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ABSTRACT

This article provides a tutorial overview of some recently developed methods for enhanc-
ing the accuracy and linearity of data converters (analog-to-digital as weli as digital-to-
analog) by introducing auxiliary digital circuitry which calibrates, cancels and/or corrects
the errors introduced by the unavoidable inaccuracy of the analog components used in
the conversion. Simple but practical examples are used to illustrate the various improve-
ment technigues. Using the described methods, the inherent accuracy and linearity of the
data conversion can be extended from about 10 bits to 16 bits and more.

The'operation of communication and entertain-
ment systems is increasingly based on digital signal processing
(DSP), while the physical signals needed to be handled at the
input and output nodes of these systems remain continuous-
time analog ones. Hence, such a system typically needs an
analog-to-digital converter (ADC) at its input end, and a digi-
tal-to-analog converter (DAC) at its output end. These con-
verters.contain both digital and analog circuitry, and their
speed and accuracy is usually limited by that of the analog
components. As the speed and accuracy of the internal DSP
increases, the corresponding requirements on these converters
also become harder to meet. Also, while state-of-the-art inte-
grated circuit (IC) processes help with the design of faster
analog as well as digital circuits, they are detrimental rather
than helpful in meeting the analog accuracy specifications due
to their reduced dimensions and supply voltages.

In most data converters, the accuracy is limited by the
actual matching accuracy of nominally equal-sized analog cir-
cuit elements (resistors, or capacitors, or current sources).
~Thus, to perform an 18-bit digital-to-analog conversion as

.needed in, say, digital audio applications, the required
matching error of the components used cannot exceed 218,
or about four parts per million, Such accuracy is difficult if
not impossible to obtain, even if an expensive and time-con-
suming process such as on-chip trimming is used. Hence,
alternative techniques have been developed, which embed

- DSP blocks in the analog circuit to help reduce the effects of
the limited analog matching accuracy on the overall perfor-
mance of the data converters. The best known and most
widely used example of this process is the delta-sigma (AX)
data converter, which has been discussed in detail in recent
literature [1], These converters contain an internal quantizer
of much lower resolution than that of the overall conversion,
and use feedback to achieve high in-band accuracy.

In this article, alternative techniques.are discussed and
illustrated using some very simple but practical converter cir-
cuits. They can be classified into four categories: analog cor-
rection, digital correction, error cancellation, and spectral
error shaping, In analog correction, an analog quantity (voit-
age, current, capacitance, and so on) is adjusted under digi-
tal control té regain the required accuracy. In digital
correction, a digital signal is modified so as to rectify the
error made due to analog inaccuracies. In error cancellation,
the conversion process is performed such that the unknown

error enters twice, with opposite polarities, and is hence can-
celled. Finally, in spectral error shaping (also called mismatch

" shaping) the conversion process modifies the spectrum of the
conversion error signal (which is unknown to the designer) so
as fo suppress its energy in the signal band. The resulting cor-
rected stages can be used as stand-alonc data converters, or as
internal blocks.in pipeline or AT ADCs or DACs,

The correction algorithms may be performed only once, at
power-up, or they can take place continuously during the con- -
version process. The latter is usually preferable, since it can

-also correct for time-varying inaccuracies caused, for example,
by temperature variations.

In the following sections, these techniques will be described
and illustrated with simple examples. Even though the
matched elements in converters may also be resistors or-cur-
rent sources, we shall assume for simplicity that the operation
is based on matched capacitors (i.e., that switched-capacitor
(SC) circuitry is used). The. algorithms and general techniques
remain, however, applicable to other circuit realizations.
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W Figure 1. An M-level switched-capacitor DAC.
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L -
W Figure 2. The DAC of Fig. 1 with analog mismatch correction.

ANALOG CORRECTION TECHNIQUES

Figure 1 shows the conceptual diagram of a DAC constructed
using SC circuitry. The operation of the circuit is as follows,
The input binary word is converted into a thermometer code
with bits xq, x5, ..., X such that if the integer value of the
input word is m, the bits x, x3, ..., ¥y are 1, and the rest are 0.
During the reset phase (¢;=1), the feedback capacitor Cyis
discharged and all input capacitors are charged to the refer-
ence voltage V.. Next, during the conversion phase (¢,=1),
the first m input capacitors are discharged into Cy, resulting in
an output voltage V,,; = — (mC/CpV,is = ~ (/M)V .

Since in practice the nominally equal-valued input capaci-
tors will have different capacitances, a fixed nonlincarity wiil
be introduced, which will cause harmonic distortion. For a
well designed integrated circuit, a random matching error of
0.1 percent may be expected, this is likely to cause a total har-
monic distortion that is about 0.1 percent of the full-scale sig-
nal. For DACs with more than 10-bit accuracy, this is
unacceptable.

Analog correction of the matching error may be achieved
by using the system shown in Fig. 2, where each capacitor C; is
split into a coarse part and a fine part, Cy; and Cy, respective-
ly, and a separate buffered reference voltage Vy is intro-
duced for each Cy; [2]. When clock phase 2 is high ($,=1),
capacitors C.; and Cy; are discharged into Cr if x;=1, other-
wise they hold their charges. A calibration stage, consisting of
a transconductor and a reference capacitor C,,p, is used to
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readjust the V.4 sequentially when the i-th calibration clock
phase §¢.; is higﬁ, so as to make the combined charges stored
in C,;-and Cy; equal to Cy.p V. To replace the capacitor
being calibrated, an extra set of C, and Cyis also needed. The
resulting conversion accuracy can then be as high as 15 bits.
The process is similar to that proposed earlier. for current-
mode DACs by Schouwenaars et al. [3], in which 16 bidirec-
tional current sources were used in the 4-bit internal DAC of
a 20-bit DS DAC. A level of 90 dB S/(N4+THD) was achieved
using a bidirectional current reference which was copied into
each current source sequentially. ]
Another example of (digitally aided) analog error correc-
tion is described for a binary-weighted SC DAC embedded in
an ADC by Lee et al. [4]. It performs a calibration cycle at
power-up, stores the capacitance errors digitally, and-then
provides an analog correction signal delivered by a-calibration
DAC for any input code.

DIGITAL REDUNDANCY/CORRECTION AND
CALIBRATION '

In this category of digital error compensation, we shall first
discuss digital redundancy (often referred to as digital correc-
tion) which compensates for nonzero comparator offsets lead-
ing to code errors in data converters, and then digital:
calibration which measures and compensates for other analog -
errors such as capacitor mismatch errors and finite op-amp, -
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B Figure 3. An N-bit pipeline ADC with 1-bit/stage resolution.
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gain in the digital domain. These two digital techniques
require minor architectural modifications (which may be con-
sidered analog domain modifications), but a commonality
exists in-that the analog errors are compensated durmg the
postprocessing in the digital domain.

Consider a practical and simpie form of an A/D converter
to iflustrate the digital redundancy/correction. First observe an
N-bit pipeline ADC with 1-bit per stage resolution (Fig. 3).
Each stage provides one bit of the output, starting with the
MSB derived by stage 1, and passes on an analog residue
voltage to the next stage for processing. Included in each of
the 1-bit stages is a comparator (1-bit A/D), with a reference
voltage Vi,s/2 for a unipolar input range from 0 to V. The
operation is shown in Fig. 4a, For a given input voltage level,
depending on whether the input is-above or below the V,¢/2
reference, the bit “1” or “0” results, Then the residue voltage
(Vi -~ Vn,f/z or Vi, - 0} is entered into the following stage with
2x amplification. If the input sample is below V¢/2, the

amplified residue voltage transferred to:the following stage. is
2V}; if the input sample is-abave V,/2, the doubled residue
voltage transferred to the following stage is 2 (Vj, ~ V,ef/ 2) =
2V = Vier. For a bipolar converter with a ~V.¢ to +V ¢ input
tange and a comparator threshold at 0

W Figure 4. Pipeline siage operation: a) ideal; b) with comparator offset.

architecture modification that can overcome this problem. By
creating a higher resolution for each;stage (two bits in this
case), but utilizing a lower resolution (one bit here, corre-
sponding to a 2x residue amplification, instead of 4x), the sat-
uration at the input of the following stage is avoided. The use
of redundant highér resolution in each stage allows up to
+/~0.5 LSB voltage for comparator offsets. This redundancy
is taken into account and corrected in the digital domain.
Perhaps the most commonly used implemeéntation of the
digital redundancy is the “1.5-bit” per stage pipeline architec-
ture [5]. This will be explained (for a bipolar <V,,rto +V,.r
input range) in the following. The diagram of Fig. 6a shows
the threshold levels Vj, Vi, and Vi3 f0| a 2-bit-bipalar ADC;
Fig. 6b shows the thresholds for a 1.5:bit bipolar ADC. The
1.5-bits/stage structure has only two comparator reference

- voltages at —Vy,r/4 and Vyee/d4, resulting in three possible out-

put codes as shown in Flg 6b. In comparison to the 2-bit
stage illustrated in Fig. 6a, the operation of the converter of
Fig. 6b resembles the same 2-bit stage "with a fixed input sig-
nal offset of —V¢/4. In other words, all comparator thresholds
are shifted by +1,¢/4. The comparator with the V.r/2 thresh-
old is eliminated as it is unnecessary for bipolar operatlon

volt, the 2x residue voltage is 21, + Vyr
and:2F, ~ Ve for input signals below and Vit
above the compatator threshold, respec-
tively. -

Assuming again a 0 to Vr (unipolar)
input range, a problem arises when the
comparator level is not exactly at 1,./2. If
we-assume that the comparator threshold
is above +me/2 by an error 8V, an input
signal that is above V,.¢/2 (by 8V) but
below the comparator threshold will still
~be resolved as a “0.” The 2x amplified
-residue voltage will then be 2V, =

2(Vupl2 + 8V) = Vi + 258V. This condi-
tion 1s illustrated in Fig. 4b. As shown in
the figure, the 2x residue voltage is out of
the input range of the next stage. The
input of that stage will then be saturated,
and this leads directly to a critical code
error simply due to the significant com-
parator-threshold or reference offset.

Figure 5 illustrates the general concept
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.of the digital redundancy (correction)

W Figure 5, Operation with redundancy: a) ideal; b) with offser.
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The net improvement is the requirement of only two com-
parators per stage instead of three, without losing the impozr-
tant benefit of digital redundancy.

Consider now the example shown in Fig: 7. In this 1.5-bits
- per stage structure, the three-level operation results in three
possible residue conditions:

* For an input less the -V,.;/4 threshold, the 2x residue

voltage is 2V, + V.
¢ For an input between the V,/4 and ~V,,;/4 thresholds,

the 2x residue voltage is 21, '

» For an input greater than +V,,,/4, the 2x residue voltage

is 2V = Vieps

As shown in the figure, the 2x residue generated in the
+V, /4 region maps into £¥,.¢/2 in the following stage; the
—Vier 10 =V p/4 region maps into ~V,.r to V,e{//z; and the
+Vorfd 10+ Vi region maps into =Vge/2 to +V, The sig-
nal/residue propagations shown by the shaded regions illus-
trate how residues can take very different paths and still result
in the same digital code after digital correction is applied.

The above discussion was aimed at providing an under-
standing of the general concept of digital correction. A more
general and rigorous description of digital redundancy can be
found.in [6, 7). :

To introduce the concept of digital calibration, we next
consider the accuracy of the 2x residue multiplication. In real-

ity,-analog circuit imperfections such as capacitor mismatches, -

finite opamp gain, opamp dc offset, etc., affect the accuracy of
the 2x multiplication as well as the accuracy of =V, In addi-
tion, a fixed error term may be injected into the signal during
the 2x residue multiplication process. '

For the 1.5-bit/stage architecture already discussed, an SC
circuit-often used to perform residue amplification is shown in
Fig. 8a. Ideally, Cy = C». As shown in Fig. 8b, during phase 1,
the input signal is sampled onto equal-sized capacitors Cy and

-C3. During phase 2,-as shown in Fig. 8¢, capacitor Cy is direct-
ly connected to-the output, while-capacitor C, is connected to
FVpep —Vrefs 01,0, depending on the output bits. For the +V.p
connection, the charge transfer. from C; to Cy results in the
output.voltage Vi, + (Vi ~ Vi) (Co/Cy) = 2V, = Vip. The
~Vyer and 0 connections result in outputs of 2V, + V,,r and
2V}, respectively. Thus, under ideal conditions, this simple SC
circuit generates 2V, + (Vyep —Viep 01 0), as réquired. Because
of analog circuit imperfections, however, the actual 2x
tesidues produced will be inaccurate. A calibration process
that allows a correction is illustrated in Fig. 9, which shows
the equivalent circuit of three stages in the pipeline, with
parameters o, o, O3 representing the coefficient error due to
capacitor mismatch, the added inputs
01; 03, 03 representing-op-amp offset,

Q1"

"0Ho*

(a) ®

B Figure 6. Threshold levels; a) for a 2-bit bipolar ADC stage; b)
for 1.5-bit bipolar stage.

ed and corrected, In a typical implementation [8], the calibra-
tion is usually performed one stage at a time (V. first), and
the measured error is takén into account when the next stage
{Viai-2 in this example) is calibrated. Thus, each new calibra-
tion takes.into account the previously measured error in the
lower bits. :

Obyiously, the “ideal” ADC formed by the LSB stages is in
fact imperfect; typically, it may provide 8- or 9-bit accuracy.
Even so, both simulations and measured resufts from IC
implementations have shown that the final calibrated convert-
er is able to achieve an accuracy which is about two bits lower

" than the total number of bits generated. For example, for a
16-bit pipeline ADC, when the “ideal” ADC is formed from
the last 8-bit stages; and the eight 1.5-bit MSB stages are cali-
brated in this manner, an overall resolution of about 16 -2 =
14 bits can be achieved.

ERROR CANCELLATION TECHNIQUES

Error cancellation techniques are similar to analog calibration
in the sense that analog quantities (charge, voltage; etc.) are
manipulated to achieve the cancellation. In other words,
although the switching operations are digitally controlled, the
manipulation of the errors and their cancellation oceur in the
analog domain. )
Perhaps the most widely used form of error cancellation is
the correlated double sampling (CDS) technique [9], which

and 8¢, 85, Sy representing the effect
of finite op-amp gain. The ADC at +V il
the output represents the following 11 et 3
stages, which at this point are 10 "o "o }“11“
- assumed to realize an ideal ADC con- o N —% 10
; 10

verter. i o1 ; }"10" l:'{ 00

To-perform the calibration, a 1010 g —
known voltage (e.g.; Vi) is injected at s Ve A e 1100
the terminal marked f;c,,,,l, and the 0111 & 017 2] "1 }"01"
voltages at nodes ¥, iz, and Vg3 oo .o T
are all set to 0 V. The resulting out- g ] . : 1001
put is then converted into digital 0011 Vet 14 s - 10
form by the “ideal” converter. 00101 00" 1100
Repeating this process with V,,_; = ggg}, ¥ 00" "00"
Vyer and all other voltages zero, then i
with Vg3 = Vs and all others zero, Vet
etc., provides a set of data from which

the conversion errors may be calculat-

M Figure 7. Residue ranges for a 1.5-bit ADC stage.
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can cancel op-amp offset voltages and enhance the effective

gain.of op-amps. It is well described in the literature, Howev- .

ef, it is also possible to cancel the effects.of capacitor mis-
match error, on which-we focus our attention in this article.

- Consider the DAC stage containing two equal-valued
capacitors, shown in Fig. 10 [10], where x(n, k) denotes the k-
th bit-of the nth input word. Its operation under ideal condi-
tions is as follows. The digital input words are entered serially,
with the least significant bit (LSB) first. Before each word
enters, both capacitors are discharged by the reset switches.
Then, when 0;=1, Cy is charged to a voltage V. or 0, depend-
ing on the LSB. Next, at ¢,=1, Cy and C; share charges.
- Afterward, Cy is disconnected from C, and again is charged
to Vs of 0, depending on the value of the second LSB. This

- procedure is repeated for cach bit, until the MSB has been -

processed. At this point the charge stored in both Cy and in
Cy,-and herce (for linear capacitors) the voltage across them,
represents the converted value of the input digital word.

In practice, the capacitors used cannot be made exactly

equal, and hence the conversion becomes inaccurate. This,

introduces a deterministic nonlinearity into the process, which
gives rise to- harmonic distortion,

We can quantify the finite capacitor matching property by
defining the error coefficient o = (Cy = C2)/(Cy + C) for the
nominally matched capacitors Cy and C5. Analyzing in detait
the charge transfers that occur for the N.clock cycles, it can be

shown that the first-order relative error of the final DAC out-
put (voltage on the capacitors after N clock cycles)is given by -

Error~— kNS 2’“’-"x(j), {

S 2= i=l (1)
where k is'the index for bits from k = 1 (LSB) to k. =N
(MSB) for the N clock cycles, and the x(k).are the input blts .
(L or 0.

A simple way to perform capacitor mismatch error.cancel-
lation is to repeat the conversion for the same input word;
with the roles of capacitors C; and (7, interchanged. This
changes the sign of o, while leaving the rest of the formula
giving Error unchanged. Hence, when the two outputs
obtained in the two conversions for the same input word are.
added together, the first-order ¢ffects of the capacitor-mis- "
match error cancel. Thus, at the cost of doubling the conver-
sion time, the accuracy is much enhanced, Capacitor mismatch
error cancellation schemes using this property were suggested
for a number of dlfferent architectures |11, 12,

SPECTRAL ERROR SHAPING

In spectral error shaping, the error signal generated by the
mismatch of nominally equal-valued elemerits gets filtered so
as-to suppress its in-band spectral energy. Since usually first:

or second-order filtering is used, this
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technique will be effective only if the
bandwidth f;, of the signhal band occu-
pies only a relafively small part of the
0 to f/2 range, where f; is the sampling
frequency, i.c., if the oversampling
ratio R = /(2 f;) is much greater than
1. The filtering action can be obtained
by appropriately. choosing the matched
elements participating in the conver-
sion of each signal sample. To jllus-
_ trate the process, consider-again the

(o ciccuit shown in Fig. 1 for M = 4. As
described above, if the input data are
converted into a thermometer-code,
then for an input having-an integer -
value m = 3, narmally the first three
capacitors Cy, Cy, and-C; are dis-
charged during the conversion phase
into Cy. Since these elements are mis-
matched, the resulting output voltage

() Ve Will have an error, which will -

W Figure 8. Single-ended 2x residue ampllﬁer.' a) circuit diagram; b) circuit during phase

1; ¢) circuit during phase 2.

remain the same every time the input
has the value 3. Mismatch, therefore,
represents a fixed nonlinearity,; causing
harmonic distortion. ‘Thus, for a

iVrcef'
cal 2)

iVrefr 0
cal-1

sinewave input, .the output spectrum
will contain harmonics of the input
sinewave. The rutio of the total har-
‘monic distortion (THD) to the signal,
THD/S, will be approximately the same

_ as the RMS relative error Ejy, of the . -
Cy’s. Thus, it is hard to obtain better
than about 10-bit linearity performance
with the converter.

"Ideal" ADC

1
> The linearity may be improved by
choosing the capacitors-used in con-
Vo, 0 verting each input sample randomly,

rather than deterministically; . as
described above [13]. Now the error

-MFigure 9. Calibration process for.a pipeline ADC.

will be in general different each time a
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fixed code is entered into the DAC, and hence
the matching errors introduce random nojse,
rather than distortion. It can be shown [13] that
the ratio of the RMS noise to the full-scale signal
is now E,,../ 2(MR)12, where M is the total num- -
ber of the input capacitors C;, and R is the over-
sampling ratio. Thus, using this strategy, the
mismatch error is converted into a wideband

+

()

xtn k) LA 2
o— o— o o—
¢ G + .
° T ) yim
x(n k) Preset Graset

ntoise, only a fraction of which falls in the signal
band. This process can be regarded as zero-order
spectral shaping.

First-order spectral shaping can be achieved based on the
following considerations. Consider the input/output character-
istics of a four-capacitor DAC (Fig. 11). For an input code of
0, the output is ideally 0 V; in reality, a small offset Vo will
occur, For a full-scale input with a value 4, all capacitors
are discharged into Cp, and ideally the output voltage will be

Vour = Ve In fact, V;fm will have a value Vj, which is slightly
different from the reference voltage. V; results from the com-
bined contributions ¥; of all input capacitors Cj, plus the fixed
offset Vogr. The line connecting these two end points thus has
an offset error and a gain (slope) error, By themselves, these
errors do not cause harmonic distortion, and are hence
acceptable in most converter applications. If the points repre-
senting the three other intermediate input codes were to fall
exactly on this characteristic line, therefore, the operation can
be regarded as ideal. This condition cannot be achieved; how-
ever, it is possible to choose the elements used during conver-
sion such that the average value of the output for each code
falls on the characteristic line. This suppresses harmonic dis-
tortion and low-frequency errors.

To derive techniques for achieving this desirable situation,
consider the point cluster corresponding to an input value n = 1
in Fig. 11. Each point corresponds to using a different C;, and
the ordinate of each point is V; + V4. Hence, the average
value of output, if each capacitor is used equally often, is
Z;Vi/4 + Vog. 1t can easily be shown that the point on the
characteristic line for n = 1 has this same output value. The
derivation can be repeated for the points representing the
input values 2 and 3, with identical results. Hence, if all input
elements are used with equal frequency for each code, then
the average outputs will fall on a straight line, and hence the
element mismatches will result in a noise-like error with a
zero mean value. This indicates that the pewer spectral densi-
ty (PSD) of the mismatch noise has a zero at dc, and hence
the PSD is nonuniform. This process thus provides a first-
order shaping of the mismatch noise.

There exist numerous techniques for achieving the
required equal average usage for the individual capacitors. In
one, called barrel shifting, the capacitors used for the first
sample with value m1 are Cy, Cq, ..., Cyy; for the second
sample with value mZ2, the set Cy, Cy, ..., Cya41 is used, etc.,
and the selection wraps around back to Cy once the last of
the C; has been used. Another averaging technique, called
individual level averaging, keeps track of the past usage of
cach clement C; for each input code, and assigns them so as
to keep the average usage uniform. Yet another averaging
technique, named data-weighted averaging, uses the set Cy, Ca,
ey Cpyy for the first sample, Cpyq 415 Coni42s oo Cogt4m2 fOF
the second, etc., and wraps-around to C; after the last C{Cpy)
has been used. These techniques have various relative advan-
tages and disadvantages. The barrel-shifting method is simple
to perform, but it does not guarantee equal usage of the
capacitors. Also, for input frequencies related to the rotation-
al frequency, it can generate undesirable tones in the pass-
band. Individual level averaging, which is not so susceptible
to tone generation, requires more elaborate digital circuitry,

M Figure 10..4 mwo-capacitor serial DAC.,

Characteristic line

Vo (@analog output)

o~
Y

n (digital input)

W Figure 11. Input-output characteristics of an SC DAC with
capacitor mismatch errors.

and takes longer to achieve the desired averaging. Data-
weighted averaging is relatively simple, and achieves rapid
averaging since no element will be used twice until all others
are used. Other tecliniques have alsa been proposed for
achieving first-order noise shaping. The reader is referred to
Sec. 8.3.3 of [1] for a detailed discussion and journal paper
references on these methods,

To achieve higher-order noise shaping, consider the error
voltage dV; present in the contribution V; of the i-th capacitor
C, to the output voltage V,,. Since, as explained above, the
maximum output V; is accepted as being accurate, it follows
that Z;dV; = 0, and that the ideal contribution from each
capacitor is Vig = (V5 - Vog)/M. Assume now that the binary
logic signal x;(#), which d)gcides whether or not V; will con-
tribute to ¥, in the n-th sampling period, can be written in
the form ‘ :

xi(n) = f(r) + h(n) « fe;(n) ~r(n)] @

Here, the asterisk * denotes the discrete-time convolution;
also, f (n) is a bounded function, independent of i, and i(n) is
the impulse response of the desired shaping filter. Finally, the
e;(n) are pseudo-random bounded functions, in general differ-
ent for each i. Then, the output error in the n-th period is

err(n) =3 x;(mdV;
i

€)]
= fmy~h(m r(m)] ZdV,- +h(n)+ Ze‘-(n)dVi

The first term on the RHS is (by assumption) zero, and the
second term contains the desired filter function. Hence, if
we can generate a set of binary logic sequences x; such that
in each sampling period they satisfy Eq. 2 and their sum
equals the input value m(n), the error shaping is accom-
plished.
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the sequence f(n,k) = +1, this sequence can be

x{n) generated in such way that the resulting error

has a shaped spectrum. The sequence generator
is again a digital delta-sigma loop [15], which
simulates the analog misinatch error generated. .
by the-actual DAC using the fotmula giving:

fin) 4, . +
—»( T }— ¢ = E
en) + r{n
H(z) -1 E 4«
+

Error (without the unknown and unimportant:
constant factor «), and derives  {r,k) ih such a
way that the pewer spectrum of Error:is shaped.

= Figure "12. Digital delta-sigma loop for: generatmg the x4(n) sequence

of Eq. 2

Consider next the digital delta-sigma loop shown in Fig, 12
{14]. Analysis shows that its single-bit output sequence x;(n) is
given exactly by (2), if the truncation error of the comparator
is denoted by e;(r), and if H(z) is the: z-transform of A(n):
Hence, M such structutes (one for each,capacitor C;) can be
used to' generate thex 7(n) sequences for the operation of the
DAC:

For a positive integer system, the common input f(n) of
the loops can be chosen so that the input of the truncation
biock in one of the loops is zero, and in all others it is pos-
itive. This will minimize the signals in the loops, and hence
helps to keep their operation stable. The sequence r(n) is
essentially a time-variable threshold for the comparators.

"It is chosen such that exactly m(n) of the M loops have
‘outputsx;(n) = 1 during period n. Note that this process
can be combined with the correction techmque illustrated
in Fig. 2.

The mismatch error shaping process can be applied to

other structures, such as the two-capacitor serjal DAC
described above and shown in Fig. 10°f15, 12]. Whereas in
‘the case of the M-element DAC of Fig. 1 the degree of free-
dom that allowed speéctral error shaping without changing
the signal processing function was the arbitrary choice of the

C; in ‘generating each analog output sample, here there is the’

option of intérchanging the roles of Cj and C; in each clock
- cycle when ¢=1. As can be seen from the discussion given
above including Eq. t, mterchangmg Cyand €y changes the
sign of @&, and hence also the sign of the errorterm in'the
sum that déscribes Error in Eq, 1. If the choice .of the capaci-
tors for the k-th bit of:the n-th input word is described by

Figure 13 compares the unshaped and shaped
output-spectra of the DAC for a sinewave inpyt
with a peak-to-peak amplitude of 0.7¥,5, an
oversampling ratio of 10, and-an assumed mis-
match of & = 0.1 percent. Third-order noise
shaping and dithering was used in the loop generating
t(n,k). The unshaped error gives a line spectrum with a
S/THD ratio of only 70.dB; the S/(N+THD) for the mis-
match-shaped -spectrum is around 96 dB, a gain of 26 dB.
Note that, unlike for the error-canceling scheme discussed
earlier for this structure, mismatch shaping does not-double
(or change in any way) tlie conversion time; the only cost is
thie added digital circuitry; which is small.

CONCLUSIONS

In this tutorial , it was shown that very high aceuracy and lin-
earity may be obtained in data conversion even when using
inaccurate analog components, by introducing additional digi-
tal logic that takes.advantage of the hidden degrees of free--
dom in the operation of the converter circuit to achieve
cancellation, calibration, or frequency shaping of the-error

introduced by the analog imperfections, This enables the - '

deszgner of mixed-mode interface ¢ircuits to satisfy the
increasing demands for ever faster and more accurate fully
integrated data converters.
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