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Improved Switched-Capacitor Interpolators with
Reduced Sample-and-Hold Effects

Seng-Pan UStudent Member, IEERui P. Marting Senior Member, IEEEand José E. Franckellow, IEEE

Abstract—This paper proposes improved switched-capacitor a higher output sampling rate have also been used [5], [9].
(SC) interpolators using a novel sampling technique which Such approach has the advantage of employing well-known
eliminates the undesired distortion due to the sample-and-hold g¢ circuit architectures, but its response is distorted by the

shaping effect at the lower input sampling rate. Such a sampling . . . .
technique not only leads to a precise analog interpolation, as its sinz/x shaping effect at a lower input sampling rate, and

digital counterpart does, but also allows to simplify the design for high-frequency applications it leads to higher power and
procedures and resulting SC circuit implementations. Different larger silicon area consumption. Specialized multirate SC
circuit topologies with both finite- and infinite-impulse response interpolators [2], [14]-[17] have also been developed based on
characteristics are developed, respectively, for low- and high-se- polyphase structures that could take advantage of the sampling
lectivity filtering. Practical implementation issues are discussed rate increase inherent in the interpolation process [19].

with respect to capacitance ratio mismatches, as well as finite gain, For finite-i | FIR) t fer functi di
bandwidth, and offset sensitivity effects of operational amplifiers. or finite-impulse response (FIR) transfer functions, di-

Besides detailed computer-based analyses, experimental results'€ct-form (DF) polyphase [2], parallel-cyclic (PC) polyphase
obtained from discrete component prototypes are also presented [17], and differentiator-based (DB) nonrecursive polyphase [16]
to demonstrate the proposed circuits. SC interpolators have been proposed. The former DF and PC
Index Terms—CMOS analog integrated circuits, filtering, inte- ~ architectures are not practical for high-selectivity filtering due
grated circuit design, interpolation, multirate signal processing, to the resulting large number of SC branches and clock phases,
sampled data circuits, signal sampling/reconstruction, switched- which degrade the circuit performance with increased sensitivity
capacitor filters. to both capacitance ratio mismatches and switch timing. On the
other hand, all these three architectures cannot make good use of
the inherent superiority of polyphase structures, i.e., low-speed
o operation at input lower rate. For infinite-impulse response (IIR)
M ULTIRATE sampled-data analog (SDA) circuits wergransfer functions, optimum SC interpolator building blocks
firstintroduced as a means of relaxing the requiremerggmpining first- and second-order recursive sections together
of continuous-time pre- and post-filters in the context of tradjyith DF polyphase networks have also been proposed [14], [15],
tional SDA filtering systems [1], [2]. Their usage has since thegiyploying output accumulators based either on a high-speed
been extended to many more applications in order to achiey@pjifier or on parasitic-sensitive unity-gain buffer. These
improved operating performance at the minimum cost in termagecialized multirate SC interpolators, however, require a more
of silicon area and power dissipation [3]. Notable exampl%mplicated design due to the need of modifying the original

include high-selectivity interface filtering [4], data-acquisitionyjgita| interpolating transfer function according to
systems [5], high-speed analog interfaces for video coders/de-

coders [6], [7], magnetic disk-read channel coders [8], and , Lt .
analog interfaces for wireless CMOS transceivers [9]-[12]. H'(z) = H(z) - Z ? (1)
Various circuit architectures for multirate SDA circuits have 1=0

been developed using switched-capacitor (SC) techniquesaccount for the S/H shaping effect at the input lower rate [2].

[1]-[18]. SC linear interpolators have been proposed initially This paper proposes improved SC interpolators using a novel

by taking advantage of input sample-and-hold (S/H) signal fsampling technique which eliminates the input S/H shaping ef-

achieving their desired responses [1], but were not accurfget, and thus operates in a similar way as its digital counter-

enough for many applications. To obtain a more precig@rts. Such interpolators are based on polyphase structures syn-

interpolation, conventional bi-phase SC filters operating thesized from the original prototype digital interpolation filter
transfer function without any modification. Two types of SC cir-
cuit are proposed for optimum implementation. One employs
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SAMPLED-DATA ANALOG INTERPOLATOR
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Fig. 1. SDA interpolation with integer conversion facfoi(LP case). (a) Architecture model. (b) Time- and frequency-domain illustrations.

that are more suitable for high-selectivity or wide-stopband fibined operation of an up-sampler, for increasing the sampling
tering, an efficient amplifier-shared combination of nonrecurate fromf, to L f, and insertind L-1) zero-valued samples be-
sive ADB polyphase structures and recursive DF Il structuregeen two consecutive input samples, and an interpolation filter,
is investigated in Section IV. In Section V, the analysis will béor removing the unwanted frequency-translated image compo-
focused on the power efficiency of such SC interpolators, teents associated with the signal sampled at the input lower rate.
gether with the associated imperfections resulting from capage spectrum of the resulting ideal output interpolated samples
itance ratio inaccuracies, as well as finite-gain and bandwidfh r,, 7 1 is given by
and input-referred offset effects of the operational transconduc- o L L - L
tance amplifiers (OTA's). In addition to detailed computer simu- ~ Xie(¢) = X (/%) - H(e') = X(/%F) - H(&™*)
lations, experimental results obtained from discrete-component w=0Ty =QT,/L (2)
prototype reall_zat|ons are presented in Sect|_on Vito vall_date th%ereXe(ej“) and X (ei), respectively, are the spectrum of
improved SC interpolation architectures. Finally, Section V - o .

the up-sampled and the original samples, Hife’ ) is the ideal

draws the conclusions of this paper. . L .
frequency response of the interpolation filter (gaid =cutoff
Il ANALOG INTERPOLATION frequencyw. =« /L, for lowpass (LP) case). Therefore, an ideal
' S/H interpolated output signal; (¢) can be obtained by passing
A. Digital versus Sampled-Data Analog Interpolation such interpolated samples through an ideal hold circuit, and its

Interpolation by a factol is a process for a sampling rateSPectrum is represented by
increase frony, to L f, and, in general, it can be carried out in . o« Lisin(QTy /2) _om

: - / ngenera, | C X3t () = X (79T MG—JQTm/Q ©)
either digital or SDA domains. Digital interpolation is a com- QT /2
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IMPROVED SDA INTERPOLATOR
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Fig. 2. Improved SDA interpolation with reduced S/H effects. (a) Architecture model. (b) Conventional implementation with a high-speed bi-fiterse SC

In the SDA case, the exact interpolation (as in the above digmployed to process such samples, and the spectrum of the re-
ital case) cannot be obtained due to the input S/H signal andiititing output interpolated sample§[n7};] is expressed as
?s describ_ed b_y the in'Ferpolation model in Fig. 1(a)_. The SPA XL(e5) = X! (e5) - H'(5)
interpolation filter, which can be analyzed as a discrete-time = * R o s e _—
processor operating dtf. with an output hold atZ£,, will =X () Hsp(®) - H'(), w = QT
sample and process the input signalgt (thus havingL suc- (5)

cessive equal-value samples owing to the constant-held 'nW’Hich indicates that the spectrum of the output samples pos-

within a fu_II sampling pgriopl Y,) and its operation !S de- sesses an extra deformation due to the spectrum-distorted func-
picted in Fig. 1(b), both in time and frequency domains. Tf}-

fon HY ,(¢#*), as shown in Fig. 1(b-iii). After taking into ac-
spectrum of the input S/H sample$[nT};] can be expressed sple™), g. 1(b-ii) d

) , count the inherent output S/H filtering effect at higher sam-
in terms of the spectrum of the up-sampled discrete sequenﬁﬁﬁg rate, the spectrum of the distorted S/H output sighdt)
ze[nTy] by ' '

shown in (b-iv) of Fig. 1 can finally be represented by
TS - Sln(QTS/2) —i(QT./2)

X(9) = X - g = (62)

Xi(e?) = Xe(e') - Hap(e'™) (4a)
where or

HO (o) = SBOL/2) | e, o,

= 1
sin{w/2) T

X = %) (1 HEE™E)) (@)
(4b)
in terms of the ideal interpolated discrete samples or S/H signal,

in which |H2,(e?*)| = L, forw = 0. respectively. Obviously, for an integer sampling rate increase, an

From (4), the spectrum of the processed samples in an SDAfold SDA interpolation is just equivalent to an ide&aifold
interpolator, as illustrated in Fig. 1(b-ii) , is a deformed verdigital interpolation plus the S/Hsinz/x) effects no longer
sion of X.(e’*) due to the amplitude shaping 2, (c/~), at the normally higher output sampling rate (as in (3) for ideal
which is referred as spectrum-distorted function with a dc gatase) but at lower input sampling rate. In other words, from (6b)
of L caused by the sampling of constant-held input. Thus,tlee final output S/H signal of an SDA interpolator suffers from
unity-gain interpolation filte H'(e?“) = H(e?*)/L) must be an extra distortion due to the spectrum-distortion function.
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B. Improved Analog Interpolation with Reduced S/H Effects Polyphase filter

Such additional fixed-shaping spectrum distortion in analc h
interpolation usually gives rise to a significant rolloff deforma hiz?
tion in the passband when the baseband signal is wide or clixinT:] o> T xulnTu]
to the lower input sampling rate which is usually the case fi s o=\ m=l / 5
high-speed applications (like video systems). Also, this affec * 0T h *

the overall system response when frequency-translated ba 7' - unit delay

pass (BP) processing is required (like subsampling in wirele T period Ty
. . A . . Input S/H Signal .~ ~,

communications). Hence, a new improved SDA interpolatic 1 x{2T,]

whose model is shown in Fig. 2(a) is proposed in this paper {01 .. s

eliminate such fixed-shaping spectrum distortion, thus leadil - — T, — N ol

to an increased simplification and freedom in design for bo Z:f;::ls:;ﬁ:tt

passband and stopband. Although the input signal is still sa Output Interpolated 21

pled-and-held at a lower rate, the ideal overall interpolation pe Signal  /leT]

formance will be exactly equivalent to a digital interpolation s -

apart from the S/H effect at the higher sampling rate that is : w21 BTl Tull :l5Ta)

ways present in SDA systems. T ST o

A conventional approach of this improved SDA interpolatior
as shownin Fig. 2(b), can be implemented by the combination i
abi-phase SCfilter operating A, with a special sampling by a rig. 3. improved SDA interpolation with a novel sampling technique by DF
fronttwo-switch inputinterface which operates as an up-sampl@typhase structurel = 2).
by forcing the circuitinput to connectto ground atthe appropriate
t|r_ne, thus generatmg zero-valued _samples._Such a spemal_ San; general, it can be concluded that the DF polyphase inter-
pling technique for improved SDA interpolation can be eqqu

i

x[Ti)ho+x[01h2 x[2T ho+x(Ts)h:

lentl hieved bv th Voh fruct based on the ofi olation, with original digital prototype transfer function, im-
ently achieved by the polyphase Structures based on tn€ ongigyentg an improved SDA interpolation without the input S/H
digital prototype interpolation transfer function and without an

e ) . . ltering effect. Since every polyphase filter inherently operates
modifications that were previously required. For ea&erexplangt-the lower input sampling rate, the input-held signal is only

tion_, this i_s iIIus_trated i_n Fig. 3, consider_ing an example Wh?rseampled by the interpolator once per period. This also explains
an input signal is required to be twofold interpolated accordlrwhy the input S/H effect does not affect the overall system re-

toa s_|mple three-tap '.:IR f_unct!on. The or|g|na|_d|g|ta| tranSfeorponse of the polyphase-structure-based interpolator.
function for interpolation filter is decomposed into a set/of

polyphasefiters Hy, (z),m =0,1,2,..., L = 1}[19] lIl. 1MPROVED FIR SC NTERPOLATORS

1 A. DF Polyphase Structure
H(z) = Z Hm(z) - 27" For simplici i ideri
— plicity, we begin by considering an example of a
L1 /L1 seven-tap FIR LP interpolator [2] with sampling rate increase
- < Z hnz-i—iLZiL) LM L = 4, from f,; = 80 kHz to 4f, = 320 kHz, for a narrow SC
m=o \ iZo BP system (midband frequency At = 20 kHz).
N —m According to (7), the DF polyphase structure and its corre-
Im = { 7 J (7)  sponding SC circuit architecture, are derived in Fig. 4(a) and

(b), respectively, with the interpolated output samples produced
where the unit delay refers to the output sampling frequéngy by four polyphase filters in time slots 0, 1, 2 and 3. The simu-
and| (N — m)/L] denotes the minimum integer greater than dated amplitude response shown in Fig. 4(c) demonstrates that
equalta N —m)/L. Inthe resulting polyphase structure derivethe amplitude response of the proposed SC interpolator is free
in Fig. 3, all polyphase filters are realized in a DF structure. THeom the S/H shaping effect at the lower sampling rate. For com-

first polyphase filter produces an output sample given by parison, the response of the SC interpolator previously available
[2] for the same interpolation function by employing a modified
wi[nTy] = ho - w[nTi] + b - o[(n — 2)Tx] (8a) transfer function is also plotted in Fig. 4(c), clearly showing its

distorted response by the input S/H effect.
which is equivalent to having multiplied the coefficignt by a Besides the distortion-free response, the proposed improved
zero-valued sample. Similarly, since the second polyphase fil&€ circuit also offers extra advantages over the previous circuits

produces an output sample given by [2], [16], [17], [20] in terms of the capacitance spread and total
capacitor area, required SC branches, clock phases, and speed
zi[(n + )T = h - z[nTi] (8b) ofthe OTA's, as demonstrated in Table I. It is significant to point

out that the reduction in capacitance spréadimes) and ca-
it is also identical to multiplying by zero the coefficierits and pacitor area is mainly attributed by the special gain scaling
ho. Thus, such operation is equivalent to a digital interpolatidimes) imposed by the proposed novel sampling techniques for
filter processing the zero-valued samples from the up-sampleiimproved SC interpolation.
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Fig. 4. Improved fourfold SC DF polyphase LP interpolator. (a) DF polyphase structure. (b) SC circuit implementation. (c) Simulated amplingtsrespo
TABLE | polation factorL, e.g.,IN < 2L, since it leads to circuits having
A COMPARISON BETWEEINN';‘EF‘:‘;'OMLZ?S\R’ED AND ORIGINAL [2] SC a rather large number of SC branches and switching phases,
which increase not only its complexity beyond practical accept-
Original Design [2] | Improved Design (Fig.4) able limits, but the sensitivity to mismatch of capacitance ratios
SC Cocfficient Branches 12 7 and switch timing [13], [21]. Fo > 2L, such limitations can
Cap. Spread 10.45 2.61 (L times smaller) be overcome by using |n§tead the ADB pquphase archltectur'e.
Total Cap. Area 77.29 23.97 The FIR transfer functlon can be canonlcqll_y decomposed in
Max. OTA Settling Time | 1.042 15 (<1/3Lf) 3.125 pis (=1/Lf) B, + 1 blocks, each of which has only coefficients, and can
Clock Phases 15 4(=L) be expressed as
Input S/H Distortion Yes No N—-1 B. r—1
H(z)= Z hoz™ " = Z Z Pnabrz” ™ | - (z_L)b
. . =0 b=0 =0
B. Canonic and Non-Canonic ADB Polyphase Structures ... " "
The DF polyphase SC implementation is appropriate only B N-L )
when the FIR filter lengthV is not much greater than the inter- e L ’
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Fig. 5. Improved fourfold SC FIR BP interpolator with canonic ADB polyphase structure. (a) Canonic ADB polyphase structure. (b) SC circuit iatd@ment

(c) Simulated amplitude responses.
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Fig. 6. Improved fourfold SC FIR BP interpolator with non-canonic ADB polyphase structure. (a) Non-canonic ADB polyphase structure. (b) SC circuit
implementation.
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The elements in each blogkwill have at least delay terms total equivalent capacitive loading together with usually smaller
2z~ (excepth = 0) that will be implemented by an SC ADB. output voltage step during two consecutive phases (due to the
Since each block containing coefficients (except the last sampling rate increase nature) normally relax the OTA slew-rate
block, 5 = B., which contains onlyN — B.L blocks) can and bandwidth requirements which are all directly proportional
be realized by a DF polyphase structure with the sharing ot@athe OTA power consumption. If it needs to drive a large capac-
low-speed serial ADB delay line, this structure is designated iise or resistive load, then buffers with low output-impedance
a canonic ADB polyphasstructure [21]. Such enhancementare normally required for better performance in OTA-based
in DF polyphase structure also suc™"{ceeds in the inhereanhalog circuits. Thus, especially in LP systems, the power of this
immunity to the input S/H distortion. multiplexer OTA can be even smaller than OTA's with wider

To illustrate the concept above, let us consider an exam@Ritling time in ADB's (presented next). Moreover, the errors
of a frequency-translated BP interpolator for a direct digit&aused by finite-gain and offset of this MF multiplexer will
frequency synthesis (DDFS) system that interpolates a 4.50goduce small and less important deviation, and mostly just a
MHz bandwidth input signal to a 20-20.5 MHz output signagain shiftand a dc offset in overall system response, and its elim-
together with a sampling rate increase from 25 to 100 MH#nation of charge-transfer reduces not only the mismatch error
This fourfold BP interpolator is realized by the canonic ADHEOr each path, but the special glitches in the output signal caused
polyphase structure shown in Fig. 5(a) for achieving a 12-t&y the OTA high output-impedance, and normally appears in
FIR function (gain= 4). The corresponding SC circuit with the beginning of the charge-transfer in OTA-based SC circuits.
also the emp'oyment of doub'e_samp”ng technique is Shomnsequently, the canonic ADB structure is Very attractive for
in Fig. 5(b). The upper part forms a low-speed serial ADBiIgh-frequency operation.
delay line by two SC mismatch-free (ME}unit delay circuits, The simulated output amplitude response of this circuit is
which have also a better reduction in the errors that will B&own in Fig. 5(c), together with the response from previously
accumulated a|ong the de|ay line due to the finite gain arwailable intel‘polator with the additional input S/H distortion.
bandwidth, as well as offset of OTA when comparing to generﬁl this frequency-translated operation, the distortion about 10
charge-transferred delay circuit. By taking one of the mo§B in the passband is much more serious than that of previous
efficient advantage of polyphase structures, namely relaxe@rrowband DF polyphase interpolator.
operation speed at the lower input sampling rate, the bottomMinimizing the number of OTA's in an ADB architecture
half of the circuit containg low-speed DF polyphase filters bycan be achieved by reducing the number of both ADB’s and
employing their corresponding individual slow accumulatorgccumulators. Fewer ADB’s can be obtained by decomposing
each of which is responsible for generating oneLobutput the transfer function into blocks with more-thdneoefficients,
samples at a lower input sampling rate. This contrasts with th&ile making their shared delays larger than”. Such a re-
solution adopted in Fig. 4, where only one time-shared outp@ization is called aon-canonic ADB polyphasgructure, and
accumulator was used to produceAihterpolated outputs at a €an be obtained by decomposing the transfer function of an in-
higher output sampling rate. Thus, all the OTA's in ADB'’s anderpolation filter intoB,. +1 blocks, each with at mog(L —1)
accumulators have a very relaxed settling-time requirement&sefficients, yielding
full large-input sampling period (40 ns), whichligimes longer N1 Bn. [2(L—1)—1
than that of OTA's if a conventional double-sampling bi-phasey(») = Z Bz~ ™ = Z Z
filter is used. This also contributes to the reduction of the noise, )
charge injection, and clock-feedthrough errors in SC circiiits.
parallel toggle-switched capacitor (TSC) branches followed by : (2_2("_1))b, with By, = {
an output unity-gain buffer can be simply used as a multiplexer (10)
for switching the interpolated output from four polyphase filters.

We also propose here another simple high-performance MFThe above same BP interpolator can be also implemented
SC multiplexer which can employ the well-known fully differ-with the noncanonic ADB polyphase structure shown in
ential and bottom-plate sampling techniques to eliminate tkég. 6(a), yielding the SC circuit illustrated in Fig. 6(b) with the
signal-dependent charge-injection and clock-feedthrough errtt& SC delay line and only one time-shared output accumulator.
that are unavoidably suffered in the aforementioned unity-galinis noncanonic realization saves one ADB d&id— 1) = 3
buffer approach. Although it operates at higher output sampliogtput accumulators at the expense of narrowing the time slots
rate (10-ns settling time—full output period), the feasibility i$or amplifier settling to 1L f,, which is nevertheless still better
derived from the fact that specifications of the multiplexer OTAhan that in [2], [16], [17], [20]. The new configuration of one
are much less stringent than those in ADB'’s or accumulatasatput accumulator with multiplexed accumulation branches
if operating at the same speed. This is because first, the Of&uces the total capacitor area due to capacitance group
always operates with a large feedback fagte0.5 when the scaling in each polyphase filter. The simulated circuit response
sampling capacitor is greater than input parasitics capacitanedhe same as that of the previous canonic one in Fig. 5(c).
of OTA), thus reducing its bandwidth or transconductance r&his structure normally has better performance in terms of
quirements. Compared with those formed by a set of coefficierdpacitor-ratio sensitivity and gain and offset errors due to the
capacitors (for OTA's in ADB’s) with a large summing feedbaclkewer requirement of OTA's being more appropriate for the
capacitor (for OTA's in accumulators), the relatively smalleapplication where the speed is not the first concern.

—n
hpb2(r—1)%
b=0 n=0

N —2L—1)
2L - 1) J
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IV. IMPROVED IIR SC INTERPOLATORS tion (12) in canonic form, which requirasax(B.,, B.q) SC

A. Canonic and Non-Canonic Recursive-ADB (R-ADB) ADB's, is reformulated as
Polyphase Structures

Ben L—1
Efficient structures for implementation of IIR interpolators Z <Z Ai+jLZ_i> (zmLyd

are also based on the polyphase structure, where the original N =0 \i=o0
Dth-order denominator anN — 1)th-order numerator IIR H(z) = Boa
transfer function needs to be modified according to the mul- 1— Z B (z—1)i
tirate transformation in order to restrict the composition of =1
denominator to only powers of ¥ [19]. Consequently, the with
original and the modified transfer functions can be expressed,
respectively, as oy

N-1 L

Z aizfi

H(z) = N(z) _ =0 (11) while the noncanonic transfer function that requires
¢ D(z D max(Byen, Bned) ADB’S can be expressed as in (14),
1- Z bjz=9 shown at the bottom of the page, where
=1
_| L
and »= |zt )
(N—1)+D(L-1) B _ N+D(L-1)-1 B DL
. Z Aiz—z ncn—\‘ 2(L—1) Jv ncd — \‘2(L_1)J
A=Y _ = (12)
D(z) It is obvious that a noncanonic structure requires fewer, though

D
R —L\j . .
1= Z Bjr(z74)7. relatively high-speed OTA's due to the reduced number of ADB’s
J=1 and single accumulator. On the contrary, the canonic structure

This particular form of (12), which allows the recursive par@eedS more, though slower OTA's, asinthe FIR counterparts.

to operate at the lower input sampling rate, can be construcied Complete-DFII (C-DFII) Realization
by combining a nonrecursive ADB polyphase structure together o ) . )
with a recursive direct-form I (DFII) structure for realizing, FOr simplicity, let us directly consider an LP interpolator for
respectively, the numerator and the denominator polynomiafsVideo decoder which converts the 3.6-MHz bandwidth com-
Such architecture, where the common delay bloeks-) are  POsite analog video signal from sampling at 10-30 MHz. For
realized by a low speed ADB serial delay line and are efficientffandard CCIR 601 8-bit accuracy requirement, a fourth-order
shared by bothrecursive and nonrecursive parts, can be referredfiigtic filter with <0.4-dB passband ripple ard 40-dB at-
asR-ADB polyphasstructure [22]. This structure offers a mord€nuation is obtained, and its original and multirate modified
general, straightforward, and flexible design, with enhancé@nsfer-function coefficients are listed in Table li(a).
efficiency in terms of amplifier speed and number of phases overThe ~ corresponding canonic and noncanonic R-ADB
the previous structures [14], [15]. Moreover, since it evolve@plyphase structures in C-DFII realization are, respectively,
from the improved FIR ADB polyphase structure, the precisgown in Fig. 7(a) and (b) by formulating its multirate transfer
characteristic ofimprovedinterpolationis also maintained. ~ function into (13) and (14). The SC implementation of canonic
As in it's FIR counterpart, this R-ADB polyphase structuréorm is similar to that for FIR circuit [Fig. 5(b)], except for the
can also be implemented in canonic and noncanonic forms, caddition of the recursive branches from each ADB output to
egorized by the corresponding delay of the shared ADB's. Thige first ADB/adder [22]. Here, only the circuit in noncanonic
former hasL unit delays, whereas the latter requires delays &rm is presented in Fig. 8(a), where an SC summing circuit
2(L — 1) (except the first block that has always a unity delagmbedding one unit delay is required to add recursive signals
due to the extra summing function in the first ADB). Thus, foat the beginning of the SC MF ADB delay line. Note that the
a general caséD # N — 1), the lIR-modified transfer func- recursive networks contribute not only to the common delay

Bnen f2(L—1)—1
Ao+ 271 Z Z Aijon-typ12" | - (z7207D)

N j=0 i=0

H(z) = (14)

D
1— 1. (BJ.LZ—<jL—2<L—1>~<pj—1)—1)) (zm2AT-)ypi—t
=1

J
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TABLE I Recursie'e:l:ietwork Non-Recursl'\’r;l;olyphase Filter
TRANSFERFUNCTION COEFFICIENTS OFIMPROVED THREE-FOLD SC IR wp &
LP VIDEO INTERPOLATORS (&) ORIGINAL AND MULTIRATE MODIFIED o——?{: > >
COEFFICIENTS FORELLIPTIC AND ER IN C-DFII IN STRUCTURES f=10 MHz
(b) MULTIRATE MODIFIED COEFFICIENTS FORELLIPTIC P-DFIl AND 73
MCP-DFII STRUCTURES B, :":I
Original Multirate Modified _*3_ -
Elliptic ER Elliptic ER sxl.)r;d ¢
Eq. (12) “(pos) w=9,p=2)| %12 (pgy =9,D=2) B 1.
agp 0.0958  0.1006 Ay 0.0958 0.1006 —L
a;, 00808 02146 A, 02927 03181 z* =30 MH:
a 0.1554  0.3616 Ay 0.5807 0.6198 By i T "’:2
as 0.0808  0.4385 As 0.8945 0.9613 . < J_ - A’
a,  0.0958  0.4084 As 1.1316  1.1926 2" - unit delay £
period VLf, -3 Ag
as 0.2868 As 1.1983 1.2257 z 7
ag 0.1355 As 10592  1.0613 By 1 U7 =
as 0.0415 A, 0.8073 0.7813 ——— - o
ag -0.0249 Ag 0.5250  0.4620
Ay 0.2741 0.2199 (a)
Ay 0.1140  0.0836
An 0.0351 0.0020 DFIl Non-Recursive Polyphase Filter
A 0.0065 -0.0117 Recursive Network m=0
b, 22112 1.0285 B; -0.9688  -1.0256 17/ Vo iQ o _ Ay
b, -2.3148  -0.6850 Bg -0.3683 -0.3214 £=10 I:Isz o Yy Aj
b, 1.1918 By -0.0082 = 1 Ag
b, -0.2695 By, -0.0175 4 A,
@) By ApZ
Y b -
- m=
Elliptic P-DFII MCP-DFII S z* AL
Biquad1 Biquad2 | Biquad1 Biquad2 BLz" _ 1: .,
Ay 0.0958 0 0.0958 0 - Yy A
Ay -0.8309 1.1236 0.2927 0.8948
A, -0.4863 1.0670 0.5807 0.6083 7! m=
A 0.1621 0.7406 0.9027 0.3340 B, A,
Ay -0.4429 0.3175 1.1568 0.0656 - > Yy
As -0.0593 0.0900 1.2484 -0.0172 v " 5,
Ag 0.3027 -0.0149 1.1330 -0.0410 Byz® ;z
B, -1.0550 0.0862 -1.0550 0.0862 -t 1
Bg -0.4174 -0.0419 -0.4174 -0.0419

(b) (b)
Fig. 7. (a) Canonic and (b) non-canonic R-ADB/C-DFII polyphase structures
line but also to the nonrecursive SC brangh (while for both  for improved threefold SC IR LP video interpolator.
Ag, A1 and A, in canonic form) in the first polyphase filter at
the same time, since input and recursive signals mustorlgma&y Parallel and Mixed-Cascade/Parallel DFII (MCP-DFII)
be added together at node;,” as illustrated in Fig. 7(b). | Realizations
order to save this adder (one extra OTA) and take advantag
of both the existing output accumulator and of the OTA in the Although high-order IR interpolators can be imple-
ADB, a coefficient-simplification procedure is proposed to thelented directly in a single stage by employing the above
first polyphase filter based on two sets of the same recursikeADB/C-DFII polyphase structures, cascade- or parallel-form
networks: one that feeds back to the input of ADB1, angfructures are usually preferable for their lower sensitivity
another that feeds forward to the output accumulator, whiéh coefficient deviation. Therefore, for interpolation with
can be efficiently combined together with existing nonrecursivelatively smaller or prime. factors but higher IIR filter order,
branches. In other words, no extra SC branches are needsdallel form (P-DFII) structures can be simply achieved by
e.g., 4s is simplified to A, = Bs x Ay + Az (similar for expressing the rational transfer function in a partial fraction
Ag, Ag and Ay,). expansion and implementing it by the first- and second-order
The simulated overall and passband amplitude responsestariding blocks in parallel. Thus, the corresponding modified
obtained in the solid line of Fig. 8(b). The passband satisfies theultirate transfer function can be expressed as
requirement 0.4 dB), although there is 0.2-dB rolloff caused
by the output sampling rate of 30 MHz, which is much better s .
than the nearly 2-dB rolloff suffered from the input S/H distor- Z Np i(2) (15)
tion in the conventional SC interpolator. D;(»

\/

i=1



U et al: IMPROVED SWITCHED-CAPACITOR INTERPOALTORS WITH REDUCED SAMPLE-AND-HOLD EFFECTS 675

Recursive Branches 2312 i I@D

2
=
S
-]
&
""—"E

SC Adder Embedding B-1
zdelay B3-1) T 9 {1} =
¥ C; 12
I &
1 C 0+2 I-—
I/P o 2 0] - 1 n ~ c 0+1
2] + + E]_'—' -
ADBI X : +
\Shared SC MF ADB P i
with equivalent delay z 2V
Polyphase Filter
m=2 m=0
] |
v
1 { ) 2 ]

L=H

_Eiu—l%ﬂ

TEEE

e
33ns —@@-"@EI" m=0

\
4

—o O/P
(CY
0 .
\ 0 —
20 v 0.2 \ :rf\
g
£ 40 18 36
®
O
S 7
- k1] A : ' "
60 1— Elliptic ) 2
. 1 N " fs
- - Extra- : 3
.80 Ripple t -
0 5 10 15 20 25 30
Frequency (MHz)
(b)

Fig. 8. Improved threefold SC IIR LP video interpolator with R-ADB/C-DFII polyphase structure. (a) Non-canonic SC implementation. (b) Simuyléiedtam
responses with elliptic and ER transfer function.

whereS is the number of the stages, and each stage can be reNevertheless, the cascade form normally has better sensi-
alized by the above DFIlI R-ADB polyphase structures. tivity performance than the parallel form due to the indepen-
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Fig. 9. Improved threefold SC IIR LP video interpolator with R-ADB/MCP-DFII polyphase structure. (a) Non-canonic R-ADB/MCP-DFII polyphaseestruct
(for P-DFII: join the nodeg andq and take out the —! delay term). (b) SC circuit implementation.

dence of the errors in each section caused by both their paddiel form highly depends on the output adder. However, the
and zeros deviation, while the sensitivity performance of pgoure cascade form is actually a multistage implementation of
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TABLE 1lI
POWER ANALYSIS OF IMPROVED (&) FOURFOLD SC FIR BP NTERPOLATOR AND (b) THREEFOLDSC IIR LP VIDEO INTERPOLATOR WITHER TRANSFERFUNCTION

FIR Canonic FIR Non-Canonic
OTA MF ADBx2  Accu. x4 O/P Mul .x1 S/H& MFADB  Accu. x1
[ 40 ns 40 ns 10ns 10ns 10ns
SR (Vo= 1V) 125 Vius 125 Vs 500 Vius 500 Vius 500 Vius
&m 2.18m$S 1.55mS 3.6 mS 7.02mS 9.6 mS
Iss 0.62mA 031 mA 1.02mA 1.74mA 1.92 mA
No. of Use x5 x2 x2 x1
Total Power 11.8 mW (3.3 V Supply) 17.8 mW (3.3 V Supply)
(a)
IIR Canonic IIR Non-Canonic
OTA R Adderx1 MFADBx3  Accu.x3  O/PMul x1 | R Adderxl MFADBX2 Accu. x1
biere 100 ns 100 ns 100 ns 33.33ns 33.33ns 33.33 ns 33.33ns
Vostep 1V 1V 1V 0.6V 1v 1v 0.6V
SR 50 Vius 50 Vips 50 Vips 90 Vips 150 Vips 150 Vius 150 Vips
&n 2.92 mS 0.65 mS 0.6 mS 0.65 mS 4.94 mS 2.7 mS 3.38 mS
Igs 0.58 mA 022mA 0.13mA 0.13mA 0.99 mA 073mA  0.68mA
No. of Use x2 X6 x2 x2
Total Power 6.4mW (3.3 V Supply) 11 mW (3.3 V Supply)
Note: The highest g,, and Iss are presented for the OTA’s in ADB’s and accumulators.
(b)
Cﬁ where thdl’;(») is the accumulated delay factor introduced by the
T cascade of recursive parts d@idz) = 1. Anoptimized choice of
e R bbbty Rt : this delay factor will render a better performance, and the idea is
E Va T actually tolower the peak of gain of each cascaded stage.
_|_ : : J_ We further explain them by illustrating the same fourth-order
Cin ECP,"" R, "'C,,,,i Ciroaa video interpolator. The coefficients of modified multirate
T E T 8mVa I- E I transfer function for P-DFIl and MCP-DF{Z%(z) = ~~9)
; : realizations are all tabulated in Table li(b), and their corre-

Single-Pole Model of OTA sponding R_—A.DB polyphase structures are shown in Fig.. 9(a)
(for P-DFII, join the nodeg andq and take out the middle unity
Fig. 10. Equivalent continuous-ime model of the SC circuit duringlelay). As will be illustrated in the next section, MCP-DFII
charge-transfer phase. structure offers a much better performance than C-DFII and
P-DFII, especially for high-order function. Hence, we only
interpolation that is only suitable for large or nonprime alterpresem in Fig. 9(b) the SC implementation of MCP-DFII
ation factorL due to its inherent nonidentity of input and outputtructure in noncanonic form for easy Comparison with the
sampling rate. Therefore, here we propose another alternatiygsvious circuits, although canonic form is also equivalently
the MCP-DFII structure, which is a combination of a Casca(a)plicable, and the P-DFII one can also be derived similarly.
of low-order recursive DFIl parts and a multifeedout parallé\ote that the output accumulators of polyphase filters in these
nonrecursive polyphase filters (so called “internally-cascadetfio second-order sections are efficiently shared. Moreover,
[23]), and is especially suitable for sampling-rate conversioboth PF- and MCP-DFII always offer an extra superiority of
The cascade of recursive parts leads to a considerably largereghuced capacitor spread, e.g., maximum coefficient spread for
duction in the dependency between coefficient sensitivity a@ , PF-, and MCP-DFII are 209, 67, and 58, respectively, in
output adder, thus improving significantly the overall circuithis example. The simulated result is the same as for C-DFII
sensitivity performance. In this case, the modified transfer funghown in the solid line of Fig. 8(b).
tion can be mathematically decomposed into the form as

D. Extra-Ripple (ER) IIR Transfer Function Realizations

Another alternative technique for IIR interpolation uses

. Nucr_i(z) the ER-type IIR transfer function obtained by the improved
H(z) = Z 1i(2) - - (16)  Martinez/Parks algorithm [24] for achieving better sensitivity
i=1 H f)j(z) in passband due to its advantage of smaller denominator
J=1 order, by optimum positioning poles and zeros [24]-[26]. For
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the same specifications of the above video interpolator, thatial-pair MOS transistors, and the equivalent total capacitive
original ER IR transfer function is obtained in Table ll(a)oading

with a lower second-order denominator, but with the price of a

higher eighth-order numeratON = 9, D = 2). However, its CLeq = Cload + Cpo + - (Cin + Cpi) (18c)
multirate modified transfer function has a lower denominator

order of six, but, more importantly, exactly the same order aihd feedback factor
12 in numerator when compared with that of the fourth-order

IIR elliptic, as shown in Table ll(a), meaning no penalty for Jé;
an increasing number of zeros, which shows its additional

superiority for the use in multirate circuits. It has an iden- . L
tical implementation in R-ADB/C-DFII structure with either Therefore, the expected static power of the OTA 'S given
by the product of the supply voltagéyp and thelss, i.e.,

canonic or noncanonic form as in Fig. 7 but with two fewef:, = Viplss. It is worth pointing out that a final optimum

Leiﬁrgvgpﬂrangh&%prDh|:|£|]|her l(_jentpmlnator (l)rdet: IS riquws lution of the tail current normally needs to be investigated ac-
oth - an ) realizations can also be pretera rding to the required specifications in terms of gain, speed,

e.mplloye.d. The simulf?lted results for their corresponding % wer, dynamic range, and noise, as well as with a necessary
circuits in both canonic and noncanonic forms are the saM@set margin for counting the process parasitics and variations.
and are illustrated in the dashed line of Fig. 8(b). However, the above estimation is still very useful for an initial
stage of the design.
V. PRACTICAL IMPLEMENTATION ISSUES According to the above expressions, the approximate analog
. . . ... powers of the FIR BP interpolator in canonic and non-canonic
A. Power Analysis of Canonic and Non-Canonic Reahzaﬂon?orms introduced in Section IlI-B are presented in Table lli(a)
In order to estimate and compare the approximate anal@g is assumed as a typical 200 mV). For a more realistic ap-
power dissipated in the proposed SC interpolators in canonic gsndach, each circuit here uses only one fast and one slow OTA
noncanonic forms, we employ the single-stage telescopic OTifstead of several different speed OTA's. Although canonic form
architecture, which is often used for high-speed applicatiohas more than the double of the OTA number when compared
and can be well approximated by the single-pole OTA modeiith non-canonic form, the power is still about only 66% of
shown in Fig. 10, as its nondominant pole can be very far frothe latter due to the very low-speed operation of these OTA’s.
the dominant one, and thus its phase margin is normally greaféwus, the canonic form is very attractive for high-frequency ap-
than 60. Consider the equivalent continuous-time model gdlications, not only from the perspective of power efficiency, but
an SC circuit during the charge transfer phase [e.g., in eith@ainly from a much more relaxed design in low-speed high-per-
phase 0, 1, 2, or 3 of Fig. 4(b)], as also shown in Fig. 10, whef@mance OTA. Besides, in this example, a better power perfor-
Cin and Cioaq are, respectively, the total capacitance of inpumance and design efficiency for a 25-MHz DDFS/DAC instead
and output SC branches connected to the OTA in this phaséthe traditional 100 MHz is also achieved. This derivation is
Assuming 1/5 of the phase (or overall settling timg, to be also valid for the IR counterpart which has been illustrated
allocated for slewing, while the remaining 4/5 for linear settlingd Table 1l(b), by the example of the video interpolator with
(tsett = tsew =+ tun), fOr the worst-case estimation, the OTAER transfer function in Section IV-D. As mentioned before, the
must be capable to drive the equivalent total capacitive loadif@gter OTA in the output multiplexer in canonic structure con-
Cr.q t0 @ certain output voltage stép..,, during the slewing Sumes not much power, and even less when compared to those
time intervalt,..,, and also be exponentially settled within 0.198TA's with L times enlarged,..; in ADB’s and accumulators
accuracy during the S|ewing intervain (the C|Osed_|00p time as in IIR LP case (|t does not happen in the circuit of Section
constant is approximateltt;,/7). Thus, the required tail bias!!I-B due to the specifically identical voltage step of input and

currentlss of the OTA can be simply estimated as output signals in this frequency-translated BP operation, thus no
relaxation is exhibited in SR but usually in the low-pass interpo-

(17) lation). And, it is obvious that OTA in multiplexer always needs
less power and also smalley, than those in ADB’s and accu-
mulators with the sam&...; in non-canonic form.

Cr

= —. 18d
C(in + Cpi + CF ( )

Iss = max(Iss_sr, Iss_lin)

wherelss_sg andiss i, are the tail current required in slewing
and linear settling time intervals, respectively, and can be given

by B. Sensitivity Analysis of Capacitor Ratio Mismatches
The sum-sensitivity [27] of the response with respect to all
‘/OS ep i i i i i i-
Iss.sk = SR Cpeq = |[Vostep|  ClLeq (18a) cgpamtors is perfor_me(_j to compare different designs with devi
talew ations of multiple circuit parameters.

1) FIR Structure: For a more general case, instead of the

above specific multinotch narrow BP interpolator, we consider

. Cleq an example of an 18-tap LP fourfold interpolator, whose am-

Iss tin = gm - Verr, With g,,, = 3 (tun/T) plitude sum-sensitivity for the ADB polyphase structures in
both canonic and noncanonic forms are performed as shown

in which SR andy,,, are the required slew rate and transcorin Fig. 11(a). Canonic realization has relatively worse overall

ductance Vg is the effective voltagéVgs — Viy) for differ-  sensitivity when compared with noncanonic mainly due to the

(18b)
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Fig. 11. (a) Amplitude sum-sensitivity. (b) Monte Carlo simulations with respect to all capacitors of 18-tap improved SC FIR LP interpolator.

double-sampling nature. For its having only-zero property, FiR all coefficients which are independent zero-mean Gaussian
structure presents a good sensitivity in passband, but relativedlypdom variables withv, = 0.3%. Thus, from the above
poor sensitivity in stopband. For a 0.3% capacitor ratio err@rediction expressions and also the Monte-Carlo simulation, an
which can be achieved in current technologies, maximum pa&s: 50-tap fourfold FIR interpolator with theoreticat5.5-dB
band and stopband deviations are roughly 0.025 and 2.7 dB &tapband (for regular LE-fold interpolation,hy, oy = 1/L)
0.018 and 2 dB for canonic and noncanonic form, respectivebgn achieve the worst-case stopband abed® dB with ca-
which still have a satisfactory more tham0-dB attenuation pacitor ratio standard deviatian = 0.3% (without counting

in the stopband. Since the coefficients are implemented withother nonideal effects in SC realization). It is also expected that
direct capacitor ratio, the stopband is also predictable to have thwill be quite difficult to achieve higher than 8-bit accuracy
mean about-43 dB from the estimation by the sum of originafor high-order and high-speed SC FIR filters without a specific
stopband ripple and the mean value of the expected magnitirovement technique.

deviationhyo. - (v/aN/2) (hy—arithmetic mean value of all  One attractive advantage of FIR implementation is its linear
coefficientsio.—standard deviation of ratio error) for @tap phase property; therefore, the sum-sensitivity of group delay
FIR filter obtained by the Rayleigh distribution [25]. In additionwith respect to all capacitors is performed, as shown in Fig. 12.
we derive here a further estimation of the worst-case stopbafitom the results, the group delay is incredibly insensitive to the
i.e., about-41 dB, by usingh;, max (passband normalized to 1)capacitor ratio errors, thus SC FIR filtering is an efficient so-
instead of.;, to approximate the worst-case magnitude variatiohution in terms of low costs in power and silicon consumption
This has been verified with a good agreement by comparingftor video applications, which normally require linear phase with
the Monte Carlo simulation shown in Fig. 11(b) with respe@-bit accuracy.
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Fig. 12. Group-delay sum-sensitivity with respect to all capacitors of 18-tap improved SC FIR LP interpolator.

L]

0.3 | ] l -} 25
~ 4 o
3 i . 1
& Jozs ] J bl 1 B AP
T } i : ik / f N
S i N . i l
£ ; 4 4 A o
2 NI VN | K 8 —+ 15
@ L Ji \
c W . 7 +
] A B R G SR J
£ Wil R CY4 AV
s . < < 10
(7] o
o s
©
=
= i 5
g- ——— Elliptic C-DFIl - - - - Eliiptic P-DFI
< —a— Elliptic MCP-DFIi —%— ER C-DFII (C)
........ — EH C_DF" (M) 0
0 5 10 15
Frequency (MHz)
(@
3.6 f - . 32
~—— Elliptic G-DFII 5-3/ A : “ '
3 3.2 : 3 A 8
LN - - - - Elliptic P-DFII / f 1 ¥ : iy
m 4 H . N
T 28 : d l ;
> —+— Elliptic MCP-DFII f / k ; 3 ! 1 24
i
2 —+—ER C-DFIl (C) /f LAk ' \ L sl o
1 : 3 ;. :
5}:; ~=— ER MCP-DFII /)l -U \\\\ 3 // &\ / \ : f
£ 16 : : T 7 6
7 /}[ B /LAl
2 1.2 : \ R 1 I,
g ﬂ y s 12
£
-y
£
<

0.8 ?
0.4 / Ll

0 1 2 3 4 5 6.7 8.4 10.1 11.8 13.6
Passband (MHz) Stopband (MHz)

X
C
f

®)

Fig. 13. Amplitude sum-sensitivity with respect to all capacitors for improved threefold SC IIR LP video interpolators with different architewturéth (a)
fourth-order elliptic and ERN = 9, D = 2) and (b) sixth-order elliptic and ERV = 9, D = 4) transfer functions.



U et al: IMPROVED SWITCHED-CAPACITOR INTERPOALTORS WITH REDUCED SAMPLE-AND-HOLD EFFECTS 681

2) IR Structure: The simulated sum-sensitivity of a
fourth-order 1IR video interpolator presented before with
non-canonic in C-DFII, P-DFIl, and MCP-DFII, as well as
C-DFIl with ER transfer function [C-DFIVER{N = 9,

D = 2)], respectively, are presented in Fig. 13(a). As we exm'o'2

pected, the C-DFII/ER obtains the best sensitivity in passbarg

due to its fewer pole characteristics, and its stopband hasg === Ideal

similar level when compared to all other realizations becaus® —— Canonic (C): A=3K & gm_nm

4= « - = Non-Canonic (NC): A=3K & gm_nm
—+—C: A=500 & gm_nm

of no extra zeros in the multirate form. The MCP-DFII, which 04
remains superior to the cascade structure, is more advanc - NC: A=500 & gm_nm

in the overall response than the P-DFIl, whose performanc —5—C: A=500 & 60% gm_nm
depends on the output adder. However, these two are bc —4— NC: A=500 & 60% gm_nm
worse than C-DFII in the passband, since the poles are n 06
tightly clustered due to the relatively lower order and large
transition band; thus, the low-sensitivity advantage of cascac

or parallel structures is not explicit. This can be shown in ¢ (@)
higher sixth-order IIR interpolation filter whose simulated sen- -40
sitivities are shown in Fig. 13(b). Both P-DFIl and MCP-DFII

are much less sensitive than C-DFIl in passband, stopband, a
also pole-zero cancellation, and the MCP-DFII achieves th
best performance, as expected. Besides, an ER IR interpolai  -50 }¥ . |
(N = 9,D = 4) for the same specifications is again muchg 3 L
less sensitive when compared with the sixth-order filter both i|~:'
C-DFII realization, while its MCP-DFII structure possesses ¢§ X
performance similar to the sixth-order one implemented als -g0
in MCP-DFII structure. This results from the fact that it still
requires four poles to maintain the flatness in this relatively
wide passband. However, comparing that with the gener:

0 0.9 1.8 2.7 3.6
Passband (MHz)

[IR transfer function(N — 1 = D), ER form is still a good -70 &

alternative, especially for multirate filtering, due to its reducec 6.4 8.55 10.7 12.85 15
passband sensitivity (fewer poles) without increasing sens Stopband (MHz)

tivity in the stopband in most cases (similar number of zero ®)

in multirate form), and its superiority will be very apparent for
narrow passbands, i.d) = 2. The small sensitivity overshootsFig; 14. OTA finite gain z}nd bandwidth effects for improved threefold SC IIR
in nearly half of the higher output sampling rates are caused HynterPolator with ER\ = 9, D = 2) transfer function.
the incomplete multirate pole-zero cancellation. In addition, for
the same reason as in its FIR counterpart, canonic structures are TABLE IV
more sensiive than noncanonic. Besides, the delay dtor ST o e Paery Roselieos b Eereeeoe
in MCP-DFII is important aforementioned, e.g. the sensitivity
has an 18% increase #»(z) = »~2 (use first-delay block FIR LP Interpolator TIR ER LP Interpolator
output for second DFII biquad input) in this example. (N=18,L=4) =3,D=3,1=3)
. . DC Offset  Max P. Noise | DC Offset Max P. Noise

qu eliher FIRorlIR responses, very narrowba'nd S|gi1al con- e —— prarm — —
version is normally associated with a large alteration ratio, and a ™ " - 2648 61dB 4B 45dB
pure casc.ade or m.ultlstage regllzatlon is thus always an efficient—— = er Sharing 2248 SLdB
and practical solution [28], while for the system with a small or
prime alteration ratio but stringent specifications, a combina-
tion of integer and the fractional sampling-rate converters [2R¢eping a low gain of 500 but with extra 40% reduction in
is another alternative for achieving better analog circuitry pefiominal g,,,. Results show that passband deviation imposed
formance. by finite gain of OTA's is less important than that caused by

. . . . unity-gain bandwidth of OTA's, as the former leads mainly to

C. Analysis of OTA Finite Gain and Bandwidth and dc Offsel, e gain shift, while the latter to a relatively larger rolloff
Effects in the passband. Although these errors lead to the movement

For simplicity, here we consider the threefold interpolatasf zeros from the unit circle, affecting the stopband and also
with ER 1IR transfer function as it also contains an FIR-likehe cancellation of poles and zeros shown in Fig. 14(b), nearly
multinotch stopband. The simulated results using the OT#alf of the output sampling rate;40-dB attenuation is still
model in Fig. 10 with a gain of 3000 and a noming), achieved. The situation of a canonic structure is also worse than
(gm_nm) in Table lli(b) are presented in Fig. 14(a) and (ljoncanonic, but the low-speed and low-power requirements of
for, respectively, passhand and stopband either keeping the former allow to have a free headroom in design and also a
nominal g, (same speed) but reducing the gain to 500, alecreased sensitivity to process variation.
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Fig. 15. Experimental results of an improved fourfold SC FIR LP interpolator. (a) Computed and measured amplitude responses. (b) Mid-freqopaoty S/H i
and measured output interpolated signals. (c) Spectrum of mid-frequency input and output signals.

Another limitation of the analog delay line is the OTA dc VI. EXPERIMENTAL RESULTS
offset propagation and accumulation which results in a reduced

signal-to-noise-ratio (SNR) by the undesired fixed-pattern noise-l-he proposed DF and ADB polyphase, as well as the R-ADB

_pI?cedlatt_ Iow%mputtsamph_ng ratst a_nddltz ﬁlﬂltlpll?:sTlnftt olyphase structures for FIR and IIR improved SC interpola-
Interpolation. The pattern noises obtained by the 0 tl%n, have been verified by the realization of discrete-compo-

output mterpolgted signal with 5-r_nV OTA offset, whph €@ ent models employing CMOS 4066 analog switches, BICMOS
be controlled with a proper layout in current technologies, h

been summarized in Table IV for both FIR and IIR realization§i4o OAs and a unit capacitance value of 1 nF. First, we imple-
2] for a narrow SC BP

Canonic IIR realization has the poorest situation, not only bg]_ert]ted fOl#f%Id SC FtIR LEtwterpol?tort[ i te of 5 kH
cause it contains more OTA's, but more importantly, a worse ury Stem, which operates with an output sampiing rate o z

balanced offset propagation in both nonrecursive and recursfigf 10 constraints of the available discrete components. The
branches caused mainly by the input adder (embedding def8 asured amplitude response shown in Fig. 1_5(a) matche; well
~=3) and its sharing in the coefficient simplification procedur¥ith the computed response. The measured time-domain input
aforementioned. Simulation shows that a 6-dB improvement c8d output signals at mid-frequency, together with their associ-
be achieved by employing an SC adder for summing input afted spectral characteristics are shown respectively in Fig. 15(b)
recursive signals before the delay line, although one extra O®Rd (c). Although there is about a 3-dB loss for the input base-
is required. In noncanonic IIR, the adder!) affects only co- band signal due to the S/H effect at the lower input rate, the im-
efficients related to A0, thus mainly rendering a relatively largéiroved interpolator provides a perfectly interpolated sinusoidal
dc offset to output signal and having similar performance as @tput sampled at the higher rate by rejecting the unwanted im-
the FIR case. For a further reduction in such undesired noigges around’ and its multiples. More importantly, the base-
offset- and gain-compensation by correlated-double samplibgnd signal has been recovered with only little loss imposed by
techniques can be employed [30]. the sole S/H shaping at higher output sampling rate.
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To verify the effectiveness of R-ADB polyphase structure, @aluable discussions. The authors would also like to thank Prof.
first-order fourfold IR LP interpolator is implemented also with]. |. Sewell and A. E. J. Ng, both of the University of Glasgow,
a 5-kHz output sampling rate. Its simulated and measured f&asgow, U.K., for their helpful comments concerning the use
sponses are illustrated in Fig. 16(a). Fig. 16(b) shows the outgfithe SCNAP program. The authors would finally like to thank
of the first ADB, which processes the input and recursive signdle reviewers for their constructive comments.

efficiently at lower input sampling rate, and the final interpo-
lated output. The slightly imperfect output sinusoidal waveform

is caused by the insufficient suppression (about 30 dB) of theyy
frequency-translated image components due to the first-order
IIR function nature. 2]

VIl. CONCLUSION .
A novel sampling technique based on multirate polyphase

structures has been proposed for precise sampled-data anal?g
interpolation whereby the input S/H shaping distortion is
eliminated, and thus achieving an operation similar to digital
interpolation. Several low sensitive SC architectures, with both[®]
FIR and IIR filtering responses, have been proposed for such
improved analog interpolation. Canonic-ADB-based structures
specialized for high-speed applications demand OTA's with al6]
very relaxed settling time compatible with the full larger input
sampling period, while noncanonic-ADB-based structures con-[7]
sume fewer analog component count with areduced sensitivity at
the expense of requiring a relatively shrunken OTA settling time (8]
compatible with a full-output sampling period. Practical imple-
mentationissues have also beenaddressed interms of the analysis
of power dissipation, sensitivity to the effects of realistic capac- [l
itance ratio mismatches, and OTA finite gain and bandwidth, as
well as offsetvoltage. Both computer simulated and experimental
results have been presented for demonstrating the correctness¥
operation ofthe proposed improved SCinterpolators.
[11]
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