is not noticeablroise is dominated by aliasing.

However, as was mentioned in Section IlI-B, creating a notch The k-factor technique is also applicable to the interpolative
at f, .a/2 has the effect of increasing the overall noise flooas well as the double-loop topologies withh > 2 [16]. How-
Table | summarizes the effect of reducikgon the dynamic ever, the practical realization of time-interleaved modulators
range value for bandwidths (BW) of 2 kHz and 500 Hz witlwith A7 > 2, would be a challenging task. In fact, more SNR
an internal clock frequency of 100 kHz. For comparison, theave to be traded away to keep the loops operating properly
dynamic range values for a conventional modulator clockédr A7 > 2.
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TABLE | 0
DyNAMIC RANGE AS A FUNCTION OF k FOR A
0.1% QOEFFICIENT MISMATCH AND NO DITHERING

-20F 4
Dynamic Range (dB)
k
BW = 2kHz | BW = S00Hz & g0l Conventional
f, = 100kHz | f, = 100kHz k- SNR = 42.5d8
3
1.00 7115 88.31 2
-60} E
T 0.98 70.49 89.65 ,;i
I\I/I 0.95 70.35 98.10 §
a -80r 1
0.90 68.89 99.47 Time-interleaved
X SNR = 54.1dB
Conventional Modulator 58.02 87.50
-100
IV. EXPERIMENTAL RESULTS 120 . .
0 1
) Al i 10 10
A second-order time-interleaves: modulator was derived Frequency (kHz)

from a conventional A/D modulator by using the block filtering
theory discussed above. A single-ended switch capacitor Vgig_. 17. Experimental results for conventional versus second-order TIM for
. X L = 0.96
sion was realized using discrete components and the results
are presented here.
output during¢, and the bottom latched comparator output
A. TIM SC Circuit during ¢;. For this experiment, a clock of 100 kHz was
A second-order double-loop structure taken from [8] an eddv(;ntg ? %[ kHZfITEutbreSlaltlng ”3:?] eff b:'I'tzoto THZ' &
shown in Fig. 6(a) is used as the starting point. From thi added teature of the board was the ability 1o furn o
structure, a second-order time-interleaved by 7 (= 2) the cross coupling connection thereby degenerating the time-
counterpé\rt is derived as shown in Fig. 6(e). Before this blo- erleaved circuit into a conventional second-order modulator.
' ' is feature was added to measure the results for the con-

diagram can be implemented in a single-ended SC version, tional dis | ant b . f th
delay redistribution must be done since only noninverting ggentional case and 1S Important because a comparison ot the

layed and inverting nondelayed parasitic insensitive integrat&@e"merleaved A/D with published results for conventional

(similar in structure to that shown in Fig. 8) are to be used ﬂacond—order modulators is inaccurate due to dissimilar circuit

should be noted that even though stray-compensated inver idealities. Measuring the results using one board guarantees
same amount of circuit nonidealities for both the time-

delayed integrators are realizable, they are more complica q d and th tional
and rely on capacitance matching for stray insensitivity [10'f erleaved and the conventional case.
Some of the circuit component characteristics are as follows:

We start the rearrangement of delays by splitting one de@/ the switches (ADG201HS) inject 50 pC when turned off:

i half delays. Th jecti f thi i
into two half delays e objective of this procedure is t )lthe opamps (AD843) have an open-loop gain of 80 dB and

remove the cross-coupling branches that have a gain o ftoot of d1mv-3) the Polvst "
and no delays. Also, it is desired to have a half delay at tffg O'ISet of aroun mV; 3) the Polystyrene capacitors are

output of the comparators to make available the use of latch %‘iﬁrate to 0'3(;/0 (I'Tt'\ig 6bly tr?e capz;(gtance meter uts_ed), _‘?Ed
comparators. For chip design, this modification is importa € compara ors ( ) have a 20 ns response ime. the
ceaooacnancceﬁ was chosen to be 3.8 nF. A smaller capacitance

counterparts. The result of the delay rearrangement is Showﬁreased the effect of charge_lnjectlon whereas a Iqrggr value
in Fig. 15. prevented the outputs of the integrators to settle withims5

Note that the diagram in Fig. 15 still has one path thég’lefined here as the time from 10-90% of final output value).

requires a positive nondelaying integrator. This path is fro V ch in the int i i it This clock
xz2(n) to the top-left integrator. The solution to this proble change in the integrating capacitor voltage. this clock-
lies in the presence of a half delay in the input sampl gedthrough effect is similar to dc offset and therefore has to be

which should samplex(#) and a half-delayed replica of it included in the calculation of the amount of mismatch needed

before feeding them inte,(n) and zs(n) simultaneously. to stabilize the system. According to Fig. 11, the optimal for

Instead of doing so, the operation of the TIM blocks ar%uch an offset is 0.96.

staggered, meaning that the two halves of the modulator are

out of synchronization by half a delay. There is therefore & OutPut Spectrum

implicit half-delay when traversing a cross-coupling path. It A memory board was built to capture 256k consecutive

should be noted that in a fully differential design, noninvertingamples from each of the latch outputs and store them into

nondelayed integrators are available and thus, there is no naefile allowing digital signal processing (DSP) programs to

for staggering the two halves. calculate the FFT and generate an accurate spectrum of the
The single-ended SC circuit is shown as Fig. 16. The 1digital signal. The combining of the latch outputs into a 1-

output can be obtained by sampling the top latched comparabosignal is done inside the DSP program. Care should be

erefore, the charge injection of the switches caused a 13
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Fig. 19 shows the measured SNR for a variety of input
amplitudes. On average, the SNR of the time-interleaved
modulator is 12 dB better than that of the conventional
modulator clocked at the same frequency.

V. CONCLUSIONS

The concept of time-interleaving has been extended to
A3 modulators. Utilizing block digital filtering, a general
procedure for deriving the time-interleaved equivalent of arbi-
trary AX converters was presented. Practical issues regarding
implementation of these time-interleaved converters were also
addressed. Specifically, problems such as finite opamp gain,
dc offset, and component mismatch were discussed and ana-
lyzed. Practical solutions were suggested to overcome some of
these effects and several tradeoffs were introduced. Finally, a
second-order time-interleaved by two}: A/D converter was

Fig. 18. Experimental results for conventional versus second-order TIM fﬁhplemented with discrete components. Experimental results

k = 0.99.
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Fig. 19. Measured SNR fof, = 100 kHz, fi, = 1 kHz, BW = 2 kHz,

and & = 0.96.

taken when combining the outputs. The order of the outpu®l

combining is the same as the order of the input sampling.

Fig. 17 shows the spectrums for the conventional versus the

TIM for a 1 kHz input with an amplitude of 0.5 y/(15 dB
below full-scale) and: = 0.96. The SNR values shown ar

(S)

show that the time-interleaved modulator has a 12 dB better
signal-to-noise ratio than that of a conventional one operating
at the same clock-rate. Thus, resolution was improved by two
bits without increasing the clock frequency.
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