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ERROR ESTIMATION AND CORRECTION IN
A TWO-CHANNEL TIME-INTERLEAVED
ANALOG-TO-DIGITAL CONVERTER

Matter enclosed in heavy brackets | ] appears in the
original patent but forms no part of this reissue specifica-
tion; matter printed in italics indicates the additions
made by reissue.
10
RELATED APPLICATIONS

This application claims the benefit of U.S. Provisional
Application No. 61/141,086, filed on Dec. 29, 2008. The
entire teachings of the above application are incorporated 1°
herein by reference.

BACKGROUND OF THE INVENTION

Time-interleaved Analog-to-Digital Converters (TIADC) <Y
have recerved considerable attention in the recent past in
applications that require very high sample rates, 1.e., sample
rates that cannot be provided by a single ADC. In a TIADC
system, a fast ADC 1s obtained by combining slower ADCs
operating in parallel. Ideally, the slower ADCs should each
have the same offset, the same gain, and the same uniform
sample 1instants. In practice, however, due to fabrication
errors, component mismatches, temperature variations,
mechanical strain, environmental perturbations, etc., this 3
requirement 1s difficult to achieve. The resulting errors
degrade the performance of the TIADC system significantly,
thus making the estimation and correction of these errors
imperative to improve performance.

25

35
SUMMARY OF THE INVENTION

The present mvention 1s a two-channel TIADC wherein
offset, gain, and phase errors are estimated and corrected. For
olfset estimation and correction, an error expression has been 40

developed wherein 1t 1s shown that the average offset value of
the two ADCs produces a tone at DC while the difference in
the offset between the two ADCs produces a tone at the
Nyquist frequency. The algorithm 1s first used to minimize the
tone at Nyquist which depends upon the difference in the 45
offset between the two ADCs. This 1s achieved by making the
offset on one of the ADCs equal to that of the other. The tone

at DC, however, can be eliminated 1n a straightforward man-
ner using well-known DC-offset correction techniques.

For gain error estimation and correction, an expression has 50
been developed wherein 1t 1s shown that the difference 1n gain
between the two ADCs produces an image tone retlected
around the Nyquist frequency. In addition, the mput signal
itselt 1s scaled by the average value of the gains of the two
ADCs. We develop an algorithm that mimimizes the differ- 55
ence 1n the gain values between the two ADCs. The scaling of
the input signal due to the average of the gain values on the
two ADC's can be corrected using a separate Automatic Gain
Control (AGC) loop.

An expression for the phase error has been developed 60
wherein 1t 1s shown that the phase error produces an 1image
tone reflected around the Nyquist frequency. This image tone
1s /2 out ol phase with the tone produced due to the gain
error. It 1s also shown that the amplitude of this tone 1s com-
mensurate with the amount of phase error. The correlation 65
between the outputs of the two ADCs 1s indicative of the delay
between them, and, consequently, an adaptive algorithm 1s

2

developed that minimizes the difference 1n the auto-correla-
tion between two adjacent pairs of time samples.

The adaptive algorithms developed for correcting each
error treat each error as independent of the other errors 1n the
two-channel TIADC. Embodiments of the present invention
comprise adaptive algorithms based on the signs of the
respective errors wherein the mput signal to the two-channel
TIADC 1s itself the training signal and the estimation and
correction of offset, gain, and phase errors are carried out 1n
the background. In other words, the adaptation can be per-
formed using blind adaptive techniques. The entire adapta-
tion 1s a mixed-signal process wherein the estimation of the
various errors are carried out in the digital domain while the
correction 1s carried out in the analog domain. In embodi-
ments, the estimation information in the digital domain 1s
transierred to an appropriate correction in the analog domain
by way of a look-up table (LUT). In the offset adaptation loop,
for instance, a certain address to the LUT 1s calculated based
on the offset error and the value corresponding to that address
in the LUT 1s used to drive a digital-to-analog converter
(DAC) and/or other appropriate analog circuits in the two-
channel TIADC to effect the correction. Alternatively, the

address of the LLUT can be used to drive the DAC and/or

analog circuits. Similar mixed-domain operations for gain
and phase errors are carried out.

BRIEF DESCRIPTION OF THE DRAWINGS

The foregoing will be apparent from the following more
particular description of example embodiments of the inven-
tion, as 1llustrated 1n the accompanying drawings 1n which
like reference characters refer to the same parts throughout
the different views. The drawings are not necessarily to scale,
emphasis instead being placed upon illustrating embodi-
ments of the present mvention.

FIG. 1 1s a block diagram of a two-channel time-inter-
leaved analog-to-digital converter (TTADC).

FIG. 2 1s a block diagram of an offset correction unit 1n a
two-channel TTADC.

FIG. 3 1s a block diagram of a gain correction unit 1n a
two-channel TIADC.

FIG. 4 1s a block diagram of a phase correction unit 1n a
two-channel TIADC.

FIG. 51s ablock diagram of connections of oifset, gain, and
phase correction units to a stage of a charge-domain pipelined
analog-to-digital converter (ADC).

FIG. 6 15 a plot of the spectrum of a signal with offset error.

FIG. 7 1s a plot of the spectrum of the signal of FIG. 6 with
ollset error correction.

FIG. 8 1s a plot of variation of e, 4, with OLUT, address.

FIG. 9 is a plot of variation of OLUT." address with itera-
tion k.

FIG. 10 1s a plot of the spectrum of a signal with gain error.

FIG. 11 1s a plot of the spectrum of the signal of FIG. 10
with gain error corrected.

FIG.121s aplot of vaniation of e, with GLUT, location.

FIG. 13 is a plot of variation of address of GLUT,”* with
iteration k.

FIG. 14 15 a plot of the spectrum of a signal with phase
CITOr.

FIG. 15 1s a plot of the spectrum of the signal of FIG. 14
alter phase error correction.

FIG. 16 1s a plot of variation ot e,
PLUT,.
FIG. 17 is a plot of variation of address of PLUT,* with

iteration k.

with the address of

frase
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FIG. 18 1s a plot of the spectrum of a wideband signal input
to the two-channel TIADC.

F1G. 19 1s a plot of vaniation ot €4 ., with OLU'T, address

tor the wideband signal of FIG. 18.
FI1G. 20 1s a plot of variation of

Sain
tor the wideband signal of FIG. 18.
FI1G. 21 1s a plot of vanation of ¢

‘phase

tor the wideband signal of FIG. 18.

with GLUT, address

with PLUT, address

DETAILED DESCRIPTION OF THE INVENTION

A description of example embodiments of the invention
follows, beginning with a description of a two-channel time-
interleaved analog-to-digital converter (TTADC). Signal pro-
cessing elements 1n the TIADC detect and correct (1) offset
error, (2) gain error, and (3) sample time error. Mathematical
models describing the errors and corresponding detection and
correction techniques follow the description of the TIADC.

It should be understood that the signal processing elements
described herein may be embodied as discrete analog or digi-
tal circuits, as program code executing in a programmable
digital processor, a combination of one or more of the same,
or 1n other ways.

FIG. 1 1s a block diagram that shows an example two-
channel TIADC 10. A typical 2-channel TIADC 10 may have
a bit width of 12 bits and operate at sample frequency of 400
Msps. Alternative embodiments may operate at faster or
slower sample rates and with larger or smaller bit widths. Two
analog-to-digital converters (ADCs) 20 and 21 operate on an
analog input signal 12, represented as x(t), to provide a digital
output signal 14, represented as y(n). The ADCs 20 and 21
sample and hold the input signal 12 at alternating sample time
intervals 27T, where T 1s the reciprocal of a sample rate, {,, .
provided by a clock signal 45. In one embodiment, the ADCs
20 and 21 are charge-domain pipeline ADCs that sample and
digitize the input signal 12 on odd rising edges 40 and even
rising edges 41, respectively, of the clock signal 45. In other
embodiments, a phase shifter may be arranged between the
clock and the ADCs 20 and 21 to operate the ADCs 20 and 21
in an alternating fashion. A multiplexer 30 interleaves the
outputs of the two ADCs 20 and 21, which are at half the
sample rate, to produce an output 14 at the sample rate.

A digital signal processor (DSP) 60 monitors and corrects
offset, gain, and phase errors 1n the outputs of the ADCs 20
and 21. Taps 100 and 101 feed the outputs of ADCs 20 and 21,
respectively, into the DSP 60, which computes the error and
corresponding correction using a bank of look-up tables
(LUTs) 30-35 or a bank of digital-to-analog converters
(DACs; not shown). In the embodiment shown in FIG. 1, the
ADCs 20 and 21 have corresponding offset LUTs (OLUTs)
30 and 31, gain LUTs (GLUTs) 32 and 33, and phase LUTs
(PLUTs) 34 and 35. The DSP 60 processes any errors accord-
ing to adaptive algorithms, examples of which are described
below.

In preferred embodiments, the DSP 60 estimates the errors
in the digital domain and corrects the errors in the analog
domain using values stored in the LUTs 30-35, which typi-
cally include a memory. The digital estimation information
can be translated into a corresponding analog correction
using the LUTs 30-35 as interfaces between the digital and
analog domains. For example, analog circuits and/or DACs
(not shown) can be used to correct relative and/or absolute
offset error between the ADCs 20 and 21 based on a digital
error signal and the corresponding address value stored 1n
OLUTs 30 and 31. GLUTs 32 and 33 and PLUT's 34 and 35

can also store address values for digital error signals. In effect,
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4

the LUTs 30-35 perform digital-to-analog conversion by con-
verting the error 1nto an analog setting for the ADCs 20 and
21.

FIG. 2 1s a block diagram of an offset correction unit 210,
including an error measurement block 201, within the DSP
60. The error measurement block 201 includes a subtractor
230 that takes the diflerence of the output signals on taps 100
and 101 from the ADCs 20 and 21. An adder 240 coupled to
the output of the subtractor 230 forms a feedback loop with a
delay register 250; the adder sums the output of the subtractor
230 with a delayed version of the output of the subtractor 230
from the delay register 250, which resets to zero every N
samples. The delay register 250 transmits a resulting oifset
error signal, e_ - ., to an adaptive processor 220. The adaptive
processor 220 may be implemented using a DSP, field-pro-
grammable gate array, application-specific integrated circuit,
programmed general-purpose data processor, or any other
suitable implementation. In some embodiments, the adaptive
processor 220 operates according to the algorithm described
below wherein 1t selects the address of OLUT, 31 in a manner

that minimizes the offset error signal. The values correspond-

ing to the selected addresses of the OLUTs 30 and 31 are used
to correct the offset between the ADCs 20 and 21 1n a corre-
sponding manner.

In a preferred embodiment, the adaptive processor 220
determines the sign of the offset error signal using a signum
block 282, which returns a -1, 0, or 1 depending on whether
the offset error signal 1s negative, zero, or positive, respec-
tively. Next, the output from the signum block 282 1s multi-
plied with an offset step size pﬂﬁef to control the value that
adds to a bias N /2 to the produce the address for OLUT,
31, as shown 1n FIG. 2. Depending on the sign of the error
signal, the product may result 1n a forwards step, backwards
step, or no change.

The resulting product enters a feedback loop implemented
with an adder 286 and a delay register 288. A rounding block
290 rounds the output of the feedback loop to form an address
step, which may be biased by a bias value N . /2 using an
adder 292. For example, 11 OLUT, 31 has 256 address loca-
tions that run from O to 255, the blas value might be 128,
which sets the offset error to the midpoint in the range of
OLUT, 31.

The biased address 1s then fed to OLUT, 31 and an over-
flow/underflow block 294, which monitors the resultant
address and, 1f necessary, resets the address of OLUT, 30 to
keep the address of OLUT, 31 within an acceptable range. Of
course, the bias value and range of address locations depend
on the particulars of the implementation. Certain implemen-
tations may operate at zero bias, eliminating the adder 292.

FIG. 3 1s a block diagram of a gain correction unit 310,
including an error measurement block 301, within the DSP
60. Multipliers 360 and 361 square the signals from taps 100
and 101, respectively. The error measurement block 301
includes a subtractor 330 that takes the difference of the
squared signals and forwards the difference to a feedback
loop that includes an adder 340 and a delay register 350,
which resets to zero every N samples. As 1in FIG. 2, the
teedback loop transmits a gam error signal, e, ;.. to an adap-
tive processor 220, which, in some embodiments, operates
according to the algorithm described below. The adaptive
processor 220 selects addresses of the GLUTs 32 and 33 mm a
manner that minimizes the gain error signal. The DSP 60 uses
the output from the GLUTs 32 and 33 to control the gain of the
ADCs 20 and 21 1n a corresponding manner.

In a preferred embodiment, the adaptive processor 220
determines the sign of the gain error signal using a signum
block 282, the output of which 1s multiplied with a gain step
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S1Z¢ pgamk to control the value that adds to a bias N_ /2 to

produce the address for GLUT, 33, as shown 1n FIG. 3. The
resulting product enters a feedback loop implemented with an
adder 286 and a delay register 288. A rounding block 290
rounds the output of the feedback loop to form an address
step, which may be biased by a bias value N__, /2 using an
adder 292. The biased address 1s then fed to GLUT, 33 and
overflow/underflow block 294, which adjusts GLUT, 32 as
necessary. As described above, the bias value and range of
address locations depend on the particulars of the implemen-
tation.

FIG. 4 15 a block diagram of a phase correction unit 410,
including an error measurement block 401, within the DSP
60. The error measurement block 401 includes a subtractor
430 that feeds the difference of signals from the taps 100 and
101 into both input ports of a multiplier 460, which returns the
square of the difference. A second subtractor 431 takes the
difference of the signal from tap 101 and a version of the
signal from tap 100 delayed by a delay register 450. The
output of the subtractor 431 1s squared with a second multi-
plier 461. A third subtractor 432 takes the difference of the
outputs from the multipliers 460 and 461 ; the difference from
the subtractor 432 enters a feedback loop including an adder
440 and a delay register 451 as in FIGS. 2 and 3. The feedback
loop provides a phase error signal, €, that drives an adap-
tive processor 220.

In some embodiments, the adaptive processor 220 operates
according to the algorithm described below. As 1n the offset
and gain correction units 210 and 310 shown in FIGS. 2 and
3, respectively, the adaptive processor 220 selects addresses
in PLUT, 35 1n amanner that minimize the phase error signal.
The values corresponding to the selected addresses are used
to control the phase error between the ADCs 20 and 21 in a
corresponding manner. An overtlow/undertlow block 294
monitors the address setting and adjusts PLUT, 34 as neces-
sary to keep PLUT, 35 within a given range.

In a preferred embodiment, the adaptive processor 220
determines the sign ol the phase error signal using the signum
block 282, the output of which 1s multiplied with a phase step

S1Ze |L, . ..Fto control the value that adds to a bias N ase! 2 10

the produce the address for PLUT, 35, as shown 1n FIG. 4.
The resulting product enters a feedback loop implemented
with an adder 286 and a delay register 288. A rounding block
290 rounds the output of the feedback loop to form an address
step, which may be biased by the bias value N , .. /2 using an
adder 292. The biased address 1s then fed to PLUTs 32 and 33.
As described above, the bias value and range of address
locations depend on the particulars of the implementation.

Embodiments of the disclosed TIADC may use a single
adaptive processor 220 to control all three sets of LUTs
30-35. In these embodiments, the oifset, gain, and phase error
correction are applied to the ADCs 20 and 21 1n a sequential
fashion (e.g., first correct the offset error, then the gain error,
then the phase error, and repeat). Because all three correction
units share a common adaptive processor 220, the resulting
TIADC 1s smaller, lighter, more eflicient, and simpler to
manufacture than a TIADC with separate offset, gain, and
phase correction units. Moreover, 1n other embodiments
where performance 1s more important than size or cost, each
adaptive processor 220 may be implemented with dedicated
hardware or programmable processors.

FIG. 5 shows connections of outputs from gain, offset, and
phase correction units to a first pipeline stage 501 of a charge-
domain pipelined ADC 500 that can be used in the two-
channel TIADC 10 of FIG. 1. Further description of the ADC
500 can be found 1n U.S. patent application Ser. No. 12/074,
706 and U.S. Pat. No. 7,079,067, both of which are incorpo-
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rated herein by reference 1n their entireties. First and second
pipeline stages 501 and 502 incorporate charge-redistribu-
tion, charge-comparison, and charge-redistribution-driver
circuits 1n a single-ended pipeline to provide two bits of
analog-to-digital conversion. Adding additional stages to the
pipeline provides additional bits of analog-to-digital conver-
s101, where successive stages operate on charge packets that
propagating through the pipeline 1n like fashion.

Charge packets are transferred into and out of the first
pipeline stage 501 with a charge-transier circuit 305 on alter-
nating half-cycles of a clock signal CLK, causing the voltage
at node 520 to change according to the size of the transferred
charge packet. A comparator 330 compares the resulting volt-
age at node 520 to a reference voltage V... A latch 522
latches the output from the comparator 330 once per clock
cycle to produce a digital output V5, . A charge-redistribution
driver 513 recetves V5, and outputs a charge-redistribution
voltage signal V ,, which to stage 5$02. The transition n V
causes a corresponding change 1n the voltage at one node of a
comparator in stage 502, meaning that the comparison result
of stage 501 governs charge-redistribution 1n subsequent
stage 302.

Outputs from the offset, gain, and phase correction units
210, 310, and 410 can be used to control various components
ol the pipeline stages. For example, an offset control signal
531 from an OLUT, such as OLUTs 30 and 31 in FIGS. 1 and
2, can be used to adjust the reference voltage V 5 ~. Similarly,
a gain control signal 333 from a GLUT, such as GLUTs 32
and 33 i FIGS. 1 and 3, can be used to adjust the gain of the
comparator 530. The clock phases V-, and V.-, can be
retarded or advanced with a variable phase delay 510 con-
trolled by a signal 511 from a PLUT, such as PLUTs 34 and
35. The vaniable phase delay 510 can be implemented with a
delay-locked loop, dispersive delay line, or any other suitable
delay, buifer, or memory element.

The offset, gain, and phase correction signals can be con-
nected to some or all of the stages 1n a charge-domain pipeline
ADC. In addition, different correction signals can be applied
to different stages for finer control in correcting errors. Those
skilled in the art will appreciate that the offset, gain, and phase
correction signals can be connected 1n a similar fashion to any
suitable ADC, including charge-domain pipeline ADCs.
Offset Error

In this section, we consider a two-channel TIADC 10 oper-
ating according to the present invention provides for the esti-
mation and correction of offset error only. To see how offset
error 1s corrected, we assume an input signal of x(t)=cos(w t+
¢), where m_ 1s an arbitrary frequency and ¢ 1s an arbitrary

phase of the input signal 12. The output 14 of the two-channel
TIADC 10 1s given by

(1)

n = odd

cos(w,nT+ @)+ V; n=even
yin) = cos{w,nT + @) + V,

where V, and V, are the offset values of ADC, 20 and ADC,
21, respectively, n 1s the sample number, and T 1s the sample

period of the two-channel TIADC 10. Combining the output
at even and odd time instants, we get

y(n) = cos(wonT + )+ Vi + (1 = (-1)Y)Vy4 (2)

= cos(w,nT + P+ V, + (=1)*V,
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where
B Vi+Vy (3)
S 2
Vo, -V
V, =
d 2

denote the average and difference 1n the offsets between two
ADCs 20 and 21. Egn. (2) can be written as

y(n)=cos(w nT+p)+V +cos(w nT/2)V (4)

where o =2m/T 1s the sampling frequency and (-1)"=cos
(o .nT/2). It 1s clear from Eqn. (4) that the average offset
between the two ADCs 20 and 21 creates a DC term while the
difference 1n ofisets creates a tone at the Nyquist frequency.
In embodiments, the aim 1s to mimimize the magnitude of the
latter tone, 1.e., the tone at the Nyquist frequency. As will be
understood, it 1s fairly straightforward to minimize the aver-
age ollset value once the difference 1n offset values 1s elimi-
nated or mimmized (e.g., by linearly shifting the relative
offset between the ADCs 20 and 21 using the OLUTs 30 and
31). FIG. 6 shows the simulated spectrum of a 50 MHz tone
with an oiffset error when the sampling frequency of the
two-channel TIADC 1s 400 MHz. As can be seen from FIG. 6,

there are two tones 1n the resulting spectrum that arise due to
the offset error. The tone at DC corresponds to the average
olffset value between the two ADCs 20 and 21 while the tone
at the Nyquist frequency corresponds to the difference in
olfset values between the two ADCs 20 and 21.

FIG. 7 shows the simulated spectrum of the same signal
alter offset error correction as explained below. It can be seen
that the tone at the Nyquist frequency due to the difference in
offset values has been minimized The amount of suppression
of the tone at the Nyquist frequency depends upon the
residual difference of offset between the two ADCs after
correction. It can be seen that the tone at the Nyquist fre-
quency 1s suppressed by more than 50 dB. Between FIGS. 6
and 7, it can be seen that the DC components are different.
This 1s due to the fact that the offset of ADC, has been made
approximately equal to that of ADC,.

In order to minimize the magnitude of the tone at the
Nyquist frequency, we need to obtain the information of the
signal at this frequency. Towards this end, let y,(n) and y,(n)
correspond to the outputs from the ADC, 20 and ADC, 21,
respectively. The N-point DFT of y(n) corresponding to m /2
1s g1ven by

(3)

|
Y(w=w;/2)= ﬁ(yl(ﬂ)—}h(ﬂ)"‘yl(ﬂ— 1)—Yz(ﬂ— D+... )

= Coffset

where

| M-l (6)
Coffser = ﬁ; (y,(n —k) - y,(n— k)

From Equation 6, 1t 1s evident that by making e . ~0, we can
mimmize the magnitude of the tone at the Nyquist frequency.
The calculation of e_ 4, corresponds to taking the difference
of the mean or, alternatively, the mean of the difference of the
outputs from the two ADCs 20 and 21 over N samples. The
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larger the value of N, the more accurate the estimate. The
number of samples can be varied depending on the processor
and the application: two-way communication (e.g., commu-
nication over an Ethernet connection) typically requires fast
convergence, or smaller values of N. For example, when N=1,
every sample undergoes a correction. One-way communica-
tion, as i cable modems, does not require such fast conver-

gence and can be accomplished with more samples (i.e.,

larger values of N).
The OLUTs 30 and 31, each of
that can be used to directly or indirectly control the ofiset in

cach of the ADCs 20, 21. Since we are dealing with the

estimation and correction as a mixed-domain process, there 1s

no loss of generality 1f the OLUTs 30, 31 act as interfaces

size N, ., Include entries

between the analog and digital domains. The addresses of the
OLUTSs 30 and 31 are evaluated using an adaptive algorithm,
such as the one described below, 1n the digital domain while

the outputs of the OLUT
provide the corresponding offset correction 1n the analog

s 30 and 31 directly or indirectly

domain. To illustrate, let the maximum difference 1n offsets
between the two ADCs be £X least significant bits (LSBs). In
a typical 12-bit TIADC, the maximum tolerable difference 1n
offsets will be about 60 LLSBs, or about 3% of the total bit
width. The entries of the OLUTs 30 and 31 are designed

cover this range using a linear, logarithmic, or any other

1O

distribution depending upon the analog circuitry. For a linear
distribution, an entry in the OLUTs 30 and 31 differs from the
next entry by 2X /N ., LSBs. In a preterred embodiment,
the entries 1n the OLUTs 30 and 31 are distributed linearly
near the zero-error point and logarithmically near the edges of
the distribution.

Referring again to the two-channel TIADC 10 shown 1n
FIG. 1, consider that the address of the OLUT, 30 of ADC, 20
1s such that the output from the OLUT, 30 1s zero. As noted
above, OLUT, 30 1s associated with ADC, 20 and OLUT, 31
1s associated Wlth ADC, 21. For the case when the two
OLUTs 30 and 31 havea hnear distribution of offset values as
a function of OLUT address, the DSP 60 sets the address of
OLUT, 30to N_ /2.

As an example, FIG. 8 shows the variation ofe_ 4, with the
address of OLUT, 31 with N » =256 based on Eq. (6). The
address of OLUT, 1s 128 which means that the output from
OLUT, 1s zero assuming a linear distribution of values in the
OLUTs. From FIG. 8, it 1s evident that e g , 1s a linear
variation between the two extremities of the offset errors. It
can be seen that the error function passes through zero for a
specific address of OLUT, 31. In this case the optimum
address torOLUT, 31 1s 192. As described below, the DSP 60
uses an adaptive algorithm to seek the address of OLUT, 31
that minimizes the absolute value of e g, .. In a pretferred
embodiment, the adaptive algorithm 1s based on the sign of
€, mer a0 hence 1s extremely hardware etficient.

Algorithm for Offset E

Error Correction
Assuming a linear distribution of values in the OLUTs 30

and 31, the DSP 60 sets the address of OLUT, 30to N_ /2.
Let OLUT," denote the address of OLUT, 31 at the kth
1terat1011 [et u,* denote a variable at the kth iteration and let
U ver “ denote a step size for the adaptive algorithm at the kth
iteration. Here, we assume that

k
Haﬁer c H |Dﬁ€fmin ” Hﬂﬁermax]

(7)
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where U,z i A0A Ly 2 i are the minimum and maximum
values, respectwely, of L,z . The adaptive algorithm for
correcting the offset error can now be written as

(8)

G" SE’T

2
k : &
— iul + Slgn(eﬂﬁsﬂ )ﬂﬂﬁjﬁ'f

k

#q{fsar

ma ]
X( 2

where 11, =0, W, #er —uﬂﬁermx and k; 1s any arbitrary positive
number. As can be seen from Equation &, p, prowdes the

update of the address ot OLUT, 31 based onthe signote,_ .

At convergence, OLUT,"* 111dlcates the optimal address of
OLUT, 31 that produces the minimum absolute value of
S For the example quoted earlier, FIG. 9 shows the con-

vergence of OLUT.,* with iteration k. As can be seen from
FIG. 9, 1n about 7 1terat10ns the OLUT.* converges to an
address around 192, which 1s the optimum address corre-
sponding to the zero crossing value of e, » . shown in FIG. 8.

We now explain the operation of the adaptive algorithm
using a set of parameters. Towards this end, we choose
pﬂﬁermx—ﬂ Uy mermin—1, and k,=1. The address of the
OLUT, 1ssetto 128 and Wogiser —64 In the first iteration, based
on the 31g11 of €, psers 1, is obtained. FIG. 9 shows that the sign
of €, fret is positive and hence that p,”=64 and Mo sver *=32.
Hence, 1n 1teration 2, the address of OLUT, 31 1s set to 192.
Ideally at this stage the sign ot e 4, should be zero (Recall
that the zero crossing of e, for this case occurs when the
address of OLUT, 1s 192). However, due to quantization and
rounding errors, the sign of e_ -, 1s positive. Now L1 >=96 and
pﬂﬁef’ =16. The address of OLUT, 31 in1teration31s 224. The
algorithm continues in this fashion until the optimum value of
the address of OLUT, 31 1s obtained. Such a search for
finding the optimal value of the address of OLUT, 31 1s
termed a binary search.

It 1s not necessary to fix the address of OLUT, 30 at N_
2. If, during an iteration k in the adaptation process for 01%? set
correction, the address of OLUT, 31 exceeds the boundaries
[N,°.N."], where N,”z1 and N _Nﬂﬁer, for example, the
address of OLUT, 30 can be approprlately changed and the
adaptation restarted
Gain Error

In this section, we consider a two-channel TIADC 10 with
gain error only. Again, assuming an input signal 12 of x(t)=
cos(myt+¢), the output 14 of the two-channel TIADC 10 1s
given by

OLUT; =

f+1
Hi

+ round( ,u,‘ff )

f+1
#o}rj&er

#Gﬁsarmin] it k= kl

Gicos(w,nT +¢@) n=-even (9)
y(n) = {

Gpcos(w,nl + @) n=odd

where G, and G, are the gains provided by ADC, 20 and
ADC, 21, respectively. Combining the output 14 at even and
odd time instants, we get

y(n) = Gycos(w,nT + @) + (1 — (-1)")G,cos(w, nT + @) (10)

= [Gs + (—=1)Y'Gy]cos{w,nT + @)

where

G + Gy (11)
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-continued

Gz)
G

G, -G, G
Gd: 2 :7(1

Again, using

(—1)" = cas(?nT),
Eqgn. (10) can be re-written as

y(n) = Gyeos(w,nT + ¢) + Gacos|(w, — %)HT + 4] (12)

Equation 12 shows that the gain mismatch produces an 1mage
tone reflected around w /2 and that the amplitude of the image
tone 1s proportional to the difference in gain values between
the two ADCs 20 and 21. It can also be seen that the input
signal 1s scaled by the average value of the gains of the two
ADCs 20 and 21. This need not be a concern since an Auto-
matic Gain Control (AGC) loop 1s usually employed to cor-
rect for such errors. FIG. 10 shows the simulated spectrum of
a 50 MHz tone with a gain error when the sample frequency
of the two-channel TIADC 10 1s 400 MHz. As can be seen
from F1G. 10, there 1s an image tone at 150 MHz. The amount
of suppression depends upon the difference in the gain values
of the two ADCs 20 and 21. Alternatively, 1t depends upon the
difference between the ratio of the gain values of the two
ADCs 20 and 21 and unity. FIG. 11 shows the simulated
spectrum of the same signal after applying the gain correction
described below. It can be seen that gain correction reduces
the 1mage tone by more than 25 dB.

The minimization of the difference in gain values between
the two ADCs 20 and 21 can be accomplished by minimizing
the difference 1n the power of the signals on the two ADCs 20
and 21. Towards this end, a gain error function can be formu-
lated as

[ Nl (13)
€ gain = ﬁ; (y,(n—k? - y,(n —k)?)

It can be noted from the above equation thate__. can be made

Sain
approximately equal to zero provided a variable k__. can be

ain
found such that

=

(14)

yl(n _k)z =~ kgain — Z y2(n _k)z
k —

|l
-

As shown 1n FIG. 1, the DSP 60 uses GLUTs 32 and 33 to
directly or indirectly control the gain of the output of each
ADC 20 and 21, respectively. The distribution 1n each GLUT
32 and 33 can be linear, logarithmic or any other distribution.
If the maximum variation of the ratio of the gains of the two
ADCs 1s (1£X), then the GLUTSs are designed to cover the
entire range of 2X_. In a preterred embodiment, X <2%,
meaning that the tolerable range of gains 1s 0.98-1.02 times
the nominal gain value.

Just as 1n the case of offset estimation and correction, we
assume that address of GLUT, 32 1s such that the output from
it 1s unity. As an example we assume a linear distribution of



US RE45,227 E

11

values in the GLUTs 32 and 33, where the size of each GLUT
32 and 33 1s N_ ;.. FIG. 12 shows the variation ot e_,,,,, with

the address of GLUT, 33 based on Eq. (13). In the embodi-
ment shown here, N_,, =256, although N_ ., can take any

Sain Qi
suitable value. Although the error vanation 1s not linear, 1t 1s
tairly well behaved 1n terms of linearity. As 1s evident from
FIG. 12, the region of zero crossing ote, ,,,, corresponds to the

optimal address ot GLUT, 33. In FIG. 12, the minimum of the
absolute valueofe__. correspondsto GLUT, address of 162.

Lain
Algorithm for Gain Error Correction

Assuming a linear distribution 1n the GLUTSs, the DSP 60
sets the address of GLUT, 32to N, /2. Let GLUT.,* denote
the location of GLUT, 33 at the kth iteration. Let 1,” denote
a variable at the kth iteration, and let pgm.ﬂk denote a step size
for the adaptive algorithm at the kth iteration. Here, we

dSSUINC

i) (15)

I‘J’ga i1 Hga 1IN Hgﬂfﬂ m.-;rx]

where W, .m0 a0d W, 000, are the minimum and maximum
values. respectivelv., of “ The adaptive alegorithm for

» p y! Mgﬂfﬂ * p g
correcting the gain error can be written as

Ngain (1 6)

GLUT =

+ mund(y‘%)

f+1

Mr W = ,U% + Sign(egain )ﬂgain

k+1
;ugain

Heal
— maX[ 3’2-11'1?1 ’ ;Ugainmin] it k =k

where n," =0, pgamlzugammx and k., 1s any arbitrary positive

number. As can be seen from the above adaptive algorithm,
1" provides the update of the address of GLUT, 33 based on

the sign ot e_,,,,. At convergence, GLUT. indicates the opti-
mal address of GLUT, 33 that produces the minimum abso-
lute value of ¢ For the example quoted earlier, FIG. 13

cain’
shows the convergence of GLUT.,* with iteration k, assuming
N_ . =2356.As canbeseen from FIG. 13, 1n about 7 1terations,

Sain
the GLUT.,* converges to an address around 162, which is the
optimum address corresponding to the zero crossing value of

shown 1n FIG. 12.

It must be noted that 1t 1s not necessary to fix the address of
GLUT, 32 atN__. /2. If during an 1iteration k 1n the adaptation

Sarn
for gain correction, the address of GLUT, 32 exceeds the
boundaries [N,%,N,¥], where N,®z1 and N,*<N for

cain’?

example, the address of GLUT, 32 can be appropnately
changed and the adaptation restarted.

Phase Error

In this section, we consider the two-channel TIADC 10
with phase error only. Again, assuming an input signal 12 of

x(t)y=cos(m_t+¢), the output 14 of the two-channel TTADC 10
1s given by

y(n) = Cﬂs(wﬂt[nT + %t - (_1)11%] + q_g,) (1'7)

Here 1t 1s assumed that ADC, 20 samples at time instants 2nT
while ADC, 21 samples at time 1nstants (2n+1 )T+At. Conse-
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quently, At 1s the sample-time error. The above equation can
be rewritten as

(18)

A
> zt]J”

Sinlmﬂ, (nT + %) + cb]sin[(— 1)* mﬂ';t]

y(n) = cms[mﬂ. (nT + E) + aﬁ]cms[(—l)” “

[t can be seen that cos[(-1)" w,At/2]=cos[m_At/2] Since the
sine function 1s an odd function, with (-1)"=cos(n), we get
sin[(-1)" o _At/2]=cos(nm)sin]w_At/2]. Using sin(a)cos (nm)=
sin(a—nm) and nt=mw nT/2, the above equation can be written
as

v(n) = CDS[MZ&t]CDS[mDHT + DT + ¢ (19)

(At w, At

2 2

Sill[ ]S.in[mﬂnT +

= cms[mzﬁt]ms[mﬂnT + MDTM + gb] +

[ At ]

8111[

(w, At
2

Sin[(m,:, — %)HT +

+ 9|

Assuming that At 1s small compared to 1/mw_, cos(w At/2)=~1
and sin(w _At/2)=m_At/2. Consequently,
(At

y(n) ~ CGS[MDIIT t—— ,3_5] +

(20)

WAt
2

x cms[mDnT + DT + q!b] +

(AL
2

Siﬂ[(% — m.;;.)nT — {u;&t

2 _‘ﬁ’]

We can now see from the above equation that the phase error
produces an image tone with an amplitude proportional to the
phase error At. It 1s interesting to note that the 1mage tone 1s
7t/ 2 out ol phase with the tone produced due to gain error. FIG.
14 shows the simulated spectrum of a signal with a tone at 50
MHz. Again, a sample frequency of 400 MHz 1s assumed. As
can be seen from FIG. 14, there 1s an image tone at 150 MHz
arising from the phase error. FIG. 15 shows the simulated
spectrum of the same signal after phase correction; the image
tone has been suppressed by more than 25 dB. The amount of
suppression depends upon how closely At approximates zero.
As 1s well known, a correlation between two sequences
provides mformation about the time delay between them.
Towards this end, we now define a phase error given by

| M-l (21)
Cpnase = 5 ), 1@ =Ky, =K~ y,(0 -0y, (n+ 1 - k)
k=0

1 N—1
= 52,00y -k - v+ 1 -k)
k=0

An alternative expression for the phrase error given by

| V-l (22)
Ephase — ﬁz {fﬂ (H — k) _ }’2(1‘1 — k)}2 _ {YZ(H _ k) _ yl (H +1 - k)}2
k=0

also provides information about the phase error between the
two ADCs 20, 21.

As 1n the offset and gain correction presented above, the
DSP 60 use PLUTs 34 and 35, each of size N , ., to directly
or indirectly control the phase of the clock signal 45 to each of
the ADCs 20, 21. The addresses of the PLUTs 34, 35 are
evaluated using an adaptive algorithm 1n the digital domain
while the outputs of the PLUTs 34, 35 directly or indirectly
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provide the corresponding delay 1n the clock signal 45 used to
control the ADCs 20, 21. Let the maximum phase delay
between the two ADCs 20, 21 bexX  units, where the entries
of the PLUT 34, 35 are designed to cover this range. In a
preferred embodiment, the maximum phase delay 1s about

0.3% of the period, or a time delay of £5.75 ps for a sample
frequency of 500 MHz (i.e., a sample period of 2 ns). The
units for £X  may be in seconds radians, or fractions of the
sample frequency and the entries of the PLUTS 34, 35 can
tollow linear, logarithmic or any other distribution dependmg
upon the analog circuitry effecting the correction.

Again, the DSP 60 sets the address of PLUT, 34 such that
the output from PLUT, 34 1s zero. In other words, there 1s no
correction performed on ADC, 20. One embodiment employs
a linear distribution of values 1n the PLLUTs 34, 35, where the
size ot each PLUT 34,35 be N, ... As an example FIG. 16
shows the varniation of ¢, .. with the address of PLUT, 35
based on Eq. (22) with N, , =256, although N , .. can take
any suitable value. As 1s evident from FIG. 16, the region of
zero crossing ot e, . eerrespends to the optimal address of
PLUT,. In FIG. 16 the minimum absolute value ot e,
eerrespends to PLUT, address of 157. We now develop an
adaptive algorithm that seeks the eptimal address of PLUT,
35 that corresponds to the zero crossing value of e
Algorithm for Phase Error Correction

Assuming a linear distribution in the PLUTs 34 and 35, the
DSP 60 sets the address of PLUT, 34to N, . /2. Let PLUT.*
denote the address of PLUT, 35 at the kth iteration. Let p,*
denote a variable at the kth 1teration, and let p, . denote a
step size for the adaptive algorithm at the kth 1teration. Here,

WE dSSUINC

ph ase"*

thaseke [“phasemin :J‘Lph aAS e -:11:] (2 3 )

wherel ; .commandil g o aie the minimum and maximum
values, respectively, ot u,...~. The adaptive algorithm for
correcting the phase error can be written as

N phase gy
PLUT, = phase 4 round(g%) (22)
#J%_H — lug + Sign(ephﬂse')#?}hasf
ﬂkhaf
#;—}:ésg IIlEi){ F’2 ) ﬂphasemin] 1f k = k3

where 1,'=0, I, haml:pp o comey AN K5 18 any arbitrary posi-

tive number. As can be seen from the above adaptive algo-
rithm, 1, provides the update of the address of PLUT, 35
based onthe signofe,, ... At convergence, PLUT,* indicates
the optimal address of PLUT, 35 that produces the minimum
abselute value of e, .- FIG 17 shows the convergence of
PLUT.* with iteration k, assuming N, . =256. As can be
seen frem FIG. 17, in abeut 7 1terat10ns the PLUT.” con-
verges to an address around 137, whleh 1s the optimum
address corresponding to the zero crossing value of e
shown 1n FIG. 16.

It must be noted that it 1s not necessary to fix the address of
PLUT, 34 at N /2. If, during an iteration k 1n the adapta-

hase
tion fer phase gerreetien, the address of PLUT, 35 exceeds

the boundaries [N ,“,N,”], where N,“=1 and N, p =N, 45> TO1
example, the address of PLUT, 34 can be apprepnately
changed and the adaptation restarted.

It must be also mentioned that Eqn. (22) 1s valid for all odd
Nyquist zones. For even Nyquist zones, the sign of the phase
error 1s the negative of the phase error given in Eqn. (22). In

other words, for even Nyquist zones, the phase error becomes

phase

v (25)
epase = 5 ), W2 =K =y, + 1K) ~{y; (=) — y(n = R))
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Offset, Gain, and Phase Error Correction for Wideband Sig-
nals

So far we have dealt with the input mgnal eemprlsmg of a
single tone. We will now look at the offset, gain, and phase
error when the signal 1s wideband. FIG. 18 shows the spec-
trum of a wideband signal to a two-channel TIADC 10 with a
sample rate of 400 MHz. Again, for a linear distribution of
values in OLUT, 31 with N, =256, FIG. 19 shows the
variation ot e . with the address ot OLUT, 31. It is evident
trom FIG. 19 thate 4, 1s a I

linear variation between the two
extremities of the offset errors, even when the mput signal 1s
wideband. It can be seen that the error function passes
through zero ata certain address of OLUT, 31. In view of this,
the same algorithm with a binary seareh for the eptlmal
address of OLUT, 31 can be used for the case when the input
signal 1s w1deband

Again, for a linear distribution of values in GLUT, 33 with
N, i, =256, FIG. 20 shows the variation of e_,, with the

address of GLUT, 33. It can be seen from FIG 20 that the

gain error funetien 1s no longer a smooth straight line. The
gain error, in fact, shows nonlinear behavior. However, upon
a careful look at F1G. 20 1t can be seen thate_,,,,, has a certain
trend across the entire range of GLUT, addresses. By per-
forming a detrending operation on the variation of €, a
linear part can be extracted. In certain embodiments, the
detrending operation 1s preferably a first-order, or linearj
least-squares fit to the data, as shown 1n FI1G. 20. This straight
line, extracted from the detrending operation, 1s shown 1n
FIG. 20. This shows that there exists a zero of €, for a
certain address of GLUT, 33. The adaptive algorithm pre-
sented earlier for the gain error estimation and correction can
be applied to the case when the 1nput 1s wideband provided
that W, o Meainmae and kK, are chosen appropriately. In
order for the algorithm to converge, and 1, ;.0 @0 W im0,
have to be small so that a linear trend 1n FIG. 20 can be
captured. It must be mentioned that due to small values of
pgﬂmkE[pgﬂmmm Wy qinmir] 10 the adaptive algorithm, the con-
vergence time becomes longer.

Again, for a linear distribution of values in PLUT, with
N 5ase=250, F1G. 21 shows the variation of e, ., with the
address of PLUT,. It can be seen from FIG. 21 that the phase
error function, just like the gain error function, 1s no longer a
smooth function, but shows nonlinear behavior simailar to that
of the gain error variation. It can again be seen thate_,, . has

a trend similar to e__. when the mput to the two-channel

LA

TIADC 10 1s wideband. As can be seen from FIG. 21, there 1s
a linear part 1n the nonlinear variation. Again, by performing
a detrending operation on the variation ote,, ., a linear part
can be extracted. Such a straight line, obtained through
detrending operation, 1s shown in FIG. 21. This shows that a
zero of €., exists for a certain address of PLUT, 33. 'The
adaptive algorithm presented earlier for the phase error esti-
mation and correction can very well be used for the case when
the 1nput 1s wideband provided that ;. ..o Wy, osomaxs @0
k, are chosen appropnately. In order for the algorithm to
converge, W, omar A W o have to be small so that a
linear trend 1n FIG. 21 can be captured. Again, 1t must be
mentioned that due to small values of uphﬁjE[up b oo
W sasemin] 10 the adaptive algorithm, the convergence time
becomes longer.

In many applications, long convergence time may not be
acceptable. As seen above, the adaptive algorithm for offset
correction can be made to converge within the first 7-8 itera-
tions using a binary search. However, for a wideband input,
the errors for gain and phase are nonlinear and hence 1n order

to expedite the convergence, we propose a two-step algorithm
wherein the neighborhood of the optimal address of GLUT,
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33 or PLUT, 33 1s obtained 1n the first step. The second step
1s the adaptive algorithm mentioned earlier where a small
value for i, “or I, . Fis used.

As can be seen from FIGS. 20 and 21, a straight line that

represents a least-squares fit for the e_;, or e, . variation

provides a zero crossing which 1s tlfemeptimal address of
GLUT, 33 or PLUT, 35, respectively Towards this end, let

N denete either N or N denote either e Or

loer San fedrdizi

hase? err
and X(k) denote kth address of GLUT, 33 or PLUT 35.

phase
Let
N fut (26)
R= ) leenk) = Y(k)
k=0

N!Hr

= > [eer(k) - (@ + bX(k)]?

k=0

where a and b are constants and ¢_, (k) represents the error
value for an address location X(k). It must be recalled that

¢_,(K)1sobtammed using Eqn. (13) or Eqn. (22). It can be noted
from Equation 26 that Y (k)=a+bX(Kk) provides a straight line
fit to the variation ote_, (k), provided the constants a and b are

known. Equating the dernivative of R, with respect to the
constants a and b, to zero, we get

OR N fut (27)
- = —22 eerr(K) — (2 + bX(K))] =
X QNM k bX(k)]X(k) =
E——;[em()—(m (k)IX(K) =
By solving the above two equations we get
Niut N fut (28)

N fut N fut
cerr(k) ) X(K)? - Z X(K) > X(K)e (k)
k=1 — k=1

N.‘,'Hr N!Hr 2
Niuw 2. X(k)* - ( Py X(k)]

2

N!Hr

N.{m
Z X(k)z eerr(k

N!Hr N!Hr
Nuw 2, X(k)* - [zl X(k)]

N.‘fm‘

N!m‘ Z X(k)eerr (k)
k=1
b =

The neighborhood of the optimal point can be obtained by
equating y(k)=0. Therefore

_ a (29)
k = Im(— E)
( N!Hr N.{Hr Nmr N:fur

Z X(k) ) X(K)egr(k) - Z W(k)z 2»':(1«:)2

k=1 k=l
= Int Y

N!Hr = N.!m‘
NIHI kgl X(k)eerr(k) - Z X(k) kgl eerr(k)

\ k=1 /

where Int(x) represents the integer part of x. There 1s no need
to calculate X,_,"X(k) and X,_,"“X(k)* since they are
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known a priori. Using the value of X (k) obtained 1n the above
equation, we set the initial value of u,* or pu,* equal to X(k)-
N, /2. This constitutes the first step of the two-step algorithm.
In the second step, we run the adaptive algorithm as men-
tioned above with appropriate values oty ..., and u ...
tor gain or W, ,comi A0d W 0o fOr phase.

In applications where the single-step algorithm 1s preferred
(1.e., applications where slow convergence times are accept-
able), we can obtain the initial estimate with a calibration
signal that comprises of a single tone input to the two-channel
TIADC 10. The algorithm mentioned 1n this document can be
used to obtain convergence. After the convergence with a
single tone 1s obtained, the actual input can be introduced.
With an appropriately chosenyp ., .. andp_ ... . for gainor
W pasemin A0 Wz oo TOT phase, the adaptive algorithm can
be restarted.

While this mvention has been particularly shown and
described with references to example embodiments thereof, 1t
will be understood by those skilled 1n the art that various
changes 1 form and details may be made therein without
departing from the scope of the invention encompassed by the
appended claims.

What 1s claimed 1s:

1. A two-channel, time-1nterleaved analog to digital con-
verter (ADC) system comprising:

a clock signal generator, for generating a clock signal at a

frequency f and a period T;

a first ADC coupled to the clock signal generator, the first
ADC sampling and holding an input signal on odd cycles
of the clock signal to provide a first digital signal;

a second ADC coupled to the clock signal generator, the
second ADC sampling and holding the 1mnput signal on
even cycles of the clock signal to provide a second
digital signal;

an error measurement block coupled to recerve the first and
second digital signals, the error measurement block pro-
ducing an error signal based on the first and second
digital signals;

an adaptive processor coupled to recerve the error signal,
the adaptive processor estimating at least one of offset,
gain, and sample-time errors between the first and sec-
ond ADCs based on the error signal, the adaptive pro-
cessor feeding back a correction signal corresponding to
the estimated error to correct one of offset, gain, and
sample-time error of at least one of the first and second
ADCs; and

a multiplexer, for interleaving the first and second digital

signals to form a digital representation of the mput sig-
nal.

2. The system of claim 1 wherein the first ADC and second
ADC are charge-domain pipelined ADCs, and the correction
signal 1s fed back via an input stage of a charge-domain
pipeline.

3. The system of claim 1 wherein the adaptive processor
estimates olffset error by measuring an error signal based on
an intereference tone that depends upon a difference 1n an
amplitude oifset between the first and second ADCs.

4. The system of claim 1 wherein the adaptive processor
estimates gain error by measuring an error signal based on a
difference 1n power of the first and second digital signals.

5. The system of claim 1 wherein the adaptive processor
estimates sample-time error by determining a correlation
between the first and second digital signals.

6. The system of claim 1 wherein the adaptive processor
sequentially processes oil

set, gain, and sample-time errors.
7. The system of claim 6 further including plural look-up
tables (LUTs) coupled to the adaptive processor, where the
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correction signal 1s based on addresses of the LUTs, and each
LUT contains values used to control one of an offset setting,
gain setting, or delay setting of at least one of the first and
second ADC:s.

8. The system of claim 6 further including plural digital-
to-analog converters (IDACs), where the correction signal 1s

provided to the DACs, and each DAC controls one of an offset
setting, gain setting, or delay setting of at least one of the first

and second ADCs.

9. The system of claim 1, further including additional adap-
tive processors, the adaptive processors configured to process
offset, gain, and sample-time errors 1n parallel.

10. The system of claim 1 wherein the adaptive processor
includes:

a signum block for determining a sign of the error signal;

a multiplier for multiplying the sign of the error signal with

an address step size;

a feedback loop for summing and delaying an output of the

multiplier; and

a rounding block for rounding an output of the feedback

loop.

11. The system of claim 10 wherein the error measurement
block includes:

a subtractor for taking a difference of the first and second

digital signals; and

a feedback loop for summing and delaying an output of the

subtractor to provide the error signal.

12. The system of claim 10 wherein the error measurement
block includes:

a first multiplier for squaring the first digital signal;

a second multiplier for squaring the second digital signal;

a subtractor for taking the difference of outputs from the

first and second multipliers; and

a feedback loop for summing and delaying an output of the

subtractor to provide the error signal.

13. The system of claim 10 wherein the error measurement
block includes:

a first subtractor for taking a difference of the first and

second digital signals;

a delay element for delaying the first digital signal;

a second subtractor for taking a difference of the second

digital signal and an output from the delay element;

a first multiplier for squaring an output from the first sub-

tractor;

a second multiplier for squaring an output from the second

subtractor:;

a third subtractor for taking a difference of outputs from the

first and second multipliers; and

a feedback loop for summing and delaying an output of the

third subtractor to provide the error signal.

14. The system of claim 1 wherein the adaptive processor
estimates and corrects errors using hardware.

15. The system of claim 1 wherein the adaptive processor
estimates and corrects errors using soitware.

16. The system of claim 1 further including plural look-up
tables (LUTs), each LUT coupled to the adaptive processor
and configured to provide the correction signal to the second
ADC for one of offset, gain, or sample-time error based on
output from the adaptive processor.

17. A method for correcting errors 1n a two-channel, time-
interleaved analog to digital converter (ADC) comprising:

generating a clock signal at a frequency 1 and a period T

with a clock signal generator;

sampling and holding an input signal with first and second

ADCs at alternating sample time intervals 27T to produce
first and second digital signals, respectively;
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determiming an error signal based on the first and second
digital signals with an error measurement block;

estimating at least one of ofiset, gain, and sample-time
error between the first and second ADCs based on the
error signal with an adaptive processor;

providing a correction signal based on the error estimated
by the adaptive processor;

applying the correction signal to at least one of the first and
second ADCs to correct one of offset, gain, and sample-
time error; and

interleaving the first and second digital signals with a mul-
tiplexer to form a digital representation of the input

signal.
18. The method of claim 17 wherein the first and second

ADCs are charge-domain pipelined ADCs and the correction
signal 1s applied to an 1nput stage of a charge-domain pipe-
line.

19. The method of claim 17 wherein estimating offset error
includes measuring an error signal based on an intereference
tone whose amplitude depends upon a difference in ampli-
tude offset between the first and second ADC:s.

20. The method of claim 17 wherein estimating gain error
includes measuring an error signal based on a difference 1n
power of the first and second digital signals.

21. The method of claim 17 wherein estimating sample-
time error includes determining a correlation between the first
and second digital signals.

22. The method of claim 17 wherein ofiset, gain, and
sample-time errors are sequentially estimated and corrected.

23. The method of claim 22 wherein providing the correc-
tion signal includes looking up address values corresponding
to offset, gain, or sample-time errors 1n a look-up table.

24. The method of claim 22 wherein providing the correc-
tion signal includes converting digital values corresponding
to oflset, gain, and sample-time errors to corresponding ana-
log offset, gain, and sample-time settings.

25. The method of claim 17, wherein ofiset, gain, and
sample-time errors are estimated 1n parallel.

26. The method of claim 17 wherein estimating errors
includes:

determiming a sign of the error signal with a signum block;

multiplying the sign of the error signal with an address step

s1ize with a multiplier;

summing and delaying an output of the multiplier with a

teedback loop; and

rounding an output of the feedback loop with a rounding

block.

277. The method of claim 26 wherein determining the error
signal further includes:

taking a difference of the first and second digital signals

with a subtractor; and

summing and delaying an output of the subtractor with a

teedback loop to provide the error signal.

28. The method of claim 26 wherein determining the error
signal further includes:

squaring the first digital signal with a first multiplier;

squaring the second digital signal with a second multiplier;

taking a difference of outputs from the first and second
multipliers with a subtractor; and

summing and delaying an output of the subtractor with a

teedback loop to provide the error signal.

29. The method of claim 26 wherein determining the error
signal further includes:

taking a difference of the first and second digital signals

with a first subtractor;

delaying the first digital signal with a delay element;
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taking a difference of the second digital signal and an

output from the delay element;

squaring an output from the first subtractor with a first

multiplier;

squaring an output from the second subtractor with a sec-

ond multiplier;

taking a difference of outputs from the first and second

multipliers with a third subtractor; and

summing and delaying an output of the third subtractor

with a feedback loop to provide the error signal.

30. The method of claim 17 wherein the adaptive processor
estimates errors using hardware.

31. The method of claim 17 wherein the adaptive processor
estimates errors using soitware.

32. The method of claim 17 wherein providing the correc-
tion signal includes setting an offset, gain, or sample-time
setting on the second ADC according to address values cor-
responding oifset, gain, or sample-time errors, respectively,
stored on corresponding look-up tables.

33. A two-channel, time-interleaved analog to digital con-
verter (ADC) comprising;:

a clock signal generator for generating a clock signal;

a first ADC for recerving the clock signal and sampling and

holding an 1nput on odd cycles of the clock signal;
a second ADC for receiving the clock signal and sampling
and holding the input on even cycles of the clock signal;

error signal blocks for recetving outputs of the first and
second ADC's and providing error signals corresponding,
to offset, gain, and phase errors of the outputs;

look-up tables (LUTSs) for storing values used to control

one of an offset setting, gain setting, or delay setting of
at least one of the first and second ADCs; and

an adaptive processor for receiving the error signals and

sequentially estimating the offset, gain, and phase error
based on the error signals, the adaptive processor further
sequentially providing corresponding corrections of the
ollset, gain, and phase errors based on the values stored
in the LUTs to the first and second ADC:s.

34. A time-interleaved analog to digital converter (ADC)
apparatius comprising:

a first ADC, to sample and hold an input signal to provide

a first digital signal;

a second ADC, to sample and hold the input signal to

provide a second digital signal;

an error signal estimator coupled to receive the first and

second digital signal and to provide at least one digital
error signal corresponding to offset, gain, and/or
sample-time ervors of the first and second ADCs; and

a converter, to convert the at least one digital evvor signal

to a corresponding analog correction signal and to
couple the analog correction signal to control one of an
offset setting, gain setting, or delay setting of at least one
of the first and second ADCs; and

a multiplexer, to interleave the first and second digital

signals to form a digital representation of the input
signal.

35. The apparatus of claim 34 wherein the first ADC and
second ADC are charge-domain pipelined ADCs, and the
analog correction signal is fed to control an input stage of at
least one of the charge-domain pipeline.

36. The apparatus of claim 34 wherein the estimator esti-
mates offset evvor by measuring an evvor signal based on an
intereference tone that depends upon a difference in an ampli-
tude offset between the first and second ADCs.

37. The apparatus of claim 34 wherein the estimator esti-
mates gain ervvor by measuring an errvov signal based on a
difference in power of the first and second digital signals.
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38. The apparatus of claim 34 wherein the estimator esti-
mates sample-time ervor by determining a correlation
between the first and second digital signals.

39. The apparatus of claim 34 wherein the estimator
sequentially processes offset, gain, and sample-time errors.

40. The apparatus of claim 34 further including plural
look-up tables (LUTSs) coupled to the estimator, where the
correction signal is based on addresses of the LUTs, and each
LUT contains values used to control one of an offset setting,

gain setting, or delay setting of at least one of the first and
second ADCs.

41. The apparatus of claim 34 further including plural
digital-to-analog converters (DACs), wherve the correction

signal is provided to the DACs, and each DAC controls one of
an offset setting, gain setting, ov delay setting of at least one

of the first and second ADCs.
42. The apparatus of claim 34, further including additional

estimators configured to process offset, gain, and sample-time

errors in parallel.

43. The apparatus of claim 34 whervein the estimator
includes:

a signum block for determining a sign of the digital evvor

signal;

a multiplier for multiplying the sign of the digital error

signal with an error step size;

a feedback loop for summing and delaying an output of the

multiplier; and

a rounding block for rounding an output of the feedback

loop.

44. The apparatus of claim 43 wherein the estimator
includes:

a subtractor for taking a difference of the first and second

digital signals; and

a feedback loop for summing and delaving an output of the

subtractor to provide the digital ervor signal.

45. The apparatus of claim 43 wherein the estimator
includes.:

a first multiplier for squaring the first digital signal;

a second multiplier for squaring the second digital signal;

a subtractor for taking the difference of outputs from the

first and second multipliers; and

a feedback loop for summing and delaying an output of the

subtractor to provide the digital error signal.

46. The apparatus of claim 43 wherein the estimator
includes:

a first subtrvactor for taking a difference of the first and

second digital signals;

a delay element for delaving the first digital signal;

a second subtractor for taking a difference of the second

digital signal and an output from the delay element;

a first multiplier for squaring an output from the first sub-

tractor;

a second multiplier for squaring an output from the second

subtractor;

a thivd subtractor for taking a difference of outputs from the

first and second multipliers; and

a feedback loop for summing and delaying an output of the

thivd subtractor to provide the digital evvor signal.

47. The apparatus of claim 34 further including plural
look-up tables (LUTYS), each LUT coupled to the evvor signal
estimator and configured to provide the correction signal to
the second ADC for one of offset, gain, or sample-time error
based on output from the adaptive processor.

48. A method comprising:

a first step of analog to digital converting an input signal to

provide a first digital signal;
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a second step of analog to digital converting the input

signal to provide a second digital signal;
estimating, from the first and second digital signal, at least
one digital error signal corresponding to offset, gain,
and/or phase errors of at least one of the first and/or
second steps of analog to digital converting, to produce
a digital error signal;

coupling the at least one digital evvor signal to control one
of an offset setting, gain setting, or delay setting of at
least one of the first and second analog to digital con-
verting steps; and

multiplexing the first and second digital signal to form a

digital vepresentation of the input signal.

49. The method of claim 48 wherein the first step and
second step of analog to digital converting are charge-do-
main pipelined and the digital errvor signal is coupled to
control an input stage of at least one of the charge domain
pipelines of a charge-domain pipeline.

50. The method of claim 48 wherein the estimator further
measures an ervor signal based on an inteveference tone that
depends upon a difference in an amplitude offset between the
first and second analog to digital converting steps.

51. The method of claim 48 wherein the estimating esti-
mates gain ervvor by measuring an errvov signal based on a
difference in power of the first and second digital signals.

52. The method of claim 48 wherein the estimating esti-
mates sample-time ervor by determining a correlation
between the first and second digital signals.

53. The method of claim 48 wherein the estimating sequen-
tially processes offset, gain, and sample-time ervors.

54. The method of claim 48 further comprising:

one or movre digital-to-analog converting steps, wheve the

digital correction signal is converted to an analog signal
to control one of an offset setting, gain setting, ov delay
setting of at least one of the first and/ov second analog to
digital converting steps.

55. The method of claim 48, further comprising estimating
offset, gain, and sample-time errvors in parallel with one
another.

56. The method of claim 48 wherein estimating includes:

determining a sign of the ervor signal;

multiplying the sign of the ervor signal with an offset step

size; and

summing and delaving an output of the multiplying step.
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57. The method of claim 48 wherein the estimating
includes:

taking a difference of the first and second digital signals;
and

summing and delaving the difference to provide the error

signal.
58. The method of claim 48 wherein the estimating
includes:
squaring the first digital signal;
squaring the second digital signal;
taking a difference of outputs from the first and second
squaring steps; and
summing and delaying the diffevence to provide the error
signal.
59. The method of claim 48 further comprising:
taking a first difference of the first and second digital sig-
nals;
delaving the first digital signal;
taking a second difference of the second digital signal and
the delayed first digital signal;
squaring the first difference;
squaring the second difference; and
taking a third difference of the vesults of first and second
squaring steps.
60. An apparatus comprising:
a first analog to digital converter for converting an input
signal to provide a first digital signal;
a second analog to digital converter for converting the
input signal to provide a second digital signal;
a programmable processor containing executable code
for:
estimating, from the first and second digital signal, at
least one digital error signal corresponding to offset,
gain, and/or phase errors of at least one of the first
and/or second steps of analog to digital converting, to
produce a digital evvor signal; and
controlling at least one of an offset setting, gain setting,
or delay setting of at least one of the first and second
analog to digital converters; and
a multiplexer, for interleaving the first and second digital
signals to provide a digital vepresentation of the input
signal.
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