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Excess Loop Delay in Continuous-Time
Delta—Sigma Modulators

James A. CherryStudent Member, IEEEand W. Martin SnelgroveMember, IEEE

Abstract— Continuous-time (CT) delta—sigma modulators £,
(AXM's) suffer from a problem not seen in discrete-time (DT) Em Emi y
, C, c
designs, that of excess loop delaynonzero delay between the .o > 5 > o+
quantizer clock edge and the time when a change in output Y_, B N _= _j’_ o-

bit is seen at the feedback point in the modulator. This paper I__{ C, I_{&]
analytically shows how such delay affects the equivalence
between the CT modulator loop filter and its DT counterpart.
The effect of this delay on modulator dynamic range is studied
through simulation for the standard double-integration (low
pass) CT modulator and its equivalent fourth-order f,/4 band
pass circuit. For the first time, the results are extended to higher kol kI
order low-pass and bandpass designs, as well as multibit designs. =

Methods for alleviating the performance loss caused by excess
loop delay are also discussed.

1| <—

Fig. 1. Example of high-speed double-integration GEM.

Index Terms—Delta—sigma modulation. )
from [18, Fig. 7]; the last two columns of the table show how

the achieved DR and SNR fare compared to ideal. Generally,
. INTRODUCTION we see performance falling far short of ideal, particularly for
ELTA-SIGMA modulators AXM’s) [1], [2] are popular OSR’s of 64 or more.
nowadays for analog-to-digital conversion applications. For high-speed CT designs, it is known that performance
AYM’s are usually thought of mathematically in the discretesan be limited by several things. The smallest input signal
time (DT) domain, which means the majority of publishethat can be converted is ideally determined by the magnitude
designs are built using DT, e.g., switched-capacitor [3] af the noise-shaped in-band quantization noise, but for high-
switched-current [4] circuitry. There is increasing interest iapeed designs, thermal noise in the input stage [19], quantizer
building AXM’'s using continuous-time (CT) circuitry for clock jitter [19], and quantizer metastability [20] can all fill the
the loop filter [5], because it is generally possible to clockoise notch with white noise and further limit the minimum
CT AXM’'s at much higher frequencies than DAXM’s. convertible input signal. These problems are exacerbated as
Then, for a given oversampling ratio (OSR), the conversialock rates and conversion bandwidths become ever higher.
bandwidth is greatly increased. Large input signals eventually overwhelm the linearity of the
In recent years, several published @QIXM circuits have input stage, and any nonlinearity in the input stage appears
appeared in the literature with clock speeds from over 1@frectly in the modulator output spectrum [10].
MHz up to a few gigahertz. Table | shows the order and type of There is yet another problem that affects the resolution
some recent designs where “1LP” means first-order low pags,very high-speed designs. Consider the high-speed double-
“2BP” means second-order bandpass, etc. The majority of iigegration modulator from [10], depicted in Fig. 1. There
designs are implementations of the standard double-integratigé two integrator blocks with voltage inputs and outputs,
modulator first popularized in [17]. The four bandpass (BRjach consisting of a transconductor for voltage-to-current
modulators are for converting analog signals at one quart®nversion and an integrator for current-to-voltage conversion.
of the sampling frequency to digital; ideally, they have th¢he quantizer is a latched comparator whose output drives
same performance and stability as a low pass (LP) desigffferential pair digital-to-analog converters (DAC's); their
of half the order. Thus, all the high-speed designs listed a@tput currents sum with the transconductor outputs. Thus,
first- or second-order. For each clock rafe and OSR, the ne feedback necessary fitx$M operation works via Kirch-
dynamic range (DR) and maximum signal-to-noise ratio (SNRhff's current law (KCL). Ideally, the DAC currents respond
achieved are also listed. The performance of an |_deal f!rst— ifmediately to the quantizer clock edge, but in practice, the
second-order modulator can be found from DT simulation @rynsistors in the latch and the DAC have a nonzero switching
Manuscript received March 24, 1998; revised September 1, 1998. This paBgt]e' Thus, there exists a delay betwee_n the quantizer clock
was recommended by Associate Editor F. Maloberti. and DAC current pulse, and we call this delaycess loop

The authors were with the Department of Electronics, Carleton Universitje|ay or simply excess delayr loop delay

Ottawa, ON, Canada K1S 5B6. They are now with Philsar Electronics, Ottawa, .o . . .
ON, Canada K1P 6KZ. Excess delay has been studied in the literature before; a brief

Publisher Item Identifier S 1057-7130(99)02349-6. summary of past work is appropriate. Gosslau and Gottwald

1057-7130/99$10.001 1999 IEEE



CHERRY AND SNELGROVE: EXCESS LOOP DELAY IN CONTINUOUS-TIME DELTA-SIGMA MODULATORS 377

TABLE |
HiGH-SPEED CT AXM PUBLISHED PERFORMANCE

Paper Technology Type Is OSR (Ig}f?.{) (Sgg D(f({ﬂlg(;ss SI\{?BI)OSS

6 1pm GaAs D MESFET 2LP | 200MHz | 100 | 58 50 29 30

7 2pm CMOS S0P | 150MHz | 128 | 63 57 29 28

8 0.5um GaAs HEMT 2LP [ 500MHz | 100 | 60 55 27 25

9 1.4um GaAs HBT 2LP 2GHz 20 43 37 9 8

[10] 2um InP DHBT 2LP 3.2GHz 32| 49 50 i3 5

5] 0.8um St BiCMOS 2BP || 200MHz | 500 | 50 46 32 36

11 Si BJT 2LP || 1.28GHz 64| — 45 = 25

12 2pm InP DHBT 2LP/BP || 4GHz 64| 44 41 33 29

13 0.54m Si BJT 2BP 3.8GHz | 10000 | 607 49 607 71

14 AlGaAs/GaAs HBT 4BP 3.2GHz 64| 42 41 35 29

15 0.4pm InGaP /InGaAs HEMT 2LP 5GHz 50 51 39 21 26

16 0.5um SiGe HBT 4BP 4GHz 500 | 62 53 59 61
[21], [22] found that excess delay of 25% actually improves f,
the DR of a 1LP CTAXM, compared to no excess delay. v

()

Horbach [23] confirmed this and extended the results to higher  §w — &(s)
order LP modulators, showing that excess delay is detrimental
to their performance. Chan [6] found that a full sample of
feedback delay in his 2LP modulator caused 10 dB of SNR
loss. Shoaei [5] found excess delay problematic in 2BP and 70]
4BP modulators. Gaset al. [24] propose feedback coefficient,:ig. 2. General CTAXM block diagram.
tuning, and demonstrate that it alleviates delay problems in
a 4BP modulator, while Benabest al. [25] add an extra
feedback loop to a 2LP modulator for the same purpose. O\f{
of the aims of the present paper is to unify and summarize t
past work in the area, but we also contribute new material. )
First, most authors use the modifigdtransform for studying A CT/DT Modulator Equivalence
excess delay, but we explain here why this is inappropriate andt is useful to begin by explaining how to find the equivalent
demonstrate a preferred method. Second, we consider high@rloop filter H(z) for a given CT loop filtet (s). Why does
order LP and BP modulators in much more detail than hasch an equivalent exist? Because the quantizer in 2AEM
previously appeared. We also consider multibit modulatoris, clocked, which means there is anplicit sampling action
something which seems not to have been done in the pastinside the modulator, and sampled circuits are DT circuits.
The remainder of this paper is organized as followsVe can make the sampling explicit by placing the sampler
Section Il illustrates the mathematical equivalence betweenmediately prior to the quantizer, as depicted in the upper
a CT modulator and a DT counterpart, and shows what excési diagram of Fig. 3; this does not change the behavior of
loop delay does to this equivalence. Section Il demonstratit&® modulator. If we want to know how this is equivalent to
through simulation how the in-band noise (IBN), maximuna DT modulator, shown in the upper right of Fig. 3, then it is
stable amplitude (MSA), and DR of the double-integratioitlustrative to zero both inputs and open both loops around the
modulator are affected, while Section IV does the same thiggantizer. This leads to the bottom two diagrams of Fig. 3.
for the fourth-orderf;/4 bandpass modulator. In Section V, In the CT open-loop diagram, the quantizer outp(t) is
we see what happens when excess loop delay occurs in &PT quantity, and we may think of the DAC as a “discrete-
modulators of orders three through five, as well as in a sixtte-continuous converter.” It makes a CT pulgg) from the
order f,/4 BP modulator. Section VI briefly studies whaiboutput sampley(n). This pulse is filtered byH (s) (the CT
happens in 2AXM with a multibit quantizer instead of the loop filter) to producez(t) at the quantizer input, which is
more traditional single-bit quantizer. Section VII talks aboutthen sampled to produce the DT quantizer inp{t). The
the various methods of compensating for loop delay, includimgput and output of both the CT and DT open-loop diagrams
DAC pulse selection, feedback coefficient tuning, and there thus DT quantities. A CT modulator would produce the
inclusion of additional feedbacks. Finally, Section VIII drawsame sequence of output bifn) as a DT modulator if the
some conclusions about the work. inputs to the quantizer in each were identical at the following
sampling instants:

w(n) = &(t)|t=nt. - )

This would be satisfied if the impulse responses of the open-
loop diagrams in Fig. 3 were equal at sampling times, leading
to the condition [26]

j— y(n)

ith period 7; this produces a DT output signain) =
T,), which is fed back through a DAC.

Il. PRELIMINARIES

A general CTAXM is depicted in Fig. 2. The CT input
a(t) [possibly prefiltered byG(s)] is applied to a modulator
with a CT loop filter A (s) whose output we denot&(t). The
quantizer samples this signal at frequenfgy or equivalently Z7HH(2)} = L7HRp(s)H($)}imnt, 2
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Fig. 3. Open-loop CTAXM and its DT equivalent.

TABLE 1l
s-DOMAIN EQUIVALENCES FOR z-DOMAIN Loopr FILTER POLES
z-domain pole | s-domain equivalent Limit for z, = 1
T 0 T o
Z2—2Zj) srsk x zlln“"‘_zi—ﬁ sis,.
To = Sk To = ﬁla
T r1strg 1 T181 T
2 Zk (s—si)? zk(z,lc_"‘—z:c_ﬁ)2 (s—3k
Tt = @S+ Qo
no= o noo b
a o= % (1—1ﬂ)—2k (1-a) To = gta
do = Zé_a - Zk_ﬁ
1 rzs‘+rls+ro 1 ros 4T184T
z—2k (s—sw)® zz(z,le*"‘—z,lc_ﬁ)3 9—38p
re = %(hsk —q
L= —@28; + @155 + o
To = %Q232
1—
@ = (1-8)2-B8)(z")? rs = H5=lB8-9)
+ (1-a)2-a)(z )2 + ofa—9)+4aB + 12
+ [B(B+3)+a(a+3) rno= Letes
- 41+ aﬁ)]zé_"z}c_ﬁ ro = ﬁ
il _ =
n = E-8&")P+E -
+ (a+B8-3)zL7%7F
o = (zi—a _ z’t—.@)2
or, in the time domain [5] (NTF) prototyping [2, Ch. 4]. Once we have chos&{z),

oo we may find theH (s) to implement the CT modulator with
h(n) = [Fp(t) % h(t)]|imnt, :/ Fp(T)h(t — 7) dr|s—nr, identical behavior, given a certain type of DAC pulse. For
—o0 simplicity, we assume a perfectly rectangular DAC pulse of
(3) magnitude 1 that lasts from to 3, i.e.,

1, a<t<fB,0<a<pf<1
0, otherwise.

(4)

where#p () is the impulse response of the DAC. Since we are Plow 3y () = {
requiring the CT and DT impulse responses to be the same, the i
transformation between the two is called thepulse-invariant Tgpie 11 lists the s-domain equivalents for-domain H(x)

transformation[27]. poles of orders one through three. These were found by solving

Without loss of generality, we shall simplify the discussior@z) in the symbolic math program Maple [28] where the
by assuming a sampling period @f = 1 for the remainder Laplace transform of (4) is

of this paper.

R(a,,@)(s) _ exp(—as) — exp(—ﬁs). 5)

S

Knowledge of the equivalence allows us to perform Cilglz;gugg trﬁihaihiogil prgﬁtioji:ilu“l\?\,lﬁtyl at z. maps
AYM loop filter design in the DT domain using any design k plcty,

technique we choose, for example, noise-transfer function sk =1n 2. (6)

B. Usefulness of Equivalence
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Therefore, to use the tablé{(z) is first written as a partial

fraction expansion, then we apply the transformations in the | —> T | |

table to each term and recombine them to get the equivalent A T, ->i‘C < T,

H(s). Poles at dc (i.e.zx = 1) end up giving0’/0! as the d

numerator of thes-domain equivalent, which necessitates Fig. 4. lllustration of excess loop delay on NRZ DAC pulse.

applications of I'Hopital’s rule; this has been done in the right

column of Table II. pathn., as well as the loading on each transistor. As a crude
Let us illustrate the process. Many designs use DAC'’s witkpproximation, we may assume all transistors switch fully after

an output pulse which remains constant over a full periodl/ fr, in which case

which we shall term aonreturn-to-zerdNRZ) DAC. For this nefs

type of DAC, («, 3) = (0, 1) in (4). Moreover, we saw that pd = Fr (12)

many of the high-speed designs in Table | were second-order Id end up bei anificant fracti d di
LP designs; these differentiate the quantization noise twice could end up being a significant fraction i depending on

the parameters in (12). For example, in the design in Fig. 1,
hat NTRz) = (» — 1)? _ _ . . ,
that NTHz) = (= )" and suppose we desire 12-bit DR in a 50-MHz bandwidth. This
H(z) = ﬂ_ ) will require an OSR of about 50 [18], which means we must
(z—1)2 clock at f, = 50(2 - 50) = 5 GHz. If the quantizer is an

ECL-style latched comparator, its output differential pair must

Writing this in partial fractions yields _ ;
switch; the DAC must also switch, and thus = 2. In a

-2 -1

H(z)=——+ GoTE (8) Jr = 30-GHz process, therefore, (12) predicts
z—1 z—1
2.5
~ — 0,
Thusz;, = 1, which means;, = 0 from (6). Applying the first Pd™ oy = 33%. (13)

row of Table Il to the first term of (8) and the second row t0 Excess loop delay is problematic because it alterand

the second term witlie, 3) = (0, 1) gives /3, which means it affects the equivalence betwé#fx) and
. —2  _140.5s H(z). We can calculate the effect mathematically by using

H(s) = 5 + T2 (9 Table 111, which lists thez-domain equivalents fos-domain
14+1.5s fI(s) poles of orders one through three. As with Table I, these

-7 T2 (10)  were calculated with the help of Maple and (2). Asdomain

ﬁxole of multiplicity [ at s, maps to one at; with the same

Equation (10) was first derived by Candy [17] as the Cmultiplicity, with

equivalent of the DT double-integration modulator in (7).
A previous paper on CDNXM design by Schreier [29] used X = €XP Sk. (14)
state-space representation for modulator equivalence caIcL'ggTes atsy = 0 give numerators ob!/0!, as before, and

tions; we choose to use pole—zero representation here, thoH’@ rightmost column gives the formulas that result when
either method works. We have only been dealing with lo 9—|opita|’s rule is applied! times

filter equivalence, which affects the noise transfer function in Let us assume that we have designéfogs) from (10)
the linearizedA>M model; there are some subtleties regardingSsuming NRZ DAC pulses, but that we have excess loop

the signal transfer function [5], [29] which we simplify byd lay7y, so that in actuality we have NRZ DAC pulses delayed

assuming a signal transfer function of one in the band 74 as in Fig. 4. Now, we havéw, 3) = (r4, 1+ 74). The
interest. This assumption is approximately valid for MO$Ermulae in Table IIi on’ly apply fo7r a pulse 7wit13 <1, but

designs. we need not worry; it is possible to write/g-delayed NRZ
pulse as
C. Effect of Excess Loop Delay . . .
As noted in Section |, excess loop delay arises because of Pra, 1) (8) = P, 0 (8) F 70,7 (8= 1) (15)
nonzero transistor switching time, which makes the edge of tii&t is, as a linear combination of a DAC pulse fromto 1
DAC pulse beginafter the sampling clock edge. We assumand a one-sample-delayed DAC pulse from O7tp Writing

that excess loop delay can be expressed by (10) in partial fractions gives
- -15 -1
7a = paTy (11) H(s)= —24 (16)

?.
which is depicted for an NRZ DAC pulse in Fig.!4The Applying Table Ill to each term of (16), for each of the two

sampling instant ig = 0. The value ofr; depends on the DAC pulses in (15), yields

switching speed of the transistorg:, the quantizer clock 15 —1.5(1 — 7y)

D —1.514

frequency f;, and the number of transistors in the feedback o + 271 po— (17)
1A previous paper [25] treats DAC pulses as having delag a nonzero ~1 (—0.5+ 74 — ().573)2 +0.5(—1+ 73)

rise time (which can be either exponential or slewing in behavior). This is — 3

more realistic for an actual circuit, but we choose to use rectangular pulses for 5 (z - 1)

three reasons: it is mathematically simpler; the general results presented here ’rd(—l + 0'5,”)2, —0.572

still hold with nonzero rise time DAC pulses; and the compensation schemes +27t d (18)

presented in Section VII apply equally to either case. (75 - 1)2
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TABLE I
z-DOMAIN EQUIVALENCES FOR s-DOMAIN Loopr FILTER POLES
s-domain pole [ z-domain equivalent Limit for s =0
T Yo LT
8§—8k z—f;i Sk 1-8 z—2k
yozzka—zk w=B8-a
1 Y12ty 1 Y121y
S—sh (zl—z;:)o X I (Zl—zk)o
1—
mo= 7 L= s(l-P)
= 5[l sk(1~ )] n o= }BR-f)-a@2-a)
Yo = 2z 1+ spa) Yo = f(ﬂz -a?)

- 271+ s:8)

1 222 +y12+Y0 X 1 22 +y12+yo
a3
88 (z—z1)3 s (z—21)3

po= 21+ s(l-8)+ %1 - BY)
— 2,7 ~1+ s (1 —a) + E(1 - a)?]

I ¥ i "o e
+ %(—1—25+2f32)] vy o= i(ﬂ3:23)+5(ﬂ_a)
+ z,zc“a[Q—sk(l—2a) _ i(ﬁz—a2)——l—(ﬁ—a)
+ 32&(—1—2a+2ai)] Yo = %(ﬁ3—a3) ’

Yo (1 + spa + Ea?)

P14+ 5,8 + %£87)

Il
N W
Pr oW w

Adding (17) and (18) gives (19), shown at the bottom dfrocess usually significantly more rapid than simulating using

the next page. If instead of Table Ill we use the modified (s) in the CT domair?

Z-transform on (7), the result is [24] Since first-order modulators with excess delay have been
studied already [21], we confine ourselves to modulators of
orders two and above. In this section, we commence with

H(z, 74) = Zm [Zl [_22 + 1” the double-integratiom\>M. We wish to know how its DR

(z = 1) is affected by excess delay. DR is defined as the difference
(2427922 + (1 = 3r)z + Tu (20) between the smallest and largest input levels (in decibels)
o 2(z—1)2 which give SNR> 0. At low input levels, SNR is limited by

IBN, while a large-enough input level eventually compromises
the stability of the modulator. There exists a maximum stable

which is similar to (19) but not identical. The mOdlAfleﬁ- input amp”tude (MSA), DR may be found from IBN and
transform assumes the delay happens at the outpéf(ef, MSA, as we explain below.

but we assume the delay happens prior to the DAC pulse,
which turns out to be different mathematically. Our assumptioQ |,_Band Noise

represents what happens in an actual circuit, hence we prefer
our method over the modified-transform. Fig. 5(a) sh_ows an ou_tput spectru_m near dc: _there were
We can quickly verify that for, = 0, (19) turns into (7) 256 16 384-point Hann-windowed periodograms with random

as it should. However, for, # 0, the equivalentd (=) is no initial conditions averaged, and the input signal was a 0.1-V

longer (7). How well does a modulator with a loop filter giver?inewave. AS the delay ?ncreases from 0% up to 60%, we
by (19) perform? see that the noise floor rises slowly. Integrating the IBN for

zero input, as a function af;, produces Fig. 5(b). For delays
below about 20%, IBN stays roughly constant, but rises as
delay increases. If the excess delay exceeds about 65%, the
1. D OUBLE-INTEGRATION MODULATOR modulator goes unstable. In this paper, instability is defined
To study the effects of excess loop delay, Matlab [3(33 the quantizer-input magnitude exceeding ten before the end
code was written to perform the transformations in Tables F.‘f" S|mulqt!on for 190(.) successive S|mulat|on§ with random
and Il numerically. The output bit-stream from a moduinitial conditions. A similar definition was used in [31].
lator was determined by evaluating the difference equatior?Though we provide no experimental verification of the results throughout
X(z) —_ G(z)U(z) + H(z)Y(z) in the time domain. with a this paper, we find simulation of Fig. 1 in Eldo using ideal circuit components
C f ivercs dH The vi f . h and a variable delay in the feedback path gives results that are consistent
program,_ or g_N_e (z) an (Z) € V!rtue of using t _e with those presented in this section. Simulations take much longer with Eldo,
transformations is it allows us to simulate in the DT domain, l@wever.

—2 42574 — 0.577)2% + (1 — 47y + 73)2 + (1.574 — 0.577)
2(z—1)?

H(z, 9) = ( (19)



CHERRY AND SNELGROVE: EXCESS LOOP DELAY IN CONTINUOUS-TIME DELTA-SIGMA MODULATORS 381

Magnitude (dB)
| 1 1
8 8 8

~160F - ............ ......... N 20% m

—180F o ............. ........... N IR ....... 4

002 004 006 008 01 0.12 5 _
Frequency (relative to f) 0 i H i H
0 0.2 0.4 0.6 0.8 1
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-55 T T T T Fig. 6. Maximum stable amplitude for double-integration GEM.

In-band noise (dB)

Dynamic range (bits)

(b)

Fig. 5. (@) Output spectrum from double-integration GTM as a function ) 0.2 0.4 0.6 0f8 1
of loop delay and (b) in-band noise for zero-input against loop delay. T

Fig. 7. DR for double-integration CI\XM.
The smallest input signal for which SNR 0 dB is exactly

the IBN, adjusted for the gain Of. the window (0.375 for Hanrh . 6. The modulator is stable for inputs of up to 0.92 for no
?:; gfgg)B)Fi?de;Zer;ag t?hi[ Fgmifgia{)n;ﬂegssuéf r(jrzsispovéxcess delay, but this falls more or less linearly to near zero
o . ple, the d = . — = at about 50% delay. An unstable modulator has SNRcc,
—85.06 dB, and we find in simulation that an input magnltud%0 the MSA is precisely the largest input for which SR
of approximately '

For example, aty; = 0, the MSA is
—85.06 +4.26 + 3.01 = —77.79 dB (21) 20 log,g 0.92 = —0.72 dB. 22)

is needed to get SNR- 0 dB.
C. Dynamic Range

B. Maximum Stable Amplitude We can combine the previous two results to plot the

To determine the MSA, we once again follow [31]. We applynodulator DR against delay. DR is exactly the difference
a ramp input whose amplitude increases slowly from zero Rgtween MSA and adjusted IBN; for example, 7t = 0,
one overl0® time steps; when the quantizer-input magnitude2l) and (22) give
exceeds ten, the input level at that instgnt is the MSA_. We DR = —0.72 — (—77.79) = 77.07 dB. (23)
could just as well apply a low-frequency sinewave at the input
and find the maximum amplitude of such an input for whicHihis is converted to bits using [32]

simulating for many cycles keeps the modulator stable, but DR(bits) = (DR(dB) — 1.76)/6.02 24
we find the method [31] gives approximately the same answer (bits) = (DR(dB) — 1.76)/6. 24)
with much less simulation. and the result is plotted fad < 75, < 1 in Fig. 7.

Performing this test for 200 runs with random initial condi- This is useful as follows. Our example from earlier (12
tions and averaging the MSA'’s so obtained yields the graphliits at 50 MHz) estimated a loop delay of 33% in (13) for
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NRZ DAC HRZ DAC

Fig. 8. Block diagram for LP CTAXM from Fig. 1.
RZDAC

Fig. 10. Multifeedback BP CTAXM architecture.

A As As
o $2+0? s+ | %¢0) f v

k k One solution is to use resonators with a low-pass term
included in the numeratortAs + B)/(s*> + w?). A second
elegant solution first proposed in [35] and [36] is to use
Fig. 9. Block diagram for BP CTAXM with integrators replaced by resonatorsé_ls/(SQ—i-wQ) with two different types of feedback
resonators that cannot implement desired equivaléft). DAC, leading to the so-calledhultifeedback architecturén

Fig. 10. There, the DAC'’s are return-to-zero (RZ), which

OSR= 50. We see from the figure that even with OSRs4, has (a, 8) = (0, 0.5) in (4), and half-delayed RZ (HRZ)

it would not be possible to achieve the desired resolution @t, ) = (0.5, 1). Both are easy to fabricate in an ECL-style
33% delay: We could only obtain DR-11 bits. To achieve latched comparator by diode-connecting the final differential
12 bits at OSR=64, we must have no more than about 209gair rather than cross-coupling them [16], as shown in Fig. 11.
excess loop delay. For a 50-MHz bandwidth, an OSR of 84e could have used any two of NRZ, RZ, and HRZ, or for that
means clocking at 6.4 GHz, and from (12), we see that tReatter any other two different pulses, but these three types are

NRZ DAC

transistors must havér > 32 GHz or so. easiest to build in a practical circuit. For an NRZ comparator,
connect the final differential pair via the dashed lines; for RZ,
IV. f,/4 FOURTH-ORDER BAND PASS MODULATOR connect the dotted lines instead.

The numerator oﬂfIBp(s) implemented in Fig. 10 can be
set by altering thé: coefficients. We wish to find how to set
noise notch at dc and performs the substitution — —z~2. the 1’s so that the equivalentipp(z) is that in (25); this is
This gives a BP NTE) with a noise notch aff,/4, one done by convertingdgp(s) to the z-domain using Table IlI

9 p s for each DAC separately, then linearly combining the results

quarter the sampling frequency [2, Ch. 9] with double thgnd solving for thé:'s. Thek values that implement (25) when

order and identical stability properties to the LP prototype. Tt}ﬁe CT modulator uses RZ and HRZ DAC's can be calculated
substitution can be applied to the loop filtE( =) to yield the o be

same result. Applying this to the double-integration modulator
(7) giveS {k’l‘4a kr?a kh4, kh?}
Hip(z) = —(217::17 J_rlz)j s Hop() = 2(;—j j—;)_; (25) = {-1.08678, —2.13388, 0.450 16, 1.48744}. (27)

) ) . , How does excess delay affect this design? Both leading
This contains two double poles a = +j; we could find HAc edges become delayed by. Exactly the same simu-
the equivalenti/pp(s) by applying the results in Table Il 10 |44i3ng were carried out for this BP modulator as were done in
a partial fraction expansion of (22). the previous section (IBN and MSA), only instead of using a

Doing this for NRZ DAC pulses yields ramp input to find the MSA, a sine wave input fat/4 whose

One type of AXM that has found applications in radio
circuits [33], [13] takes a low-pass NTE) with a quantization

i _ —1.03545% + 1.0652s” — 1.3210s + 4.5661 amplitude increases from zero to one ouéP time steps is
Br(s) = a2\ 2 ’ used. Again, this method is rapid, and we find it gives similar
<82 + (5) ) results to using a sinewave input with fixed amplitudes and

frequencies neay,/4, simulating for many cycles to see if
the modulator remains stable, then increasing the amplitude
How do we build a circuit to implement this? Historically,and repeating the simulation.

LP DT modulators have been built as a cascade of integratordhe resulting DR as a function af, is plotted in Fig. 12; for
#~1/(1 — ~71) [34], and building anf,/4 BP DT modulator comparison, the results from Fig. 7 for the double-integration
simply requires replacing the integrator blocks directly witmodulator are overlaid with dashed lines. Interestingly, the
resonator blocks-z=2/(1 + z72). It is likewise possible to two designs perform the same until about 30% excess delay, at
build LP CT modulators as a cascade of integrafigfg the which point the BP design becomes more severely affected. It
block diagram for Fig. 1 is shown in Fig. 8. However, simplygoes unstable for about 50% excess delay. These results do not
replacing integrators with resonatafs/(s? + w?), w = 7/2 change if a different pair of DAC pulses are selected. Previous
as in Fig. 9 doesot build (26). The numerator oﬁgp(s) for examinations of this modulator [5, Sec. 3.1.4], [24] which
Fig. 9 does not contain ast or s° term, yet each is required found 25% delay required for instability made two errors. First,
in (26). Early designs [26] suffered from this problem. the modifiedZ-transform was used, which led to an incorrect

(26)
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Hppz7y. Second, simulations were carried out using a large 14 . r . ,
fixed-amplitude input tone, which fails to take into account the : ' BP OSR 32
changing modulator MSA with increasing delay. BPOSR 64 |7
LP OSR 32
LPOSR64 |-
V. HIGHER ORDER MODULATORS z .

We now tum to Studying the eﬁeCtS of excess |oop delay g ........................... 0. N ............................... .
for low-pass CTAXM’'s of order higher than two. The § o  : N\ Mo R S i
architecture we will consider is a generalization of Fig. 8 g ;
shown in Fig. 13; it is straightforwardly realizable in VLSI & : .
with transconductors, integrators, and DAC differential pairs & :
as in Fig. 1. The loop filter realized by this architecture for p )
m=>2 is ISR S S NI T ]

m 1 D i—1 :
z; <;> ki — 221 ki ;B; 08 1
A 1= =
1 Fig. 12. DR for multifeedback BP CTAXM, with comparison to dou-
1- Z B; <—> ble-integration results.
=1 s

Equation (28) shows that the purpose of #igs is to allow the second-order LP and fourth-order BP circuits. Increasing
us to implement NTEz) zeros at places other than dc (i.e.DOBG results in modulators which have generally better

z = 1). resolution at no delay, but which become unstable for less
Four types of high-order modulators were designed usiegcess delay. This makes perfect sense; higher OOBG means
NTF(z) prototyping. The NTF's used had: a generally less-stabld (z), and in fact, we see the; needed
1) third-order Butterworth poles, all zeros at= 1; for instability is roughly inversely proportional to OOBG. This

2) third-order Butterworth poles, optimally-spread zeros;suggests that higher order modulators enjoy an advantage over
3) fourth-order Butterworth poles, optimally-spread zeroghe lower order ones; the existence of a parameter OOBG
4) fifth-order Chebyshev poles, optimally-spread zeros. which we may select according to our resolutiamd excess

The spread-zero modulators had zeros placed according to [d8}Y imperviousness requirements. To be fair, oae vary

so that IBN would be minimized for a given OSR. Modulatori1€ OOBG in a second-order LRX.M, but it is rarely done

with out-of-band gains (OOBG's) of 1.3, 1.4, 1.5, and 1.6 wer8 Practice. . .

all designed:; recall that higher OOBG means lower IBN at the FOT interest's sake, a sixth-ordgr/4 BP design was also

price of MSA [2, Ch. 4] The DR as a function of excess loofgSted by taking the low pass NTF with thlr_d-order Butterworth

delay for NRZ DAC pulses and OSR’s of both 32 and 64 aRPles and three dc zeros and transforming it to a band pass

summarized in the graphs in Fig. 4. design usingz—! — —z~2. This can be implemented using
The results are most intriguing. The modulators witthe multifeedback architecture in Fig. 10 with a third resonator

OOBG =1.3 remain stable, even for one full-sample exceddd an additional feedback coefficient for each DAC. DR is

delay, and moreover they only suffer a DR loss of betwedfotted againsty in Fig. 15. Comparing these curves to those

two and three bits. This contrasts starkly with the results f6f the equivalent third-order LP design (the upper-left graph
of Fig. 14) illustrates behavior like that in Fig. 12; the BP

. 3The r_lonmonotonicity in these and c_ertain later _DR graphs, for exam%rves have the same shape as those of the LP curves for low

in the tails of the curves in the upper right graph, is not a real effect: it is

an artifact of doing simulations with zero input and no dither. Otherwise, trfexcess delay_' bUt they become unstable Soor!er as excess delay

general trends indicated by the curves are accurate. increases. Significantly, the LP modulator with OOB€.3
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Fig. 14. DR for high-order LP CTAXM'’s. Numbers on curves are OOBG values. Third-order LP Butterworth with (a) dc zeros and (b) optimal zeros;
(c) fourth-order LP Butterworth with optimal zeros; and (d) fifth-order LP Chebyshev with optimal zeros.

was stable for a full sample of excess delay, while the sarhéy. 14 exceeds 16 bits, it is unlikely that gigahertz-speed
BP modulator was only stable up unti} = 0.65. modulators would achieve such a high resolution, because
In conclusion, LP modulators of order higher than twether nonidealities such as thermal noise and clock jitter will

let us choose OOBG as an anti-delay measure at the calshost surely limit performance more than quantization noise.
of resolution. High-order multifeedback BP modulators do

likewise, though their immunity to excess delay is not as  VI. MODULATORS WITH A MULTIBIT QUANTIZER
gOOd as in their LP Counterpaﬂsj.:inally, in fairness, even Thus far, this study has simulateN>M’s employing a
though the resolution of some of the ideal modulators ngle-bit quantizer. It is known that multibit quantizers in DT

designs improve stability [2, Ch. 8] and sensitivity to clock

4The Matlab code written to do the transformations was unfortunately nfiter [37]. If the previous section is any guide, we can hope
sophisticated enough to handle BP modulators with noncoincident NTF zer

S . . . . . .
though it seems reasonable to assume the results for such modulators Wg(ard a_n. |mprov'ement in the Immunity of CT deS|gns with a
echo those seen in Fig. 15. multibit quantizer to excess delay.
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There is some improvement, but not a lot. Fig. 16(a) shows S| 15t

2-bit 1
3-bit
4-bit

the DR against excess delay for the second-order LP modulator
for OSR =64, while Fig. 16(b) is for the fourth-order BP
modulator. The thick lines are from Figs. 7 and 12, the
results for a 2-level (1-bit) quantizer, and the other lines
are for 3-, 4-, 8-, and 16-level (1.5-, 2-, 3-, and 4-bit)
guantizers. Generally, DR improves with quantizer resolution
as expected, and furthermore, thg range over which the
modulators remain stable improves a little with increasing
guantizer resolution. Similar results are seen for the high-order
LP modulators as for the second-order LP. We see the fourth-

Dynamic range (bits)

order BP circuit can be stable fey; close to 0.7 with a 4-bit o o2 Y o5 o3 ]
guantizer, compared to 0.5 for a 1-bit quantizer. Again, similar T,
results are seen for the sixth-order BP modulator. (b)

.The traqunal prOblem.m multibit deSIQnS IS that any. Ievellig. 16. Modulators with multibit quantizers: (a) second-order LP and (b)
mismatches in the multibit-feedback DAC are directly inpufgrth-order BP.
referred, thereby limiting the achievable performance. Tech-

nigues such aslynamic element matchinEM) [38]-[40] )
and digital post-correction [41] have been proposed to allevidftt @ny excess loop delay > 0 causesj > 1, which means

these problems. A difficulty implementing either technique in @€ €nd of the pulse extends beydne 1. We saw in (15)—(19)
high-speedA XM is that they require digital circuitry switching that this increases the order of the resulting equivalg(t);

at f,, which would cause a great deal of switching noise thift (19), H() has the two poles at = 1, but it acquires an
might couple through the substrate into the forward modulatBfiditional pole at: = 0 for 7, > 0. Thus, the second-order
circuitry and degrade performance. Moreover, DEM Woulamdl‘s'l""tOr we tried to build actually hasthird order loop
mean switching circuitry in the feedback path, which woulfllter- In general, in any CT modulator with enough excess

add excess delay. To the authors’ knowledge, no one has §gtay to push the falling DAC pulse edge past 1, the order
attempted to build a high-speed CXEM with a multibit of the equivalent DT loop filter is one higher than the order
quantizer. of the CT loop filter. Thus, a multifeedback BP modulator

using either an NRZ or HRZ pulse increases in order, as do
VIl. COMPENSATING FOREXCESS LooP DELAY the higher order LP modulators from Section V with NRZ
All is not lost for the second-order LP and fourth-ordePAC’S: )
BP modulators when there is a good deal of excess delay!f We were to use DAC pulses with < 1, then the pulses
nor indeed for higher order high-OOBG modulators. We tuiffould extend past = 1 only if the condition
now to how to compensate for its effects in single-bit designs, . _
. S . a>1-p (29)

though the results are equally applicable to multibit designs.

held. This suggests the following for the second-order LP
A. DAC Pulse Selection modulator in Fig. 8; if we used an RZ DAC instead of an

'ln Section Ill, we considered the .seco.nd-.order AM . SFor smallr;, the NTF has a pole and a zero close to one another which
with NRZ DAC pulses. A problem with this kind of pulse isaimost cancel, so the design appears approximately second-order in that case.
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Fig. 17. Fourth-orderfs/4 BP CT AXM performance atr; = 35% delay with feedback coefficient tuning. (a) Tunigs. (b) Tuning k.. (c)
Tuning kp4. Tuning kpo.

NRZ DAC, H(z) would remain second-order fay; < 0.5. If It has long been recognized that it is sensible to use RZ
we knew exactly what, was, we could select the feedbacDAC pulses in low pass CTAXM’s [6], [9], [43]. Apart
coefficients{ k2, k1} to get exactly the equivaled () from from the immunity to excess delay it afford us, an RZ DAC

(7). Let us demonstrate this: For Fig. 8, the loop filter is  also alleviates intersymbol interference problems caused by
Ko+ ks nonsymmetric DAC pulse rise and fall times [43]. However,
; _ 2 1

H(s) 5 (30) the differential circuit architecture of Fig. 1 also avoids this

) T ) ~nonsymmetry [10] even with NRZ pulses.
Applying Table Il to the partial fraction expansion of this for

(o, B) = (14, 74 + 0.5) gives
[y + ka(3 — 479)]7 + [—4k1 + ka(1 + 472)] B. Feedback Coefficient Tuning
8(z — 1)2 : As we have noted, if there exists enough excess delay
(31) to push the falling edge of a DAC pulse past= 1, the
modulator order increases by one. Therefore, there will be
We wish for this to equal (7); equating powers ofin the s + 1 coefficients in the numerator of the equivaldiit »);
numerator and solving yields with only m feedback coefficient&, the system is not fully
5 controllable via thesé:’s alone. Previous examinations of
{k2, b1} = {—2, 5 ZTd}- (32) loop delay inf,/4 BP AXM’s (notably [5, Sec. 3.1.4] and
[24]) have studied the system in Fig. 10 using the modified
Thus, for a givenry < 0.5 and RZ DAC pulses, we can Z-transform and found the number of parameters in the
make ourH(s) match exactly the desired(z) by tuning numerator ism. The multifeedback architecture achieves a
the parameters;. In the particular circuit of Fig. 1, this is numerator coefficient of zero for the ! term, only because
accomplished by changing the value of the current sourcedh a perfect cancellation when; = 0. For 7y # 0, the
the rightmost differential pair DAC. cancellation is ruined, so the coefficient of! is nonzero,

H(z, my) =
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yet the modifiedZ-transform incorrectly finds it to remain 14 ! y ; :
zero [24]. There are actually: + 1 rather tharvn numerator : :
coefficients forf; /4 modulators with excess delay.

Even though delay causing> 1 means the system cannot
be controlled perfectly with thé’s, somedegree of control :
can be exercised. We demonstrate the helpfulness of this on; 5 \
the fourth-order multifeedback modulator in Fig. 10. Suppose :
there is a fixed excess delay of =35%: Fig. 12 shows that
for OSR=,64 a DR of 9.9 bits is achieved using the nomihal
values in (27). It is found that IBN-—78 dB and MSA= 0.34 : : : v

Fig. 17 shows how the performance of the modulator is : i j '
affected when thet’s are tuned one at a time away from 2 o e | —  Tunedk
their nominal values. By adopting a steepest-descent tuning |-~ Untunedk
approach where each is tuned iteratively until the DR is % 02 04 06 0.8 1
maximized, we find that it is possible to improve the DR from T,

9.9 bits to 11.3 bits, still aty; = 0.35. The IBN and MSA
are also improved, IBN te-79 dB and MSA to 0.74. Thé
values which give this performance are approximately

Dynamic range (ats)
> @

E-S
T

Fig. 18. Multifeedback BP modulator-DR with tuning.

For each scheme, it is possible to find analytically the
{kra, kr2, kna, kn2} = {—0.87, —1.83, 0.48, 1.89}. (33) feedbackk’'s which implement the desired (=)

The tunedk performance is still not as good as the 13Fras krzs b, Rz}
bits achieved at no excess delay in Fig. 12, but it is an [ {—1.08678, —2.13388, 0.450 16, 1.487 44},

improvement compared to the untunegerformance. _ zero digital delay (35)
Fig. 18 compares the modulator DR for untunkdpa- {~0.45016, —0.63388, 1.08678, 2.987 44},
rameters from Fig. 12 and tuned parameters where the one digital delay

steepest-descent algorithm was applied for several differevtiere the first set of’s is from (27). The reason for the
values of excess delay between zero and one. We see thaddhtical DR performance observed at begh= 0 andr; = 1
is possible to findk values which keep the modulator stablés now clear. Forry, = 1, the optimalk’s are those in the
for the entire range of,. What is perhaps more surprising issecond row of (35), and the steepest-descent algorithm turns
that performance worsens up to 50% excess delay, but then to converge to values close to those. Bat 74 < 1, the
actually starts to improve again until there is a full samplg's for optimal DR lie in between the zero and one digital
delay, whereupon the performance becomes as good as it wely values—compare, for example, (33) figr = 0.35 to
for no delay at all. How can this apparently incongruous resy85)—though unfortunately the relationship betwegnand
be true? . the k&’'s which optimize DR is not linear. For example, for
Recall Hgp(z) in (25). The numerator wagz~* + ™% 7, = 0.5, picking k values that lie exactly half way between
The z~* means there is a two-sample delay in the feedbaakie values in (35) leads to DR9.2 bits, though the steepest-
every AXM must have at least one sample of delay in ordefescent algorithm founé values to make a modulator with
to be causal. We found the equivaleHzp(s) in (26); the DR =10.8 bits.

two-sample delay is implicit in this equation. Note that In any case, Fig. 18 is strong encouragement to design the
e 4 1 _3 k's to be tunable, possibly even for on-line calibration against
2275 4% 1227 + 2 - ; ;
Hpp(2)= —— 5 =2 ' — . (34) process and temperature variations. How to design a tuning
(1+272) (1+272) algorithm to maximize DR that works on-chip, perhaps even

This suggests we could place a digital latch that provides opf&ile the modulator is operating, is an interesting topic for
sample of delay{~1) prior to the DAC's, and then find the Uuré research.

equivalentHrp(s) for the H(z) with numerator2z=1 + 22, .

In other words, we have two choices for building a two-sampfe: Additional Feedback Parameters

delay into the CT feedback loop: by matching tofz) with If 3> 1 causes the modulator order to increase franto

two delays in the numeratogr by providing a latch which m+1, and we only haven feedback coefficients, then it stands
adds one delay and matching to &f(z) with one delay in to reason that adding an additional feedback should restore full
the numerator. These are denoted, respectivelyzéneand controllability to the system. This has been suggested in [25].
one digital delayschemes in [42]. This choice is peculiar tdn the block diagram of Fig. 8, a third NRZ feedback was
fs/4 BP modulators; it does not exist for LP modulators cadded whose output goes directly to a summing node after the
BP modulators with a different center frequency because thegcond integrator (that is, immediately prior to the quantizer).
invariably have a nonzere~! term in the numerator, and To use this approach in a circuit architecture like Fig. 1, where
thereforeH (=) would become noncausal if we were to factothe quantizer input must be a voltage but summation is done
out az~! as we did in (34). with currents, we would have to add a transconductor followed
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by a current-to-voltage converter in between the second apd is significant because it alters the equivalence between
amp and quantizer. the CT and DT representations of the loop filté?(s) and
We can avoid adding components in the forwakEM H(z). Its effect on performance is severe if the sampling
path by adding one additional feedback wittdifferentkind clock speed is an appreciable fraction (10% or more) of the
of DAC pulse. This is akin to the multiple feedbacks in thenaximum transistor switching speed; this is becoming more
multifeedback BP circuit. By way of example, consider agailikely nowadays as desired conversion bandwidths increase
Fig. 8; let us denote its NRZ feedback parameters = k» and delta—sigma modulation with an aggressively high clock
and k,; = k1, and let us suppose there is a third feedbackte relative to the transistor switching speed is considered for
which goes to the same summing nodetas. An HRZ DAC the converter architecture.
with coefficientk;;. The z-domain equivalents for the NRZ If excess delay is not designed for, then as excess delay
pulses with excess delay have already been found in (17) andreases as a fraction of the clock period, second-order LP
(18); to generalize them to feedbacks, andk, instead of and fourth-ordeyf; /4-BP modulators will suffer in terms of in-
—1.5 and —1 is a trivial change to those equations. For ahand noise, maximum stable input amplitude, and DR. Higher
HRZ pulse delayed by, the z-domain equivalent is order LP designs seem more robust if designed using NTF
k . prototyping because there is a parameter, the out-of-band gain,
hl(().o — Td) B . . .
which can be selected to give some immunity to excess delay.
z—1 Higher-order BP designs are also more robust than lower order
ones, but a multifeedback; /4-BP design is always found to
be less immune to excess delay than the corresponding LP
design. The use of a multibit quantizer is somewhat helpful,
though incorporating the usually-needed correction circuitry
where{ys, 41, yo} are expressions involvingk,.2, k1, kn1, for a feedback DAC with mismatched levels is nontrivial for
74}. We wish for the numerator of this to equal2»? + » high-speed designs.
from (7), and Maple can be used to solve symbolically for It is more sensible to recognize the presence of excess

kn1 _1 krima
- .
s (z—1)

Combining this with (17) and (18) yields

+z

(36)

_ Y222 + 12 + Yo

H(z) = 1) (37)

the %k values delay and take it into account in the design process. We
2 have demonstrated that choosing the right DAC pulse shape in
Td +2 . . . . . .
kno = 2 combination with tuning of the feedback parameters (either in
d . 5 ) the design phase or automatically on-line) can greatly mitigate
o, = 4 +47g — 1275 + 1074 + 4 the performance loss due to delay, to the point that excess
s —2 delay can be rendered effectively a nonproblem in high-speed
I T4 — 4T3+ 1377 — 1274 — 2 38 CT AXM's.
L1l — 72 _ 9 . ( )
d
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