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METHOD FOR CORRECTING PERIODIC
SAMPLING ERRORS

TECHNICAL FIELD

[0001] The present application is generally directed to
interleaved analog-to-digital converters (ADCs) and concat-
cnated digital-to-analog converters (DACs).

BACKGROUND

[0002] In many applications, it is desirable to sample
signals at a rate that 1s higher than possible using a single
analog-to-digital converter (ADC). In such applications,
multiple ("N”) ADCs may be employed and operated at
1/N  of the desired sampling rate. Also, a timing offset is
applied between the sampling of each ADC which ideally 1s
the desired sampling period T_. The operation of multiple
ADC's 1n this manner approximates the operation of a single
ADC operating at the higher sampling rate. This method 1s
commonly referred to as interleaved sampling. A similar
technique can be applied to digital-to-analog converters
(DACs) where multiple slower DACs are concatenated to
ellect a single higher speed DAC.

[0003] In practice, errors exist in the timing offsets
between sampling by the discrete ADCs. Specifically, the
time between sampling from adjacent ADCs differs slightly
from the desired sampling period Tg. Also, the gain of the
multiple ADCs typically varies slightly. The timing errors
and the gain errors degrade the reconstructed output signal.
Because the timing errors and gain errors are associated with
specific discrete ADCs, the timing and gain errors are
periodic with a period of N samples. Similar time and gain
errors are typically experienced by concatenated DAC:s.

[0004] Known interleaved sampling devices employ ana-
log trims. The analog trims are used to apply a delay and/or
loss of a predetermined amount to the signal before sam-
pling by a respective ADC to compensate for timing and/or
gain errors.

SUMMARY

[0005] Some representative embodiments are directed to
systems and methods for correcting timing errors and gain
errors of an interleaved ADC 1n the digital domain. The
application of the correction 1n the digital domain enables
analog trims to be omitted or, alternatively, enables the
precision of analog trims to be lessened.

[0006] In one representative embodiment, relative level
factors are determined for each discrete ADC of an inter-
leaved ADC. The scaling factors are calculated to equalize
the gain across the respective ADCs. Also, the delay asso-
ciated with each discrete ADC of the mterleaved ADC 1s
determined. The scaling factors and delay values are stored
in memory. As a digital sample from the iterleaved ADC 1s
received, a respective amplitude scaling factor 1s retrieved
from memory and applied to the digital sample. Preferably,
a first order correction i1s then applied to the amplitude
corrected-sample. The first order correction estimates the
derivative using the current amplitude corrected sample and
at least one additional amplitude corrected sample. The
derivative 1s multiplied by an estimate of the respective
timing delay associated with the particular sample. The
corrected amplitude value 1s added to the multiple of the
derivative and the timing delay to form the fully corrected
digital sample.
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[0007] In another representative embodiment, error cor-
rection 1s applied to a concatenated DAC 1n the digital
domain before digital data 1s provided to the DAC. Specifi-
cally, during preprocessing of the digital data, the digital
data 1s scaled using relative level factors. Additionally,
timing errors are multiplied by a derivative estimate and the
multiplied values are applied to correct the timing errors of
the concatenated DAC.

BRIEF DESCRIPTION OF THE DRAWINGS

[0008] KFIG. 1 depicts an interleaved ADC and error

correction logic according to one representative embodi-
ment.

[0009] FIG. 2 depicts another interleaved ADC and error

correction logic according to one representative embodi-
ment.

[0010] FIG. 3 depicts another interleaved ADC and error

correction logic according to one representative embodi-
ment.

[0011] FIG. 4 depicts a concatenated DAC and error

correction logic according to one representative embodi-
ment.

DETAILED DESCRIPTION

[0012] Some representative embodiments are directed to
systems and methods for correcting amplitude errors and
timing errors associated with mterleaved ADCs. A number
of techniques may be applied to determine the amplitude and
timing errors associated with an interleaved ADC. For
example, application of a DC signal to an interleaved ADC
may be used to determine the amplitude errors. A periodic
signal (e.g., a single frequency sinusoidal signal) may be
applied to the interleaved ADC. Samples of the periodic
signal may be scaled using the previously determined ampli-
tude errors. Then, a respective discrete ADC may be arbi-
trarily selected to serve as the timing reference (e.g., the
selected ADC 1s defined to possess zero timing error). The
samples obtained from the other discrete ADCs may then be
compared to numerically calculated values that are expected
given the sample value of the reference ADC and the
characteristics of the stimulus waveform. The comparison
cnables the timing errors to be calculated. Heremafter,
further discussion shall assume that the amplitude and

timing errors associated with each discrete ADC of the
interleaved device are known.

[0013] A sampled signal with periodic sampling errors
may be modeled as follows:

z 11=A11 mod(N )X (H I sTY¥n mod(N )) ”

where z, represents the value of the n™ sample subject to
amplitude and timing errors by an interleaved ADC having
N discrete ADCs, x( ) 1s a continuous time domain function
representing the signal being sampled, T 1s the sampling
rate ot the interleaved ADC, A 4 represents the gain
applied by the interleaved ADC to the n™ sample, and v,
mod(N) represents the timing error applied to the n™ sample
by the interleaved ADC.

[0014] There are N amplitude terms (A.) that represent the
gain (1ncluding the amplitude error) provided by the respec-
tive discrete ADCs of the interleaved ADC. Also, there are
N timing error terms (y;) that represent the respective timing,
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deviations from the ideal sampling times (integer multiples
of T.). The N amplitude and timing terms are applied
periodically to the samples by the n mod(IN) operation.

[0015] Let A be the nominal gain. The error signal is
then given by:

€n = Anom-x(nTs) — Ins

= A”DmX(ﬂTs)Anmﬂd{N}x(ﬂTs + ¥n mﬂd(N})’

— Anﬂm (X(HTS) — (Anmﬂd{N}/Anﬂm)(x(nTs + ynmod{N}))-

[0016] The mis-timed sample may be approximated by a
first-order Taylor series expansion as follows:

.I(H T3+y11 m:::d(N))='x(H TS)+y1] mﬂd(N)‘x ,(H Ts)?

where x'( ) represents the derivative of x( ). Substituting the
approximation into the error equation yields:

En = Anﬂm{(x(nTs) - (An mod (V) /Anﬂm)(x(nTs) + yﬂmﬂd(N}x; (HTS))}

— Anﬂm-x(nTs)(l - (An modiN) /AHDPH)) - Aﬂﬂ."ﬂyﬂmﬂd(ﬁv‘r}x; (H’Ts)-

[0017] The term 1-(A, o qm/Anom) represents the nor-
malized error due to the amplitude variation. The amplitude
errors between the discrete ADCs of the interleaved ADC
can be corrected by multiplying the output samples by the N
circulating corrective gain factors (A, g/ Anom)- From
this point, 1t shall be assumed that the sample values are
scaled to address the amplitude errors associated with the
discrete ADCs of the iterleaved device.

[0018] If amplitude correction is applied, the error equa-
tion sumplifies to:

€n=— (An mc:d(N))(xl (H TS)) .

[0019] By estimating this factor and subtracting the esti-
mate from the amplitude corrected samples, the effects of the
sampling time errors can be substantially mitigated.

[0020] A number of techniques may be used to estimate
the dertvate ol a wavelorm using multiple samples of the
wavelorm. Some techniques require more samples and
involve greater complexity. Other techniques only use the
difference between the current and the immediately preced-
ing sample. One such technique 1s given by:

‘x:?,gr (HT.S) — (Zn - Zn—l)/(nTs + Ynmod(N)y — (H - I)Ts — y(n—l}m.ﬂd(N})a

= (Zn — Zn=1)/ (Ts + YnmodiN) — Yin—1)mod(N))-

10021] Under the assumption that the timing errors are
relatively small as compared to the sampling period (T.), a
turther simplification can be made as follows:

x,E.ST(HTS)=(ZH_ZH—l)/(TS)'

[10022] In practice, this calculation may be included in the
required multiplication of the derivative estimate by the
sample time error value. One consequence of this technique
1s that the calculation 1s a better estimate of the derivative at
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the midpoint between the two samples as opposed to the
location of the sample of interest.

[0023] Another estimator that avoids this consequence is
given by:

4

X )=(z,—z, 1)/ (2T sTVm+ 1) mod™)s™Vin—1) mod (N))-

10024] The spectral accuracy of this estimator degrades
more quickly with signal BW than the prior estimator and an
additional sample of latency 1s imposed. Generally, such
latency 1s of relatively small importance. Other techniques
may employ interpolative filters to estimate the signal at two
closely spaced points (as well as apply any a prior1 knowl-
edge of the signal BW to filter extraneous noise) to improve
the accuracy of the derivative estimate.

[0025] If the sampling errors are expressed in fractions of
a sample period, the computation of the error estimate will
reduce to a simple multiplication. Specifically, the T,
denominator factor will intrinsically cancel.

[10026] Referring now to the drawings, FIG. 1 depicts
interleaved ADC 100 and error correcting logic 150 accord-
ing to one representative embodiment. Interleaved ADC 100
includes N discrete ADCs (not shown). The raw samples
from 1nterleaved ADC 100 are post-processed by error
correcting logic 150 to compensate for gain errors and
timing errors associated with the N discrete ADCs.

[0027] As the digital samples are received by correcting
logic 150 the samples are scaled by multiplier 151. Specifi-
cally, retrieval logic 152 stores the amplitude correction
factors (A;). As each clock tick 1s applied to correcting logic
150, retrieval logic 152 retrieves a successive correction
factor from memory 1n a circular manner. The retrieved
correction factor 1s provided to multiplier 151 to scale the
raw samples.

[0028] The amplitude corrected samples are provided to
derivative estimator 153 that estimates the derivative of the
sampled wavetform. As each clock tick 1s applied, retrieval
logic 155 retrieves a successive timing error value from
memory 1n a circular manner. The denvative estimate 1s
scaled by the timing error value. Delay element 156 delays
the amplitude corrected samples by the amount of latency
associated with dernivative estimator 153. The multiple of the
derivative estimate and the timing error value 1s added to the
delayed amplitude sample by adder 157.

[10029] Some embodiments may vary from the description
of error correcting logic 150. For example, delay 156 may be
replaced by a filter with delay K samples that might be
otherwise desirable for subsequent processing for purposes
other than error correction. Additionally, the delay K can be
a non-integer value thereby enabling the use of derivative
estimators that possess non-integer delay. Also, as previ-
ously mentioned, the correction of timing errors 1n correct-
ing logic 150 occurs using a first order Taylor series approxi-
mation. Higher orders could be applied. However, it 1s
believed that the complexity of such higher order embodi-
ments outweigh any potential higher degree of accuracy
associated with such orders.

[0030] One common application of ADCs 1s “intermediate
frequency (IF) sampling.” In IF sampling applications, the
signal of interest 1s a bandpass process centered at an IF
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frequency. The maximum signal bandwidth 1s achieved for
IF center frequencies given by the equation:

Frpe=F.(2M-1)/4,

where M 1s an integer and F_ 1s the sampling frequency.
When M equals one, the maximum signal bandwidth 1is
defined by the classic Nyquist theorem. When M 1s greater
than one, the maximum signal bandwidth relies upon the
“super Nyquist” sampling theorem.

[0031] IF signals can be represented as the real part of a
product of a translating exponential and a complex baseband
signal. Specifically, any bandpass signal provided to the
ADC as an mput signal can be modeled as:

x(t)=Relz(t)e V],

where o 1s the IF frequency, m 1s the phase of the translating
signal, and z(t) 1s the complex baseband signal. The trans-
lating frequency need not be precisely centered subject to
some limitations to prevent aliasing. However, if the fre-
quency 1s chosen to be at the “center” of the bandpass
modulation, the bandwidth of the resulting baseband signal
z(t) will be mmimized. This 1s a generally desirable char-
acteristic for the estimation of the derivative of the baseband
signal.

[0032] The derivative of the representation of the band-
pass signal 1s given by:

x'(O)=Re{[z(D+joz(r)]e 1,

[0033] The derivative can then be expressed in terms of
the baseband signal, its derivative, and a complex exponen-
tial. A significant component of the derivative 1s driven by
the magmtude of the center frequency as evidenced by the
“10z(t)” term. Accordingly, 1n one representative embodi-
ment, the correction of amplitude errors and timing errors in
samples from an interleaved ADC accounts for the compo-
nent of the derivative that results from the center frequency
of the bandpass signal.

10034] FIG. 2 depicts interleaved ADC 100 and correcting

logic 200 that 1s adapted to process IF signals. Specifically,
the configuration of correcting logic 200 generates more
accurate correction of the interleaved samples of IF signals,
because derivative estimator 153 operates at baseband.

10035] Correcting logic 200 is substantially similar to
correcting logic 150 of FIG. 1. Specifically, amplitude
correction 1s performed by retrieval logic 152 and multiplier
151. Likewise, retrieval logic 155, multiplier 154, and adder
157 add a correction to the amplitude corrected samples to

compensate for the timing errors associated with interleaved
ADC 100.

10036] Correcting logic 200 differs from correcting logic
150 by translating the amplitude corrected samples to base-
band belore estimating the derivatives. Specifically, a
respective amplitude corrected sample 1s multiplied by the
appropriate exponential 202 by multiphier 201. Lowpass
filter (LPF) 203 1s used to remove the conjugate frequency
image associated with translating a real signal. Derivative
estimator 153 calculates the derivative of the baseband
signal. Multiplier 206 multiplies the amplitude corrected
signal by the appropriate factor (jw) 204 to form the portion
of the derivative associated with the translation exponential.

10037] The outputs of multiplier 206 and derivative esti-
mator 153 are summed by adder 207. The output of adder
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207 represents the two components (z'(1)+jwz(t)) of the
derivative representation of the bandpass signal. Conjugate
logic 210 generates the conjugate of exponential 202 and 1s
provided to multiplier 211 to perform a translation back to
the IF frequency. The real portion of the output of multiplier
211 1s obtained by logic 212 and provided to multiplier 154
for calculation of the timing error correction.

[0038] Delay elements 205, 208, 209, 213, and 214 are

used to maintain the proper timing between the various logic
clements. The “L”” sample delay matches the low pass filter
delay. The “K” sample delay corrects for the derivative
estimation.

[0039] In another embodiment, a further simplification can
be made. Specifically, 1f the sampled signal bandwidth 1s
small and the IF frequency 1s high, the denivative 1s domi-
nated by the jwz(t) term. If this 1s the case, the denvative
might be approximated by:

x'(t)=Re{jmz(t)e @t

thereby eliminating the estimate of the derivative of z(t)
altogether. Analysis of an application 1s warranted to deter-
mined 11 the degradation associated with the simplification 1s
acceptable for the respective application.

[0040] Other simplifications are possible. For example, if
the signal spectrum 1s approximately centered at one of the
cardinal IF frequenceies (F_(2M-1)/4) and the phase 1is
selected as zero, the complex translation of frequencies
reduces to a multiplication of factors that only include =1
and 0. For example, if M equals 1, the complex down
conversion causes the mput signal to be successively mul-
tiplied by 1, 0, -1, and 0 1n a repeated manner. Other values
of M vield similar four sample sequences. Even 1f the signal
1s not centered at one of the cardinal frequencies, an appro-
priate choice of the translation frequency can result in
simplifications. For example, 11 the signal center 1s near

3F /8, the use of 3F /8 for the translation frequency results
in the use of the factors 0, 1, and £(SQRT(2))/2.

[0041] Many applications involve a translation of samples
to baseband for subsequent processing. Accordingly, in
another representative embodiment, correcting logic 300
omits translation back to the IF frequency as shown 1n FIG.
3. In such embodiments, the numerically controlled oscil-
lator (NCO) and LPF that would be otherwise used for other
processing 1s replaced by the NCO (not shown) use to
generate jm signal 204 and LPF 203.

[10042] FIG. 4 depicts concatenated DAC 400 and error
correction logic 450 according to one representative
embodiment. Error correction logic 450 operates 1n substan-
tially the same manner as error correction for an interleaved
ADC. A first order correction 1s preferably applied using
timing errors 452. Additionally, scaling factors 451 are
preferably applied 1n a circular manner to achieve a uniform
gain across the discrete DACs of concatenated DAC 400.

1. A system comprising:

a first memory for storing values that represent errors
associated with respective sampling timing offsets of an
interleaved analog-to-digital converter (ADC);

a dertvative estimator logic for generating a value that 1s
indicative of a derivative of an input signal using digital
samples from said interleaved ADC;
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a first logic for successively retrieving values from said
first memory 1n a circular manner;

a first multiplier for multiplying derivative estimate val-
ues by respective values from said first logic for
successively retrieving; and

an adder for providing timing error compensation to

digital samples using values from said first multiplier.
2. The system of claim 1 further comprising:

a second memory for storing values that are indicative of
amplitude errors associated with respective discrete

ADCs of said interleaved ADC;

a second logic for successively retrieving values from said
second memory in a circular manner; and

a second multiplier for multiplying digital samples by
respective values from said second logic for succes-
sively retrieving to equalize gain across ADCs of said
interleaved ADC, wherein said second multiplier oper-
ates before said first multiplier.

3. The system of claim 1 further comprising:

a down-converting logic for down-converting digital
samples, wherein said down-converting operates
betfore said derivative estimator logic.

4. The system of claim 3 further comprising:

a second multiplier for multiplying down-converted digi-

tal samples by a value related to a down-conversion
frequency; and

a second adder for adding output values of said dernivative
estimator logic with output values of said second
multiplier before operation of said adder.

5. The system of claim 3 further comprising:

up-converting logic for up-converting output values from
said derivative estimator logic before operation of said
first multiplier.

6. The system of claim 1 wherein values stored 1n said first
memory represent timing errors as a fraction of a sampling,
period of said interleaved ADC.

7. The system of claim 1 wherein said derivative estimator
logic calculates a difference between a current digital sample
and an immediately preceding digital sample.

8. The system of claim 1 wherein said derivative estimator
logic multiplies a current digital sample by a value that 1s
indicative of an intermediate frequency (IF) of said mput
signal.

9. A method comprising:

receiving digital samples of a signal from an interleaved
analog-to-digital (ADC) converter,

calculating estimates of a derivate of said signal using
said digital samples;

retrieving values that are related to timing errors of
respective discrete ADCs of said interleaved ADC;

multiplying said estimates by said retrieved values to
generate timing correction values; and

modilying said digital samples using said timing correc-
tion values.
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10. The method of claim 9 further comprising:

providing said modified digital samples to said inter-
leaved ADC.
11. The method of claim 9 further comprising:

retrieving scaling values that are related to amplitude

errors of respective discrete ADCs of said interleaved
ADC; and

multiplying said digital samples by said scaling values.
12. The method of claim 9 further comprising:

down-converting digital samples before performing said
calculating.
13. The method of claim 12 wherein said calculating
COmMprises:

multiplying down-converted digital samples by a value

related to a down-conversion frequency.
14. The method of claim 12 further comprising:

up-converting said estimates before performing said mul-

tiplying.

15. The method of claim 9 wherein said values represent
timing errors as a fraction of a sampling period of said
interleaved ADC.

16. The method of claim 9 wheremn said method 1s
performed 1n circuitry in real time as digital samples are
generated by said interleaved ADC converter.

17. A system comprising;:

a first memory for storing values that represent errors
associated with timing offsets of a concatenated digital-
to-analog converter (DAC);

a dernivative estimator logic for generating derivative
values;

a first logic for successively retrieving values from said
first memory 1n a circular manner;

a first multipher for multiplying derivative estimate val-
ues by respective values from said first logic for
successively retrieving; and

an adder for applying timing error compensation to digital
values provided to said concatenated DAC using output
values from said first multiplier.

18. The system of claim 17 further comprising:

a second memory for storing values that represent ampli-
tude errors associated with said concatenated DAC:;

a second logic for successively retrieving values from said
second memory in a circular manner; and

a second multiplier for multiplying digital values for
provision to said concatenated DAC by said respective
values retrieved by said second logic.

19. The system of claim 17 wherein values stored 1n said

first memory represent timing errors as a fraction of a period
of said concatenated DAC.

20. The system of claim 17 wherein said derivative
estimator logic generates a derivative value using a current
digital value and at least one other digital value.
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