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Abstract—This paper describes an analog-to-digital converter bits increases. Thus, typically no more than 10 b of resolution

which combines multiple delta—sigma modulators in parallel so gre obtained without component trimming and excessive area
that time oversampling may be reduced or even eliminated. By consumption using a Flash A/D converter

doubling the number of Lth-order delta—sigma modulators, the . ’ .
resolution of this architecture is increased by approximatelyL !N contrast, the delta—sigmeAY:) A/D converter is not
bits. Thus, the resolution obtained by combining}/ delta-sigma limited by the component matching. It uses time oversampling
modulators in parallel with no oversampling is similar to oper- to increase the resolution in amplitude [1] and resolutions as
ating the same modulator with an oversampling rate ofM. A high as 20 b have been demonstrated with this architecture

parallel delta—sigma A/D converter implementation composed of . . . .
two, four, and eight second-order delta—sigma modulators is de- [2]. Unlike other A/D converter architectures, this architecture

scribed that does not require oversampling. Using this prototype, does not rely on high precision analog components, and

the design issues of the parallel delta—sigma A/D converter are the resolution of an/th-order delta—sigma A/D converter is

explored and the theoretical performance with no oversampling increased byl + 1/2 bits for each doubling in the oversam-

and with low oversampling is verified. This architecture shows pjing ratio. Unfortunately, the need for high oversampling in

promise for obtaining high speed and resolution conversion since A A/D converters has limited their use to primarily low-

it retains much of the insensitivity to nonideal circuit behavior s )

characteristic of the individual delta—sigma modulators. frequency applications. Thus, it would seem advantageous
. o . to combine A A/D converters in parallel to extend the

Index Terms—Converters, integrated circuit design, parallel . . . .

architectures. bandwidth of these converters while maintaining the high
resolution. Using such an approach, the conversion rate of the
overall delta—sigma A/D converter can, in theory, be increased
.- INTRODUCTION without loss in resolution.
NALOG-TO-DIGITAL converters are key components One approach of combining multiplA¥ A/D converters
in many modern electronic systems. They provide the parallel consists of simultaneously applying the inpufifo
critical translation of a measured analog signal to a digitdklta—sigma modulators. The outputs of th& modulators
representation. Once in digital form, the data can be easdye digitally combined and then filtered. Assuming sufficient
and accurately processed to extract the information desiredcuit noise, the signal power adds in amplitudg + z» +
The process of converting the analog signal to a digital signal- z;;)? while the quantization error will be uncorrelated and
often limits the speed and resolution of the overall system. Asus adds in powefe? +¢3 +- -+ ¢2,). As a result, the signal-
a result, there is a need to develop A/D converters that achiggenoise ratio (SNR) increases by 3 dB for each doubling in the
both high speed and resolution. In particular, many imagingumber of channels. Because doubling the hardware results in
communication, and instrumentation systems may benefit franly a 1/2-b increase in the resolution, this parallel approach
such converters. is extremely area inefficient.

The Flash A/D converter provides the highest conversion The parallel delta—sigm@IAXY.) A/D architecture described
rate of all the A/D architectures for a given technology. Thigere combines multiple delta—sigma modulators in parallel
architecture usez™ —1 1-b A/D converters (i.e., comparators)along with analog preprocessing of the input signal and digital
operating in parallel followed by digital decoding logic tqostprocessing of the output signals to achieve an increase
convert an analog signal into a digital signal withbits of of [ bits for each doubling in the number dfth-order
resolution. While the parallelism allows for very high-speegelta—sigma modulators [3]. This is nearly the same gain
conversion, the accuracy of the converted signal is limiteshtained from doubling the oversampling ratio in a sinkth-
by the analog component matching within the convertefrder modulator. Th€IAY: A/D converter maintains much of
Additionally, the area increases exponentially as the numberig insensitivity to component matching characteristic of the
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Fig. 2. lllustration of thelIAX A/D converter operation. A ramp signal is
Fig. 1. ThellIAX A/D architecture with analog input[n] and digital output applied to the input of each channel, scaled by the center tap of the filter,
y[n]. and summed at the output of the filters. Notice that the output corresponding
to an input of 2 is twice as large since the signal on each channel adds. The
Hadamard modulation makes it so that the signal sees only the center tap of
measurements provide further insight into the design so thia filter (in this case h[1]), therefore it is all-pass filtered. The quantization

future implementations can potentially exceed the performaﬁléése in not passed through the Hadamard modulator, and thus it sees all taps
L. of the filter.
of existing A/D converters.

Il. THE PARALLEL AY A/D CONVERTERARCHITECTURE  channel case, the signals on each channel are not simply
frequency decomposed. Channels 3 and 4 actually are modu-

The I[IAX A/D converter architecture is shown in Fig. ]1ated at the same frequency but differ by the phase component.

[31, [4]. _The analog inputz[r] is simultaneously apphed.to To illustrate the operation of the parallel architecture, a two-
M amplitude modulators each followed by a convent|onalh ; . Ll
Channel example is provided in Fig. 2. To show the effect

delta—sigma modulator. Tha. modulator outputs are thenof the system on the signal, it is assumed that the signal is

filtered, demodulated, and summed together to produceor?]y delayed by the delta—sigma modulators. A ramp signal

single digital output sequence. In the conventioddl A/D . . . .
converter, both the signal and the quantization noise pellgsapp“ed at the input of each channel and multiplied by the

through the same filter, and therefore, both are filtered by tﬁgproprlate .Hadamard sequence- all one’s on the first channel
same low-pass decimation filter. In contrast, TIAY A/D and alternating one and minus one on the second channel. The

converteramplitude modulatethe input to decouple the signalqmIOUt is stored in the registers of the filter as shown in the

from the quantization noise such that the filtering of the signféﬁ::e&;rehfﬁ;i:guiirirrﬁégetg n;l;:é?l'e;ngy(;ggggmgfggng mg
is undone byamplitude demodulationin effect, the signal ! 9 ’ y

is simply delayed while the noise is low-pass filtered. Thut|me—sh|fted version of the Hadamard sequence (one on the

R ; ) fitst channel and minus one on the second channel). When

the cutoff frequency of the quantization noise filter may b Lo .

) . . . the outputs of the digital filters are summed, notice that the

lower than the signal bandwidth, which makes A/D conversian . . . .

) } . Input signal (2 in this example) is only multiplied by the center
without oversampling possible.

The amplitude modulators used in this architecture can hlaé) of the filter and it is two times larger (corresponding to

derived from any unitary matrix. Hadamard modulation hag number of channels). In effect, the input signal passes to
1y unrtary m ) . 6}%% output of each channel without being filtered. Because
been chosen since it consists of plus and minus ones,

i T . . the signal sees only the center tap of the filter, the other
therefore it is easy to realize in an actual implementatio - :
- o . iiter coefficients may be chosen to optimally suppress the
Additionally, Hadamard modulators maximize the signal-to- o )
. : . antization noise.
noise ratio of the A/D converter because the signal on ea

. The time-interleaved A/D converter is similar to theAY:
channel adds coherently at the output. The Hadamard mat,&'/)b .
is defined as converter [5]. Instead of a Hadamard sequence multi-

plying the input and output, an identity matrix is used. With
H, = |:Hi—1 Hi—1:| where Hp = [1 1}_ (1) the identity matrix, the_ signal magnitude is decreased by a
Hiy —-Hi, I -1 factor of M (where M is the number of channels) over the
As an example, the modulation sequence for a four-chanfié@damard modulation because the signal passes through only

converter is one channel at any given time. Thus, fi&3> A/D converter
1 1 1 1 provides 1/2 b more improvement in SNR when the number
1 -1 1 -1 of channels are doubled.
H=11 1 -1 4
1 -1 -1 1 [ll. PERFORMANCE OF THEIIAY. A/D CONVERTER

Each row represents the modulation sequence for one channdlhe quantization noise from each channel of ith&>: A/D
of the IIAY. A/D converter. Notice that even for the four-converter adds in power at the output. Assuming the variance
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of the quantization error i&? /12, whereA is the quantization 5 . , . ; ; ; ; g ;

step-size, the time-average power of the quantization erroris | ., 0z oa

1 MA?2 [T . .
— Jw Jwy|2 2
Po=5r oy [ INE@HEE L @

-7

where M is the number of channelsy(z) is the AX mod-
ulator quantization noise filter, anH () is the digital filter
impulse response (which is the same for each channel). If t
signal is simply delayed by thaY¥. modulator, i.e., the signal
transfer function isS(z) = z~™ wherem is the signal delay,
an optimal form forH(z) which minimizesF. for a given
filter length can be determined [3]. It is an odd-tap FIR
filter with the following constraints:

f—s {db) line

Magnitud%esponse (dB)

0 forn < 0;

M=1§ M=8 M4 M=2

_ _10 1 L 1 1 ) L 1

i for _ N 1 0 0.1 0.2 0.3 04 0.5 0.6 0.7 0.8 0.9 1
n= Normalized Frequency {fs/2)

hin) =
( ) 0 f - N-1 iM. i=41.49 Fig. 3. Example of the magnitude response of the optimal filters ihlthe:
orn = 5 + v, 1= ) LA A/D converter with two, four, eight, and 16 channels. Tha dB frequency
0 forn < N is shown by the marker for each case.
B 3)

Notice that only certain values @fn) are constrained. The 16
remainder can be chosen so as to minimize the amount of
guantization noise at the output. The length of the filter will ~ 14- .
affect the sharpness of the passband-to-stopband transition but s

will not affect the cutoff frequency. Simulation has shown 12t » R : SR ]
that no significant reduction in the quantization noise result; '
for filter lengths greater thatlLM whereL is the order of the 1o ' L3 1

modulator andV/ is the number of channels in theA>: A/D
converter. Some realizations of this A/D converter may giveg
prohibitively large filters due to the noninteger coefficients
within the digital filter. An efficient alternative is to use
comb® ! filters [3]. They attenuate the quantization noise to
nearly the same extent as the optimal filters [9].

The magnitude response of the optimal filters for two, four,
eight, and 16 channels is plotted in Fig. 3. In each case, the
—3 dB frequency is marked. Note that while all of th@sA Y Number of Channels
A/D filters enable conversion up to the Nyquist frequencyijg. 4. The resolution of thel AX: A/D converter (with an input a6 dB)
the actual filter cutoff is halved as the number of channe{§'sus the number of channels, as predicted by theory. The dynamic range
. .. . .. IS approximately 1 b higher than shown.
is doubled. Thus, less quantization noise is included as thé
number of channels is increased. This is analogous to the
conventional AY} A/D converter where as the oversampling- + 3 bits for each doubling in the oversampling ratio for a
ratio is increased, less quantization noise is included. Agafingle-channel oversamplddh-orderA. A/D converter. The
this property is only possible because the filtering of the Signiaprease in resolution as the number of channels is doubled is

of Resolutigh

is undoneby the Hadamard demodulation. L bits since the quantization noise is doubled over a single-
The resolution in bits of th&IAZ A/D converter without channel case.
oversampling is given by The parallelism in thelIAYX A/D converter can also be
combined with oversampling. In this case, each column of
B= 1 log, {i} (4) the Hadamard sequence is repeated by the number of times
2 P corresponding to the oversampling ratio. As with the full-rate

onverter, a comb filter may be used as an efficient filter.

where the useful range of the converter is assumed to I N , o
the entire output range of the feedback DAC. Fig. 4 Show&;ﬁdltlonally, an equalization filter must follow this filter to

the ideal IIAX. A/D converter performance with second—,Compensate for the signal filtering [8].
third- and fourth-orderA>: modulators and with filters of IV. DESIGN CONSIDERATIONS

sufficient length such that no appreciable gain in performance )

is obtained by further increasing the filter length. The increa§e Channel Matching

in resolution is approximately. bits for each doubling of the  Several sources of errors in theAY A/D converter includ-

number of channels. Recall that the increase in resolutionig Hadamard modulation gain errors and offsets, offsets at the
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TABLE | -10
RELATIVE SENSITIVITY TO CHANNEL MATCHING OF THE
IIAY A/D CONVERTER WHERE O = MODERATELY 20
SENSITIVE, — = INSENSITIVE, AND + = VERY SENSITIVE 0 "
Channel Error Sensitivity Comments o
Offset before Hadamard Mod. - DC offset of input signal 2 40k
Hadamard gain errors 0 Harmonic distortion and tones generated %‘ :
Hadamard offsets 0 Harmonic distortion and tones generated g S0k {H
Offset at input of AY Mod. +-+ Generates tones, can be cancelled = : | | [”
Integrator gain errors - Very insensitive § .60} . 11 -
DAC gain errors - Linearity must be M times better than & i I |
system requirement § 0tk
DAC offset ++ Same as offset at input, Generates tones, 2
can be cancelled 80 B
-90 - ; o 5
input of the AX modulators, integrator gain errors, and DAC o

gain errors and offsets were evaluated. Table | summarizes the 0 O 10 150 20 250 300 350 400 450 500
relative sensitivity of the parallel delta—sigma A/D converter Frequency (in kHz)
to each of these errors. (a)

The IIAY. A/D converter is most sensitive to offsets at
the input of the individualAY. modulators and offsets in the
DAC. Since thellAX: filters are low pass, the offset of each 40
channel is passed by itA> modulator, and it is therefore
retained at the output of its respective filter. When the filter z
outputs are demodulated, these offsets are spread throughoﬁt 50 T ‘
the spectrum and appear at the final output as iIIustrated§ 70 y
in Fig. 5. Fig. 5(a) is theAX modulator output on the first
channel of an 16-channglA>: A/D converter. The dc offset
is indicated by the arrow. Fig. 5(b) shows the overall output.
Because of the Hadamard demodulation, the offset introduces 10041
tones throughout the frequency spectrum at multiples of 1/16th
(or one over the number of channels) of the clock frequency.
The errors due to the dc offset, although spread throughout the -12e;
frequency spectrum, are signal independent. The mean squared
error due to the offset is simply the square of the sum of the

s b
offsets on the individual channels )
M—1 Fig. 5. Measured output of tHeAX A/D converter with offset at the input
9 of the individualAX modulators. (a) Modulator output of first channel of the
mse = Z 15
J=1

ower Spectral

AL l I

(L

50 100 150 200 250 300 350 400 450 500

Frequency (in kHz)

(5) 16-channelIAY. modulator and (b) overall output of A/D converter.

where f; is the offset on theith channel andV/ is the total grors. However, if a single-bit quantizer is used and the same
number of channels. The offset of the first _channel appears@acitor is used for input sampling and implementation of
the offset of the overall A/D converter so it may be ignoreghe pac, the sensitivity to the DAC gain is reduced. Using
in this analysis. Assumingy is the standard deviation of theiha same capacitor requires scaling the analog input to avoid
channel offset, theg the total expected error due to the changgl|oading the quantizer. Hadamard gain errors and offset
offset is (M — 1)os. As the number of channels increaseyrrs introduce harmonic distortion and generate tones but at

the mean squared error also increases for the same chapfiglis much lower than the DAC gain errors and offsets.

offset. Thus, to obtainV bits of resolution, the variance of
the channel offset must b& — 1 times lower than this noise B. Thermal Noise
floor requirement. Although thHAX: converter is sensitive to

channel offset, it can be easily measured at the output of théAn important design consideration in switched-capacitor
modulator and then digitally cancelled. implementations ofAX A/D converters is the input-referred

The IIAY A/D converter is insensitive to channel misthermal noise. Assuming that the thermal noise due to the
matches due to integrator gain errors particularly for secorg@Mmpling capacito€ is the dominant noise source, the thermal
order modulators. This is obvious when we examine the sigriiise power is given by
path in thelIAX. In the second-order delta—sigma modulator,

. ; ; . 2 akl
the gain of the second integrator is absorbed by the quantizer W= 55RO
gain. As a result, the insensitivity to the second integrator
gain in a single channel is preserved when it is placed in tishere « will vary depending on the implementation and is
parallel structure. Th&lA>: A/D converter is also insensitive typically two, k£ is Boltzmann’s constant]” is the absolute
to the gain of the first integrator in the delta—sigma modulatdemperature, an@S R is the oversampling [7]. In the Nyquist-
But like the AX A/D converter, it is sensitive to DAC gainrate IIAY A/D converter, the input-referred thermal noise

(6)
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0.9 -~ , As in the AY. A/D converter design, nonlinear settling in
&L_j‘ ] ‘ - the amplifiers degrades the performance which necessitates op
08r7 1 amps that are not slew-rate limited. Similarly, the unity gain

o7k :":M=8 o _ , , | bandwidth required is a few times the clock frequency [6].

06 i MEIE!

j - V. DESIGN IMPLEMENTATION
02 Lo : ' ’ | A chip consisting of five second-order switched-capacitor
o4l - . ? | modulators as shown in Fig. 7 was integrated in a /in®-
n-well CMOS process. The die microphotograph is shown
03/ 1 in Fig. 8. A fully differential integrator is employed for
' its superior power-supply rejection and extended dynamic
. range. The capacitor values were choserCas= 1 pF and
0.1l ; ; ; : : i C, = 2 pF to achieve a thermal noise floor below 12 b.
0 50 100 150 200 250 300 350 . .
Each AY. modulator consists of a Hadamard modulator at its
input as shown in Fig. 7. The Hadamard modulation circuitry

Fig. 6. Thermal noise output power of tiEAT A/D converter normalized simply consists of transmission gates which either pass the

Thermal Noise Power

02}k - I . L 4

Filter Length

to o, versus filter lengthV. differential signal or cross the inputs. The clocks controlling
the Hadamard switches are the opposite clock phase as the
power on each channel is A3 modulator input sampling switches so that the settling
) akT of the Hadamard switches does not degrade the performance.
i = 5 (7) The AX modulator is controlled by two-phase nonoverlapping
) ) i clocks where the feedback voltage is sampled¢@n Fully
The total input thermal noise power is differential folded-cascode op amps with switched-capacitor
N-1 common-mode feedback were used for the integrators in the
Odion = Mo, > h2(n) (8) AX modulators [10]. Table Il lists the amplifier characteristics.
n=0 A latched comparator as in [10] clocked @2 was used in
whereh(n) is the impulse response of the optimal digital filtethis design.
and The Hadamard sequence is generated off-chip and it controls
N_1 the gates of the MOSFET switches on-chip. This allows
Z R (n) ~ 1 9) combining any number of parallel channels in testing the
=0 M architecture. The buffered output of each modulator connects

to an output pin so that filtering and demodulation may be

performed on the computer to compute the overall converter
0t2}1,tot x o3, (10) output. The voltage reference was also supplied off-chip.
. . To test the architecture, two chips were wired in parallel
The thermal noise power (_normahzed bc?h)_ at the output 5 1o sided PC board. A Tektronix LV500 digital tester
of the IIAX A/D converter implemented with second-orde(NaS used to supply the digital Hadamard sequences and
AX modulators with sufficiently long filters is approximatelys et the digital output data from each channel. The output
0.8507),. This result is independent of the number of chann fom each channel's\X modulator was filtered, demodulated,
as lshown.in Fig. 6.M times more noise is contributed, + ocombined. The Nyquist-rate eight-chanfiedy A/D
by Increasing the _numper of channels By, however, the converter output spectrum clocked at 320 kHz and with
bandwidth of the filter is also reduced by a factor Iof\/. input signal frequency of 160 kHz is shown in Fig. 9.
Thus, a constant thermal noise is produced independent,\R{tice the ‘bumps$ in the noise floor that result when the
the number of channels. This property holds for Other'ord{‘?lrtered channels are recombined. As the theory predicts,

therefore

modulators as well. the eight-channellAY A/D converter achieved 27 dB of
) . ] dynamic range as shown in Fig. 10. The signal overloads at
C. Operational Amplifier Requirements approximately—6 dB which is similar to the conventional

Finite gain in the operational amplifiers causes leakagelta—sigma modulator.

in the integrators [6]. When th@lAX A/D converter is Increasing the number of channels from two to four and
implemented with second-order modulators, no appreciafiem four to eight, an increase of 1.6 and 2.3 b, respectively,
reduction in the performance is obtained with op amp opewas obtained. For small numbers of channels, the increase in
loop gains on the order of the product of the number @ésolution will not exactly agree with the theory because the
channels times the oversampling ratio. This is similar to thise transfer function does not exactly match the theoretically
single modulator case where the gain must be on the ordeisumed value ofl — »~1)2. To illustrate this point, the

of the oversampling ratio. This is expected as the filter cutdffansfer function for the ideal transfer function with two zeros
frequency is approximately/(M - OSR) for the IIAX A/D at dc and the measured output from the first channel are plotted
converter andl/OSR for the AY. A/D converter. in Fig. 11. For low numbers of channels, the noise power
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Fig. 9. Eight-channellAY A/D converter output spectrum with 320-kHz

Fig. 8. Die microphotograph. Five second-ordeE modulators are inte- clock and 160-kHz input signal frequencies. The conversion bandwidth is

grated on the die. Each modulator is 50x 400 pm. 320 kHz.
TABLE I ratio. The output spectrum for the eight-chanhkEh>: A/D
FOLDED-CASCODE OPERATIONAL AMPLIFIER CHARACTERISTICS converter with five times oversampling is shown in Fig. 12.
Open loop gain 50 dB In this plot the clock frequency is 1 MHz and the input signal
Unity gain frequency | 50 MHz is 3 kHz. The measured resolution is nearly 8.5 b with an input
ls°ow1elr dissipation 9 mW amplitude of—6 dB, and the full dynamic range is 9.5 b.
ettling time 3 ns i i ircui -

Slew rate 300 V/ps Using the integrated circuit prototype, four-channel and

eight-channellAY. A/D converters with three and five times
oversampling were measured (Table Ill). The ideal perfor-
in the two cases will be different as the two curves deviateance is shown in Fig. 13. The optimal filters require that an
at f;/4. However, for higher numbers of channels and/or @dd oversampling ratio be used. For both the four- and eight-
high oversampling ratio, the performance of tH&\X A/D channel converters, with no oversampling and three times
converter follows the theoretically predicted performance. It ®mversampling, the increase in resolution is 3.5 b. The increase
important to note, however, that the simulated and measuiadesolution obtained from three to five times oversampling
performance are in agreement. is 1.8 b for four and eight channels.

Combining oversampling with parallelism in theAY. A/D The measurements presented here verify the operation of
converter offers another degree of freedom in the impléie parallel delta—sigma A/D converter without oversampling
mentation. For a second-ord&x>> modulator, the resolution and with moderate oversampling. For the resolutions obtained
increases by 2.5 b for every doubling in the oversamplirig this implementation, errors due to channel mismatches do
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Fig. 10. Measured signal-to-(noigedistortion) ratio versus input amplitude Fig. 12, Eight-channdlIAY A/D converter output spectrum with five-times
(where0 dB = A/2 = 2 V) for the eight-channelIAY A/D converter gyersampling. The clock frequency is 1 MHz, the input frequency is 3 kHz,
operating at the Nyquist rate. and the conversion bandwidth is 200 kHz.

0 f ; ; T ; ! ! ; ! TABLE 1l
: : : : : : : : : MEASURED SIGNAL-TO-NOISE RATIO FOR THE IIAY. A/D CONVERTER WITH
AN OVERSAMPLING RATIO OF ONE, THREE, AND FIVE TIMES

OSR | 4-Channels | 8-Channels

One | 11.1 dB 25.3 dB
Three | 33.2 dB 45.8 dB

Five | 43.8 dB 56.8 dB

Power Spectral Density (dB)
A
o

18 T T
-50
16
-60H
14
-70
a1
: : o
-80 i 1 1 L L L L L i <
0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1 .—g 10
Normatlized Frequency (fs/2) 5
P24
D

Fig. 11. Plot of second-ordek>: modulator quantization noise filter mag- « 8f”
nitude response normalized to half the sampling frequency. The upper curve
is the ideal response and the lower curve is the response for a typical
implementation. The markers indicate th& dB frequencies for the filters that 6
follow the modulators. The marker labeled 0.44 corresponds to two channels,
0.22 corresponds to four channels, 0.11 corresponds to eight channels, ang}
0.05 corresponds to 16 channels.

2
4
not appear. Simulations show that for channel matching of Number of Channels
0 . : . .
0.1%, 100 dB of Spurlou_s free dynamlc range IS_ Obtame_d f% 13. Plot of resolution versus number of channels for the second-order
four fourth-order delta—sigma A/D converters with ten timesAS A/D converter with various oversampling ratios.
oversampling [8]. This architecture appears to be promising

for combining both oversampling and parallelism to obtain

high-speed and high-resolution conversion. Future reseafgfasurements of prototypes. The theoreti(_:ally predicted per-
will focus on demonstrating this capability. formance has been verified through an eight-chadhAl:

A/D converter implementation where both oversampling up
to a factor of five and no oversampling were used. In con-
VI.  CONCLUSION ventional AY A/D converters, the order of the modulator or
This paper provides the first experimental demonstration ife oversampling ratio can be adjusted to vary the speed and
the IIAY A/D architecture. The unique design consideratiorresolution of the conversion process. ThAY. A/D converter
of such a converter have been described and verified througfers one more degree of freedom in the design/of.

; 3
8

16 32
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A/D converters: parallelism. This initial exploration into the
design considerations of thHAY. A/D converter is a first
step in the development of this architecture. Future reseal

will

multiple channels.
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