20047106956 A1 | IV O 0 O R 0 0 O

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property
Organization
International Bureau

(43) International Publication Date
9 December 2004 (09.12.2004)

AT Y00 OO0 O

(10) International Publication Number

WO 2004/106956 Al

(51) International Patent Classification’”: GO01R 31/3167
(21) International Application Number:
PCT/US2004/016087

(22) International Filing Date: 21 May 2004 (21.05.2004)

(25) Filing Language: English

(26) Publication Language: English
(30) Priority Data:

60/473,182 23 May 2003 (23.05.2003) US

(71) Applicant (for all designated States except US): IOWA
STATE UNIVERSITY RESEARCH FOUNDATION,
INC. [US/US]; 310 Lab of Mechanics, Ames, IA 50011
(US).

(72) Inventors; and

(75) Inventors/Applicants (for US only): GEIGER, Randall
[US/US]; 310 Lab of Mechanics, Ames, IA 50011 (US).
PARTHASARATHY, Kumar [IN/US]; 8321 South-
western Blvd., Dallas, TX 75206 (US). CHEN, Degang
[US/US]; 310 Lab of Mechanics, Ames, IA 50011 (US).

KUYEL, Turker [TR/US]; 1720 S. Lakeshore Blvd., Apt.
241, Austin, TX 78741 (US). JIN, Le [CN/US]; 310 Lab
of Mechanics, Ames, IA 50011 (US).

(74) Agent: GOODHUE, John, D.; McKee, Voorhees &
Sease, PLC, 801 Grand Avenue, Suite 3200, Des Moines,

IA 50309 (US).

(81) Designated States (unless otherwise indicated, for every
kind of national protection available): AE, AG, AL, AM,
AT, AU, AZ, BA, BB, BG, BR, BW, BY, BZ, CA, CH, CN,
CO, CR, CU, CZ, DE, DK, DM, DZ, EC, EE, EG, ES, FI,
GB, GD, GE, GH, GM, HR, HU, ID, IL, IN, IS, JP, KE,
KG, KP, KR, KZ, LC, LK, LR, LS, LT, LU, LV, MA, MD,
MG, MK, MN, MW, MX, MZ, NA, NI, NO, NZ, OM, PG,
PH, PL, PT, RO, RU, SC, SD, SE, SG, SK, SL, SY, TJ, TM,
TN, TR, TT, TZ, UA, UG, US, UZ, VC, VN, YU, ZA, ZM,
ZW.

(84) Designated States (unless otherwise indicated, for every
kind of regional protection available): ARIPO (BW, GH,
GM, KE, LS, MW, MZ, NA, SD, SL, SZ, TZ, UG, ZM,
ZW), Burasian (AM, AZ, BY, KG, KZ, MD, RU, TJ, TM),
European (AT, BE, BG, CH, CY, CZ, DE, DK, EE, ES, FI,
FR, GB, GR, HU, IE, IT, LU, MC, NL, PL, PT, RO, SE, SI,

[Continued on next page]

(54) Title: A METHOD FOR TESTING ANALOG AND MIXED-SIGNAL CIRCUITS USING FUNTIONALLY RELATED EX-
CITATIONS AND FUNCTIONALLY RELATED MEASUREMENTS

N~ M~
APPLY FIRST APPLY SECOND
EXCTTATION EXCITATION
SIGNAL TO DUT | | SIGNAL T0 DUT

W= A~
APPLY FIRST APPLY SECOND
EXCITATION EYCITATION
SGNAL TO DUT | | SIGNAL TO DUT

_ | versuRe ourpur MESURE OUTPUT
102 WITH FIRST 08— "y srcono
MEASUREMENT DEVICE MEASUREMENT DEVICE
B~
DETERMINE
L ! PLRIORMANGE  |~e——
CHARACTERISTICS

(57) Abstract: ABSTRACT A method for testing a circuit includes determining at least one performance characteristic of the circuit
based on a functional relationship between excitation signals or on a functional relationship between measurement devices. The
method is implemented either as a part of a built-in self test circuit of an integrated circuit or for production testing.



WO 2004/106956 A1 II}IH1I0 Y N0VYH0 T 00000 00

SK, TR), OAPI (BF, BJ, CF, CG, CI, CM, GA, GN, GQ, Fortwo-letter codes and other abbreviations, refer to the "Guid-
GW, ML, MR, NE, SN, TD, TG). ance Notes on Codes and Abbreviations” appearing at the begin-
Published: ning of each regular issue of the PCT Gagzette.

—  with international search report

—  before the expiration of the time limit for amending the
claims and to be republished in the event of receipt of
amendments



10

15

20

25

30

WO 2004/106956 PCT/US2004/016087

TITLE: A METHOD FOR TESTING ANALOG AND MIXED-SIGNAL
CIRCUITS USING FUNCTIONALLY RELATED EXCITATIONS
AND FUNCTIONALLY RELATED MEASUREMENTS '

PRIORITY STATEMENT
This application claims priority to U.S. Provisional Application No. 60/473,182,
filed on May 23, 2003, herein incorporated by reference in its entirety.

GRANT REFERENCE
Work for this invention was funded in part by a grant from the National Science
Foundation Grant No. 0120345. The Government may have certain rights in this

invention.

BACKGROUND OF THE INVENTION

The present invention relates to the testing of analog and mixed-signal circuits.
More particularly, although not exclusively, the present application relates to the testing of
analog and/or mixed-signal circuits in both built in self test (BIST) and production
environments.

The use of mixed-signal circuits continues to grow, as does their complexity. At
the same time, there is a need for such devices to be of lower cost and to have decreased
production time. One significant obstacle in trying to meet these constraints involves the
resources required for testing. These resources can include the time it takes to test each
device, the costs of testing and measurement equipment, and the availability of testing and
measurement equipment. In addition, there is a problem in that the load of the tester may
mask or alter the measurements of the device under test.

Therefore, it can be seen that problems with testing analog and/or mixed-signal
circuits in both production test and BIST environments remains. Thus, it is a primary
object of the invention to improve upon the state of the art.

A further object, feature, or advantage of the present invention is to provide for a
method of testing that allows for the production of high performance mixed-signal

integrated circuits using low cost components and subcircuits.
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A still further object, feature, or advantage of the present invention is to provide for
accurate and complete testing of high performance analog and mixed-signal circuits.

Another object, feature, or advantage of the present invention is to provide for
accurate testing of analog and mixed-signal circuits suitable for application in a low cost
production tést environment.

Yet another object, feature, or advantage of the present invention is to provide for
testing of analog and mixed-signal circuits suitable for use in built-in self test applications.

Yet another object, feature, or advantage of the present invention is to provide
performance enhancement, yield enhancement and/or area reduction by using feedback
from a BIST structure to adapt or calibrate the device under test (DUT).

These and/or other objects, features, and advantages of the present invention will

become apparent from the subject matter disclosed herein.

SUMMARY OF THE INVENTION

According to one aspect of the invention, a method for testing analog and mixed-
signal circuits is disclosed that does not require precise knowledge of the input and
measurement system. Instead of requiring precise knowledge of the input and
measurement system, functional relationships are exploited to determine performance
characteristics of the circuits. Two or more functionally related excitations (FRE) serve as
inputs to a device under test (DUT). Measurements are made with two or more
functionally related measurement devices (FRM). From the observed outputs, the
performance characteristics of interest of the DUT are determined by making appropriate
calculations based upon, without limitation, information obtained from the outputs,
knowledge about the relationships between the inputs and knowledge about the
relationships between the measurements.

Where the circuit is a mixed-signal circuit with digital inputs, such as a digital-to-
analog converter (DAC) then the two or more functionally related excitations are not used
as the input signal is digital. Where the circuit is a mixed-signal circuit with digital
outputs, such as an analog-to-digital converter (ADC), the two or more functionally related
measurement devices are not used because the output is digital.

According to another aspect of the invention, an analog or mixed-signal circuit is

provided having FRE and/or FRM structures for implementing a BIST. Because precise
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knowledge about the excitations and the measurement system is not needed, the die area
for implementing the excitation and measurement systems can be made smaller with only
modest performance requirements.

According to another aspect of the invention, a circuit having a BIST is used to
evaluate and enhance the performance and/or yield of analog and mixed-signal circuits
after fabrication. The performance of the chip is measured and a feedback loop is provided
to adapt (tune) the circuit to meet target specifications.

According to another aspect of the invention, the FRE/FRM approach is used in the
circuit design process for debugging designs and for designing new architectures with
FRE/FRM capability in a feedback control loop for self adaptation.

According to another aspect of the present invention, a method is provided to
prevent noise associated with one excitation or measurement from corrupting and/or
interfering with other excitation(s) and/or measurement(s) in the FRE/FRM approach.

According to another aspect of the present invention, a method of arranging
multiple excitations or measurements in time or location is provided to reduce the

sensitivity of the test procedure to nonstationarity of the test environment.

BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 provides an overview of one embodiment of the methodology of the
present invention.

Figure 2 provides a block diagram of one embodiment of an integrated circuit
having BIST.

Figure 3 is a block diagram illustrating one embodiment of imprecise stimuli and/or
imprecise measurement provides for measurement of characteristics of a device under test
according to one embodiment of the present invention.

Figure 4 illustrates one embodiment of an ADC with digital calibration according to
one embodiment of the present invention.

DETAILED DESCRIPTION OF EXEMPLARY EMBODIMENTS

The present invention includes a method of testing analog and mixed-signal circuits

in which precise knowledge of the input and measurement system is not needed. With this

approach, two or more functionally related excitations (FRE) serve as inputs to a device



10

15

20

25

30

WO 2004/106956 PCT/US2004/016087

under test (DUT). Measurements are made with two or more functionally related
measurement devices (FRM). From the observed outputs, the performance
characteristics of interest of the DUT are determined by making appropriate calculations
based upon, without limitation, information obtained from the outputs, knowledge about
the relationships between the inputs, knowledge about the relationships between the
measurements and information about the characteristics of the excitations and
measurement systems. The FRE/FRM approach is applicable to either production test or
built in self-test (BIST) implementations. Since precise knowledge about the excitations
and the measurement system are not needed, the cost and complexity of the excitation and
measurement systems can be reduced in a production test environment and the die area
for implementing the excitation and measurements system can be made small with
modest performance requirements in BIST environments. In a BIST implementation, the
FRE/FRM approach can be used to evaluate and enhance the performance of analog and
mixed-signal circuits after fabrication. In a design process, the FRE/FRM approach can
be used for debugging designs and for designing new architectures with FRE/FRM
capability in a feedback control loop for self adaptation.

Figure 1 provides an overview of the methodology according to one embodiment of
the present invention. In Figure 1, a first excitation signal is applied to a DUT in step 100
and a second excitation signal is applied to a DUT in step 101. The present invention
contemplates that the DUT is an integrated circuit or a portion of an integrated circuit. In
steps 102 and 103, the outputs of the DUT from steps 100 and 101 are measured with the
first measurement device. In steps 106 and 107, the outputs of the DUT from steps 104
and 105 are measured with the second measurement device. In step 108, performance
characteristics of the DUT are determined at least partially based on one or more
relationships between the excitation signals and/or one or more relationships between the
measured outputs. Because the relationships are used, the precision associated with the
excitation signals and/or measurement devices is of less importance.

Figure 2 illustrates a block diagram of one embodiment of the present invention
where an integrated circuit is adapted with FRE/FRM used for built-in self test. In Figure
2, an integrated circuit 200 is shown. The integrated circuit includes a portion or subcircuit
202 that is to be tested. A FRE signal(s) portion 204 of the integrated circuit 200 is used

to generate one or more excitation signals that are applied to the under test portion 202 of
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the integrated circuit 200. A FRM measurement portion 206 of the circuit is operatively
connected to the under test portion 202 of the integrated circuit 200 for measuring the
effect of an excitation signal generated by excitation signal(s) portion 204 on the under test
portion 202. The measurement portion 206 can include one or more measurement devices.
The performance determination portion 208 uses the relationships between excitation
signals and/or relationships between measurement devices to determine information related
to the performance characteristics of the device under test portion 202. The present
invention allows for the information determined by the performance determination portion
208 to be output via a feedback connection 210 to the portion of the device under test 202
to adjust or tune the circuit. The test results can also be output to the device periphery.
The FRE and/or FRM structures allow for performance determination without the need for
precise knowledge about the excitations and the measurement system. Because precise
knowledge about the excitations and the measurement system is not needed, the die area
for implementing the excitation and measurement systems can be made small with only
modest performance requirements.

Special cases of this approach are systems where the output is inherently digital in
which case no measurement system is needed or where the input is inherently digital in
which case no analog excitation is required. Analog to Digital Converters (ADCs) are an
example of systems where the output is inherently digital and Digital to Analog Converters
(DACs) are an example of a system where the input is inherently digital. Other special
cases of this approach include those where precise inputs are available and functionally
related measurements are made or where precise measurement systems are available and
functionally related excitations are used,

In one embodiment of the present invention, the methodology of the present
invention is used to test ADCs. This approach can be appropriately termed testing of
ADCs with FRE. With the FRE approach to testing ADCs, two or more excitations are
applied to the input of the ADC under test (DUT) and the corresponding outputs are
observed. From the observed outputs, the performance characteristics of interest of the
ADC are inferred by making appropriate calculations based upon information obtained
from the outputs and knowledge about the relationships between the inputs. These
calculations are based upon a mathematical formulation of the FRE test procedure and the

sequence of calculations are termed FRE algorithms. In contrast to most existing
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approaches to testing of ADCs which depend upon making calculations based upon the
observed output and precise knowledge of the input waveform or Wavefonps, the FRE
approach does not require precisely knowing the input waveform or waveforms. The
inherent advantage of this approach is that very imprecise excitations which can be readily
and inexpensively generated can be used for ADC testing. The FRE approach offers
potential for reducing the cost of production testing if FRE algorithms that provide good
correlation between inferred ADC performance and actual ADC performance are used and
if the costs of implementing these algorithms are sufficiently low. The FRE approach also
offers potential for partially or fully built in self test (BIST) in which some or all of the
FRE excitations and some or all of the FRE algorithms are implemented on a chip or in a
system. With the FRE approach, the relationship between the excitations may be precisely
known, or the relationship between the excitations may be only approximately known, or
the relationship between the excitations may have a known form but with unknown
parameters. Many different excitations can be used to implement the FRE and for a given
pair or set of excitations, many different FRE algorithms can be used to infer how the DUT
is performing.

According to one embodiment of the present invention, Slope Error Compensated
Histogram (SECH) methods are used as the FRE algorithms. Accérding to a second
embodiment, Stimulus Error Identification and Removal (SEIR) methods are used as the
FRE algorithms. Examples showing both types of algorithms are provided. In the SECH
methods, an estimated slope of a nonlinear input signal function is required as a part of a
histogram method and the error in this estimate is corrected if need be. The type of slope
estimation selected can also be used to reduce errors.

~ Inthe SEIR methods, potential sources of error, such as the effect of additive noise,
the effect of quantization error in transition time, the effect of the shift between two signals
and others, or other sources of error are identified and analyzed so the proper adjustments

can be made to reduce or remove error.

1. Example for ADC testing with low accuracy stimuli using a Slope Error
Compensated Histogram (SECH) method
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In this embodiment a method of testing ADCs is described that uses a SECH
methodology for ADC testing with low accuracy stimuli and imprecise measurements.
Familiarity with traditional ADC linqaﬁty testing is assumed. This embodiment illustrates
the use of both FRE and FRM. A method and system for testing is shown in Figure 3. In
contrast to the standard test flow where a precise input stimulus is used and a precise
measurement is taken, this alternative method and system for testing uses multiple
imprecise excitations and correspondingly has multiple imprecise measurements.

As shown in Figure 3, it is assumed that there are k imprecise stimuli presented to
the DUT and there are # imprecise measurements. If all / imprecise measurements are
made for each imprecise excitation, a set of input and butput test vectors are obtained for
each stimulus-measurement combination. Mathematically, the resultant family of test

vectors can be expressed as
Xovra,y =M, (U(Fj (XIN(i,j) )»"‘ N(XIN(i,j)) Jor 1<i<h, 1<j<k (D

The immediate question that needs to be addressed is whether sufficient
information exists in the resultant family of test vectors to uniquely determine U. The
answer to this question depends strongly on the nature of the sequences of stimulus and
measurement functions. According to this embodiment, sufficient information does exist
for testing ADCs with one class of imprecise stimuli. There are many other classes of
stimulus and measurement functions that will provide sufficient information to uniquely
determine U as well. The present invention is in no way limited to the particular classes of
stimulus and measurement functions described herein. Preferably, however, the classes of
stimulus and measurement functions are selected such that a manageable number of
measurements arithmetic manipulations are used.

This embodiment shows how imprecise stimuli can be used to test ADCs. A
detailed mathematical explanation is provided. The performance of this embodiment is
supported by computer simulations and measured results obtained from a production test
environment. The ADC example shows that both the number of measurements and the
number of arithmetic manipulations needed are manageable. The present invention is in no
way limited to this particular embodiment as the present invention contemplates other
approaches of characterization of analog or mixed signal circuits. Instead of generating a

very precise ramp signal, the ADC is characterized with multiple imprecise inputs. In

particular, two input signals ¥, and ¥}, that can be imprecise are used. The two signals
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can be highly nonlinear; the algorithm exploits the relationship between the two signals
while estimating the INL and DNL of an ADC without being affected by input-introduced
ErTors.

Consider the testing of an ADC with imprecise stimulus signals. In this exemplary
algotithm, two nonlinear ramp signals are used, with the second being a constant-shifted
version of the first. The input signal is assumed to be a strictly increasing function of time
and the speed at which the signal increase does not change dramatically. Furthermore, we
assume that the signal generator is short-time stationary, meaning that if the same signal is
regenerated within a short time period, the regenerated signal should be very close to the
original signal, with the maximum difference much smaller than 1 LSB. Except for these
reasonable and easy-to-satisfy conditions, the stimulus signals are allowed to be
imprecise. The signal could have a significant error from what it is supposed to be, an
ideal ramp in this case. Furthermore, the error is unknown to the design engineers or test
engineers. It is uncertain in the sense that it is process and environment dependent. This
significantly relaxes the requirement on the signal generator so that it can be easily
implemented with low cost or on chip.

Fig. 4 is used to illustrate the basic idea of the algorithm used in this embodiment of
the present invention. The vertical axis is marked with the actual and the end-point fit-line
transition points of the ADC, respectively. The two nonlinear curves represent the two

ramp-like signals. Mathematically, the two nonlinear signals can be described by

Vi =1 @)

Vn=f®-a 3
where « is the constant shift between the two signals. The tallies of codes obtained when
V), and V7 are presented as the ADC input signals are C ! and C}, respectively. The

amount of shift between the two signals is unknown and not measurable externally and
need to be estimated as an additional variable. Assuming the signals are sampled

uniformly with a sampling period Tisaup, the time index when the value of the signal
V o (V &) crosses transition level Ty (indicating that the value of the input signal

equals the value of the particular transition voltage of the ADC), measured in units of
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sampling period Tsaup, is Y C, (Z C; ) And this relationship is subject to time

quantization errors. That is

k

T, =1, +¥, = f(z C} ),k =0,1,2,...,N -2 4)
i=0
k

T, =I,+¥, = f(ZCfJ—a,k=0,1,2,...,N—2 (5)
i=0

To simplify the analysis, we will consider the system to be noiseless. The effects of
noise and errors will be discussed later. Subtracting the (k-1)™ equation in (5) from the k™
equation in (4) yields:

k k-1
1+¥, -¥,, = f(z C}) - f(z c,?] +a,k=12,.N-2 )
i=0 i=0

Expressions in the equation above are given in LSB. The 1 in front of the equation
means 1 LSB. On the left hand side of (6) is the code width 7-T}.; corresponding to code
Dy. On the right hand side is the code width expressed as a function of the summation of
tallies. The difference between the first two terms on the right hand side of (6) can be

written as

k—

f(zk: C}j - f(z1 C?J = f'(&, i C - kj c? j k=01,2,.,N -2 (7

i=0

where f'(&, )is an unknown variable, because the exact function form of the input signal is
unknown. Though we use the notation of derivative in the expression, its physical meaning
is simply the slope of a section of the nonlinear function f(¢) between f(t)=T, and
f)=T, +a.

There are different ways to approximate the slope and the present invention

contemplates that where slope approximation is used, any of a numbers of different ways

can be used. In one embodiment, a simple approximation for slope is provided by
averaging the slopes of ¥, and ¥, over the interval between Tj.; and T}, as shown in

equation (8):
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1(1+%, -, 1+¥, ¥,
=— + ,k=12,..N -2 8

If the nonlinearity in the input has a form of a second order polynomial, the
approximation in equation (8) is actually exact. The effects of the slope approximation

will be further discussed later. Substituting (7) and (8) into equation (6) and rearranging

lead us to
o
1= Y~ k=12,.N =2 ©)
1=y,
11 1)&,, &
where y, = 2l + o (Z Ci->.c} j . Equation (9) is a set of linear equations with
& i=0 i=0

respect to unknown variables o and ¥, ,k =1,2,..., N — 3. Many standard mathematical

methods can solve this type of equation set. Some of them have a computational

complexity proportional to (N-2)°. For high resolution ADCs, N is very large and these

methods will take a prohibitively long time to get the results. We propose a method with a

computational complexity only proportional to N-2. Notice that by adding all equations in

(9), the - term of one equation will cancel the W, term of the next equation and we have

N-2= alf% +'%¥, —-¥,_, . Usingthe fact ¥, =¥,_, =0, we get an estimation of
=t L7/

the shift between the two stimuli

o, = ﬂ’:li) (10)

= 1=,

Substituting the value of o into equation (9), we can estimate the integral

" nonlinearity of the ADC as

k
LIJk,est =(z ﬁ]aest —'k,k=172="‘7N~3 (11)
i=1 L7/

10
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Based on the estimated value of integral nonlinearity, we can calculate the

differential nonlinearity of the ADC as

A = -1, k=12,.,N-2 (12)

From the integral nonlinearity and the differential nonlinearity, both the INL and

DNL parameters are calculated as:

} (13)

k,est

INL,,, =m’?xﬂ‘i[’k’es, } and DNL,, =mlftxﬂA

1.1 The ADC identification algorithm using low accuracy stimuli

The method discussed above can be summarized as an algorithm with the following

steps.

1. Use asignal ¥, to excite the ADC under test and collect the histogram
¢ k=01,.,N-1}

2. Regenerate the signal ¥, but shift it down by a constant voltage a to obtain V2.

3. Use the signal ¥, to excite the ADC under test and collect the histogram

2, k=04,.,N-1}

k k-1
4. Calculate y, = —;—(é + éj(z C/ =Y C? J , k=12, .N-2.
k r J\i=0 i=0

_(N=2)

5. Calculate o, == 1

1=

11
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k
6. Calculate ¥, ,, = (Z %Jam -k,k=12,.,N-3.
=117

7. Calculate A, ,, = i -1, k=12,..,N-2

1-y,

}.

8. INL,, =max{¥

}‘ and DNL,, =mli1xﬂAk_est

k,est

The input signals can be generated very fast. It is not necessary to wait until the
stimulus settles because they are not required to be linear. So test time of an ADC can be
dramatically reduced. The histogram data collection in step 1 and 3 is the same as that for
the traditional ADC linearity test. The voltage shift in step 2 is simply an analog addition
and can be realized in hardware. Steps 4, 5 and 6 can be done by either a computer or
through on-chip DSP fuhctionality. The performance of these steps does not add

significant processing time to test.

1.2 Performance analysis

This embodiment of an algorithm has the capability to test an ADC using low
accuracy input signals and estimate the integral and differential nonlinearities of the ADC
to higher accuracy than that of the stimuli, which is inherently not doable for the traditional
histogram method. Therefore, this algorithm of the present invention has wider
applications for low cost production test and mixed signal BIST, where high accuracy input
signals are too expensive to build or too challenging to design.

Comparison of algorithm with traditional histogram method
The traditional histogram method will directly transform the nonlinear error in input
signals into the error in estimation of integral and differential nonlinearities. To estimate
the INL and DNL of an ADC to accuracy of 0.1 LSB, the input signal must be a decade
more linear than the ADC so that the input nonlinearity is less than 0.1 LSB. This is the
common knowledge that to test an n-bit ADC, the input signal should be more than (n+3)-
bit linear. Furthermore, because of noise errors, even with an (n+3)-bit linear input,
accuracy of 0.1 LSB is usually not achievable. Including the noise effect, a reasonable
error bound for ADC production test in the industry is half LSB. This embodiment of an

algorithm of the present invention can eliminate the effect of the huge input nonlinearity

12
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and estimate the INL to an error less than 0.8 LSB as further discussed herein. This
embodiment of an algorithm of the present invention can do the INL and DNL test for an
n-bit ADC by using only (n-7)-bit linear signals and has the performance comparable to
that of the traditional histogram method which requires (n+3)-bit linear input signals.

1.2.1 Effects of slope approximation

Two major factors contribute to the error in the proposed algorithm. The first is the

error of associated with the slope approximation using the average in equation (8). The
second is the error in C; and C}. We will talk about each of them as follows.
In the algorithm used in this embodiment of the present invention, we were required

to estimate the slope of the nonlinear input function over the interval between Z C, and

Z C;? . This slope strongly depends on the nature of the unknown nonlinear input signal
function. There are many ways to do the estimation and without the knowledge of the
input, no one method can be said to be more accurate than the other. Therefore we use the
average of slopes at two end-points of the interval, Z C, and Z C?, to approximate the
required slope factor in equation (8). Although not very precise, this approximation gives
us a simple calculation towards INL estimation. If the nonlinear function representing the

input is a second order polynomial, then the above estimate gives the exact value of the

slope. Let’s assume that the input is of the general form given by
f@®)=at’ +bt (14)
The slope of the input signal over the interval between t; and t, is given by

————f(tZ)—f(t‘)=a(t2 +2,)+b (15)
t2t1
On the other hand, if we derivatives t; and t, and obtain their average, we will have

f'@E)+1'@) _2at, + b+2at +b
2 a 2

=a(t, +1,)+b (16)

13
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We can see that the slope and the average are exactly the same. This corroborates
the fact that if the nonlinear input is mainly in the shape of a second order polynomial, our
slope approximation will not introduce major errors in INL and DNL parameter estimation.

In reality, the input can have various shapes different from a second order
polynomial. But our slope approximation is still accurate under most of the situations,
such as that the slope of the nonlinear function changes slowly, or that the length of the
interval is small, i.e., a small shift between two signals, etc. The effectiveness of the
simple average slope approximation will be verified by both simulation and experimental

results in the next section.

1.2.2 Error in histogram measurement

The histogram data, C; and C7, are mainly affected by the additive noise at the
input of the ADC. Let us assume that the additive noise is stationary with mean 0 and
variance o>. The noise may result in a different output code than the expected value and
larger variance makes the code more likely to be different from its expected value. For
instance, if we consider the accumulated histogram, Z C,i , Which is the number of codes
less than or equal to code k. In the traditional histogram method, this number is the
estimated value of the ¥ transition point except for a constant scaling factor. In the
proposed algorithm also, this number gives the first order approximation of the &
transition point. But any error in this number will translate into an error in the integral
nonlinearity estimation and finally into an error in INL and DNL estimation. However,
since there are many samples for each code, an addition or subtraction of one or two

samples will not have a significant effect on the total number of samples for a code.

Intuitively, the variance of Z C, may increase as the variance of the additive noise

increases. With detailed statistic analysis, we can show that the following relationship is

true.

o2 {3 ci}=B, Ni 17)
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where N is the average sample density. The subscript N signifies that the variance of
Z C, is due to additive noise. Equation (17) states that the variance of the accumulated
histogram is proportional to the standard deviation of the additive noise, where B; is a
coefficient dependent on the distribution of the noise. When the noise becomes large, the

uncertainty in the accumulated histogram data will also increase, but at a speed slower than

that of the noise. This implies that the error in INL and DNL estimation will not increase

" as fast as the noise. The time domain quantization errors have effects on the accumulated

histogram and the final INL and DNL estimation. The quantization effect is closely related
to the average number of samples per code. With more samples, the quantization error will
be small and the accumulated histogram can accurately characterize the transition points.

Since the quantization error is distributed between 0 and 1/ Ns, we have

ag{ZC;}=% (18)
S

The subscript Q signifies that this part is due to the time domain quantization effect.
B, is a coefficient dependent on the distribution of the quantization error. From the
expression above we can see that increasing the number of samples can significantly
reduce the quantization error in accumulated histogram and give out better estimation for
INL and DNL. The total estimation error will be due to the combined effect of the

quantization errors and additive noise.

1.3 Simulation and experimental results

Simulations and experiments are done to verify the performance of the proposed
algorithm. Simulation results show that the algorithm can estimate the integral and
differential nonlinearities for a 12-bit ADC to 12-bit accuracy by using input signals of
only 7-bit linearity and the performance of the algorithm is in agreement to theoretical
analyses. In experiments, the integral and differential nonlinearities of 10-bit ADCs are

estimated to more than 9-bit accurécy by using 2-bit linear signals.

1.3.1 Simulation results
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.Simulations were run under different combinations of parameters such as noise variance,
the resolution of ADCs, the number of samples per code, etc. The nonlinear input signal

used in the simulation is given by
f(@)=t+0.04x (> —1)_0.02x(¢> —1.5¢> +0.5¢) (19)

It has second order and higher order polynomial nonlinear terms with linearity less
than 7 bits. Although in reality we can easily generate much better input signals a highly
nonlinear input was used in our simulations to confirm the rigidity of the algorithm.
Simulation results were obtained for a 12-bit ADC. The average number of samples per
bin was chosen to be 32 (Ns=32) and 6=0.8 in simﬁlation. It was observed that the actual
integral nonlinearity of the ADC is between +6 and -4 LSB. Stimulation confirmed the
nonlinearity of the device as predicted using the proposed algorithm with a 7-bit linear
input signal. The difference between the actual nonlinearity values and estimated
nonlinearity values is between +1 and -0.8 LSB. It can be observed that using the newly
proposed algorithm, a 12-bit device can be characterized to within +/- 1LSB with an input
signal which is just 7-bit accurate. The traditional algorithm identifies the device to have
45LSB INL. This magnitude of error is observed because the conventional histogram
approach assumes that the input is a highly linear ramp, and any nonlinearity in input is
wrongly interpreted as errors in the ADC. The proposed algorithm is not affected by this
nonlinearity in the input. The performance of the proposed algorithm under different noise
and samples/bin were also simulated on a 10-bit ADC. The results are summarized in
Table 1. The actual integral nonlinearity of the software modeled 10-bit ADC is between ‘
+3 and -2 LSB. The proposed algorithm was then used to identify the device and for each
combination of noise and samples/bin, the algorithm was run 32 times to compute the

variance.

Table 1. Variance of the error jn INL estimation vs. o and N;

c N; N; =16 Ns =32 N, =64
o =0.2 0.2458 0.0773 0.0324
c =0.4 0.7265 0.2036 0.0804
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G ~0.8 1.5633 0.4806 0.1813

o =1.6 2.4974 0.9912 0.3505

From the result we can see that the error in INL estimation is affected by both the
noise effects and quantization effects as discussed in section IV. By choosing appropriate
sample density, we can estimate the INL of an ADC to a reasonable accuracy, e.g., less

than 0.5 LSB, even under large noise variance.

1.3.2. Experimental results

Simulation shows that the proposed algorithm can test INL and DNL for high
resolution, 12-bit or above, ADCs to accuracy that is better than 1 LSB. In experiment, 10-
bit commercial pipelined ADCs were tested to prove the effectiveness of the algorithm.
Though test for 10-bit ADCs is a known art, an input of 13 bit or higher linearity is always
required. We are going to show the test result for a 10-bit ADC by using signals that are
less than 3-bit linear. If the traditional method was used, it would be very unlikely to
accurately identify the INL and DNL of a 10-bit ADC by using a 3-bit linear signal. There
might be errors of hundreds of LSBs. By using the proposed algorithm we will see that the
INL and DNL of 10-bit ADCs can be estimated to accuracy of better than 0.3 LSB in
experiment. This result is as good as the result for a traditional histogram method by using
a 13-bit signal.

A commercially available ADC was tested to estimate the effectiveness of the
algorithm. Different ADCs and raw data were obtained. The entire testing was performed
in a production test environment. As a first attempt, a commercial tester used in
production testing was used to generate the input signals and collect the output histograms.
The tester was programmed to generate input signals with only 2-3 bit linearity (much
more nonlinear than what was used in software simulations reported above). Although
signals of much better linearity can be generated on-chip, to confirm the robustness of the
algorithm and to consider the case of high resolution ADCs (14 bit and above) where 8-9
bit linear input signals are limiting factor, the input signals used in the test runs were
intentionally limited to a low linearity. The second signal was obtained by subtracting a
DC shift value of about 10 LSB from the first signal. This amount of shift and the exact

nature of the input signal were unknown to the algorithm. These values were
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independently computed as part of the algorithm. Results of INL estimation using the
proposed algorithm with the above described highly nonlinear input signals were then
compared to the results calculated from using the traditional histogram algorithm with a
highly linear ramp signal. The signals were sampled at 32 samples per code on average.

To start with, the results using the highly linear signal and the traditional histogram
method were considered to be the true nonlinearity of the ADC. The difference between
the results using the proposed algorithm and the traditional method is then the residual
error of the new algorithm. The algorithm is able to identify the nonlinearity of the device
to within 0.7 LSB using an input signals that is just 2 bit linear. The experiments were then
repeated on 20 different ADCs. The same input signal with nearly 2 bit linearity was used
to test all the devices. The amount by which the second nonlinear signal was shifted with
respect to the first was nearly 10 LSB for all devices.

The parts can be identified to accuracy of 1 LSB using the new algorithm. Further,
to see the effect of noise, one part was randomly picked again, and a highly linear ramp
and traditional histogram test was performed on the same device twice; and the INL
predicted using the two linear ramp data were compared. Ideally we would expect the INL
prediction to be same, since they represent the same device. But a maximum error of 0.7
LSB was found between the two runs.

Thus even with a highly linear ramp and the traditional test approach, we get a
marginal difference between repeated runs on the same device, indicating that noise in
measurement is a major limiting factor in the identification of the device performance, and
places a lower bound on the estimation accuracy. Given this effect of noise in
measurement, due to factors like temperature and time related drift, the above errors in

estimation using the proposed algorithm is very reasonable.

1.4 _Conclusions regarding SECH embodiment

This embodiment illustrates one example of a new invention for analog and mixed-
signal circuit test Unlike traditional approaches that require precise, linear and stationary
input stimuli and measurement, the methodology of the present invention can work with
imprecise and nonlinear stimuli and measurements. To identify the performance of a DUT,

post-processing of data acquired from imprecise stimuli and measurements is required.
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This methodology includes an algorithm for ADC linearity test using nonlinear stimuli. As
described in this embodiment, the ADC’s INL and DNL parameters can be accurately
estimated by using input signals with much lower linearity. Simulation and experimental
results show that this algorithm can identify the INL of 10-bit or high resolution ADCs to
sub LSB accuracy by using stimuli of less than 7-bit linearity, only 2 bit linearity in the
experiment. This methodology can be used for built-in self-test and low cost production

test.

2. Stimulus Error Identification and Removal (SEIR) method

This embodiment of the present invention is demonstrated in the context of an ADC
linearity test. The present invention is not limited to this embodiment, and contemplates
numerous methods for using FRE and/or FRM. For purposes of this example, knowledge
of conventional methodology of testing ADC linearity is assumed.

In conventional methodology, the input nonlinearity is calculated in a manner that
includes nonlinearities from different sources coupled to each other which cannot be
identified at the same time. In the algorithm of this embodiment of the present invention,
two analog input signals will be used, and the nonlinearity in the input and INL of an ADC
will be separated first and then identified. The second signal is simply a shifted replica of
the first input signal with a shift voltage «. Such a shift could easily be obtained in

hardware by an analog summing circuit.

x,O) =Ty + Ty, Tt +F(t) (20)
O =T+ Ty, ~ T+ F(@)-« (21)
Transition time for the two signals is defined by following equations

T, =x,() (22)

T, =, () 23)
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Equations 22 and 23 are key to understand the logic behind our new method. Any non-
linear (or linear) input maps the transition points of the ADC onto the time axis represented
by histogram counts. The same ADC transition points can be mapped onto time axis with
different histogram counts, using a different input.

Notice that this allows the ADC nonlinearity to be left at one side of the equation.
If {C,.“) ,i=01,...,N— 1}and {C,.‘Z) ,i=01,..,N — 1} are histogram data collected by using x;
and x,, respectively, estimates of transition time can be expressed in following equation.

Therefore, the non-uniform sampling pattern on the normalized time axis (corresponding to

ADC transitions projected through each nonlinear input) is given by:

2. CIEI) _ C(()l)
i = (24)
Z C/El) _ Cél)

k=0

ZCIEZ) _ Cél)

2(2) _ k=0

i = (25)
Z CS) _ Cél)
=0

where time is shifted and scaled with respect to the first signal, with origin at C and unit

time at C®_. We can now have the estimate of INL formulated using each input signal
N=2 g p gu

and corresponding histogram counts.

M
INL® = (N -2)i® +> a,F,(E")-i, i=12,.N -3 (26)
j=1
M
INL® = (N -2)f® +Y o .F.(i?P)~a-i, i=12,.N-3, i? <1 (27
i i . JT Vi 4
J=

Notice that instead of the nonlinearity only being parameterized on the interval [0, 1] as in
the traditional method, in (25) some transition time of the second input will be larger than
1. For that part of transition time, parameters are not well defined by the traditional
method, so those corresponding equations are excluded from (27). Roughly speaking the

last @ (in LSB) equations in (27) will have transition time larger than 1, so the total
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number of equations will be N-3- &. We will see for a reasonable shift value this reduction
in number of equations will not affect the performance of the new method and discuss it
effects later.

Equations (26) and (27) constitute the body of our method. The left hand side of the
equations (ADC’s trip points) will cancel when two equations are subtracted from each
other and the input nonlinearity will be left alone in a parameterized form. Moreover, there
will be more equations than parameters, so the system can be solved using a standard
parameter estimation method. Regardless of the difference between two estimates of a
same INL, we still have N+M-3 unknowns, N-3 INL and M g; parameters. But this time we
have two input signals and a nearly doubled number of 2(N-3)- @ equations with small
shift. This makes the identification of the unknowns possible. Equating the right hand side
of (26) and (27), we have

M
(V=200 + Y a,F, GO )=(v - 2)1‘(2)-!—2(1 F®)-a (28)

Jj=1
We can see that there is only the nonlinearity in the input signal and no INL of the
ADC in the equation above. Move the linear terms of transition time to one side and

nonlinear and shift terms to the other side, we have

(v - 2((2) t“)) +Za( (t(‘)) (t‘”))-FOK, i=12,.,N-3, {® <1 (29)

i

There are roughly N-3-« linear equations for M unknown parameters ;. If the
number of codes is much larger than the number of basis functions and the shift,
parameters are over constrained by (29) and can be estimated by using the least mean
squares (LMS) method. The LMS method has a beneficial property that if there is any
noise or etrors in equation (29), their effgcts will be partially or totally averaged out by the

LMS method. Naming estimated values of the parameters to be 4;, j =1,2,..., M and

substituting them into either equation (26) or (27) or their combination, we can estimate
INL of the ADC. Using (26) for example, we will have

M
INL, =(N-2)i® + 3 &,F,((")~i, i=12,.N -3 (30)
Jj=
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2.1 Error analysis

There are several sources of errors that will affect the performance of the algorithm.
Among them the additive noise in the signal, the non-parameterized error of the signal, and
the quantization error of transition time as in equation may have the most significant
effects on the INL test results obtained by our method. Using the first signal as an
example, with noise and errors the relationship between transition points and the estimated

transition time can be written as

\

[ =T, +(Tyy 0 + 3 0,00 )+ rli0) 0 1) oy
=1

where e(f,.(‘)) is the non-parameterized error, n(fi(l)) is the effect of the additive noise, and

o —1® ) is the quantization error. We further assume the noise and errors will not
affect the LMS estimation of a I j=1.2,..., M so that they can viewed the same as
a;,j=12,...,M. This is a fair assumption based on the following reasons. First, the non-

parameterized error is orthogonal to the first M sinusoidal functions by definition. Second,
the additive noise and quantization error are usually changing very fast as a function of
time so that they have little components correlated to low frequency basis functions. Third,
the LMS method will also average out the effect of fast changing components in noise and
errors. Therefore the difference between the INL calculated in equation (30) and the actual
INL is

INL, — IR, = ef® )+ nE® )+ dE® — 1) (32)

Each of these terms is discussed separately.

2.1.1 Effects of the non-parameterized error in_input signals

The magnitude of e(f,.(” ) is dependent on the number of basis functions used in
parameterization, M, and on the nonlinearity of the input signal itself. As mentioned
earlier, e(t:.“)) can be reduced to arbitrarily small by increasing M. In reality, we can
require the input signal to be stationary and changing slowly. The nonlinearity in the input

can be large, but it doesn’t change too fast so that we can parameterize it with reasonable
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number of basis functions to get a small residue error. Higher spatial-frequency

nonlinearities can be handled by increasing the number of basis functions.

2.1.2 Effects of the non-parameterized error in input signals

Assume the additive noise at the input to an ADC is stationary and Gaussian with variance
o 2. The noise may make the output code different from its expected value so that bin
counts are affected by it. Larger variance of the noise makes the code more likely to be
different from its expectation. However, there are many samples for each code. Change of
one or two samples’ value will not have a significant effect on the total number of samples

for a code. Intuitively, the variance n(f,.(l)) may be proportional to the variance of the

additive noise and inversely proportionally to the average number of samples per code.
With more detailed statistic analysis, we can show that the following general relationship is

true.

olnlf® )= fANis (LSB) (33)

where Nj is the average number of samples per code. A is a constant dependent on the
distribution of the noise. For Gaussian noise, A=0.5642. This sensitivity to noise is also a

fundamental problem in conventional histogram based ADC test algorithm.

2.1.3 Effects of the quantization error in transition time

The quantization error of transition time is bounded. A smaller clock period T, will
produce more samples in total and a larger average number of samples per code N,. So the
quantization error will become smaller. The standard deviation of the quantization error

can be expressed in terms of N; as

old(t® -0 )= /_1_21? (LSB) (34)

In equation (34) we assume the quantization error is uniformly distributed.
Typically, in an all codes production testing environment, N is between 20 to 100 samples
per code. The magnitude of the additive noise determines which term of (33) and (34) is
more important to the test result. If the standard deviation of the additive noise is

comparable to 1 LSB, the quantization error is much smaller than the effect of the noise.
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For high resolution ADCs, up to 1 LSB rms noise is typical. That is why we state earlier
that the quantization effect of transition time can be neglected. The same quantization

error is also an issue in traditional histogram based testing.

2.1.4 Effects of the shift between two signals and others

The value of voltage shift ¢ between two input signals also affects the final INL
estimation results. If the shift is too small, the difference between the nonlinearity of the
two input signals at the same code level will be very small and noise in equation (31) will
have significant effects on the LMS method. The assumption that estimated parameters

d;,j=12,..,M are close to the actual value doesn’t hold any more and the numerical

behavior of the LMS method is no longer reliable under that situation. The shift can not be
too large as well. As mentioned before, the last o equations in (29) will not be used to
estimate the parameters, so the LMS result is only optimal for part of the input nonlinearity
and not necessary to be optimal for the nonlinearity on the whole interval of [0, 1].
Analysis shows that 0.1 to 1 % shift is appropriate for the proposed method. Both
simulation and experimental results support this conclusion. The method estimates the
amount of shift, so, no prior knowledge on the amount of shift is assumed.

We assume the two input signals are identical but with a constant shift. This is not
true in reality. We always have time varying effects in the test, e.g. the drift of reference
voltage. The signal source may change from the first to second run, which will introduce
gain error and different nonlinearity between two signals. These non-stationary effects can
be eliminated by well designed time interleaving measurement. Two signals are
interleaved in time to excite the ADC and collect histogram data. By using “common-
centroid” sequence to interchange between the two signals, most of the non-stationary

effects are cancelled in experiment.

2.1.5 Simulation results

Simulation has been done in Matlab, using different combinations of ADC
resolution, the average number of samples per code, the nonlinearity of the input, the
additive noise, and the voltage shift between two input signals. Simulation results show
that the algorithm can accurately identify INL of an ADC of different resolutiqn by using

nonlinear excitations under various situations. Results for testing a 14-bit simulated ADC
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under different noise level and average number of samples are summarized as follows. The
first nonlinear input signal is modeled as
%) = (N =2t +0.004* (¢* — 1) |+ noise (35)

The maximum nonlinearity specified in (35) is 0.1% of the total input range. The
shift between the first and second signals is assumed to be unknown but chosen to be 128
LSBs. 11 sinusoidal basis functions are used in parameterization of the nonlinear term in
the input. If the additive noise has a standard deviation of 0.8 LSB and 16 samples are
taken for each code on average, the error in INL estimation is less than 1 LSB.

Other results for different combination of the average number of samples per code

and noise are summarized in Table 2 for the same ADC.

Table 2. Error in INL estimation for different N; and o

Shift = 128 L.SB, 11 sinusoidal basis functions

N; Z (LSB) INL error N o INL error
(LSB) (LSB) (LSB)

16 0.8 0.78 16 0.2 0.46

32 0.8 0.54 16 0.4 0.60

64 0.8 0.40 16 0.8 0.78

128 0.8 0.32 16 1.6 1.22

For each of the INL error data in Table 2, four tests are simulated for each set of the
same N; and, and an average value of error are calculated and listed. This allows us to
statistically analyze the performance of the proposed algorithm. From Table 2, we can see
that if N is increased by 4 times, the error in INL estimation is reduced by about 50%; if
the standard deviation of the additive noise is increased by 4 times, the error in INL

estimation is increased by 2 times. This is totally in agreement with equation (33).

2.2 Test results from a 16-bit SAR ADC
A real 16-bit ADC is also tested to verify the performance of the new method. This laser

trimmed 16-bit ADC is a known test challenge due to excellent linearity performance
(typically +-1.5LSBs). The test hardware used for the verification of our method is the

same hardware used in the production testing of the device.
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2.2.1 Test setup
Verification of the full performance of this ADC requires extreme attention to test

hardware design. A 12-layer handler interface board is used with extensive ground, supply
and reference coverage. Extreme care is given to reduce ground loops and also to obtain
proper bypassing. High performance contactors, high precision resistors, high performance
capacitors and precision op-amps are used throughout the board. Latching relays are used
to reduce temperature gradients generating metal to metal contact noise effects. The digital
outputs are damped and buffered properly to avoid current surges. The test platform is
Teradyne A580 Advanced Mixed Signal tester. The source generating both the linear and
the synthetic nonlinear excitations is a 20-bit multi-bit delta-sigma DAC with 2ppm typical
linearity error, 100uV/minute typical drift characteristics, and 2 KHz bandwidth (this
source is a typical example demonstrating that an expensive signal generator is not always
good enough to provide low drift, high speed and good linearity all at the same time). DC
shift of the nonlinear excitation is given through an analog summing circuit. In the
experiment, the testing of histogram data using nonlinear signals and identification of INL
using the proposed method are done in different platforms. The tester setup, including

the shape of the nonlinearity in the input and shift between two signals are not known to
the identification algorithm at all. Only two sets of histogram bin counts are fed into the
analysis program.

2.2.2 Test data collection and analysis

The INL of the ADC was first obtained by using the histogram from an ideal ramp
excitation. This method is the traditional method used during the production testing of the
ADC. The INL of the ADC measured with nonlinear input and calculated with the
traditional histogram method. In the traditional method, any input nonlinearity appears as
ADC nonlinearity. The nonlinearity is simply one period of a sine wave with some slight
phase shift. These two nonlinear signals have only 8-bit linearity. They are fairly linear for
the real world, but for our 16-bit, precision ADC, the amount of non-linearity at the input is
simply excessive. Needless to say, these inputs are synthetically generated to be a
representative of real world quasi-linear analog ramp generators such as simple integrators.
When this the method of this embodiment is applied to the measured bin count data, we get
an estimate of the INL which closely follows the traditional method of an ideal ramp

excitation. This difference is promising and can be acceptable as far as 16 bit converters
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are concerned. Up to 0.5 LSB variation (3 sigma) is inherent in histogram testing with 32
samples per code.

In the methodology of this embodiment, there is no reliance on the selection of the
form of basis functions. INL measured with linear and nonlinear signals are in agreement
with each other with an absolute difference less than 1.2 LSBs across all 65536 codes. This
difference may be due to noise effect or due to the drift error in input signals. The
methodology of this embodiment accurately identifies the INL of an ADC using a very low
accuracy input signal with 300+ LSB (~8-bit) nonlinearity. The test time penalty of this
algorithm is insignificant. The actual test time for this 16-bit ADC is 25 seconds, and the
post-processing of the algorithm takes 1.2 seconds in Matlab to calculate the INL from the
collected bin counts. Once coded in the tester workstation, the algorithm is expected to
complete well within 100 milliseconds. If a fast nonlinear source were used, the test time
would actually improve.

2.2.2 Conclusions regarding SEIR embodiment

This embodiment solves the mathematics behind linearity testing of ADCs using
non-linear signals. A nonlinear stationary excitation and its shifted replica are needed for a
complete mathematical solution. No assumptions on the shape or the frequency of the
nonlinearity are made. No prior knowledge about the shift or nonlinearity is required.
Using actual production test hardware, the method was shown to test a high
performance 16-bit ADC to well within its +- 2 LSB comparison specifications, using only
8-bit linear inputs. The algorithm has insignificant negative impact to test time. With the
introduction of this method and similar future methods, the test hardware development
paradigm could easily shift from linear source development, to low drift and high-speed
source development. The nonlinear low-drift input waveform and its shifted replica can
even be generated on chip as a built in self-test feature. The algorithm directly applies to
DAC testing as well, since it cancels the ADC nonlinearity totally while estimating the

source (DAC) nonlinearity.

3. Improving AMS circuits using FRE/FRM methodology of the present invention

The present invention also provides for other examples of wide-reaching
applications for the FRE/FRM methods of the invention. In this embodiment of the present

invention, a structure for analog-to-digital converters with digital calibration is disclosed.
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In this embodiment the calibration is implemented as a foreground calibration. However,
one skilled in the art will recognize that it can be modified to be done in the background.
An ADC of this structure has two modes in working, the identification and calibration
mode and the conversion mode. In the identification and calibration mode, the transfer
characteristic of the ADC is tested using FRE/FRM methods and correction codes are
generated. In the conversion mode, a raw output of the ADC is calibrated by adding up an
associated correction code to generate the final output. Thus the ADC performance can be
improved. The block diagram of the approach is plotted in Fig. _ . The dotted lines
represent information flows during the identification and calibration mode. They can be
referred to as the test path. The solid lines represent information flows during the data
conversion mode. The can be referred to as the signal path.

The box on top in the dashed line is an algorithm for AMS circuits’ identification
and calibration using FRE/FRM methods. At the present stage, this algorithm is
implemented off chip with an external signal generator and a computer to do calculation.
For built-in self-test applications, this block will be integrated on the silicon using DSP
capability already available on chip. The low requirement on the signal generator and
reasonable computational complexity of the algorithm make the integration practical. The
box at the bottom in the dashed line is a simple model for an ADC with digital calibration
capability. During identification and calibration mode, correction codes are determined and
written into the correction code generator. When the ADC is converting an analog voltage
into a digital code, the raw output will be used to read a correction code from the generator.
There are many ways to realize this code generator, €.g. a ROM lookup table or a
programmable logic. It is currently implemented as a software lookup table as a proof of

concept.

3.1 AMS circuits characterization using FRE/FRM methods

Traditionally, ADC linearity test requires a stimulus signal at least one decade more
accurate than the ADC. The proposed approach relaxes this requirement. It identifies and
removes the effects of input non-linearity using FRE/FRM methods, so that signals that are
decades less accurate than the ADC can be used as stimuli in testing, while characteristics

of the ADC can be estimated accurately.
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3.2 Digital calibration using circuits characteristics
A correction code, Cy, can be determined for each output code “k” of an ADC using

estimated INLy,

¢, = round((INL, + INL, , +1)/2), k=1..,N-2 (36)
The final output will be calibrated as

D,=k+C,, k=0,1.,N-2 (37)

Equation (37) calibrates each output code “k” of an ADC with a correction code. Every bit
of the output is used. We call it an all-bit calibration approach. This approach gives an
optimal correction code to each output “k” for digital calibration. But the correction code
generator will become very complex to implement as the resolution of the ADC increases.
A compromise of these two factors is to do p-bit calibration, where p is less than the
number of bits in an ADC output. Output codes with the same first p most significant bits
are grouped together and calibrated by one correction code, C;. By using estimated values

of INL,, this correction code can be calculated as

" (+hg-1 R
Cj=round[g > (INL,C+JNL,C_1+1)/2}, j=0,1..,27 -1 (38)
k=jq

where g=N/2? is the number of outputs in a group with the same first p bits. The final

output will be calibrated as
D, =k+Cj;y,k=0,1..,N-2 (39)

The relationship between the output “k” and the group index “j” is
j(k) = floor(k/q),k=0,1..,N -1 (40)

3.3 Performance evaluation for the calibration embodiment

Two calibration approaches discussed in the previous section are applied to the
simulated 14-b pipelined ADC to test their performance. The 14-b ADC are implemented
with 15 stages and has 15 bit raw output. Identification and calibration are done at the 15
bit level, and correction codes are generated for and added to the 15 bit raw output. Only
the final output after calibration is presented in the 14 bit form, with the least significant bit
truncated. So the calibration code has half a LSB resolution at the 14 bit level, which is 1
LSB at 15 bit level.
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The original ADC without calibration has 11 bit linearity, with an INL of about 3
LSB. After calibration, its linearity is improved to 13 bit, with an INL of about 0.8 LSB.
The INL after calibration can not be better than the original DNL + 0.25 LSB, about 0.9
LSB in this example. The result of the all-bit calibration is in agreement with this theorem
and achieves the lower bound.

Results of 8-bit calibration for the simulated 14-b ADC were also obtained. In this
example 256 correction codes are used to calibrate 16384 outputs of the ADC. The ADC
linearity after calibration is improved to more than 12 bit, with an INL of about 1.3 LSB.
This performance after calibration is a little bit worse than that of the all-bit calibration, but
its INL is still very close to the theoretical lower bound. Furthermore, the correction code
generator circuit can be dramatically simplified because of the smaller number of bits used
in calibration.

One skilled in the art having the benefit of this disclosure will appreciate that the
FRE/FRM methods of the present invention can be used in a number of different types of

applications, including in circuits used to provide digital calibration in AMS circuits.

4. DAC characterization/testing approaching the FRM method

Another embodiment of the present invention the FRM method is described in the
specific context of characterizing or testing a DAC. To demonstrate benefits of the FRM
method in accurate characterization for analog and mixed-signal devices using highly
imprecise measurement systems, let us look at an example of DAC testing. No input non-
linearity will be considered in this case, because DAC input signals are digital codes that
are assumed to have no error. To measure DAC’s analog output signal, a highly imprecise
ADC with a sufficient number of quantization levels will be used. The ADC’s largest code
width should be small enough so that errors of the DUT at a %2 LSB level can cause a
noticeable change in the ADC output. Other than this requirement, the ADC can be very
inaccurate. In this demonstration, the FRM method consists of two measurements of
DUT’s output, where the second is obtained by applying a simple level shift to the output
signal. More measurements and different functional relationships can be used in different

applications.
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4.1 DAC testing using the FRM method

In the first measurement, the DAC (DUT) input code is gradually ramped up from
zero to the full code. The ADC synchronously samples DUT’s analog output signal and

tallies the converted digital codes into a histogram { C,El) ,k=0,1..,N, -2}, where N, is

the total number of ADC output codes. The histogram data can be interpreted to yield:

T, =t +INL (41)

where T is the k™ transition point of the ADC, ¢ is the corresponding transition time

calculated as

(0 =t “2)
Sp-cp

i=0

k
> cP-cd

d® is the input code to the DUT at this transition time, and INL

o is DAC’s integral non-
linearity of the code. The test is repeated during the second measurement. The only
modification is that DUT’s output signal is level shifted by o before fed to the ADC input.
In a similar way, the second histogram {C®,k =0,1..,N, -2} produces another set of

equations:
T, =tP + INL, +a (43)

The two sets of equations can be combined to generate a single set of equations that

involves DUT non-linearity only:

INL,y =INL —a = t? —® (44)

d
If the ADC has more output levels than DAC’s input codes, we have more
equations in (44) than the number of INL, to be identified. Any robust parameter

identification algorithms, such as the least squares method, can be employed to estimate
the DAC’s INL,’s.

4.2 Performance of the DAC testing using the FRM method

The following describes simulation results using the FRM method to accurately test
aDAC. The DAC under test has a resolution of 11 bit, but only 7 bit linear with an INL of

4.3 LSBy1.. The measurement system is an imprecise 12-b ADC. It is only 6 bit linear with
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an INL of more than 20 LSB1,.. The simulated testing environment is set up so that the
code density is equal to 64 samples per DAC code, the additive noise has a standard
deviation of 0.25 LSB11.1,, and the level shift for the second measurement is about 16
LSB11.b, which is unknown to the tester program.

The maximum estimation error in INL, is about 0.6 LSB, so the testing accuracy for
the 11-b DAC is nearly 11 bit. For comparison, the performance of DAC testing using the
same measurement system but without the FRM method was also determined. The error in
INL, estimation is about 10 LSB, so the testing result is only 6-7 bit accurate. The FRM
method offers significant improvement in testing accuracy, better than 4-bit in this example
and potentially even more for higher resolution devices.

Therefore, a novel method and device for testing analog and mixed-signal circuits
using functionally related excitations and functionally related measurements has been
disclosed. The present invention, however, is not limited to these specific embodiments.
The present invention contemplates variations in the type of mixed-signal circuits, the
algorithms used to functionally relate excitation signals, the algorithms used to functionally
related measurements, and the combinations of functionally related excitations signals, and
functionally related measurements that are used. The present invention is not limited to the
particular characteristics being tested, as one skilled in the art having the benefit of this
disclosure will appreciate that any number of characteristics can be tested according to the
methodology disclosed herein. The present invention is not to be limited to the specific

embodiments described herein, but only by what is claimed.
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What is claimed:

‘1. A method for testing a circuit comprising: applying a first excitation signal to the

circuit; applying a second excitation signal to the circuit, the second excitation having a
first functional relationship with the first excitation signal; measuring outputs from the
circuit with first and second excitations with a first measurement device; measuring output
from the circuit with first and second excitations with a second measurement device, the
first measurement device having a second functional relationship with the second
measurement device; determining at least one performance characteristic of the circuit at
least partially based on the first functional relationship and the second functional

relationship and the measurement results.

2. The method of claim 1 where more than two functionally related excitation signals
are used.
3. The method of claim 1 where more than two functionally related measurement

devices are used.

4 The method of claim 1 wherein the circuit comprises at least a portion of an ADC

device.

5. The method of claim 1 wherein the circuit comprises at least a portion of a DAC

device.

6. The method of claim 1 wherein the first functional relationship is defined by a

nonlinear signal function having a slope.

7. The method of claim 6 wherein the step of determining includes determining an

estimate of the slope of the nonlinear signal function.

8. The method of claim 7 wherein the step of determining further includes correcting

the estimate of the slope.
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0. The method of claim 1 wherein the step of determining includes correcting for at

least one source of error.

10. A method for testing a mixed signal circuit comprising: applying a first excitation
signal to the circuit; applying a second excitation signal to the circuit, the second excitation
having a functional relationship with the first excitation signal; monitoring digital output
signals from the circuit; determining at least one performance characteristic of the circuit

based on the functional relationship and the digital output signals.

11.  The method of claim 10 wherein the mixed signal circuit is an analog-to-digital

converter.

12.  The method of claim 11 wherein the first functional relationship is defined by a

nonlinear signal function having a slope.

13.  The method of claim 11 wherein the at least one performance characteristic

includes an integral non-linearity characteristic.

14.  The method of claim 11 wherein the at least one performance characteristic is

associated with the conversion mode of the analog-to-digital converter.

15.  The method of claim 11 wherein the at least one performance characteristic is

associated with the identification and calibration mode of the analog-to-digital converter.

16.  The method of claim 15 wherein the at least one performance characteristic

includes a transfer characteristic.

17.  The method of claim 16 further comprising wherein correction codes are generated

during the step of determining.

18.  The method of claim 17 further comprising calibrating output of the analog-to-

digital converter by adding one of the correction codes.
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19. A method for testing a mixed signal circuit comprising: applying digital input signals
to the circuit; measuring outputs from the circuit with first and second excitations with a
first measurement device; measuring output from the circuit with first and second
excitations with a second measurement device, the first measurement device having a
second functional relationship with the second measurement device; determining at least
one performance characteristic of the circuit at least partially based on the functional

relationship and the measurement results.

20.  The method of claim 19 wherein the mixed signal circuit is a digital to analog

converter.
21. The method of claim 19 wherein the method is a built-in self-test method.

22. An integrated circuit, comprising: a portion under test; an excitation signal portion for
providing at least one excitation signal to the portion under test; a measurement portion for
providing at least one measurement of at least one output from the portion under test; a
performance characteristic determination portion for determining at least one performance
characteristic of the portion under test at least partially based on the at least one excitation

signal and the at least one measurement and at least one functional relationship.

23.  The integrated circuit of claim 22 wherein the functional relationship is an input

excitation signal function relating a plurality of excitation signals.

24.  The integrated circuit of claim 23 wherein the excitation signal function is

nonlinear.

25.  The integrated circuit of claim 22 wherein the functional relationship relates a

plurality of the at least one measurements.
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26. The integrated circuit of claim 22 wherein the performance characteristic portion is

operatively connected to the portion under test to provide feedback to the portion under
test.
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