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different offset, gain and phase error signals and M different
adaptive algorithms operating in conjunction with M differ-
ent DACs providing offset control signals to M different
ADCs. In certain embodiments, spur frequencies can be
reduced with the use of notch filters.
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CALIBRATION OF OFFSET, GAIN AND
PHASE ERRORS IN M-CHANNEL
TIME-INTERLEAVED ANALOG-TO-DIGITAL
CONVERTERS

CROSS REFERENCE TO RELATED
APPLICATIONS

[0001] This application claims the benefit of U.S. Provi-
sional Application No. 61/233,571, filed on Aug. 13, 2009,
and is a continuation of U.S. patent application Ser. No.
12/419,599, filed Apr. 7, 2009, the entire contents of each are
also incorporated by reference herein in their entirety.

BACKGROUND OF THE INVENTION

[0002] An efficient way of providing very high sample
rates, rates that cannot be provided by a single Analog-to-
Digital Converter (ADC), is to use a parallel connection of
slower ADCs operating in a time-interleaved fashion. An
M-channel time-interleaved ADC (MCTIADC) comprises of
M ADCs, each operating at a sample rate that is 1/M of the
overall system sample rate. In the absence of any impairments
or mismatch errors between the ADCs, i.e., assuming all the
ADCs are either ideal or have exactly the same characteris-
tics, the output samples appear at equally spaced intervals in
a manner that creates a seamless image of a single ADC
operating at the system sample frequency.

[0003] In practice, however, there are component mis-
matches between the different ADCs that severely degrade
the performance of the MCTIADC system. The commonly
offsets and gains of all the ADCs are not the same and the
ADCs do not sample at uniform sample instants of the system
sample frequency. These mismatches giverise to unnecessary
frequency tones or spurs in the spectrum of the signal that
significantly reduce the performance of the MCTIADC sys-
tem. A typical variation of Signal-to-Noise ratio (SNR) is
shown in FIG. 1 wherein a tone is swept from a low frequency
to almost half the sample rate of the MCTIADC system for
various mismatch errors. As can be seen from the figure, the
performance of the four-channel ADC is severely hampered
due to these errors. Hence, it becomes imperative to estimate
and correct these errors to improve the performance of the
MCTIADC system.

[0004] Herein are shown techniques to minimize the effects
of offset, gain and sample-time mismatches by appropriately
estimating and correcting these errors in an adaptive manner.
In addition, also shown is that the adaptive method can be
used in a blind mode wherein the use of any particular cali-
bration signal is circumvented. In other words, the input
signal itself serves as the calibrating signal to estimate and
correct the mismatch errors.

SUMMARY OF THE INVENTION

[0005] This invention generally deals with the estimation
and correction of offset, gain and timing errors in an M-chan-
nel time-interleaved Analog-to-Digital Converter (MC-
TIADC). The offset errors which manifest due the difference
in errors between the individual ADCs produce spurious fre-
quency content in the spectrum, are called the offset spurs.
Assuming that Fg is the sampling frequency of the
MCTIADC system, each ADC samples at the rate of Fs/M
and the offset spurs are produced at kF /M frequencies irre-
spective of the frequency or amplitude of the input signal, as
can be seen in FIG. 3 for a four-channel time-interleaved

Oct. 7,2010

ADC. Stated in different words, the offset spurs appear at
multiples of the sampling frequency of any single ADC. In
order to obtain an error measure for the offset errors, output
from each ADC is either summed or averaged over N,
samples. Call each of the sum or average as X, where k=1, 2,
..., M. As can be noticed, there are M such values as a result
of the summing or averaging operation over the M channels.
A single value representing the mean of these M values, say
X eans 15 chosen as a reference offset value. The offset errors
for the M different ADCs are obtained as XX ,,.,- The sign
of each offset error, i.e., sign (X;~X,,....), 1S used to drive an
adaptive algorithm whose output represents an offset correc-
tion value for the corresponding ADC. The output from the
adaptive algorithm is fed to a Digital-to-Analog converter
(DAC) whose output is a voltage or current that directly or
indirectly controls the offset setting of each ADC. Thus, there
are M different offset error signals and M different adaptive
algorithms operating in conjunction with M different DACs
providing offset control signals to M different ADCs.

[0006] The differences in the gain values of the ADCs pro-
duce an unwanted signal called the gain spurs. The frequen-
cies of these spurs are =F, +kF/m where F,, represents a set
of frequencies of the input signal. As can be seen from FI1G. 1,
the SNR variation is independent of the input signal frequen-
cies F,,. It, however, depends on the amplitude of the input
signal. In order to obtain the gain error of each ADC, a certain
window of length N, samples is assumed. Each of the N,
samples from the output of each ADC are squared, and then a
sum or average of these values is obtained from each ADC.
Call each of the sums or averages as Y, wherek=1,2, ..., M.
A single value representing the mean of these M values, say
Y ,.eans 18 chosen as a reference gain value. The gain errors for
the M different ADCs are obtained as Y,~Y .., The sign of
each gain error, i.e., sign (Y,~Y,,..,), is used to drive an
adaptive algorithm whose output represents a gain correction
value for the corresponding ADC. The output from the adap-
tive algorithm is fed to a DAC whose output is a voltage or
current that directly or indirectly controls the gain setting of
each ADC. Thus, there are M different gain error signals and
M different adaptive algorithms operating in conjunction
with M different DACs providing gain control signals to M
different ADCs.

[0007] The non-uniformity of the sampling instants of each
ADC with respect to the system sampling instants of the
MCTIADC gives rise to sampling or phase spurs. These spurs
occur at the same frequencies as those due to the gain error.
However, spurs due to the gain errors are orthogonal to those
due to phase errors. In order to obtain the phase error, one first
obtains the correlation between the samples of two adjacent
ADCs. In other words, the samples of ADC, are correlated
with the samples of ADC,, samples of ADC, are correlated
with the samples of ADC;, and so on. The samples of ADC,,
are correlated with samples of ADC, in the following cycle.
These correlations are summed or averaged over a certain
number of samples, N,,. If Z, denotes the sum or average of
any correlation and Z,,,. ., denotes the average of Z,, a phase
error for any ADC can be formed as 7, -Z,,. .., As in the case
of offsetand gain, Z,,_,,,, is assumed to be the reference phase
value. Again, the sign of each phase error, i.e., sign (Z,~
Z.ean), 1s used to drive an adaptive algorithm whose output
represents a phase correction value for the corresponding
ADC. The output from the adaptive algorithm is fed to a DAC
whose output is a voltage or current that directly or indirectly
controls the phase setting of each ADC. Thus, there are M
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different phase error signals and M different adaptive algo-
rithms operating in conjunction with M different DACs pro-
viding phase control signals to M different ADCs.

[0008] As mentioned above, the spur frequencies for gain
and phase appear at +F, +kF /M. If one of the signal compo-
nents of F,, is equal to

kFy
M’

then it would be impossible to distinguish between that tone
and the spur due to gain and phase mismatches. As a conse-
quence of this, the algorithms for gain and phase correction
tend to diverge. In order to circumvent this problem, a notch
filter is introduced at the output of the ADC that will notch out
these frequencies. The output from each notch filter is then
used to evaluate the gain and phase errors, as mentioned
above.

BRIEF DESCRIPTION OF THE DRAWINGS

[0009] The foregoing will be apparent from the following
more particular description of example embodiments of the
invention, as illustrated in the accompanying drawings in
which like reference characters refer to the same parts
throughout the different views. The drawings are not neces-
sarily to scale, emphasis instead being placed upon illustrat-
ing embodiments of the present invention.

[0010] FIG. 1 illustrates SNR variation with input fre-
quency of a typical Four-channel Time-Interleaved Analog-
to-Digital Converter for various mismatch errors.

[0011] FIG. 2 is a schematic representing the M-channel
Time-Interleaved Analog-to-Digital Converter (MCTIADC).
[0012] FIG. 3 is a spectrum of a single tone signal with
offset mismatch error before correction in a four-channel
time-interleaved ADC.

[0013] FIG. 4 is a schematic representing offset error cal-
culation.
[0014] FIG. 5 is a schematic representing the recursive

structure for effecting the offset adaptive algorithm.

[0015] FIG. 6 is a spectrum of a single tone signal with
offset mismatch error after correction in a four-channel time-
interleaved ADC.

[0016] FIG.7 isaspectrum of a single tone signal with gain
mismatch error before correction in a four-channel time-
interleaved ADC.

[0017] FIG. 8 is a schematic representing gain error calcu-
lation.
[0018] FIG. 9 is a schematic representing the recursive

structure for effecting the gain adaptive algorithm.

[0019] FIG. 10 is a spectrum of a single tone signal with
gain mismatch error after correction in a four-channel time-
interleaved ADC.

[0020] FIG. 11 is a spectrum of a single tone signal with
phase mismatch error before correction in a four-channel
time-interleaved ADC.

[0021] FIG. 12 is a schematic representing phase error cal-
culation.
[0022] FIG. 13 is a schematic representing the recursive

structure for effecting the phase adaptive algorithm.

[0023] FIG. 14 is a spectrum of a single tone signal with
phase mismatch error after correction in a four-channel time-
interleaved ADC.
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[0024] FIG. 15 is a spectrum of a single tone signal with
offset, gain and phase mismatch errors before correction in a
four-channel time-interleaved ADC.

[0025] FIG. 16 is a spectrum of a single tone signal with
offset, gain and phase mismatch errors after correction in a
four-channel time-interleaved ADC.

[0026] FIG. 17 illustrates convergence of offset mismatch
error in a four-channel time-interleaved ADC.

[0027] FIG. 18 illustrates convergence of gain mismatch
error in a four-channel time-interleaved ADC.

[0028] FIG. 19 illustrates convergence of phase mismatch
error in a four-channel is time-interleaved ADC.

[0029] FIG. 20 illustrates a spectrum of a multi-tone signal
with offset, gain and phase mismatch errors before correction
in a four-channel time-interleaved ADC.

[0030] FIG. 21 illustrates a spectrum of a multi-tone signal
with offset, gain and phase mismatch errors after correction in
a four-channel time-interleaved ADC.

[0031] FIG. 22 illustrates convergence of offset mismatch
error in a four-channel time-interleaved ADC with a 100-tone
signal.

[0032] FIG. 23 illustrates convergence of gain mismatch
error in a four-channel time-interleaved ADC with a 100-tone
signal.

[0033] FIG. 24 illustrates convergence of phase mismatch
error in a four-channel time-interleaved ADC with a 100-tone
signal.

[0034] FIG. 25 illustrates a magnitude response of the sec-
ond-order notch filter.

[0035] FIGS. 26(a), 26(b) and 26(c) illustrate a multi-rate
structure of a two-channel ADC with the notch filter.

[0036] FIG. 27 illustrates a magnitude response of the
fourth-order notch filter.

[0037] FIGS. 28(a) and 28(b) illustrate a multi-rate struc-
ture of a four-channel ADC with the notch filter.

[0038] FIG. 29 illustrates a spectrum of a two-tone signal
with a tone at Fs/8 before calibration.

[0039] FIG. 30 illustrates a spectrum of a two-tone signal
with a tone at Fs/8 after calibration without the notch filter.
[0040] FIG. 31 illustrates a spectrum of a two-tone signal
with a tone at Fs/8 after calibration with the notch filter.
[0041] FIG. 32 is an example communication device that
may use the MCTIADC.

DETAILED DESCRIPTION OF THE INVENTION

[0042] A description of example embodiments of the
invention follows.

[0043] A preferred embodiment deals with the estimation
and correction of offset, gain and timing or phase mismatch
errors in an M-channel Time-Interleaved Analog-to-Digital
(MCTIADC) system. The estimation is done in the digital
domain while the correction is performed in the analog
domain. The various errors are estimated by performing sig-
nal processing operations on the output of all the ADCs while
corresponding correction values are communicated to all the
ADCs through Digital-to-Analog Converters (DACs). The
output ofeach ADC is optionally passed through a notch filter
to circumvent certain conditions in the input signal that will
cause the algorithms to diverge. The details of the notch filter
and its usefulness will be deferred to a later section below.
The DACs provide appropriate voltages or currents and con-
trol either directly or indirectly the correction of each of the
ADCs for the different mismatch errors.
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[0044] FIG. 2 shows a schematic of an MCTIADC 200
wherein each of the M ADCs (210-1, 210-2, . . ., 210-M) is
operating at a sampling rate of F5/M and clocked at the
appropriate respective phase ¢, for k=1 to M.

[0045] The commutator 230 operates at the sample rate F
and circles through the output of every ADC 210 to provide
output y(n) at F5. Outputs from each ADC 210 are input to a
digital signal processor (DSP) 240 that performs the estima-
tion of all the errors and provides analog outputs correspond-
ing to offset, gain, and phase correction, represented by, O,
Gy, and P, respectively, to a corresponding one of the ADCs
210. Each of the ADCs may implement an offset, gain and
phase correction as provided at the O,, G,, and P,, inputs,
respectively, and may be implemented according to the
charge domain pipeline ADCs described in the co-pending
U.S. patent application Ser. No. 12/419,599, filed Apr. 7,
2009 already incorporated by reference above.

[0046] Also shown in FIG. 2 are the DACs 250 which
convert the offset, gain and phase corrections O,, G, and P,
to analog voltages before they are fed to the respective inputs
of the ADCs 210. The DACs 250, of which there are 3xM in
total (three DACs for each of the O, G, and P inputs to each of
the M ADCs) can be implemented with any convenient circuit
design to convert a digital input to an analog voltage, such as
resistive ladder(s), look up table(s), amplifier(s), etc. that
meets the desired clock rate and accuracy requirements. The
DACs 250 and the optional notch filters 220 are described in
more detail below.

[0047] Below is a detailed description of the estimation of
offset, gain, and phase mismatch errors using the outputs of
each ADC and their correction using adaptive algorithms that
are performed within the DSP 240.

Offset Correction

[0048] Due to different offset values of the ADCs, offset
spurs show up at kF/M frequencies. FIG. 3 shows the spec-
trum of a tone in a four-channel time-interleaved ADC sam-
pling at 1 GHz where the offset spurs appear at fixed frequen-
cies of 250 MHz and 500 MHz. In order to minimize the
amplitude of these spurs, the offsets of each ADC must be
determined. Towards this end, define

= W
Xe= o Z x(n)

n=0

where x,(n) represents the samples from ADC,, N, is the
number of samples collected to obtain the average X, and
k=1,2,...,M. Let

@

[0049]

B =X Xy oan 3)

Now define an offset error for each ADC as

fork=1,2, ..., M.It can be seen from the above equation that
X ean Provides an overall reference value in each iteration so
that an adaptive algorithm can be used to minimize E,%**’,
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[0050] Now it is possible to provide an adaptive algorithm
to correct the offset error in each ADC based on E,*#, for
k=1,2,...,M.

[0051] Let ODAC, be the one of the DACs 250 that pro-
vides the offset correction input O, to ADC,. Let R, be the
size of the ODAC,. For example, for an 8-bit ODAC,,
R_=2%=256. A step size that controls the convergence of the
adaptive algorithm is denoted by u,’ for ADC, at the ith itera-
tion. The value of p,” is constrained to be in the range [y, %"
semin ;2757 Let O, be the jth value input to the ODAC,.
For example, for an 8-bit ODAC,, the values of O, can vary
between [-128,127] or between [0,255]. The constant O,, . is
a value that allows the correction to be done with respect to a
certain value. For instance, O,,,,=R_/2=128 when the input to
the ODAC, lies in the range [0,255]. On the other hand when
the range of the ODAC, input values is [-128,127], O,, . can
assume a value of zero. Let o’ denote a variable that provides
correction to the ODAC, input O, associated with ADC,, at
the ith iteration. It is now possible to write the adaptive
algorithm for offset correction as

0}; = Opigs +round (Cl;;) “4)
o} = o} +sign (E") ©

. ; ; ©6)
#;:rl = ma: /%k’ ﬂlfﬂse’ mm] fori= e

offsetmax

where ,°=0, 1, °=p,’ , and 1, is any arbitrary positive
number. The convergence can be controlled by p,’ by chang-
ing its value at every r;th iteration.

[0052] A schematic that shows how the DSP 240 can per-
form the calculation of X, (for k=1 to M) and X,,,..,,,, is shown
in FIG. 4. The output from each ADC, is accumulated (with a
corresponding summer 270-k and delay 272-k) for N,
samples to provide each X,.. The port selector 260 then selects
each accumulated ADC output X, in turn, since the outputs
from the accumulators are available in a time-interleaved
fashion. The result is then further accumulated (by accumu-
lator 280) and averaged (by multiplier 282), by dividing the
accumulated sum by M to provide X Next, X is

mean* mean

subtracted from each X, to provide E,%**",

[0053] InFIG.5, aschematic for an adaptive algorithm for
how the DSP 240 can perform offset correction is depicted.
The sign 310 of each E,%#** is first multiplied 315 by the
adaptation step-size 1’ and then accumulated 320. The accu-
mulated value in each iteration is rounded 325 to the nearest
integer value and added 330 to the offset bias, O,,,, to pro-
vide the offset correction value O, to a corresponding one of
the DACs, namely ODAC,. The output from ODAC,, directly
or indirectly controls the offset setting on ADC,. Such an
adaptive process converges to an optimal value that mini-
mizes the offset error in each ADC.

[0054] FIG. 6 shows the spectrum of the tone mentioned in
FIG. 3 after correction. As can be seen from the figure, the
offset spurs at 250 MHz and 500 MHz are reduced.

Gain Correction

[0055] Gain differences in the ADCs produce gain spurs at
+F, +KkF /M frequencies, where F,, is the set of input frequen-
cies and k=1, 2, ..., M. FIG. 7 shows the spectrum of a 145
MHz tone in a four-channel time-interleaved ADC (without
correction) sampling at 1 GHz where the gain spurs appear at
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105 MHz, 355 MHz and 395 MHz. In order to reduce the
amplitude of these spurs, the power of the signals from each
ADC are determined. Towards this end, define

-1 (@)

Yk:N—

where X, (n) represents the samples from ADC,, N, is the
number of samples collected to obtain Y, and k=1, 2, ..., M.
Let

e 8)
Yinean = M; Y

[0056] Now define a gain error for each ADC as
EE =YY sean ©)
fork=1,2,..., M. It canbe seen from the above equation that

Y .0 Provides a reference value for the power in each itera-
tion so that an adaptive algorithm can be used to minimize
E,2“". Below is outlined an adaptive algorithm to correct the

gain error in each ADC based on E,2*”, fork=1,2, ..., M.

[0057] Let GDAC, be the one of the DACs 250 that pro-
vides the gain correction to ADC,. Let R; be the size of the
GDAC,. A step size that controls the convergence of the
adaptive algorithm associated with gain correction is denoted
by V,/ for ADC, at the ith iteration. The value of v, lies in the
range [v, 257y ofsemax] 1 et G, be the value input to the
GDAC,. Again, the values of G,’ can vary between [-128,
127] or between [0,255] if R;=256. The constant G,,,. is a
value that allows the correction to be done with respect to a
certain value. For the case when G,,,,=R ;/2=128, the input to
the GDAC, lies in the range [0,255]. On the other hand, when
the range of the GDAC, input values is in [-128,127],
G0s=0. Let B’ denote a variable that provides correction to
the GDAC, input G, associated with ADC, at the ith iteration.
Now the adaptive algorithm for gain correction can be written
as

G}; = Ghias +round(ﬁj‘) (10)
Bt = B+ sign(Ef™) an

) P 12)
Vit = ma){%k, vfamm'"} for i = s

where B,°=0, v,°=v,8“"™% and s, is an arbitrary positive
number. The convergence can be controlled by V,’ by chang-
ing its value at every s,th iteration.

[0058] A schematic that shows how the DSP can perform a
calculation of Y, and Y ,,.,, is shown in FIG. 8. The output
from each ADC, is squared 810 and accumulated 820 for N,
samples to provide Y. The port selector 830 then selects the
squared and accumulated output of each ADC in turn and
accumulates 840 the result. This is followed by an averaging
operation 850 that is effected by dividing the accumulated
sum by M to provide Y,,,,,- Next, Y, is subtracted 860
from each Y, to provide E,".

mean
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[0059] InFIG.9, aschematic for an adaptive algorithm for
the DSP 240 to perform gain correction is shown. The sign
910 of each E,£“” is multiplied 920 by the adaptation step-
size and accumulated 930. The accumulated value in each
iteration is rounded 940 to the nearest integer value and added
950 to the gain bias, G,,,, to provide the gain correction value
to GDAC,. The output from GDAC, directly or indirectly
controls the gain setting on GADC,.

[0060] The above adaptive process converges to an optimal
value that minimizes the gain error in each ADC. FIG. 10
shows the spectrum of the tone mentioned in FIG. 7 after gain
mismatch correction. As can be seen, the gain spurs at 105
MHz, 355 MHz and 395 MHz have been reduced.

Phase Correction

[0061] Since all the ADCs 210 do not have uniform sample
instants in reference to the sampling frequency of the
MCTIADC 200, timing or phase spurs show up at the same
frequencies as those due to gain errors. One difference how-
ever is that gain spurs are orthogonal to the phase spurs. FIG.
11 shows the spectrum of a 145 MHz tone in an uncorrected
four-channel time-interleaved ADC sampling at 1 GHz with
phase spurs. As can be seen, the phase spurs occur at the same
frequencies as those shown in FIG. 7. In order to minimize the
amplitude ofthese spurs, a cross-correlation between any two
adjacent ADCs must be determined. In view of this, define

1z

1 & )
zk:N_P;xk(n—l)—xM(n-m) for k=1,2,... ,M~—1
R
2
=— -- for k = M
NP; xpyn—1) xl(n)) or

where X,(n) represents the samples from ADC,, N,, is the
number of samples collected to obtain the average Z, and k=1,
2,...,M. Let

Lo (14

[0062] Now define a phase error for ADC, as
EF =2 e 15)

fork=1,2, ..., M. Inamanner similar to offset and gain error
estimation, Z,,.,,, provides a reference value for timing in
each iteration so that an adaptive algorithm can be used to
minimize E##%*°. It is now possible to provide an adaptive
algorithm to correct the phase error in each ADC based on
E/" e fork=1,2,..., M.

[0063] Let PDAC, bethe DAC 250 that provides the timing
or phase correction to ADC,. Let R, be the size of the PDAC,..
A step size that controls the convergence of the adaptive
algorithm associated with phase correction is denoted by &,’
for ADC,, at the ith iteration. The value of €, is constrained to
be in the range [Ep"esemin & phasemax] 1 et P’ be the value
input to the PDAC,.. Similar to the bias values in the offset and
gain adaptive algorithms, the constant P, is a value that
allows the correction to be done with respect to a certain
value. Let y,’ denote a variable that provides correction to the

Petitioner Cox Communications, Inc.
Exhibit 1007 - Page 37 of 42



US 2010/0253557 Al

PDAC;, input P,’ associated with ADC, at the ith iteration. Itis
possible to now write the adaptive algorithm for phase cor-
rection as

Pl = Ppigs +round(y})
i+l

Vit =y + sign(EFEL

f;;+l =max(§7k)§fa[nminJ fori= A

where v,°=0, £,°=5,8“""** and t, is any arbitrary positive
number. The convergence of the adaptive algorithm is con-
trolled by E," by changing its value at every s,th iteration.
[0064] A schematic that shows the calculation of Z, and
7 noan DY DSP 250 is shown in FIG. 12. For all ADC,, where
=1,2, ..., M-1, the squared 1210 difference 1220 of the
delayed 1230 outputs from any two adjacent ADCs is accu-
mulated for N,, samples to provide the corresponding X,. For
ADC,,, the present sample on ADC, is subtracted from the
delayed input from ADC,, and squared. This value is then
accumulated 1250 to obtain X, ,. The port selector 1260 then
selects each ADC in turn and accumulates 1270 the result and
performs an averaging operation by dividing 1280 the accu-
mulated sum by M to provide Z ., ... Next, Z . .., is subtracted
1290 from base each Z, to provide E#"%¢.
[0065] In FIG. 13, a schematic for adaptive algorithm per-
forming phase correction is shown. The sign 1310 of each
E,P"25¢ is multiplied 1320 by the adaptation step-size &, and
accumulated 1330. The accumulated value in each iteration is
rounded 1340 to the nearest integer value and added 1350 to
the phase bias, P,,,, to provide the phase correction value to
PDAC,. The output from PDAC, directly or indirectly con-
trols the phase setting on ADC,.
[0066] The adaptive algorithm for phase correction con-
verges in a manner that minimizes the magnitude of E,***°.
FIG. 14 shows the spectrum of the tone mentioned in FIG. 3
after phase correction. As can be seen from the figure, the
phase spurs at 105 MHz, 355 MHz and 395 MHz have been
reduced.
[0067] So far what has been described are the adaptive
algorithms pertaining to specific mismatch errors. In the pres-
ence of all the mismatches, viz., offset, gain and phase mis-
matches, the adaptive algorithms are run on a round-robin
basis, starting with offset, gain and then phase. FIG. 15 shows
the spectrum of a tone with all the mismatch errors while FIG.
16 shows the spectrum after mismatch errors have been
reduced. As can be seen from the figure, the offset spurs at 250
MHz and 500 MHz, as well as gain and phase spurs at 105
MHz, 355 MHz and 395 MHz have been reduced.
[0068] FIGS.17,18,and 19 show the convergence of offset,
gain and phase errors using the respective adaptive algo-
rithms. It should be understood that the corrections can be
made simultaneously, with one or more DSPs or hardware
circuits, or by sharing a single DSP or a single hardware
circuit in a round-robin fashion. What is important is that the
expected rate of change in gain, offset and phase be slower
than the rate at which the adaptive algorithms are performed.
[0069] The adaptive algorithms described thus far have
shown to work for the case when the input is a single tone. It
will be shown that the same set of algorithms will work for the
case when the input signal is a wide-band signal. The differ-
ence between the two scenarios is the convergence time. The
error functions tend to become non-linear and consequently
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the step size in the adaptive algorithms described would need
to be much smaller than when the input signal is a single tone.
FIG. 20 shows the spectrum of a wide-band signal comprised
of many sinusoids in presence of offset, gain and phase mis-
match errors while FIG. 21 shows the spectrum of the same
signal after the spurs due to the mismatch errors have been
reduced. FIGS. 22,23, and 24 show the convergence of offset,
gain and phase errors using the adaptive algorithms described
above.

Notch Filter and its Usefulness

[0070] It was mentioned earlier that the spur frequencies
for gain and phase appear at +F, +kF /M . If one of the signal
components of F,, is equal to

KF,

oM’

then it is impossible to distinguish between this tone and the
spurs due to gain and phase mismatches. Call such a fre-
quency the gain-phase problem frequency (GPPF). As a con-
sequence GPPF, the algorithms for phase and gain correction
tend to diverge. In order to circumvent the divergence of these
algorithms in the cases where the input spectrum has a GPPF,
a notch filter is introduced at the output of the ADC that will
notch out this frequency. The output from each notch filter can
then used to evaluate offset, gain and phase errors in a way
described above.

[0071] In order to develop the design of a notch filter to
address this problem, first consider M=2. In this case, the
GPPF is at Fs/4. Without any loss of generality, consider the
design of a second-order notch filter that performs the notch
filtering at these frequencies. A digital notch filter can be
realized as

1 19
6@ = 5(1 +A@) )

where A(z) is an all-pass filter. The characteristics of G(z) are
such that)

G(e°)=G(¢™)=1 (20)
G(e")=0

where m, is the angular notch frequency. A second-order
transfer function to effect the all-pass filter is given by

ky + k(1 + k)7t +272 2n

Ag) = 2T TR TR
@ TThd ke th?

where k and k, are multipliers defining the notch parameters.
It can be shown that this choice of all-pass filter allows the
independent tuning of w, and the 3-dB bandwidth according
to

ky = —cos(wg) 22)
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-continued
_ 1-tan(/2) (23)

27 T+an@/2)

where Q is the 3-dB bandwidth. Using Eqns. 19 and 21, one
gets

1 by +k (1 + k)7t 4272 4
G(Z) =5 1 + T4 147 vl it 2

2 T+k (1+k)z !t +hpz?
ik 1424

2 14kl +kp)zt + k22

B L+t 4772
T Tk (I + )zt + k22

where K=(1+k,)/2 is a scaling factor based on the value ofk,.
First consider the case of a notch frequency at Fs/4, ie.
wy=762. It can be seen from Eqn. 22, that multiplier k,=0.
Having eliminated the need for a multiplier, Eqn. 24 can be
written as

Glore K 14772 (25)
(2) = Toh?
=H(Z")
where
Hio = K 147! (26)
@ =K
[0072] From Eqn. 26, the impulse response can be written
as

Kk, =1 27
¢ - ) (ko Yut) @D
2

K
h(n) = Eé(ﬂ) +

[0073] Now write Eqn. 23 in terms of Q. After some
manipulation, one gets

o (l-k 8)
Q = 2tan (m]
[0074] As can be seen from the above equation, the band-

width depends on the value of k,. Thus by appropriately
choosing the value of k, as a Canonic Signed Digit (CSD)
number, the need for a multiplication can be circumvented.
For example, by choosing k,=1-27=0.875, one can obtain a
bandwidth of ©Q=0.0424x. It must be noted that as k,
approaches unity, K approaches unity. Hence, in many appli-
cations, the scale factor K can also be eliminated. Using K=1,
the frequency response of a notch filter G(z) with the above
value of k, is shown in FIG. 25 for w,=m/2.

[0075] For M=2, consider the two-channel interleaved
ADC in conjunction with the notch filter characterized by
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H(z?) from a multi-rate signal processing point of view. FIG.
26(a) shows such a structure where equivalent output from
each ADC is the output from a 2x decimator 2610. The
commutator action is represented by the 2x interpolators
2620, the delay element 2630 and the adder 2632. The signals
at the output of the adder 2632 and the notch filter 2635
operate at F . By shifting the filter 2635 before the adder 2632,
one gets the structure shown in FIG. 26(5). Finally, by using
a property called Nobel Identity in multi-rate signal process-
ing, one can move the filter 2635, given by H(z), before the
interpolators 2620. Hence, starting with a second-order notch
filter with a notch at w,=m/2, in FIG. 26(c) it has now been
converted to a single pole filter running at Fs/2 rate. It is
interesting to note that H(z) now has a notch at the Nyquist
frequency of each ADC.

[0076] Now consider the case of M=4. The GPPF are at
Fs/8 and 3F /8. In terms of normalized frequency these fre-
quencies are /4 and 37t/4. Consider an 2x upsampled version
of G(z) given by Eqn. 25. One gets

() = K 1+z7* 29
@) =K e

=H(Z")

[0077] The magnitude response of this filter, viz., G(z*) is
shown in FIG. 27. It is evident from the magnitude response
that the notch frequencies are 7t/4 and 37t/4. Again, let us look
at a four-channel ADC from a multi-rate perspective with the
notch filter given by H(z*). FIG. 28(a) shows the four-channel
structure while FIG. 28(5) shows the equivalent structure
modified by the property of the Noble Identity. Again, it can
be seen the H(z) is the basic filter that provides the notch
filtering of all the GPPF.

[0078] Extending this theory to the case of M-channel
interleaved ADC, one can arrive at the structure shown in FIG.
2 wherein each notch filter characterized by Eqn 26 is used.

[0079] A simulation demonstrated the usefulness of the
notch filter in a four-channel time-interleaved ADC. In this
simulation, a two-tone signal was considered, with one tone at
125 MHz, i.e. at Fs/8 where F =1 GHz, and the other at any
arbitrary location. Here the other tone was chosen at 45.123
MHz. FIG. 29 shows the spectrum of the signal with offset,
gain and phase spurs. As can be seen from that figure, for the
input tone at F /8, the gain and phase spur appear at F/8, F /4
and 3F /8. The input tone at 45.123 MHz produces gain and
phase spurs at approximately 205 MHz, 295 MHz and 455
MHz. There is also a tone at 250 MHz due to offset spur. FIG.
30 shows the spectrum after 15000 iterations of the algorithm.
Here the notch filter was not used. As can be seen from the
figure, the offset algorithm performs fairly well and hence the
tone at 250 MHz has been reduced. However, all the other
spurs still exist.

[0080] FIG. 31 shows the spectrum after 15000 iterations
where the notch filter has been used. As can be seen from the
figure, all the spurs have been reduced significantly.

[0081] High sample rate, time interleaved ADCs such as
that described above can find application in many different
types of systems. One such application is the receivers used in
communication systems. Such receivers have historically
used analog tuner devices to demodulate a small portion of
the input signal spectrum down to a low frequency. Relatively
speaking, the tuner output has a low center frequency and low
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total bandwidth, thus allowing a low speed analog-to-digital
converter to be used to digitize the data.

[0082] Certain popular communication system receivers
such as that used in cable modem and set-top-box systems are
trending toward processing more channels to provide faster
broadband access and more video services to the home. One
alternative to having a tuner for each channel is to digitize the
entire bandwidth of the cable system. Once this is achieved,
the number of channels decoded from the spectrum is com-
pletely defined in the digital domain. Thus the incremental
cost for each additional channel is relatively low and should
decrease rapidly over time as digital process technology
advances. Digitizing the entire bandwidth of the cable system
requires a very high sampling rate; therefore, an interleaved
system may provide advantages over other conversion tech-
niques. The increasing need for a wideband spectrum incor-
porating frequency multiplexed signals makes cable and
other communication systems an excellent application of this
invention.

[0083] FIG. 32 shows an example communication device,
such as cable gateway 3100 connected to a cable network
3108, which may be a coaxial, optical fiber, or hybrid fiber/
coaxial cable television (CATV) network. The cable gateway
3100 transmits data to and receives data from customer pre-
mises equipment 3112. Typically, customer premises equip-
ment 112 includes computers, televisions, and telephones.
The cable gateway 100 disclosed herein can be configured to
operate according to any suitable specification for transmit-
ting and receiving data, including but not limited to DOCSIS
3.0, Comcast RNG, SCTE 40, T3/S10 ATSC, or OpenCable
specifications. Certain specifications require cable modems
and cable gateways to tune multiple channels at the same time
for receiving television, voice, and data signals. (For
example, DOCSIS 3.0 specifies the ability to independently
tune at least four channels.) The ability to tune multiple chan-
nels is also necessary to watch different television channels
on different televisions.

[0084] Unlike conventional cable gateways, the cable gate-
way 3100 shown in FIG. 32 uses a wideband, multi-channel,
time-interleaved, analog-to-digital converter (MCTIADC)
3206 to digitize signals received from the cable network
3108. The output from the wideband ADC 3206 can be tuned
digitally, rather than with analog tuners, resulting in lower
power consumption compared to alternative methods. More
particularly, in the example cable gateway 3100, signals
transmitted to and from the cable network 3108 are coupled
via a diplexer 3202, which separates downstream signals
3220 from upstream signals 3222. In general, CATV net-
works are asymmetric networks: the bandwidth dedicated to
the downstream signals 3220 is greater than the bandwidth
dedicated to the upstream signals 3222.

[0085] The diplexer 3202 directs downstream traffic to a
variable-gain amplifier (VGA) 3204, which amplifies the
received signal before transmitting it through a filter 3205 to
a wideband time-interleaved ADC 3206. The time-inter-
leaved ADC 3206 digitizes the received signal, then passes
the digitized downstream signals 3240 to a digital tuner and
quadrature-amplitude-modulation (QAM) or other type
demodulator 3208. (Alternative embodiments may use other
suitable modulation schemes.) In some embodiments, the
digital tuner and QAM demodulator 3208 tunes and demodu-
lates the amplified, filtered, and digitized downstream signals
3240 in accordance with either 64-QAM or 256-QAM tech-
niques to recover the underlying information.
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[0086] While this invention has been particularly shown
and described with references to example embodiments
thereof, it will be understood by those skilled in the art that
various changes in form and details may be made therein
without departing from the scope of the invention encom-
passed by the appended claims.

What is claimed is:

1. An apparatus comprising:

a clock signal generator, for generating a plurality, M, of

clock signals at a frequency f and a period T; each of the
M clock signals having a different one of a selected
plurality, M, of clock phases

a plurality, M, of Analog to Digital Converters (ADCs)

coupled to the clock signal generator, the ADCs for
converting an input signal to a set of ADC outputs as M
digital values in response to a respective one of the M
clock signals, each of the ADCs having an offset correc-
tion input, a gain correction input, and a phase correction
input;

an adaptive processor, coupled to receive the M digital

values, the adaptive processor estimating one or more

correction signals for at least one of offset, gain, and

phase error in at least one of the MADCs, the adaptive

processor determining the correction signals by:

determining M accumulated values, X, fork=1to M, by
individual accumulation of the M digital values over a
predetermined number of ADC output samples;

determining a reference value, X,,,.,,, from a combina-
tion of the M accumulated values;

providing an adjusted set of set of digital values, E%**%k,
fork=1 to M, from the M accumulated values, X, and
the reference value X,,. ..,

from the adjusted set of digital values, determining at
least one of an offset, gain and phase correction value
corresponding to one or more estimated correction
signals to be applied to correct at least one of offset,
gain, and phase error of at least one of the ADCs;

the estimated correction signals connected to at least one
of the offset, gain, and/or correction inputs of the
ADCs; and

a multiplexer, for interleaving the M digital values out-
putby the ADCs to form a digital representation of the
input signal.

2. The apparatus of claim 1 additionally comprising: one or
more notch filters, coupled to the ADCs, to filter spur fre-
quency content in the M digital values resulting from at least
one of the gain or phase error.

3. The apparatus of claim 1 wherein the adaptive processor
further determines the offset correction values by determin-
ing an accumulated offset for each of the plurality, M, of
ADCs.

4. The apparatus of claim 1 wherein the adaptive processor
further determines the gain correction value by determining
an accumulated gain error for each of the plurality, M., of
ADCs.

5. The apparatus of claim 1 wherein the adaptive processor
further determines the phase correction value by determining
an accumulated phase error for each of the plurality of ADCs.

6. The apparatus of claim 1 wherein the adaptive processor
sequentially determines the offset, gain, and phase correction
values.

7. The apparatus of claim 1 further including a plurality of
digital-to-analog converters (DACs), where each DAC con-
verts at least one of an offset, gain, or phase correction value
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to an analog signal input to at least one of the offset, gain, or
phase inputs to the plurality, M, of ADCs.

8. The apparatus of claim 1 further including additional
adaptive processors, the adaptive processors configured to
process offset, gain, and phase correction values in parallel.

9. The apparatus of claim 1 wherein the adaptive processor
further determines the offset correction value and further
comprising:

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

a multiplier for multiplying the output of the signum block

by an step size;

a feedback loop for summing and delaying an output of the

multiplier;

a rounding block for rounding an output of the feedback

loop; and

an offset biasing block for biasing the output of the round-

ing block by an offset bias amount.

10. The apparatus of claim 1 wherein the adaptive proces-
sor further determines the gain correction value and further
comprises:

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

amultiplier for multiplying the output of the signum block

by an gain step size;

afeedback loop for summing and delaying an output of the

multiplier;

a rounding block for rounding an output of the feedback

loop; and

a gain biasing block for biasing the output of the rounding

block by a gain bias amount.

11. The apparatus of claim 1 wherein the adaptive proces-
sor further determines the phase correction value and further
comprises:

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

a multiplier for multiplying the output of the signum block

by a phase step size;

afeedback loop for summing and delaying an output of the

multiplier;

a rounding block for rounding an output of the feedback

loop; and

a phase biasing block for biasing the output of the phase

rounding block by a phase bias amount.

12. The apparatus of claim 1 additionally comprising:

a receiver, for receiving the input signal from a communi-

cation system.

13. The apparatus of claim 1 additionally comprising:

a diplexer, coupled to receive a cable signal from a cable

network, and to provide a received cable signal,
avariable gain amplifier, for amplifying the received cable
signal and to provide an amplified cable signal; and

a filter, connected to filter the amplified cable signal to

provide the input signal to the plurality, M, of ADCs.
14. A method comprising the steps of:
generating a plurality, M, of clock signals at a frequency {
and a period T; each of the M clock signals having a
different one of a selected plurality, M, of clock phases;

converting an input analog signal to M digital signals viaM
individual ADC operations, to generate a set of ADC
outputs as M digital values each in response to a respec-
tive one of the M clock signals, each of the M ADC
operations having an offset correction input, a gain cor-
rection input, and a phase correction input;

estimating one or more correction signals for at least one of

offset, gain, and phase error in at least one of the MADC
operations, via the further steps of:
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determining M accumulated values, Xk, for k=1 to M,
by individual accumulation of the M digital values
over a predetermined number of ADC operation out-
put samples;

determining a reference value, Xmean, from a combina-
tion of the M accumulated values;

providing an adjusted set of set of digital values, Eoff-
setk, for k=1 to M, from the M accumulated values,
Xk, and the reference value Xmean;

from the adjusted set of digital values, determining at
least one of an offset, gain and phase correction value
corresponding to one or more estimated correction
signals to be applied to correct at least one of offset,
gain, and phase error of at least one of the ADC
operations;

coupling the estimated correction signals to at least one
of the offset, gain, and/or correction inputs of the
individual ADC operations; and

interleaving the M digital values output by the ADCs to
form a digital representation of the input signal.

15. The method of claim 14 additionally comprising:

applying one or more notch filter operations to the outputs

of the ADCs, to filter spur frequency content in the M

digital values resulting from at least one of the gain or

phase error.

16. The method of claim 14 further comprising:

determining the offset correction values by determining an
accumulated offset for each of the plurality, M, of ADCs.

17. The method of claim 14 further comprising:

determining the gain correction value by determining an
accumulated gain error for each of the plurality of

ADCs.

18. The method of claim 14 further comprising:

determining the phase correction value by determining an
accumulated phase error for each of the plurality of

ADCs.

19. The method of claim 14 further comprising;

sequentially determining the offset, gain, and phase cor-
rection values.

20. The method of claim 14 further comprising:

Digital to Analog converting at least one of an offset, gain,
or phase correction value to one or more analog input
signals; and

coupling the analog input signals to at least one of the
offset, gain, or phase inputs of the plurality, M, of ADCs.

21. The method of claim 14 further comprising:

processing the offset, gain, and phase correction values in
parallel.

22. The method of claim 14 further comprising:

determining a sign of the offset error;

multiplying the output of the signum block by an step size;

summing and delaying an output of the multiplier;

rounding an output of the feedback loop; and

biasing the output of the rounding block by an offset bias
amount.

23. The method of claim 14 further comprising:

determining a sign of the gain error;

multiplying the output of the signum block by an gain step
size;

summing and delaying an output of the multiplier;

rounding an output of the feedback loop; and

biasing the output of the rounding block by a gain bias
amount.
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24. The method of claim 14 further comprising:

determining a sign of the phase error;

multiplying the output of the signum block by a phase step
size;

summing and delaying an output of the multiplier;

rounding an output of the feedback loop; and

biasing the output of the phase rounding block by a phase
bias amount.

25. The method of claim 14 additionally comprising:

receiving the input signal from a communication system.
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26. The method of claim 14 additionally comprising:

receiving a cable signal from a cable network, to provide a
received cable signal;

amplifying the received cable signal to provide an ampli-
fied cable signal; and

filtering the amplified cable signal to provide the input
signal to the plurality, M, of ADCs.

* ok ok sk 3k
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