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ADAPTIVELY CALIBRATING 
ANALOG-TO-DIGITAL CONVERSION 

BACKGROUND OF THE INVENTION 

[0001] 1. Technical Field of the Invention 

[0002] The present invention relates in general to the ?eld 
of analog-to-digital converters (ADCs), and in particular by 
Way of example but not limitation, to digital calibration of 
ADCs in Which the calibration may be accomplished adap 
tively With dynamic estimation of reference signals that have 
unknown parameters. 

[0003] 2. Description of Related Art 

[0004] The natural World operates in an analog domain, 
but information signals (voice, data, etc.) may frequently be 
processed, transmitted, or otherWise manipulated more effi 
ciently in the digital domain. The conversion from the 
analog domain to the digital domain is accomplished With 
ADCs. An ADC receives as input an analog signal and 
produces as output a digital signal. HoWever, some infor 
mation present in the analog signal is necessarily lost during 
the conversion process even if an ADC is operating in an 
ideal manner. Unfortunately, real-World ADCs do not oper 
ate in an ideal manner. Consequently, the digital output of a 
real-World ADC does not track the analog input even as 
accurately an ideal ADC. 

[0005] It is therefore bene?cial to make and/or tune real 
World ADCs to approximate ideal ADCs. Techniques have 
been developed to calibrate real-World ADCs so as to 
modify their performance to emulate ideal ADCs as closely 
as possible. For example, ADCs are traditionally calibrated 
using high precision digital voltmeters to characteriZe the 
errors that result from digitiZing static or sloWly varying 
analog reference voltages. The outcome from this static 
testing forms the basis for a hardWare or softWare imple 
mented calibration scheme. Another method of conventional 
ADC calibration is the use of a sinusoidal reference signal. 
The reference is sampled, and estimations of the ideal 
sample values are calculated. These estimations are calcu 
lated using a minimum squared error criterion that requires 
knoWledge of the frequency of the calibration signal. The 
errors (i.e., the difference betWeen the estimated values and 
the actual sampled values output by the ADC being cali 
brated) are then used to build a correction table. The 
correction table may subsequently be used to modify 
sampled values of actual (e.g., non-calibration, functional, 
etc.) analog input signals. 
[0006] Ef?cient calibration schemes require that the ref 
erence signal be dynamically estimated on a sample-by 
sample basis during the ADC calibration period(s). No 
method previously existed for dynamic estimation of a 
reference signal (e.g., a calibration signal) With one or more 
unknoWn parameters (e.g., frequency, phase, etc.) during an 
ADC calibration. The pre-existing calibration procedures 
relied on accurate and costly signal generators and/or precise 
and expensive measuring components. 

[0007] HoWever, the parent application (U.S. Ser. No. 
09/196,811, now US. Pat. No. 6,127,955) addressed these 
de?ciencies of pre-existing calibration procedures by 
dynamically estimating a reference signal having one or 
more unknoWn parameters. Nevertheless, the invention of 
the parent application Was primarily directed, With respect to 
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frequency estimation, to the problem of calibrating ADCs 
that operate in a narroW frequency band. Since the linearity 
errors in general are frequency dependent, correction tables 
in accordance With the invention of the parent application 
are primarily useful for frequencies near the calibration 
frequency. The invention of the parent application does not 
therefore address the problem of Wide-band calibration of 
ADCs. Consequently, implementations in accordance With 
the invention of the parent application do not optimally 
calibrate ADCs that are to be operated in a broad frequency 
band. 

SUMMARY OF THE INVENTION 

[0008] The de?ciencies of the prior art are overcome by 
the method, arrangement, and system of the present inven 
tion. To Wit, the present invention is directed to a method, 
arrangement, and system for enabling adaptive calibration of 
an analog-to-digital converter (ADC) from reference signals 
With unknoWn parameter(s). For example, a reference signal 
having at least one unknoWn parameter that varies may be 
advantageously employed in order to calibrate an ADC over 
Wide ranges of the unknoWn parameter(s) (e.g., over a Wide 
frequency range). 
[0009] In certain embodiments, an analog reference signal 
s(t) is supplied to an ADC to be calibrated. The output x(n) 
of the ADC is used by a, e.g., sine-Wave reconstruction ?lter 
to reconstruct an estimate s(n) of the sampled instances of 
the signal s(t). A recursive frequency estimator Within the 
sine-Wave reconstruction ?lter produces a frequency esti 
mate of the analog reference signal s(t) from the signal x(n) 
. An adaptive reconstruction ?lter uses this frequency esti 
mate and the signal x(n) to produce the estimate When 
a convergence detector determines that the adaptive recon 
struction ?lter has converged, the estimate s(n) is used to 
alter values that are stored in a correction table. During 
functional operation of the ADC, the correction table is used 
to correct the output values of the ADC. 

[0010] The above-described and other features of the 
present invention are explained in detail hereinafter With 
reference to the illustrative examples shoWn in the accom 
panying draWings. Those skilled in the art Will appreciate 
that the described embodiments are provided for purposes of 
illustration and understanding and that numerous equivalent 
embodiments are contemplated herein. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0011] A more complete understanding of the method, 
arrangement, and system of the present invention may be 
had by reference to the folloWing detailed description When 
taken in conjunction With the accompanying draWings 
Wherein: 

[0012] FIG. 1 illustrates an exemplary ADC environment 
in Which the present invention may be advantageously 
implemented; 
[0013] FIG. 2A illustrates an exemplary analog input 
signal versus digital output signal graph of an ideal ADC; 

[0014] FIG. 2B illustrates an exemplary analog input 
signal versus digital output signal graph of a practical ADC; 

[0015] FIG. 3A illustrates an exemplary application of 
calibration in accordance With the present invention; 
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[0016] FIG. 3B illustrates another exemplary application 
of calibration in accordance With the present invention; 

[0017] FIG. 4A illustrates an exemplary ADC and an 
associated calibrator With selected signals denoted in accor 
dance With the present invention; 

[0018] FIG. 4B illustrates exemplary details of one 
embodiment of calibration logic in accordance primarily 
With the invention of the parent application; 

[0019] FIG. 4C illustrates exemplary details of another 
embodiment of calibration logic in accordance primarily 
With the invention of the parent application; 

[0020] FIG. 5 illustrates a method in ?oWchart form for 
calibrating an ADC in accordance With the invention of the 
parent application; 

[0021] FIG. 6A illustrates exemplary details of one 
embodiment of calibration logic in accordance With the 
present invention; 

[0022] FIG. 6B illustrates exemplary details of one 
embodiment of correction logic in accordance With the 
present invention; 

[0023] FIG. 7 illustrates an exemplary embodiment of an 
adaptive reconstruction ?lter in accordance With the present 
invention; 
[0024] FIG. 8 illustrates an exemplary method in ?oW 
chart form for use in an ADC calibration procedure in 
accordance With the present invention; and 

[0025] FIGS. 9A and 9B illustrate exemplary corrected 
and uncorrected performance characteristics in graphical 
form in accordance With the present invention. 

DETAILED DESCRIPTION OF THE DRAWINGS 

[0026] A preferred embodiment of the present invention 
and its advantages are best understood by referring to FIGS. 
1-9B of the draWings, like numerals being used for like and 
corresponding parts of the various draWings. 

[0027] Referring noW to FIG. 1, an exemplary ADC 
environment in Which the present invention may be advan 
tageously implemented is illustrated. An ADC 105 is shoWn 
as part of a telecommunications system environment 100. 
Speci?cally, environment 100 includes a receiver 115 of a 
mobile radio system base station (BS) 110 in communication 
With a telephone sWitching system (SS) 120 (e.g., a node in 
a Wireline system). The receiver 115 provides an analog 
incoming signal (e.g., transmitted from a mobile station 
(MS) (not shoWn) of the mobile radio system) to an analog 
?lter H(s) 125 that limits the bandWidth of the ADC 105 
analog input signal to one Nyquist Zone. The digital output 
signal of the ADC 105 is connected to a digital ?lter H(Z) 
130, Which may further ?lter the incoming signal. The 
output of the digital ?lter H(Z) 130 may be processed further 
and forWarded to the SS 120. 

[0028] The ADC 105 converts a time continuous and 
amplitude continuous signal to a time discrete and amplitude 
discrete signal. The output data rate of the ADC 105 is 
controlled by a sampling clock generator 135 With frequency 
F5, Which is also the data rate of the ADC output. The ADC 
105 may optionally include a sample and hold (S/H) circuit 
(not shoWn in FIG. 1), Which holds an instantaneous value 
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of the (analog ?ltered) analog input signal, Which is received 
from the analog ?lter H(s) 125, at selected instants of time 
so that the ADC 105 may sample them. 

[0029] The ADC 105 quantiZes each sampled analog input 
signal into one of a ?nite number of levels and represents 
(e.g., codes) each level into a bit pattern that is delivered as 
the digital output at the rate of the sampling clock generator 
135. The digital output of the ADC 105 is composed of an 
exemplary number of eight (8) bits. Hence, 256 levels may 
be represented. The telecommunications system environ 
ment 100 Will be used to describe a preferred embodiment 
of the present invention. HoWever, it should be understood 
that the principles of the present invention are applicable to 
other ADC environments, such as video implementations, 
delta modulation, a ?ash ADC, an integrating ADC, pulse 
code modulation (PCM), a sigma-delta ADC, and a succes 
sive approximation ADC. 

[0030] Referring noW to FIG. 2A, an exemplary analog 
input signal versus digital output signal graph of an ideal 
ADC is illustrated. The idealADC graph is shoWn generally 
at 200. The abscissa axis 210 represents the analog input, 
and the ordinate axis 220 represents the level of digital 
output. The dashed diagonal line 230 represents a linear, 
non-quantiZed output response for the analog input signal; it 
is used here as an aiming line for the quantized output. The 
corresponding output of the ideal ADC is represented by the 
stair-stepped line 240. As can be seen, the idealADC digital 
output 240 tracks the analog input 230 as accurately as 
possible With a given number of quantization levels (e.g., 
resolution) and sampling rate. 

[0031] Referring noW to FIG. 2B, an exemplary analog 
input signal versus digital output signal graph of a practical 
ADC is illustrated. The practical ADC graph is shoWn 
generally at 250. The dashed diagonal line 230 is again 
shoWn as an aiming line for ideal mid-step transition of the 
digital output. The corresponding output of the practical 
ADC is represented by the roughly stair-stepped line 260. As 
can be seen, the practical ADC digital output 260 does not 
track the analog input 230 as accurately as does the ideal 
ADC (of FIG. 2A) With the same given number of quanti 
Zation levels and sampling rate. Thus, it can be seen that the 
effective number of bits bEFF of a b-bitADC may differ from 
the actual number of bits (b) due to errors (e.g., offset errors, 
gain errors, and linearity errors). The ADC calibration 
principles of the present invention advantageously amelio 
rate these various error conditions. 

[0032] Application of the ADC calibration principles of 
the present invention and/or invention of the parent appli 
cation provides many advantages over conventional 
approaches. For example, robustness against variations in 
the analog calibration signal is provided. There is no need 
for highly-stable signal generators because the present 
invention and/or invention of the parent application calcu 
lates relevant parametrical information from quantiZed 
samples of the calibration signal utiliZing prior knoWledge 
of the Waveform type. The calibration signal may be gen 
erated by a loW-complexity, loW-precision (but spectrally 
pure) local oscillator included in the system using the ADC 
(e.g., the system may be an integrated circuit (IC), BS, etc.). 
The present invention alloWs for a design using tWo ADCs 
that sWitches betWeen reference and functional input signals, 
Where one ADC is being calibrated While the other is 
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running functionally. Using this solution, the calibrated 
ADC(s) may be sensitive to temperature drift Without requir 
ing the cessation of functional data conversion While imple 
menting repetitive calibration. 

[0033] Another exemplary advantage of the present inven 
tion and/or invention of the parent application is increased 
ef?ciency as compared to conventional solutions. Because 
the ?lter (as explained further beloW) yields a better esti 
mation of the reference signal than prior methods, feWer 
samples of the reference signal are needed for calibration. 
Additionally, the calibration scheme may be fully imple 
mented in softWare. If the system the ADC is connected to 
has suf?cient over?oW capacity, then no additional digital 
signal processing (DSP) resources (e.g., hardWare, process 
ing cycles, etc.) are needed. In principle, the calibration may 
be made transparently during normal operation and delayed 
by only a memory access by utiliZing, for example, a knoWn 
pilot, as explained further beloW. The correction table may 
therefore be trained incrementally With short bursts of 
samples from the pilot tone used as a reference signal, thus 
alloWing for a design using only one ADC, Which is alter 
nately connected to the reference signal and calibrated 
incrementally during knoWn intermissions of the incoming 
functional signal. 

[0034] A pilot is a signal Which stands apart from the 
information portion of the overall signal channel, but is 
carried by the same physical transmission medium. The pilot 
may occupy just one frequency in the utiliZed signal band (a 
so-called pilot tone), and the information may be spread in 
frequency to the side or around the pilot, but not on the same 
frequency as the pilot. A pilot is often used to adjust the 
system to carry the information With as high a quality as 
possible. Because the pilot has Well-knoWn characteristics, it 
may be measured and used to adjust signal level, synchro 
niZe clocks, etc., regardless of the information carried on the 
channel. In accordance With the principles of the present 
invention and/or invention of the parent application, the 
pilot signal, Which may already be present in the relevant 
system for other purposes, may be used as a reference signal 
to calibrate the ADC. 

[0035] A still further advantage provided by application of 
the principles of the present invention and/or invention of 
the parent application is that the calibration scheme adapts 
to the reference signal, requiring knowledge of the Wave 
form type only. This alloWs for both a calibration procedure 
using several different frequencies and a design using an 
extended correction table. The correction table addressing is 
then extended With addresses depending upon the difference 
betWeen the value of the previous sample and that of the 
current sample. This corrects the dynamic aspect of the 
errors in the ADC. Moreover, improvement of the linearity 
may be enhanced still further by preloading the correction 
table and using the output thereof for the calibration scheme. 
Thus, the calibrator becomes a feedback system. The 
improvement is due, at least in part, to the more-accurate 
amplitude estimation of the reference signal. 

[0036] Referring noW to FIG. 3A, an exemplary applica 
tion of calibration in accordance With the present invention 
is illustrated. An ADC 310A and calibrator 340A are shoWn 
generally at 300. The ADC 310A may receive an analog 
functional input signal, and the calibrator 340A produces a 
digital calibrated output signal. The ADC 310A may be, for 
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example, equivalent to the ADC 105 (of FIG. 1), and the 
calibrator 340A may include a correction table 350. When 
the ADC 310A is to be processing an incoming functional 
signal, a sWitch 330A is connected to the functional signal, 
and a sWitch 330B need not be connected to the output of the 
ADC 310A. HoWever, When the functional signal is engaged 
in a knoWn intermission, for example, the sWitch 330A is 
connected to the reference signal, and the sWitch 330B 
connects the output of the ADC 310A to the calibration logic 
(CL) 320. The CL 320 may produce correction table outputs 
for the correction table 350. In this manner, the speed of the 
CL 320 of the present invention enables real-time calibration 
With only a single ADC 310A. It should be understood that 
the sWitch 330B may alternatively be part of the calibrator 
340A. 

[0037] Thus, the sWitch 330A serves to sWitch betWeen the 
functional operating mode and the calibration operating 
mode. The sWitch 330B, on the other hand, also enables a 
feedback system to be activated during calibration. The 
calibration procedure may therefore be accomplished in tWo 
phases. In the ?rst phase, the sWitch 330B is connected to the 
ADC 310A output. When the correction table 350 has been 
trained, the sWitch 330B is connected to the output of the 
correction table 350, Which enables a ?ner tuning of the 
table. The ADC 310A and the calibrator 340A of 300, for 
example, may bene?t from calibration using a pilot tone. For 
example, if there is a pilot tone With an amplitude using most 
of the ADC 310A input range on the functional signal and if 
there exists a knoWn intermission in the information carry 
ing part of the spectrum, then this intermission can be used 
for ADC calibration using the pilot as a calibrating refer 
ence. 

[0038] Referring noW to FIG. 3B, another exemplary 
application of calibration in accordance With the present 
invention is illustrated. The present invention also enables 
real-time calibration With tWo ADCs as shoWn generally at 
360. A reference signal and a functional signal are alter 
nately input to a pair of ADCs 310B and 310C via sWitches 
330C and 330D, respectively. While one is receiving the 
reference signal, the other is receiving and operating on the 
functional signal. ADC 310B and 310C forWard their out 
puts as inputs to calibrators 340B and 340C, respectively. 
SWitch 330E selects, for providing as the calibrated output, 
the forWarded digital signal that corresponds to the analog 
functional input signal. In this manner, calibration may be 
constantly in process, if desired. Advantageously, this tWo 
ADC exemplary application enables, during a normal cali 
bration operation, calibration to account for drift and 
changes during the normal operation. 

[0039] It should be noted that the calibration resources 
may be shared, except for the correction table 350. In other 
Words, a single calibrator 340 may alternatively receive the 
output of the ADCs 310B and 310C (e.g., by means of a 
sWitch) (not shoWn). The three sWitches 330C, 330D, and 
330E may be synchroniZed. The sWitch transition is prefer 
ably a fraction of the sampling period so that functional 
converted data passing through the system is not interrupted. 
In the exemplary application 360, the ADCs 310B and 310C 
preferably do not have an internal delay in order for all the 
sWitches to be in the same phase. This may be solved, 
hoWever, With a delay of the output sWitch 330E (not 
explicitly shoWn). 



US 2001/0010500 A1 

[0040] Referring noW to FIG. 4A, an exemplary ADC and 
an associated calibrator are illustrated With selected signals 
denoted in accordance With the present invention. An exem 
plary ADC 310 and an exemplary calibrator 340 are shoWn 
generally at 400. The analog input signal s(t) (e.g., an 
airborne radio Wave analog voice signal emanating from an 
MS transmitter (not shoWn), received at the receiver 115 (of 
FIG. 1), and frequency doWnconverted and ?ltered inside 
the BS 110) is supplied to the ADC 310. The ADC 310 may 
correspond to, for example, the ADC 105 of the BS 110 (of 
FIG. 1). It should be understood that the ADC 310 (and 
hence the ADC 105) may include the calibrator 340. 

[0041] Continuing With FIG. 4A, the ADC 310 may 
include, for example, a sampler 405, a quantiZer 410, and a 
coder 415. It should be understood, hoWever, that the present 
invention is applicable to other ADC designs. The sampler 
405 samples the incoming analog input signal s(t) and 
produces the time discrete sampled signal s(k), Which is 
forWarded to the quantiZer 410. The signal is then converted 
to the digital output x(k) by the quantiZer 410 and the coder 
415. The digital output x(k) is supplied to the calibrator 340, 
Which includes the correction table 350 and the CL 320. The 
calibrator 340 then produces the calibrated digital signal 

[0042] Referring noW to FIG. 4B, exemplary details of 
one embodiment of calibration logic in accordance primarily 
With the invention of the parent application are illustrated. 
The calibrator 340 is shoWn receiving the digital output 
signal x(k) of the ADC 310 (of FIG. 4A) and producing the 
calibrated digital signal y(k). The calibrator 340 includes the 
correction table 350 and the CL 320. The digital output 
signal x(k) is supplied to three exemplary components of the 
CL 320, Which are described in mathematical detail beloW. 
First, the digital output signal x(k) is supplied as an input to 

an estimator/calculator 460. The estimator/calculator 460 estimates at least one parameter (e.g., the frequency (1)) 

relating to the analog input reference signal s(t) and (ii) 
calculates coef?cients (e.g., the coef?cients c Second, the 
digital output signal x(k) is supplied as an input (along With 
the coef?cients cAto a ?nite impulse response (FIR) ?lter 
455. The FIR ?lter 455 produces an estimate of s(k) (e.g., 
s(k)), Where s(k) may, for example, correspond to the output 
of the sampler 405 (of FIG. 4A). It should be noted that 
other ?lter types may alternatively be used. For example, an 
In?nite Impulse Response (IIR) ?lter may be used in place 
of the FIR ?lter 455. 

[0043] Third, the correction calculator 465 also receives 
the digital output signal x(k) as an input. The correction 
calculator 465 computes table entries (e.g., the values of si) 
for the correction table 350 using the digital output signal 
x(k) along With the calculated s(k) from the FIR ?lter 455. 
During calibration operation mode, the digital output signal 
x(k) is used to address the correction table 350, and the 
output of the correction table si is the data Written/stored to 
the table entry for that address. The correction table 350 may 
be, for example, stored in a memory (e.g., a random access 
memory (RAM) or a serial access memory It 
should be understood that the correction table 350 need not 
be in tabular form, for it may be organiZed into any conve 
nient data structure. 

[0044] During functional operation mode, the digital out 
put signal x(k) continues to be used to address the correction 
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table 350, but the value of the table entry at that address is 
read/retrieved and then output as the variable y(k) . Hence, 
the digital output signal x(k) is passed through the correction 
table 350 in both functional and calibration operation 
modes. The correction table 350 is preferably initialiZed 
With si=xi for every input level (i=0, . . . , M-l) before 
functional use of the y(k) data and before any calibration 
(such initialiZation is not explicitly shoWn). The calibration 
may thus be performed later When a scheduled calibration 
phase occurs in the system. 

[0045] Each of the functional units (components) shoWn in 
the calibrator 340 are described more fully in mathematical 
form beloW. It should be understood that the FIR ?lter 455, 
the estimator/calculator 460, and the correction calculator 
465 need not be discrete electronic hardWare units. Each 
may alternatively be implemented (either fully or partially) 
in softWare using, for example, a general purpose DSP. 
Furthermore, each may be implemented using excess com 
puting capacity in Whatever system (e.g., a BS) in Which the 
calibrator 340 and the ADC 310 are being employed. More 
over, each may be implemented in either hardWare, soft 
Ware, ?rmWare, etc., or some combination thereof and/or 
share resources such as memory and/or processor cycles. It 
should be further understood that the calibrator 340 may be 
incorporated as part of the ADC 310. 

[0046] Referring noW to FIG. 4C, exemplary details of 
another embodiment of calibration logic in accordance pri 
marily With the invention of the parent application are 
illustrated. The exemplary details of this calibration logic 
embodiment are designated generally by 480 and are spe 
cially targeted for implementations in Which the number of 
calibration samples may be limited. In the calibrator 480, the 
correction calculator 465 (of the calibrator 340 of FIG. 4B) 
is replaced by a “(l-C)” multiplier 485, a summer 490, and 
a “C” multiplier 495, Which forms a feedback loop from the 
output of the correction table 350. The input si to the 
correction table 350 therefore becomes the sum of Csi and 
(1-C)s(k). Calibrator 480 Will likeWise be explained in 
greater mathematical detail beloW. 

[0047] Multiple schemes have previously been proposed 
in order to calibrate ADCs. In fact, a calibration scheme has 
recently been proposed that Works in the digital domain only 
in S. -H. Lee and B. -S. Song, “Digital-domain calibration 
of multistep analog-to-digital converters”, IEEE Journal on 
Solid-State Circuits, Vol. 27, No. 12, pp. 1679-1688, 1992, 
Which is hereby incorporated by reference in its entirety 
herein. One draWback With a method such as the one in Lee 
and Song’s article is that it requires accurate signal genera 
tors and measurement devices to measure the code errors. 

[0048] In contradistinction, the calibration scheme for 
ADCs in accordance With the present invention and/or 
invention of the parent application does not require such 
accurate signal generators and measurement devices. The 
scheme may be implemented fully digitally and completely 
in softWare. Furthermore, it does not require internal cali 
bration circuitry. The calibration scheme does entail, on the 
other hand, a calibration signal connected to the ADC input. 
It also may include the storing of code errors directly in 
memory; consequently, the normal conversion is not sloWed 
by error calculations. 

[0049] The calibration procedure utiliZes a knoWn Wave 
form as the calibration signal, such as a sine Wave signal, a 
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sum of several sine Wave signals, a saW-tooth signal, a 
triangle Wave signal, etc. In an exemplary embodiment that 
is described below, the calibration scheme for sinusoidal 
calibration signals is described, but it should be understood 
that other Waveform types may be employed. The scheme 
(primarily of the parent application) may be decomposed 
into the folloWing exemplary functional blocks, each of 
Which is described in further detail beloW: First is a proces 
sor for estimating the frequency of the analog input s(t), 
Where the estimate 0 is computed from the quantiZed output 
X(k) of the ADC. Second is a linear time invariant FIR ?lter 
having as input the output X(k) of the ADC, such that 
characteristics of the ?lter include coef?cients Which are set 
to minimiZe the noise gain. The ?lter output s(k) is a 
reconstruction of the analog calibration signal at the given 
sampling instants (in principle, a continuous-amplitude dis 
crete-time signal). And, a third functional block is a proces 
sor for computing an updated reconstruction table in depen 
dence upon X (k) and 

[0050] A derivation of a calibration scheme primarily in 
accordance With the invention of the parent application is 
summariZed in Table 1. 

TABLE 1 

Calibration scheme based on: 

N quantized values of the sampled calibration signal 

1. Calculate an estimate 03 of the calibration 

frequency from {X(O), . . . , X(N — An estimate 03 is given by (14) beloW. 

2. For k = O, . . . , N — 1 construct by aid 

of linear ?ltering. The FIR ?lter (7) has 
coe?icients (10)—(13) With 0) there replaced by 
03 from step 1. The variable L (from (7) and 
(10)—(13)) is determined from the required 
number of effective bits in the reconstruction, 
bIMP. (Where bIMP may be computed by: 

10 logloNG 
6 

3. Fork=L,...,N—1andX(k)=X;update 
the table entry s; for some i e }O, . . . , M — 1} 

from utilizing (17). The table entries 
may be initialized by (15). 

[0051] Initially, the calibration signal is sampled and 
quantiZed. The calibration signal s(t) is a continuous time 
(t[s] is the time instant) sine Wave With frequency F [HZ], 
amplitude A [Volts] Where A>0, and initial phase @[radians], 
that is 

[0054] The frequency F is in the range (0, FS/2) Where FS 
[HZ] is the sampling frequency. An ideal S/H circuit With 
sampling rate FS results in a discrete time signal 

s(k)=Asin(oJk+¢) (2) 

[0055] Where (l)=2J'cF/FS is the normaliZed (angular) fre 
quency in (0, at), and k is a running (integer) time indeX. 

[0056] Consider a b-bits uniform quantiZer. For simplicity, 
but Without loss of generality, let the maXimum sWing of the 
ADC be :1. Then, the resolution is 
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L (3) 

[0057] Ab-bit quantiZed signal X(l()=Qb[S(l()] can be mod 
eled as mathematically represented by (4) and as shoWn in 
J. G. Proakis and D. M. Manolakis, Digital Signal Process 
ing-Principles, Algorithms and Applications, Prentice Hall 
International, Third Edition, 1996, Chapter 9.2, pp. 748-762, 
Which is hereby incorporated by reference in its entirety 
herein, 

[0058] Where Qb['] denotes a b-bits quantiZer and e(k) is 
White Zero mean quantiZation noise With variance 

A2 2421; (5) 
12 T‘ 

[0059] The model from (4)-(5), describing the quantiZed 
output of the ADC, is knoWn to be valid for small quanti 
Zation steps 

[0060] A and When s(k) traverses several quantiZation 
levels betWeen tWo successive samples. 

[0061] A quality measure for ADCs is the signal-to-quan 
tiZation noise ratio (SQNR) de?ned as the ratio of the signal 
poWer P to the poWer of the quantiZation noise, that is 

P 3P (6) 
SQNR = F = E 

[0062] Where (5) Was used in the second equality. For s(k) 
in (2), it holds that P=A2/2. From (6) it is evident that each 
additional bit increases SQNR by 20 loglo2z6 dB. 

[0063] Secondly, in order to reconstruct the calibration 
signal s(k) from the quantiZed inputs X(k), an L-th order FIR 
?lter is employed, that is 

L (7) 
M) = 2 ma - z). 

[0064] Filter coef?cients ({cA} from A=0 to L) are sought 
such that s(k)ss(k) for a noise-free sinusoidal input (2) (after 
that the transient died aWay). In addition, {cA} is sought 
such that the sensitivity against White (quantiZation) noise is 
minimiZed. The sensitivity against noise, or the so called 
noise gain (NG), is 

NC: 
1 

L (3) 

0,2. 
:0 
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[0065] The optimization problem to be solved is 

L (9) 
min NG subject to s(k) : Z 0,5(k — 1) 

C0,... ,CL [:0 

[0066] Where s(k) is the sine-Wave in This optimiZa 
tion problem Was solved in P. Handel, “Predictive digital 
?ltering of sinusoidal signals”, IEEE Transactions on Signal 
Processing, Vol. 46, No. 2, pp. 364-375, 1998, Which is 
hereby incorporated by reference in its entirety herein, and 
the folloWing result holds true 

_ (L + l)coslw + (SS — Sc)cos(l + 2) — 2SScsinw(l + 2) (10) 

C’ _ 266s, - S36) ’ 

l: O, , L 

[0067] Where 

(11) 

L+l (l2) 

L+l (13) 
SSE : Z sinlw - coslw. 

1:1 

[0068] The reconstruction ?lter may be composed of (7) 
Where the coef?cients are determined by (10)-(13) With 00 
there replaced by an estimate 0. Obtaining an estimate 
from the A/D output X(k) is described beloW. 

[0069] Thirdly, the frequency of the calibration signal s(t) 
is estimated. The ?lter coef?cients (10)-(13) do not depend 
on the initial phase or the amplitude of the calibration signal 
s(t); they only depend on 00. Several methods may be used 
to estimate the frequency of a noise corrupted sinusoidal 
signal. For eXample, D. C. Rife and R. R. Boorstyn, “Single 
tone parameter estimation from discrete-time observations”, 
IEEE Transactions on Information Theory, Vol. IT-20, No. 5, 
pp. 591-598, 1974, Which is hereby incorporated by refer 
ence in its entirety herein, shoWs that frequency estimation 
may be mathematically characteriZed as 

AM 2 (14) 

(I) = arg max 
M 

[0070] The maximization of (14) may be performed by aid 
of the fast Fourier transform folloWed by an iterative mini 
miZation. Using the estimate 0 from (14) in place of u) in 
(10)-(13) completes the reconstruction of s(k) from 
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[0071] And fourthly, a reconstruction table may be 
updated using the folloWing eXemplary algorithm. The 
scheme is based on the eXpression for the optimal, in the 
sense that E[e(k)2] is minimiZed, reconstruction levels in 
scalar quantiZation, as derived by S. P. Lloyd, “Least squares 
quantiZation in PCM”, IEEE Transactions on Information 
Theory, Vol. IT-28, pp. 127-135, March 1982, Which is 
hereby incorporated by reference in its entirety herein. 

[0072] The quantiZed output, X(k), from the ADC has 
M=2 possible different values at time instant k. Let these be 

{K0, . . . , XMA} (15) 

[0073] Where X1 corresponds to the i-th level of a uniform 
quantiZer. For k e{L, L+1, . . . , N-1}, let A1(m) be the 
number of times X(k) has been equal to Xi, for Lékém, and 
let A1(L—1)=0. NoW the reconstruction table 

[0074] can be constructed from s(k) as folloWs: Let si be 
assigned the initial values Si=X1, i=0, . . . , M-1. Then, 

assuming that X(k)=Xi at time instant kZL, update s1 accord 
ing to 

[0075] After the data has been processed, and the table has 
been updated, the operation of the quantiZer becomes: The 
input signal produces a sample s(k) Which is quantiZed to 
X(k)= Xi, then the quantiZed value X1 is remapped, using the 
updated table, to the output s1. 

[0076] The formula in (17) calculates an average of esti 

mates for every encountered level in the input signal An averaging process may be considered as similar to a loW 

pass ?lter. Thus, for an implementation in Which the number 
of calibration samples is limited (e.g., due to limited cali 
bration time or arithmetic resolution in average calculation, 
for eXample), the averaging may be replaced With a loW pass 
?lter. Consequently, for a limited number of calibration 
samples per level, the formula (17) may be approximated 
With 

[0077] Because the level of X(k) (Which de?nes the vari 
able “i”) acts as the address for the correction table 350 (of 
FIG. 4C), the calibration functionality as de?ned by (18) 
may be implemented With the “(l-C)” multiplier 485, the 
summer 490, and the “C” multiplier 495. 

[0078] Referring again to an alternative embodiment of 
the invention of the parent application as illustrated in FIG. 
4C, the correction table 350 has a tWo phase functionality for 
each sample, one read phase and one Write phase. The input 
signal X(k) With level i acts like an address to the correction 
table 350 in both phases. In phase one, y(k) gets the value 
si from the correction table 350 and holds it until the end of 
phase tWo. This value si is multiplied by “C” and summed 
With the estimate s(k) multiplied by “(l-C)”. In phase 
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tWo, the output of the summation is Written to the correction 
table 350. During functional data conversion, the correction 
table 350 is still mapping X(k) to a value si on the output 
y(k), but no Write operation to the correction table 350 is 
being performed. If the correction table 350 is not initial 
iZed, then there is likely to be more of a transient response 
from the ?ltering function, thus demanding more samples 
than if the correction table 350 is initialiZed. That is, as long 
as the input of the ?lter 455 is not connected to y(k) (i.e., not 
engaged in the feedback case that may be activated by 
sWitch 330B of FIG. 3A), the correction table 350 may be 
initialiZed by a longer calibration phase. The frequency 
estimation and coef?cient calculation may also be accom 
plished during the initialiZation step alone, especially if the 
frequency of the reference input signal s(t) to the ADC 310 
does not drift outside the passband of the ?lter 455. 

[0079] Referring noW to FIG. 5, a method in ?oWchart 
form for calibrating an ADC in accordance primarily With 
the invention of the parent application is illustrated. FloW 
chart 500 begins With the application of an analog calibra 
tion signal to an input of an ADC (step 510). The ADC 
produces a digital output based on the analog calibration 
signal input (step 520). Operating in the digital domain, at 
least one parameter relating to the calibration signal is 
estimated based on the digital output of the ADC (step 530). 
The calibration signal is reconstructed in the digital domain 
based on the type of Waveform of the analog calibration 
signal and the one or more estimated parameters (step 540). 
A reconstruction data structure may be created and stored. 
The digital outputs of the ADC are compared to the values 
in the reconstruction data structure to determine a correction 
data structure (step 550). The correction data structure (e.g., 
a table in a memory) may then be applied to A/D conversion 
of functional signals (step 560). 

[0080] The ADC is therefore calibrated by applying the 
entries in the correction data structure to the digital ADC 
outputs of a functional signal. Advantageously, the correc 
tion data structure may be updated continuously to account 
for, e.g., temperature drift. The method described in the 
?oWchart 500 may be considered a ?rst coarse tuning phase 
that may be alternatively folloWed by a ?ner tuning of the 
correction table in a second phase. During the second phase, 
the data passed through the correction table is input to the 
calibrator. The second phase may also stand alone for 
satisfactory calibration as long as the correction table is 
initialiZed. 

[0081] The invention of the parent applications provides 
for calibration of ADCs Working in a relatively narroW 
frequency band around the calibration signal frequency. 
HoWever, the method of the parent application does not 
solve the problem of Wide-band calibration of ADCs 
because the linearity errors that need to be compensated for 
are frequency dependent. 

[0082] The present invention provides for calibration of 
ADCs intended to operate in a broad frequency band. 
Certain embodiments of the present invention may involve 
the folloWing exemplary aspects. Firstly, in order to deal 
With the frequency dependence of the linearity errors, cali 
bration may be performed using a sequential multi-tone 
reference signal. That is, the reference signal may include 
several single-tone sinusoids at different frequencies in 
sequence. Secondly, the reference signal reconstruction is 
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fully adaptive and performs both the frequency estimation 
and signal reconstruction on a sample-by-sample basis, 
enabling a more ef?cient implementation. The present 
invention minimiZes the communication required betWeen 
the calibration softWare and the peripheral calibration equip 
ment (e.g., a sine-Wave generator, sWitching devices, etc.) 
since the calibration algorithms autonomously detect the 
reference frequency and the instants at Which the frequency 
changes. Thus, no advanced synchroniZation betWeen the 
reference signal generator and the calibration softWare is 
needed. All of the calibration procedures can be performed 
on the digital side of the ADC, requiring only binary control 
logic/communication to indicate calibration versus correc 
tion betWeen the analog and digital side. Thirdly, the cali 
bration may be performed using discontinuous reference 
sequences of arbitrary length. This alloWs the ADC system 
to initiate a calibration sequence Whenever suitable (eg 
when Work load is loW), terminate it at any time, and 
continue it again When possible. 

[0083] Referring noW to FIG. 6A, exemplary details of 
one embodiment of calibration logic in accordance With the 
present invention are illustrated generally at 600. The cali 
bration logic includes a sine-Wave reconstruction ?lter 615 
and a correction table update block 640. The sine-Wave 
reconstruction ?lter 615 includes of a recursive frequency 
estimator 620, an adaptive reconstruction ?lter 625, and a 
signal-to-noise and distortion ratio (SINAD) estimator 630 
With hysteresis logic 635. The recursive frequency estimator 
620 and the adaptive reconstruction ?lter 625 interact to 
assure fast and accurate convergence of the reconstruction 
?lter. 

[0084] As shoWn in FIG. 6A generally at 600, a reference 
signal generator 605 produces a reference signal s(t) Which 
is used as an input to the ADC 610 to be calibrated. It should 
be noted that the ADC 610 may correspond to, for eXample, 
the ADC 310 (e.g., of FIGS. 3A, 3B, and 4A). The 

[0085] ADC 610 outputs a signal X(n) to the sine-Wave 
reconstruction ?lter 615, Which produces a reconstructed 
signal Using an estimate of the signal-to-noise and 
distortion ratio (SINAD), a determination is made as to 
Whether the reconstruction ?lter has converged. If the adap 
tive reconstruction ?lter 625 has converged at time instant n, 
the SINAD estimator 630 With hysteresis logic 635 outputs 
a value track (n) equal to 1. OtherWise track(n) is set to a 
value of 0. If track(n) has been set to 1, a correction table of 
the correction table update block 640 is updated using X(n) 
and s(n) using a scheme that is discussed further hereinbe 
loW. 

[0086] Recursive Frequency Estimator 

[0087] The recursive frequency estimator 620 enables the 
adaptive reconstruction ?lter 625 to converge rapidly to the 
global minimum. The novel recursive frequency estimator is 
based upon a least-mean-square (LMS) algorithm Which 
operates on a sample-by-sample basis. The recursive fre 
quency estimation may be achieved in four main steps: 

[0088] 1.AInitialiZe the real scalar parameter 0 such 
that —2<0<2. 
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[0090] 3. Estimate the discrete (angular) frequency w 
of the input signal from n using 

A( (20) A 0 n) 
(0mm) : arccosT 

[0091] 4. Increase n and repeat from step 2. 

[0092] The index (n is used to distinguish the step siZe and 
frequency estimate associated With the recursive frequency 
estimator from the same qualities associated With the recon 
struction ?lter. Here pm is the step siZe of the LMS algo 
rithm. To ensure stability of the LMS algorithm, the step siZe 
must ful?l the folloWing condition: 

[0093] Where 0t is the amplitude of the ADC output Although the least-mean-square algorithm is used in this 

example, many other recursive algorithms knoWn to those 
skilled in the art may be used instead. 

[0094] Adaptive Reconstruction Filter 

[0095] The signal reconstruction may be performed by a 
FIR ?lter, for example, that is updated using a constrained 
LMS algorithm. Referring noW to FIG. 7 an exemplary 
embodiment of an adaptive reconstruction ?lter 625 in 
accordance With the present invention is illustrated generally 
at 700. 

[0096] Let C=[c0, . . . , cL]T and X(n)=[x(n), . . . , x(n—L)]T, 
then the output of the ?lter is 

L (22) 
gm) = CTX(n) = Z clx(n - l) 

[:0 

[0097] Where L is the length of the ?lter, e.g., the number 
of ?lter coef?cients. The ?lter coef?cients are constrained to 

_ (L + l)coswl + (SSSc)cosw(l + 2) — 2Sscsinw(l + 2) (23) 

C’ _ MES; 436) ’ 

z: 0, 1, , L 

[0098] through the properties of the ?lter update algo 
rithm. The LMS algorithm may be normaliZed, e.g., the step 
size M is dependent on the signal poWer as shoWn in 
Equation 27 hereinbeloW. 

[0099] As described hereinabove, the adaptive reconstruc 
tion ?lter interacts With the recursive frequency estimator. 
This interaction is necessary to ensure that the adaptive 
reconstruction ?lter converges to the global minimum, and 
not to any of the numerous local minima in the close 
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neighborhood of the global minimum. The ?lter algorithm 
described hereinbeloW ensures that the ?lter converges to a 

frequency close to that obtained from the recursive fre 
quency estimator (Within some tolerance 60w). In order to 
improve the performance of the reconstruction ?lter, the 
?lter updating may be halted When the ?lter has converged, 
at Which time the ?lter parameters are stored. A bene?t of 
halting the converged ?lter is that small coef?cient varia 
tions around the optimal values due to the non-Zero step siZe 
Will not perturb the reconstructed signal 

[0100] Adaptive Reconstruction Filter Algorithm 

[0101] An adaptive reconstruction ?lter scheme in accor 
dance With certain embodiments of the present invention 
may be performed in seven main steps: 

[0102] 1. InitialiZe the ?lter coef?cients using Equa 
tion 23 and a suitable 00, eg uu=rc/2. 

[0103] 2. For each sample n, if 0w(n)>0 let 

A _ A 24 

AM”): |w(n)A ww(n)| ( ) 
(Uh/(n) 

{ {2)(11), M0056 (25) 
(Mn) : 

(Dun), Arum) > 6 

[0104] 3. Reconstruct s(n): 

[0105] If the value of track(n—1)=1 (as explained further 
hereinbeloW under “Convergence Detection”) , then the 
adaptive reconstruction ?lter has converged, and the updat 
ing steps 4, 5, and 6 are not executed, e.g. processing may 
continue at step 7. 

[0106] 4. Calculate the step siZe p: 

p (27) 

[0107] 5. Update 6; 
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[0108] 6. Update C: 

L L+l L:1 (29) 

Sc : Z cos21Dl, Sc : Z sinzél, SSE : Z simblcosé)! 
1:1 1:1 1:1 

(L+ l)cos12)l + (SS — Sc)cos@)(l + 2) — 

ZSSCSinMZ + 2) 
C’ _ MESS — S31) 

1: O, l, . L 

C(n+1)=[cD(n+1), . . . , cL(n+1)]T (30) 

[0109] 7. Increase n and repeat from step 2. 

[0110] The algorithm is stable When the normalized step 
siZe is 0<?<2, although Q Will typically be much less than 2 
to achieve loW-noise reconstruction of the sine Wave. The 
convergence test threshold 6 is a design variable that should 
be chosen With care. It is preferably small enough not to let 
0 converge to a false minimum, yet large enough not to let 
the estimation noise in 0w perturb 0. Atypical value for 6 is, 
for example, approximately 0.05 When using a ?lter of 
length L=100. Although the constrained least-mean-square 
algorithm is used in this example, many other adaptive 
?ltering algorithms knoWn to those skilled in the art may be 
used instead. 

[0111] Convergence Detection 

[0112] To detect Whether the ?lter has converged or not, a 
convergence detector in the form of SINAD estimator 630 is 
used. The SINAD estimator 630 at 600 (of FIG. 6A) 
estimates the signal-to-noise and distortion ratio for the LS 
latest samples as 

1 1 61> 
32111-1) 

:0 
SINAD(n) : 2010 k 

2 (m1 - k) - 3(11 - 1<))2 

[0113] Where L5 is a design variable. The SINAD estimate 
is then compared to a design variable threshold 1“. If the 
SINAD estimate is greater than F (plus some hysteresis level 
provided by hysteresis logic 635), the ?lter has converged 
and is reconstructing a usable sine Wave. The output signal 
track(n) is then set to a value of 1. When SINAD estimate 
falls below T (minus a hysteresis), the ?lter is no longer 
properly converged, possibly because the input frequency 
has changed, and the value of track(n) is set to 0. 

[0114] The output track(n) of the convergence detector 
ultimately determines Whether the present sample x(n) and 
the reconstructed signal s(n) are used to update the correc 
tion table or not. Although in this example a SINAD detector 
is used to detect convergence of the adaptive ?lter, alterna 
tively other convergence detectors knoWn to those skilled in 
the art may be used. 

[0115] Updating the Correction Table 

[0116] The correction table of the correction table update 
block 640 includes M=2b entries {so, . . . sM_1}, Where si 
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corresponds to the i-th output level xi of the ADC 610. Let 
be the number of times x(n) has been equal to xi When 

the adaptive reconstruction ?lter 625 Was converged and né 
In That is 

(32) 
A1 (m) : count {x(n) : x1, [mo/(U1) : l and n s m}. 

[0117] Correction table updating involves tWo main opera 
tions: 

[0118] 1. InitialiZe the correction table, e.g. si=x1, i=0, 
. . . , M-l, before the ?rst calibration sequence. 

[0119] 2. For each sample n, if track(n)=1, update si 
With 

A;(n)s; + 3(r1) (33) 
A1111) + 1 

[0120] In contradistinction to existing approaches, the 
correction table of the present invention is not reset When the 
reference signal changes frequency. Consequently, the cor 
rection table may be useable over a greater input frequency 
range than With prior approaches. One scheme for changing 
the frequency of the reference signal during calibration is the 
use of step-Wise changes in frequency. The reference signal 
frequency is kept at a constant frequency for a long enough 
time for frequency adaptation and some table updates to be 
accomplished. This time period may be estimated or deter 
mined based on experimentation, for example. It should be 
noted that the step-siZes betWeen calibration frequencies 
need not be equidistant. For example, frequency steps may 
be made denser around certain desired frequency subranges 
and less dense, or nonexistant, in other subranges. 

[0121] Correction Scheme 

[0122] Referring noW to FIG. 6B, exemplary details of 
one embodiment of correction logic in accordance With the 
present invention are illustrated generally at 650. During 
normal operation of the ADC, a correction table 660, Which 
has been previously calibrated according to the above pro 
cedure, is used to correct the output values of the ADC 610. 
Assuming that the input y(t) produces the ADC output 
x(n)=x1, then the quanti?ed value xi is remapped using the 
updated table to y(n)=s1. Thus, a corrected value of y(n) is 
output by the correction table 660 in response to the input 
y(t) into the ADC 610. 

[0123] Referring noW to FIG. 8, an exemplary method in 
?oWchart form for use in an ADC calibration procedure in 
accordance With the present invention is illustrated generally 
at 800. First, an analog reference signal is generated (step 
810). The analog reference signal is then converted to a 
digital signal (step 820). The frequency of the analog signal 
is estimated recursively in the digital domain (step 830) 
While the reconstruction of the reference signal in the digital 
domain using an adaptive ?lter (step 840) is performed. It 
should be noted that steps 830 and 840 need not be per 
formed simultaneously. Next, the signal-to-noise and distor 
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tion ratio (SINAD) is estimated (step 850). The SINAD 
estimation is used to determine Whether the adaptive ?lter 
has converged (step 860). If it is determined that the ?lter 
has converged, the correction table is updated (step 880). 
OtherWise, the correction table is not updated (step 870). 

[0124] Performance 

[0125] The performance of the calibration method of the 
present invention Was evaluated using experimental data 
from an Analog Devices AD876 10-bit ADC. The experi 
mental data used Was composed of eight 32 K sequences 
(N=32768). The sequences Were obtained using a sampling 
frequency FS=20.48 MHZ and using a sine Wave as input to 
the ADC. Eight different test frequencies Fk (for k=1, . . . , 

8) Where employed, Where Fk=mFS/N for m={4001, 5715, 
7429, 9143, 10857, 12571, 14285, 16001}. The amplitude of 
the input signal Was 0.95 of full scale (— 0.45 dBFS). 

[0126] The calibration Was performed using seven of the 
sequences, and correction Was performed and evaluated on 
the eighth. The spurious-free dynamic range (SFDR) Was 
calculated for the test signal before and after correction. 
Typically, the original converter is characteriZed by an 
uncompensated SFDR of 65 dB and a noise ?oor at approxi 
mately —90 dBFS. Referring noW to FIGS. 9A and 9B, 
eXemplary corrected (900) and uncorrected (950) perfor 
mance characteristics in graphical form in accordance With 
the present invention are illustrated. The correction table 
Was generated using all frequencies eXcept the test fre 
quency. The SFDR improvements for all eight test cases are 
presented in Table 2. 

TABLE 2 

Fm‘ SFDR Improvement [db] 

2.50 10.00 
3.57 7.14 
4.64 258 
5.71 854 
6.79 _1_86 
7.86 1_1O 
8.93 4_17 

10.0 _O_2O 

[0127] The present invention has several advantages over 
preexisting approaches. One advantage is that the present 
invention is robust against variations in the analog reference 
signal because of the adaptivity of the reconstruction algo 
rithms. Hence, the calibration signal generator does not have 
to be long-term stable, only relatively spectrally pure. 
Another advantage of the present invention is that the 
calibration scheme may be fully implemented in softWare. 
The calibration procedures are performed on the digital side 
of the ADC, requiring only binary control logic/communi 
cation for calibration and correction betWeen the analog and 
digital side. Another advantage occurs as a result of the fact 
that the calibration algorithms are not real-time critical 
applications. If the sampled reference signal is stored in a 
memory, the calibration algorithms may be processed in the 
background on a loW priority level While the ADC is in 
normal operation. Furthermore, sequential multi-tone cali 
bration is advantageous due to its relatively simple imple 
mentation. The reference signal may be generated from a 
single voltage-controlled oscillator, Which is a simpli?cation 
compared to those calibration schemes that require a sepa 
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rate digital-to-analog converter. In another advantage, cali 
bration may be performed using reference sequences of any 
length that are only longer than the settling time for the 
reconstruction ?lter. Moreover, the calibration procedures 
may be initiated, interrupted, and continued at any time 
suitable for or convenient to the rest of the system. 

[0128] Although preferred embodiment(s) of the method, 
arrangement, and system of the present invention have been 
illustrated in the accompanying DraWings and described in 
the foregoing Detailed Description, it Will be understood 
that the present invention is not limited to the embodi 
ment(s) disclosed, but is capable of numerous rearrange 
ments, modi?cations, and substitutions Without departing 
from the spirit and scope of the present invention as set forth 
and de?ned by the folloWing claims. 

What is claimed is: 
1. An arrangement for calibrating an analog-to-digital 

conversion, said arrangement comprising: 

an analog-to-digital converter adapted for receiving an 
analog signal and producing a digital signal; 

a recursive estimator con?gured for computing at least 
one parameter related to said analog signal from said 
digital signal; and 

an adaptive ?lter con?gured for receiving said at least one 
parameter and said digital signal and producing there 
from a digital representation of said analog signal, said 
adaptive ?lter adapting to a change of said at least one 
parameter. 

2. The arrangement of claim 1 Wherein said at least one 
parameter comprises a frequency of said analog signal. 

3. The arrangement of claim 1, further comprising: 

a memory for storing values, said values based, at least in 
part, on said digital representation of said analog signal. 

4. The arrangement of claim 3, Wherein said memory 
stores values related to said digital representation only When 
said adaptive ?lter has converged. 

5. The arrangement of claim 1, further comprising: 

a convergence detector for detecting a convergence of 
said adaptive ?lter. 

6. The arrangement of claim 5, Wherein said convergence 
detector comprises a signal-to-noise and distortion ratio 
(SINAD) detector. 

7. The arrangement of claim 1, Wherein said recursive 
estimator uses a least-mean-square (LMS)-based scheme to 
compute said at least one parameter, and said adaptive ?lter 
uses a constrained least-mean-square (LMS)-based scheme 
for producing said digital representation. 

8. The arrangement of claim 1, Wherein said adaptive ?lter 
further adapts to said digital signal received thereat. 

9. The arrangement of claim 1, Wherein said recursive 
estimator and said adaptive ?lter operate on a sample-by 
sample basis. 

10. The arrangement of claim 1, Wherein said analog 
signal comprises a single tone that is stepped over a plurality 
of frequencies. 

11. A method for calibrating an analog-to-digital conver 
sion, said method comprising the steps of: 
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converting an analog reference signal to a digital signal; 

recursively estimating at least one parameter related to 
said analog reference signal from said digital signal; 
and 

adaptively reconstructing a digital representation of said 
analog reference signal from said digital signal and said 
at least one parameter, said step of adaptively recon 
structing comprising the step of adapting to a change of 
said at least one parameter. 

12. The method of claim 11, Wherein said at least one 
parameter comprises a frequency of said analog reference 
signal. 

13. The method of claim 11, further comprising the step 
of: 

storing at least one value responsive to said digital rep 
resentation in a correction table if the reconstruction of 
said step of adaptively reconstructing has converged. 

14. The method of claim 11, further comprising the step 
of: 

determining if the reconstruction of said step of adap 
tively reconstructing has converged. 

15. The method of claim 14, Wherein said step of deter 
mining comprises the step of determining a signal-to-noise 
and distortion ratio (SINAD) responsive to said digital 
signal and said digital representation. 

16. The method of claim 11, Wherein said step of recur 
sively estimating is performed using a least-mean-square 
(LMS)-based scheme, and said step of adaptively recon 
structing is performed using a constrained least-mean 
square (LMS)-based scheme. 

17. The method of claim 11, Wherein said step of adap 
tively reconstructing further comprises the step of adapting 
to said digital signal. 

18. The method of claim 11, Wherein said step of recur 
sively estimating and adaptively reconstructing are per 
formed, at least partially, in softWare. 

19. The method of claim 11, further comprising the step 
of: 

generating said analog reference signal using a single tone 
that is stepped over a plurality of frequencies. 

20. The method of claim 11, Wherein said steps of 
recursively estimating and adaptively reconstructing are 
performed on a sample-by-sample basis. 

21. An arrangement for calibrating an analog-to-digital 
conversion, said arrangement comprising: 

an analog-to-digital converter adapted for receiving an 
analog calibration signal and producing a digital signal; 

a recursive estimator con?gured for computing a ?rst 
parameter related to said analog calibration signal from 
said digital signal; 

an adaptive ?lter con?gured for receiving said ?rst param 
eter and said digital signal and producing therefrom a 
digital representation of said analog calibration signal, 
said adaptive ?lter adapting to a change in said ?rst 
parameter; and 

a correction table for storing at least one value therein, 
said at least one value based, at least in part, on said 
digital representation of said analog calibration signal. 
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22. The arrangement of claim 21, Wherein said ?rst 
parameter comprises a frequency of said analog calibration 
signal. 

23. The arrangement of claim 22, Wherein said correction 
table is not reset upon a change in said ?rst parameter of said 
analog calibration signal. 

24. The arrangement of claim 21, further comprising: 

a convergence detector for detecting a convergence of 
said adaptive ?lter. 

25. The arrangement of claim 21, Wherein said correction 
table stores said at least one value only When said adaptive 
?lter has converged. 

26. The arrangement of claim 21, Wherein said adaptive 
?lter determines a second parameter related to said analog 
calibration signal based on, at least in part, said digital 
signal. 

27. The arrangement of claim 26, Wherein said adaptive 
?lter uses said ?rst parameter for adapting When a differen 
tial betWeen said ?rst parameter and said second parameter 
eXceeds a predetermined threshold. 

28. The arrangement of claim 26, Wherein said adaptive 
?lter uses said second parameter for adapting When a 
differential betWeen said ?rst parameter and said second 
parameter is loWer than a predetermined threshold. 

29. A method for calibrating an analog-to-digital conver 
sion, said method comprising the steps of: 

converting an analog calibration signal to a digital signal; 

recursively estimating a ?rst parameter related to said 
analog calibration signal from said digital signal; 

adaptively reconstructing a digital representation of said 
analog calibration signal from said digital signal and 
said ?rst parameter, said step of adaptively reconstruct 
ing adapting to a change in said ?rst parameter; and 

storing at least one value in a correction table, said at least 
one value based, at least in part, on said digital repre 
sentation, if said step of adaptively reconstructing has 
converged. 

30. The method of claim 29, Wherein said ?rst parameter 
comprises a frequency of said analog calibration signal. 

31. The method of claim 29, further comprising the step 
of: 

determining if said step of adaptively reconstructing has 
converged. 

32. The method of claim 29, Wherein said step of storing 
is performed only When said step of adaptively reconstruct 
ing has converged. 

33. The method of claim 29, Wherein said step of adap 
tively reconstructing comprises the step of determining a 
second parameter related to said analog calibration signal 
based on, at least in part, said digital signal. 

34. The method of claim 33, Wherein said step of adap 
tively reconstructing further comprises the step of using said 
?rst parameter for adapting When a differential betWeen said 
?rst parameter and said second parameter eXceeds a prede 
termined threshold. 

35. The method of claim 33, Wherein said step of adap 
tively reconstructing further comprises the step of using said 
second parameter for adapting When a differential betWeen 
said ?rst parameter and said second parameter is loWer than 
a predetermined threshold. 




