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Random sampling within a bounded sample timing
interval is used to acquire samples until a signal to

noise ratio of an estimated spectrum from the acquired

samples achieves a target signal to noise ratio. The

lower bound of the timing interval may be a function of

one or both of a number of frequencies in a set of
predetermined frequencies of interest and a lowest
frequency in a set that is not equal to zero Hertz.
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RANDOM SAMPLE TIMING METHOD AND SYSTEM USING SAME

BACKGROUND

[0003] Data collection networks often sample data at a first location and then

transmit the sampled data to another location for processing and analysis. In some data
collection networks, data may be sampled randomly or irregularly as a function of time.
In particular, a time interval between individual samples may vary essentially randoml y

as a function of time.

[0004) Examples of such data collection networks include, but are not limited to,
a wideband test system with random sampling and a time synchronized, low power
network of sensors. A wideband test system with random sampling, when accompanied
by accurate timestamping (c.g., time synchronization) of the samples, facilitates
wideband signal characterization using average sample rates far below a conventional
Nyquist sampling rate for the signal. In another wideband signal test situation,
particular tests often require accurate data across limited spectral range (e. g., one-tone
and two-tone tests of radio frequency devices). In such situations, randomized data
sampling may minimize a total amount of data required for performing the tests. With
respect to low-power networked sensors, a power consumption of cach sensor is often
directly related to a sample rate of the sensor. In many situations, reducing the data rate
by cmploying randomized sampling facilitates low-power operation. In addition,
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constraints imposed by the network (e.g., network protocols and associated timing)
often place practical restrictions on sampling intervals resulting in uneven or irregularly
spaced samples. U.S. Patent No. 6,735,539 B2 to Barford, incorporated herein by
reference, teaches such a system using networked sensors with unevenly spaced samples

having timestamps.

[0005]) A number of techniques are known for handling spectral estimation from
unevenly spaced, irrcgular, or randomly spaced timestamped data. Among the known
techniques are Autoregressive Moving Average (ARMA) methods, Discrete Fourier
Transform (DFT) methods, and Matrix Factorization (MF) Mcthods. ARMA methods
fit a sct of timestamped input data to an ARMA model. ARMA methods require
excessively high computation times rendering such methods unsuitable for many real-
time applications. DFT methods typically require extremely large sets of input data
with relatively small inter-sample time spacing to minimize errors in summations
approximating Fourier integrals of the DFT. MF methods include, but are not limited
to, methods that attempt to fit a least-squares spectrum to the sampled data. No practical
means of determining a sufficient number of samples exists for such MF methods
resulting in the need for excessively long measurement and computation times
especially when considering real-time operations, such as in a manufacturing

environment.

{0006] Accordingly, it would be desirable to have an approach to random
sampling that generated timestamped samples for use in spectral estimation with
networked sensors. Such an approach would solve a long-standing need in the area of

spectral estimation.

BRIEF SUMMARY

[0007] In some cmbodiments of the present invention, a method of random
sampling is provided. The method comprises determining a bounded sample timing
interval; and acquiring a sample at a random sample time within the bounded sample
timing interval. A sample is acquired until a signal to noisc ratio of an estimated

spectrum from the acquired samples achieves a target signal (o noise ratio.

2.
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[0008] In some embodiments of the present invention, a test system is provided.
The test system comprises a sampler that acquires samples from one of a signal and a
process. The test system further comprises a spectral estimator in communication with
the sampler. One or both of the sampler and the spectral estimator comprise a computer
program having instructions that implement determining a bounded samplc timing
interval and that implement acquiring a sample of the signal or the process at random
sample times within the bounded sample timing interval, wherein the acquired samplc is
timestamped. A sample is acquired until a signal to noise ratio of an estimated spectrum

from the acquired timestamped samples achieves a target signal to noise ratio.

[0009] In some embodiments of the present invention, a networked sensor
system is provided. The networked sensor system comprises a network appliance that
produces timestamped samples. The networked sensor systcm further comprises a
sample timing module that determines a bounded sample timing interval; and a
computational node in communication with the nctwork appliance. The timestamped
samples are produced at random sample times within the bounded sample timing
interval and communicated to the computational node until a si gnal to noise ratio of an

estimated spectrum from the timestamped samples achieves a target signal to noise ratio.

[0010] Certain embodiments of the present invention have other features in
addition to and/or in licu of the features described hercinabove. These and other

features of the invention are detailed below with reference to the following drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0011] The various features of embodiments of the present invention may be
more readily understood with reference to the following detailed description taken in
conjunction with the accompanying drawings, where like reference numerals desi gnate

like structural elements, and in which:

[0012] Figure 1 illustrates a flow chart of a method of random sampling

according to an embodiment of the present invention.

[0013]) Figure 2A illustrates a flow chart of determining a bounded sample

timing interval according to an cmbodiment of the present invention.
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[0014] Figure 2B illustrates a flow chart of acquiring samples until a target
signal to noise ratio (SNR) of an estimated spectrum is achieved according to an

embodiment of the present invention.

[0015] Figure 3 illustrates a block diagram of a test system according to an

cmbodiment of the present invention.

[0016] Figurc 4 illustrates a block diagram of a sampler according to an

embodiment of the present invention.

{0017] Figure 5 illustrates a block diagram of the spectral estimator according to

an embodiment of the present invention.

[0018] Figure 6A illustrates a block diagram of a networked sensor system

according to an embodiment of the present invention.

[0019] Figure 6B illustrates a block diagram of a networked sensor system

according to another embodiment of the present invention.

[0020] Figure 7 illustrates a block diagram of a network appliance according to

an embodiment of the present invention.

DETAILED DESCRIPTION

[0021) Embodiments of the present invention facilitate sampling of a signal or a
process as a function of time (hereinafter ‘time sampling’) and estimating a spectrum
from timestamped data produced by the sampling. In particular, an embodiment of the
present invention facilitates determining and implementing a time spacing or time step
between samples acquired from the signal or the process. In addition, an embodiment of
the present invention provides for determining when a sufficient number of imestamped
samples of the signal or the process have been acquired to support estimating or
computing the spectrum therefrom. The signal or the process that is time sampled may
be essentially any signal or any process, including but not limited to, a signal or a

process that is monitored remotely by a networked sensor.

[0022] For example, the signal may be a signal from a device under test (DUT)
wherein a test or measurcment system samples the signal for spectral estimation. In

another example, a sensor may sample a physical process (e.g., temperature, radiation,
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etc.) as a function of time and relay the sampled data to a processor for spectral
estimation. Various other embodiments of the present invention are applicable to
essentially any situation in which spectral estimation is performed on sampled data. For
cxample, in some embodiments, the time sampling is performed by a network capablc
application processor (NCAP) associated with a networked smart sensor (e.g., smart
transducer interface modulc (STIM)) such as those described by an IEEE STD 1451
family of Smart Transducers Interface Standards. Therefore, the term ‘si gnal’ will be
used hereinafier to refer to either a signal or a process for the purpose of simplicity

herein and not by way of limitation.

[0023) According to some embodiments of the invention, the samples acquired
as a function of time (hereinafter ‘time samples’) and employed are sampled at irregular
or random time steps or time intervals resulting in randomly spaced time-sampled data.
In particular, ‘randomly spaced time-sampled’ data or simply ‘randomly sampled’ data
comprises a set of data points wherein a sample time interval or time spacing between
pairs of adjacent data points differs or varies as a function of time from one sample to a
next sample. For example, sampled data generated by measurement equipment (e.g.,
sensors) that sample an analog signal with a sample clock that varies randomly about a
mean sample interval is randomly sampled data. In some embodiments, the randomly
sampled data is generated using a sample time interval that is a bounded random
function of time. For example, the sample time interval may be bounded by one or both
of a minimum interval and a maximum intcrval. In another example, the sample time

interval may vary randomly within a bounded interval about the mean sample interval.

[0024] As used herein, a ‘bounded’ sample timing intcrval means a sample time
interval having one or both of an upper bound and a lower bound. For example, in some
embodiments, the bounded sample timing interval may have a lower bound but no upper
bound (e.g., the upper bound is effectively infinite). In some embodiments, either or
both of the upper and lower bounds are deterministic bounds. A deterministic bound is
a bound or a limit having a particular, predetermined fixed value. For example, a
dcterministic lower bound of sample timing interval indicatcs a minimum allowed value
for the interval (e.g., 5-msec). No sample timing interval may be less than the minimum
value dictated by such an exemplary deterministic lower bound. In short, a

dcterministic bound establishes a limit that is not to be crossed.

.5-
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[0025] In some embodiments, one or both of the upper and lower bounds are
probabilistic bounds. As used herein, a probablistic bound a bound or limit that has a
predetermined probability of being cxceeded or crossed. For example, a sample timing
interval having a probabilistic upper bound may have a 99-percent probability of being
below the upper bound and a 1-percent probability of being above the upper bound. As
such, with a probabilistic bound there is a finite probability that the sample interval will
exceed or cross the probabilistic bound. In some embodiments, a probabilistic bound is
essentially equivalent to an ‘approximate’ bound or limit, acting more as guideline than

a strict bound or limit.

{0026] Included in the dcfinition of ‘randomly sampled’ or ‘randomly spaced
time-sampled’ data is timestamped sampled data that was originally regularly spaced
time-sampled data wherein some of the data points or samples have been lost, corrupted
or otherwise rendered unusable. For example, regularly spaced time-sampled data
transmitted over a lossy network, in which samples are intermittently lost during

transmission, produces randomly sampled data, as used herein.

[0027] In some embodiments, an estimated spectrum produced from the
randomly sampled data is provided in vector form. In particular, in such embodiments,
the estimated spectrum is provided as a vector of amplitude and phase values. In other
embodiments, the estimated spectrum is provided as a vector comprising real and
imaginary values. Furthermore, some embodiments estimate the spectrum at arbitrary

predetermined frequencies.

[0028] A spectral estimation used to estimate or compute the spectrum
according to the embodiments of the present invention employs a least-squares
methodology that fits a ‘least-squares’ spectrum to the available sampled data. In some
embodiments, the estimated spectrum produced by the spectral estimation uses a near-
minimum number of samples. In particular, the near-minimum number of samples is
identified using a number of floating point opcrations only slightly greater than that
required to solve a least squares fit to estimate the spectrum, according to these
embodiments. In some embodiments, a trade-off between spectrum computation time
and spectrum accuracy may be made by controlling operation of the spcctral estimation.

An implicit recognition of the near-minimum number of samples is employed in

-6-
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determining when a sufficient number of timestamped samples of the signal has been

acquired.

{0029} [n general, each data point of the time sampled data is associated with a
timestamp indicating a sample time of the data point. The timestamp may be an actual
or explicit timestamp generated by a sampler and transmitted along with the data point
lo a processor. For example, the sampler may record a pair of values (t,, y,) where ‘t,’
represents an actual sample time and *y,’ denotes an actual sample value. Alternatively,
the timestamp may be a virtual timestamp where only the sample value is recorded by
the sampler and the sample time is provided implicitly. For example, the sampler may
employ a sample clock or sample timer having a sequence of sample times that is known
a priori. The a priori known (i.e., virtual or implicit) sample times may be either
regularly or irregularly (e.g., randomly) spaced apart from one another. As such, the
virtual timestamp is often associated with data in which the sample time is inferred from

a way in which the sample is generated by the sampler.

10030) Furthermore, the timestamp may be either a relative timestamp (e.g.,
indicating elapsed time since the last sample) or an absolute timestamp (i.e., based on a
fixed reference or starting time). As such, an actual timestamp may be a relative
timestamp or an absolute timestamp. Similarly, a virtual timestamp may be either
relative or absolute. For example, one or more of an absolute actual timestamp, a
relative actual timestamp, an absolute virtual timestamp and a relative virtual timestamp
may be employed. For simplicity of discussion and not by way of limitation, absolute
actual (explicit) timestamps are employed hereinbelow. One skilled in the art may
readily employ any of the other above-mentioned timestamps and still be within the

scope of the embodiments of the present invention.

[0031] The timestamped data may be taken or sampled at a slow average sample
rate relative to a Nyquist sample rate for data. In particular, an average sample
frequency may be lower than any of the frequencies of interest in the spectrum being
estimated. In addition, refatively long gaps in the data are tolerated. As such,
measurement equipment that has a long recovery time relative to a time scale of the
signal being measured may be employed to take the samples. Allowing for long

recovery times or relatively low sample frequencies or both facilitates measurement

.7-
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equipment design by focusing real-time aspects of the measurement equipment on

generating timestamps and away from delivering data.

[0032] In some cmbodiments, the timestamped data is represented by a data
stream. As used hercin, ‘data stream’ refers to either a fixed size set of data points (e.g.,
a fixed length list of timestamped data points) or a sequence of timestamped data points
that arrive at a processing location over a period of time. In particular, when employing
the sequence of timestamped data points, some embodiments of the invention simply
may pause and wait for a next or an additional new timestamped data point to arrive
prior to continuing to process the data stream. Thus, some embodiments of the
invention may be employed to gencratc a spectral estimate of a ‘complete’ set of
timestamped data where the complete set represents all of the data that is or will be
available. Other embodiments of the invention may generate a preliminary estimate that

is subsequently updated as new data in the data stream arrives and is processed.

[0033) In general, a data stream D may be represented as a set of pairs of values
(n, yn), each pair comprising a timestamp 1, value and a corresponding data point y,,
value, where # is an index of each of the pairs, and wherein the term ‘index’ refers to a
location of the pair within the data stream. In particular, in some embodiments, the data
stream D is a set of value pairs (fa, ya), the set having a cardinality or a size |7] (i.e., n =

1,2, ...,17)). Therefore, the data stream D may be defined by equation (1)

D={("’y')=(‘=”’2)""’(‘ln'ym)} )

Since the size [7] is a variable, such a definition of the data stream D accommodates

both the fixed size set and the sequentially arriving set, without ambiguity.

[0034] Some embodiments of the present invention estimate the spectrum or
produce an estimated spectrum at arbitrary predetermined frequencies of interest f;,
indexed on m. In some embodiments, an ordered set of frequencies of interest F of size

|Fl(i.e.,m =1, 2, ...|F]) 1s defined by equation (2)

F={fl’f2""'fll"l} (2)

-8-
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where 0 <f; <f2<... <fjn. In some embodiments, the spectrum of the data stream D is

estimated at fo = 0 Hz.

[{0035] The estimated spectrum produced by some embodiments of the present
invention is a vector § comprising pairs of spectral coefficients, such as real and

imaginary spectral amplitudes, (c,, Sm), or corresponding amplitudes and phases, (4.,
#n), at each of the frequencies in the ordered set of frequencies of interest /. In some

embodiments, the estimated spectrum § is given by equation (3)

S= {(co-so),(cnsl)’"”(CIH’SV'I)}

or €)

S ={(Aoth). (Ao (App )}

|0036] The spectral estimation determines a least squares fit of the available data
to a spectrum S. In general, the determined least-squares fit essentially represents an
approximate solution to an overdetermined problem exemplified by a system of
equations, where there are typically more equations than unknowns in the solution (e,
an overdetermined least-squares (L-S) fitting problem). In the case of the estimated
spectrum S, the least-squares fitting finds spectral coefficients (e.g., (cim, Sm) OT
equivalently (4m, ¢n)) that best approximate a true spectrum. In matrix notation, the
overdetermined L-S fitting problem is represented as Ax = b, where x and b are vectors
and A is a matrix. Generally speaking, the goal of solving any overdetermined problem
is to find a solution x that makes Ax reasonably close’ to b. In terms of the lcast-
squares fit, the goal is to find a solution vector x that minimizes a difference Ax - b in a

‘least-squares’ sense (i.e., minimizc ||Ax - bj}, where I}z is the matrix 2-norm).

[0037] In general, various decompositions or factorizations including, but not
limited to, QR factorization and singular value decomposition (SVD), are employed to
perform a least-squares (L-S) fit. The QR factorization determines a pair of factor
matrices, Q and R, a product of which equals to the matrix A. In general, the matrix A
is an m-by-n matrix of real numbers (i.c., A € ®™" ) where m and n are integers and m >
n. The factor matrix R 1s an m-by-u upper triangular matrix (i.e., R € """ ) defined as

a matrix in which all off-diagonal matrix elements below a principle diagonal are

9.
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identically zero and the factor matrix Q is an orthogonal m-by-m matrix (i.e.,

Q& R™™). Thus, the QR factorization of the matrix A may given by equation (4)

Fru P T
O r2,2 r’! n
0 o0 :
A=QR where R={ 0 0 T 4
0 0
(0 0 0 0]

where a product of the factor matrix Q and a transposc thereof equals an identity matrix
(ie., QTQ =1) and all elements of the factor matrix R below a main diagonal

comprising elements labeled r,; through r,, , are equal to zero.

[0038] Typically, the QR factorization of the matrix A may be realized in a
number of different ways including, but not limited to, a Householder transformation, a
Givens transformation, Block Householder transformation, and a Fast Givens
transformation. Details of each of the transformations listed above, as well as other QR
factorizations, may be found in a number of text books on linear algebra and matrix
computations known to those skilled in the art including, but not limited to, that by
Golub and Van Loan, Matrix Computations, 2™ Ed., The Johns Hopkins University
Press, Baltimore, MD, 1989, incorporated by reference herein in its entirety. In practice,
QR factorizations are generally available as functions or subroutines associated with
computcr programs and related numerical computational environments including, but
not limited to, Matlab®, published by The Mathworks, Inc., Natack, MA, and LAPACK,
distributed and maintained by http://www.netlib.org. One skilled in the art will readily
recognize that other decompositions and methods of solving the L-S equation may be
substituted for the QR factorization without departing from the scope of the various

embodiments of the present invention,

10039] Figure 1 illustrates a flow chart of a method 100 of random sampling
according to an embodiment of the present invention. The method 100 of random
sampling employs a bounded interval between samples (i.¢., a sampling timing intcrval)

that is based on a set of arbitrary predctermined frequencies of interest F of a spectral

-10-
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estimation. Furthermore, the method 100 of random sampling produces a sufficient
number samples to enable an estimated spectrum generaled therefrom to meet or

achieve a predetermined target signal to noise ratio (SNR).

[0040] The method 100 of random sampling comprises determining 110 a
bounded sample timing interval from the set of predetermined frequencies of interest F.
Figure 2A illustrates a flow chart of detcrmining 110 a bounded sample timing interval
according to an cmbodiment of the present invention. As illustrated in F igure 2A,
detcrmining 110 compriscs establishing 112 a lower bound of the timing interval which
is equivalent o setting a mipimum time step or spacing between adjacent sampling
times. The lowcer bound is a function of both a size |F] or number of individual
frequencies in the set of predetermined frequencies of interest /~ and a lowest frequency
in the set that is not equal to zero Herlz (i.e../i > 0 Hz). In some embodiments, the

established 112 lower bound or minimum time step At is given by equation (5)
Aty 22/ 1,/(2|F|+1) )

Since the lower bound or minimum time step Aty is the minimum spacing between
samples, given a sample time #, for a current or previous sample, a next sample will
have a sample time that is at least the previous sample time #, plus the minimum time
step Almin. The minimum time step Aty insures that a number of samples is taken that
equals at least two times a number of frequencies in the set of predetermined
frequencies of interest F plus 1 (i.e., 2|F]+1), wherein the number of samples is taken

from at least two periods of a lowest frequency of interest /1 that is not equal to zero.

10041] Determining 110 further comprises establishing 114 an upper bound of
the timing interval. In general, the upper bound or maximum time step Atm,x may be
established 114 by an arbitrary choice provided that the bound is greater than the
minimum time step Atmi,. For example, the maximum time step may be established 114
by various engineering considerations associated with an application of the method 100
of random sampling. In some embodiments, the maximum time step Aty 15 at least onc
and onc half times the minimum time step Afpy. In particular, in such embodiments, the

established 114 maximum time step Afyay is given by equation (6)

-1
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At >1.5A1 (6)

1 min

[0042] Referring back to Figure 1, the method 100 of random sampling further
comprises acquiring 120 samples until a target signal to noise ratio (SNR) of the
estimated spectrum is achicved. Specifically, a signal is sampled, and successive
timestamped samples or sets of the sampled signal are generated and combined with
previously acquired timestamped samples. A measure of the s gnal to noise ratio
cvaluated using the combined timestamped samples is used to determine when the target
signal to noise ratio is or has been achieved. In some embodiments, an actual estimated
spectrum for the sampled signal is produced only after the target signal to noise ratio is
achicved. In particular, in some cmbodiments, the measure is evaluated without

computing the actual estimated spectrum to reduce a computational load or effort.

[0043] Figure 2B illustrates a flow chart of acquiring 120 samples until a target
signal to noise ratio (SNR) of the estimated spectrum is achieved according to an
embodiment of the present invention. As illustrated in Fi gure 2B, acquiring 120
samples comprises sampling 122 the signal using the bounded sample timing interval to
produce a timestamped sample. Sampling 122 produces a newly acquired sample. In
some embodiments, a bounded random time step A, is generated during sampling 122.
The bounded random time step Ar, is greater than or equal to the determined 110
minimum time step Aty but less than or equal to the determined 110 maximum time
step Afmax.

[0044] For example, a random number generator may be employed to generate a
random value z, between zero and one (i.e., 0<z <1). The generated random value z,
is then scaled such that a value of zero is mapped to the minimum time step Aty while
a value of one is mapped to the maximum time step Afyy,. An exemplary scaling of the

random valuc z, is described by equation (7)
AL = (A ~ AL )z, + AL, (7

The bounded random time step A¢, is added to a sample time #o of a previous sample to

generate a next sample time ey (€ g., frew = fo + A, ). Sampling 122 generates or takes

-12-
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a sample of the signal at the next sample time £,,¢ to produce a new samplc. An

appropriate timestamp is then added to the new sample during sampling 122.

[0045] Acquinng 120 samples further compriscs combining 124 the samples
such that the new sample produced by sampling 122 is combined with previous samples.
The previous samples may be a set of tmestamped samples produced by sampling 122
at previous sample times 4, (i.€., #, < £,ex), for example. Combining 124 the samples
produces a combined st of timestamped samples that includes both previous
timestamped samples and the new timestamped sample. In some embodiments, the new
sample may comprise a set of new samples. The combined 124 set of timestamped

samples may be represented as a data stream D.

{0046} Acquiring 120 samples further comprises evaluating 126 a measure of
the signal to noise ratio (SNR) of an estimated spectrum for the combined 124 set of
timestamped samples. In some embodiments, the measure of the SNR is proportional to
a condition number of a least-squares (L-S) matrix A of a least-squares fit of the
combined sample set to the estimated spectrum. Evaluating 126 the measure determines
whether or not the measure is less than a predetermined limit . When the measure is
less than the predetermined limit A, the target SNR is achieved and as such, acquiring

120 may be discontinued.

[0047) In some embodiments, evaluating 126 the measure comprises
constructing a least-squares (L-S) matrix A of a least squares (L-S) problem that fits the
combined set of samples, represented by the data stream D, to the estimated spectrum S.
In particular, the L-S matrix A comprises a basis set of a Fourier transform of the
sample data produced by sampling 122 and combining 124. A solution vector x for the
L-S fitting problem comprises coefficients of the Fourier transform, wherein the
cocfficients essentially represent the estimated spectrum S. While expressed in terms of
matrices herein for discussion purposes, one skilled in the art may readily extend that
which follows to other equivalent representations without undue experimentation and

still be within the scope of the embodiments of the present invention.

[0048] In some embodiments, the L-S matrix A comprises a scale factor, namely

[V 2 ], in a first column. The L-S matrix A further comprises a first submatrix and a

second submatrix following the first column. The first submatrix comprises elements

13-
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that are sine functions of arbitrary predetermined frequencies F and respective
timestamps ¢, of the samples in the data strcam D. The second submatrix compriscs
elements that are cosine functions of the arbitrary predetermined frequencies F and
respective timestamps ¢, of the samples in the data stream D. In some of such

cmbodiments, the L-S matrix A is given by equation (8)

[+ sin(27f)  cos(2xtf) |
+ sin(271,f)  cos(271,f)

A= + sin(27,f)  cos(2x1,f) (8)
L+ sin(274,f)  cos(27,f)

where rows are indexed on the timestamps 1, the index n ranging from 1 to 1N (ec,n=
1,2, ...|T). Moreover, functions sin(2,f) and cos(2 7 1,f) are each row vectors indexed

on frequencies fy, of the ordered set of frequencies F and given by equations (9) and (10)

sin(221,0) = sin (271,£). sin(270,£), -, sin(2mfp)] )

cos(2s1,§) =[ cos(2a1, £,), cos(271,£,), - , cos(2n1, )] (10)

where ‘f’ in equations (8), (9), and (10), represents a vector containing frequencies of
the of the set of frequencies F indexed on m ranging from 1 to [F] (i.e, m =1, 2, . FD.
For discussion purposes, an index ‘n = 17 in equations (9) and (10) represents a first
sample, an index ‘n = 2’ represents a second sample, and so on, to a last sample denoted
by an index ‘n =|7)’. In some ecmbodiments, the first sample need not be a first sample
in the data stream D, the second sample need not be a second sample in the data stream
D, and so on. In some embodiments, the last sample is a sample with a timestamp that

is less than or equal (o a last sample, n =T}, (i.e., (tm, vin)) of the data stream D.

[0049] One skilled in the art will readily recognize that other forms of the matrix
A for determining an estimated spectrum S may exist and thus, may be substituted for
that described hercinabove without departing from the scope of the present invention.

For example, another known form of the Fourier transform employs an exponential
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basis set instead of thc equivalent sine/cosine basis set. Such a Fourier transform would
yield a matrix A comprising terms of the form ¢”>™. Such an altemative form of the

matrix A is clearly within the scope of the present invention.

[0050] In general, evaluating 126 the measure comprises determining if the
measure of the SNR indicates the target SNR is achieved. In some embodiments, the
measure of the SNR may be determined through a direct computation of the estimated
spectrum §. In particular, once the L-S matrix A is constructed using the combined set
of samples in the data stream D, the spectrum S is estimated therefrom by solving the L-
S fitting problem. A SNR of the estimated spectrum § is then evaluated and if the SNR
is less that the target SNR, additional samples are acquired 120 by sampling 122 and
combining 124, as described above. The measure is evaluated 126 again by
constructing another L-S matrix A and by determining the estimated spectrum §, also as
described above. Another SNR of the estimated spectrum is evaluated relative to the
target SNR until the target SNR is achieved. However, actual computation of the
estimated spectrum S is not required to establish the measure that may be used to

determine if the target SNR is achieved.

[0051] In some embodiments, if the L-S matrix A is nonsingular and a condition
number of the L-8 fitting problem is sufficiently large, the estimated spectrum § will
have an SNR that meets or exceeds the target SNR. Thus, a measure proportional to the
condition number of the L-S matrix A may be employed. For example, a QR
factorization of the L-S matrix A may be employed to compute or generate a pair of L-S
factor matrices Q and R. A mcasure based on the factor matrix R then may be
employed to establish a sufficiency of the samples in the data stream D relative to a goal
of achieving the target SNR. Specifically, if the factor matrix R meets a condition that a
minimum value element of an absolute value of main diagonal clements of the matrix R
is strictly greater than zero, then both the L-S matrix A and the factor matrix R are
nonsingular. Moreover, the factor matrix R is nonsingular if a ratio of a maximum
value element of an absolute value of main diagonal elements of the matrix R to a
minimum value clement of an absolute value of main diagonal elements of the matrix R
is less than an arbitrary predetermined limit A, then the estimated spectrum S will have a

sufficiently large signal to noisc ratio (SNR). In other words, the SNR of the estimated
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spectrum will have achieved the target SNR. In terms of Matlab®-style matrix functions
max('), min("), abs(-) and diag("), a target SNR will be met if the factor matrix R meects

the condition given by equation (11)
min (abs (diag (R))) >0Amax (abs (diag (R)))/min (abs (diag(R))) <A (1)

where min(-) is an element-wise minimum function that returns a minimum clement of
vector argument, max(-) is an element-wise maximum function that returns 2 maximum
element of a vector argument, abs(-) is an element-wise absolute value function that
returns a vector of element-by-element absolute values (i.e., magnitudes) of a vector
argument, diag(-) is a diagonal function that returns a vector containing elements of a
main diagonal of a matrix argument, and the symbol A denotes an ordered ‘and’

function in which a left hand argument is evaluated before a right hand argument.

[0052] The predetermined limit A may be chosen or determined without undue
experimentation for a given situation and a target SNR. In some embodiments, the
predetermined limit A is chosen to be equal to approximately ‘1.1’ (eg,A=1.1). In
these cmbodiments, the factor matrix R will have a condition number that is
approximately one when the condition given by equation (11) is met (ie,ford=1.1,
when equation (11) is met, cond(R) = 1). Moreover, a condition number of the matrix R
that is approximately equal to one indicates that the SNR of the estimated spectrum S is
approximately that of an actual SNR of the sampled signal. In other words, when the
condition number of the matrix R is approximately equal to one, the estimated SNR

essentially converges to that of the actual SNR for the sampled signal.

[0053) In other embodiments, especially where faster estimation is sought (i.e., a
faster estimation spced is desired), larger values of the predetermined limit A may be
cmployed. In general, values of the predetermined limit A ranging from approximately
one up to or on the order of approximately one thousand (i.e, 1< 2<1 x 10°) may be
cmploycd to provide a trade off between the SNR of the estimated spectrum § and the
cstimation speed. In some cmbodiments, the predetermined limit of A ranges from

approximately one (e.g., ~ 1.1) up to approximatcly one hundred.
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[0054] In other embodiments, an altemate and slightly simpler condition on the
factor matrix R that achieves much the same results as that given by cquation (11) is

given by equation (12)
min (abs (diag (R))) >0A l/min(abs(diag (R))) <A (12)

Specifically, if the factor matrix R is strictly nonsingular, a target SNR is achieved if an
inversc of a minimum value element of an absolute value of main diagonal clements of
the matrix R is lcss than the predetermined limit 4 (e.g., less than 1.1). QR factorization
may be accomplished by using functions such as, but not limited to, a ‘gr(A)’ function
of the computer program-based, matrix computational environment Matlab®, or a
function ‘DGEQRF’ of a matrix function library LAPACK, for example.

[0055] In some embodiments, during sampling 122, scts or groups of samples
are taken instead of individual samples. In particular, groups of contiguous or adjacent
samples may be uscd to improve, through averaging, a SNR of the estimated spectrum S
over and above that which would be provided by choosing individual samples. An
exemplary description of using groups of samples that may be readily adapted for use in
sampling 122 herein, as well as additional discussion of embodiments of combining 124
and evaluating 126, are described by Applicant in co-pending U. S. patent application,

Serial No. 11/229,479, incorporated herein by reference in its entirety.

[0056] When the measure indicates that the target SNR is achieved, as
determined during evaluating 126, acquiring |20 samples may be terminated. However,
if the target SNR is not achieved, sampling 122, combining 124 and evaluating 126 are
repeated. When repeated, combining 124 and evaluating 126 may be viewed as
updating one or both of the L-S matrix A and the factor matrices Q and R. In particular,
in some embodiments, the new sample or samples is/are combined 124 with previous
samples after which evaluating 126 performed. In other embodiments, the new sample
or samples is/are combined 124 during evaluating 126 by simply computing new
clements of the L-S matrix A, as described hereinabove with respect to equations (9)
and (10). Then the new elements are inserted into the previous L-S matrix A to produce
an updated L-S matrix A, as indicated by equation (8). There is no need to re-compute

all of the clements of the L-S matrix A since the new elements produced by the new
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sample(s) are independent from the previous elements associated with the previous
samples. Then updated factor matrices Q and R arc computed by QR factorization of

the updated L-S matrix A.

[0057) In other embodiments, combining 124 and evaluating 126 incorporate the
ncw sample or samples directly into the previous factor matrices Q and R to produce
updated factor matrices Q and R without first explicitly updating the L-S matrix A. A
method of directly updating the factor matrices Q and R is given by Golub et al., Matrix
Computations, pp. 596-597, incorporated herein by reference. Additionally, updating
the factor matrices Q and R essentially eliminates any need for explicitly storing the L-S
matrix A in computer memory following performing the QR factorization on a previous

L-S matrix A.

[0058] Referring back to Figure 1, the method 100 of random sampling further
comprises solving 130 the L-S fitting problem for a solution vector x representing the
coefficients of a Fourier transform. Solving 130 the L-S fitting problem comprises
setting a vector b equal to sample values y,, where n is indexed on the samples used
including those added during any updating of the respective factor matrices QandRor
L-S matrix A (e.g., b=[y,], n=1, ..., samplesused). Solving 130 further comprises
using the vector b and the factor matrices Q and R to solve for a solution vector x

according to equation (13)
Rx=Q'b (13)

where ‘Q" isa transpose of the factor matrix Q. One skilled in the art is familiar with

methods of solving matrix equations exemplified by equation (13).

[0059] The method 100 of random sampling further comprises extracting 140
the Fourier coefficients from the solution vector x. Extracting 140 the Fourier
coefficients produces the estimated spectrum S. In some embodiments, exfracting 140
comprises () sctting a first real coefficient cp equal to a first element x; of the solution
veclor x; and (b) setting a first imaginary coefficient s equal to ‘0’ (i.e., ¢ = x1, 5o = 0).
For each frequency of the set of frequencics of intercst £ starting with i, setting (a)
compriscs setting each successtve real coefficient ¢, equal to individual elements of the

solution vector X indexed on 1 plus the sizc of the sct of frequencies of interest F plus
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one. Additionally, for each frequency of the set of frequencies of interest F starting with
i, setting (b) comprises setting each successive imaginary coefficient s; equal to
individual elements of the solution vector x indexed on i plus one. In other words, for

ie {1, ..., |Fl}, set ¢;=Xuyqn, 5 = X1, where x = [x1, x2, ..., xy01].

[0060) In some embodiments, extracting 140 furthcr comprises computing
amplitudes and phases (4., #n) of the estimated spectrum S from the real and imaginary
coefficients (¢, Sm). An i-th amplitude 4, is computed as the square root of a sum of the
square of the i-th real coefTicient c, and the i-th imaginary coefficient s;, for i from zero
to the size of the sct of frequencies of interest F. The i-th phase @ is computed as the
inverse tangent of a ratio of the i-th imaginary coefficient s; and the i-th real coefficient
¢, for i from zero to the size of the set of frequencics of intcrest 7. In other words, for
i€ {0, ..., |}, computing amplitudes and phases comprises selting the i-th amplitude 4,

and the i-th phase g, respectively, according to the equations
AA = Vclz +S,2, ¢: = tan-’ (S,/C').

[0061] In some embodiments, the factor matrix Q is stored in memory after each
iteration of updating of the factor matrix Q. In other embodiments, the factor matrix Q
is not stored explicitly. Instead, the factor matrix Q is stored initially, as described in a
description of the DGEQRF routine of LAPACK, cited supra. While known to those
skilled in the art, the reference Anderson et al., LAPACK Users Guide, 3" ed., Society
for Industrial Applied Mathematics Press, 2000, section entitled “QR Factorization”,
incorporated herein by reference, provides a complete description of the DGEQRF
routine and the respective storage of the factor matrix Q thereby. Then, during updating
of the factor matrix Q, one or morc Givens rotations describing the updating of the
factor matrix Q are stored. Thus, the initially stored factor matrix Q representation and
a set of Givens rotations account for the updated factor matrix Q instead of an explicitly
stored and updated factor matrix Q. In other words, rather than explicitly storing the
updated factor matrix Q, a description of the matrix is stored as a set of steps required to
multiply either the factor matrix Q or the transpose of the factor matrix Q" times a
vector. Storing the factor matrix Q in this way may save both memory and computation

time since ultimately it is the product of the factor matrix Q and a vector (i.e., the b
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vector) that is used by the method 100 of random sampling and not the factor matrix Q

itself,

[0062] Figure 3 illustrates a block diagram of a test system 200 according to an
embodiment of the present invention. The test system 200 samples an output signal
produccd by a device under test (DUT) 202 and generates an estimated spectrum S of
the output signal. The test system 200 measures or samples the output signal at random
Intervals. The samples may be expressed in terms of timestamped sample amplitudes
(€.8., (tn, y1)). In some cmbodiments, the estimated spectrum S is represented by a
vector comprising amplitudes and phases of the spectrum S at predetermined

frequencies of intercst F. In other cmbodiments, the cstimated spectrum § is represented
by a vector comprising real and imaginary coefficients of the spectrum § at
predetermined frequencies of interest F. In particular, the estimated spectrum § may be

described as in equation (3) hereinabove.

[0063] In some ecmbodiments, the test system 200 may comprise an excitation
source 210, as illustrated in Figure 3. A device under test (DUT) 202 is connected
between an output of the excitation source 210 and an input of a sampler 220 for testing.
The excitation source 210 generates an excitation signal that is applied to the DUT 202.
In some embodiments, the excitation source 210 is a periodic excitation source that
generates an essentially periodic excitation signal. In other embodiments, the excitation
source 210 is a general purpose cxcitation source (e.g., arbitrary waveform generator)
that generates one or both of an aperiodic excitation si gnal and an essentially periodic
excitation signal. [n yet othcr embodiments, the excitation source generates a null
signal. For example, a null signal may be employed when testing a DUT 202 that
incorporates an internal signal generator (e.g., a clock generator, a function generator,
etc.). Such a DUT 202 does not use an excitation signal for test purposes. Thus, in such
embodiments, the excitation source 210 may be omitted from the test system 200 and

still be within the scope of the present invention.

|0064] The test system 200 further comprises the sampler 220. Figure 4
illustrates a block diagram of a sampler 220 according to an embodiment of the present
invention. In the illustrated embodiments, the sampler 220 comprises an analog to

digital converter (ADC) 222. The sampler 220 may further comprisc a processor 224
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and a memory 226 connected to the ADC 222 via a data bus 228 of the sampler 220,
such that the processor 224 controls the ADC 222 and the memory 226 and receives
data from the ADC 222 via the data bus 228. For cxample, the processor 224 may
access and execute a computer program stored in the memory 226. The computer
program may comprise instructions that, when executed by the processor, facilitate
initiating sampling of a signal by the ADC 222. The data received by the processor 224
from the ADC 222 upon the initiation of sampling may comprise samples of the signal.
The data may be stored in the memory 226 prior to further processing by the processor
224,

[0065] In general, the proccssor 224 may be a general purpose computer
processor or a spccialized processor such as, but not limited to, a signal processor. The
memory 226 may be one or more of random access memory (RAM), read only memory
(ROM), flash memory, or disk memory including, but not limited to, hard disk, compact
disk (CD), floppy disk, and digital video disk (DVD), for example. The computer
program may be realized using a high level computer programming language or
programming environment including, but not limited to, C/C++, FORTRAN, or
Matlab®, for example. Alternatively, the functionality represented by the computer
program may be essentially realized as computer logic or hardware. For example, the
computer program may be essentially hardwired as discrete logic or as an application
specific integrated circuit (ASIC). In such embodiments, the computer logic
implementation may represent one or more of thc computer processor 224 and the

memory 226 as well as the computer program.

[0066] In other embodiments, essentially any instrument, sensor, or other means
capable of measuring a physical quantity and delivering the measured quantity to a
means of computation may be cmployed as the sampler 220. Examples include, but are
not limited to, an oscilloscope triggered by a clock with a pre-determined tri gger time
(e.g., alarm), a smart sensor that may operate in a network or that is ‘networkable’ (see

for example the IEEE 1451 scrics of standards).

[0067] The sampler 220 samples an output signal generated by the DUT 202 and

converts the samples of the output signal to timestamped sample amplitudes (c.g., (¢,

). In some embodiments, the output signal may be generated by a sensor 202
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measuring a physical process (e.g., temperature) instead of by the DUT 202. The
timestamped sample amplitudes are essentially equivalent to timestamped

measurcments of the process measured by the sensor 202,

[0068] In some embodiments, the sampler 220 produces a data stream D
comprising a sequence of timestamped sample amplitudes or sample data points. For
example, the data stream D produced by the sampler 220 may be represented by
equation (1) described hereinabove with respect to the method 100 of random sampling.
Morcover, while described herein as explicit timestamps, the timestamps associated
with the sample amplitudes of the data stream D may be one or more of explicit or
implicit timestamps, as described herein with respect to the method 100 of random
sampling. In general, the sampler 220 samples at random sample times or random time
intervals. However, the sampler 220 may sample at intervals that arc one or more of
irregular, random, and rcgular. When sampled at regular intervals, a set of irregular or
random samples may result from a loss of one or more samples in the set during

transmission from the sampler 220, for example.

[0069] The test system 200 further comprises a sample timing module 230. The
sample timing module 230 receives and utilizes, as an input, information regarding an
ordered set of predetermined frequencies of interest F of size |F] at which a spectral
estimation is to be performed. In particular, the set of frequencies of interest F is
defined by equation (2) above and includes a lowest frequency /1 wherein the lowest
frequency / is not equal to zero. The information received and utilized by the sample
timing module 230 comprises the size or number of frequencics |F1 and the lowest, non-
zero, frequency f) of the set of frequencies of interest F. The sample timing module 230
utilizes the input information to generate a next sample time /., for a next sample. The
generated next sample time 5 produced by the sample timing module 230 is
communicated onc or both of dircctly and indirectly to the sampler 220. The sampler
220 employs either the next sample time /5, or information equivalent thereto received

from the sample timing module 230 to determine when to acquire a next sample.

[0070] In some embodiments, the sample timing module 230 resides in the
sampler 220. For example, the sample timing module 230 may comprise a computer

program 230 of the sampler 220 illustrated in Figure 4. In such embodiments, the
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computer program 230 is stored in the memory 226 of the sampler 220 as one or both of
firmware and software. In other embodiments, the sample timing module 230 residing
in the sampler 220 may be effcctively implemented in whole or in part as hardware such
as, but not limited to, a portion of an application specific integrated circuit (ASIC),
discrete logic, or similar circuit-based implementation. As such, the sample timing
module 230 essentially comprises ‘instructions’ that are realized either as explicit

software/firmware instructions or as hardware operations (i.e., implicit instructions).

[0071) Regardless of the specific realization, the instructions (e.g., explicit or
implicit) of the sample timing module 230, when executed, implement determining a
bounded sample timing interval {rom the set of predetermined frequencies of interest F.
Determining the bounded sample timing interval comprises establishing a lower bound
and an upper bound of the sample timing interval. In some embodiments, the lower
bound or minimum time step Aty,, 1s determined according to equation (5) while the
upper bound or maximum time step Afmax is determined according to equation (6). In
some embodiments, the sample timing module 230 essentially implements determining

110 described hereinabove with respect to the method 100 of random sampling.

[0072] In some embodiments, the sample timing module 230 further comprises a
random number generator (not illustrated). In some embodiments, the random number
generator is implemented as explicit instructions of the computer program 230. In other
embodiments, the random number generator is implemented in whole or in part as
hardware such as, but not limited to, a portion of an application specific integrated

circuit (ASIC), discrete logic, or similar circuit-based implementation.

[0073] The sample timing module 230 employs the random number gencrator to
determine a random sampling time for a next sample such that the sampling time lies
within the determined bounded sample timing interval. For example, the random
number generator may be cmployed to generate a random value z, between zero and one
(?.e., 0 <2z, <1). The exemplary generated random value z, may be scaled such that a

value of zero is mapped to the minimum time step At While a value of one is mapped

to the maximum time step Afpun.

[0074] In some embodiments, additional instructions of the sample timing
module 230 implement generating a bounded random time step At,. For example,
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instructions that implement equation (7) may be employed to generate the bounded
random time step Af,. Once generated, additional instructions of the sample timing
module 230 implement adding a sample time 1, of a previous sample to the bounded
random time step A, to generate the next sample time f,qq (€.8., fhew = fo + At, ). The
next sample time &,y is employed by the sampler 220 to acquire the next sample. The

next sample, once acquired, is timestamped and added to the data stream D.

[0075] In some embodiments, the test system 200 further comprises a spectral
estimator 240 in communication with the sampler 220, as illustrated in Figure 3. The
spectral estimator 240 receives the data stream D and generates an estimated spectrum
S. The estimated spectrum S is generated for a set of predetermined frequencies of
interest /. For example, the set of frequencies of interest F may be an ordered set
defined by equation (2) described hereinabove with respect to the method 100 of
random sampling. In some embodiments, the spectral estimator 240 communicates with

the sampler 220 via a network (not illustrated).

[0076] In particular, the spectral estimator 240 requests one or more samples
from the sampler 220, in some embodiments. The sampler 220 acquires and transmits
the samples as the data stream D to the spectral estimator 240. The spectral estimator
240 determines whether a target signal to noise ratio of the estimated spectrum S is
achieved bascd on the received samplcs. [f the target signal to noise ratio is not

achieved, the spectral estimator 240 requcsts additional samples.

[0077] In other embodiments, the sampler 220 acquires and transmits samples to
the spectral estimator 240 until instructed by the spectral estimator 240 to stop sending
samples. The spectral estimator 240 receives the transmitted samples as the data stream
D and determines whether or not the targct signal to noise ratio has been achieved.
When the target signal to noise ratio is achieved, the spectral estimator 240 instructs the
sampler 220 to stop acquiring samples.

[0078] In some embodiments, the sample timing module 230 rcsides in the
spectral estimator 240. In such embodiments, one or more of the minimum time step
Atmin, the maximum time step Ay, and the next sample time #,.., are communicated
indirectly to the sampler 220 through a connection between the sampler 220 and the

spectral estimator 240. For cxample, one or more of the minimum time step Aty the
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maximum time step Alm,y, and the next sample time /,..., may be communicated to the
sampler 220 along with one or both of a request for samples and an instruction to stop
sending samples. In some embodiments, the spectral estimator 240 and the sampler 220
operate in a cooperative manner to implement acquiring 120 samples described

hereinabovc with respect to the method 100 of random sampling.

[0079] Figure 5 illustrates a block diagram of the spectral estimator 240
according to an embodiment of the present invention. The spectral estimator 240
determines a least squares fit of the available data to the estimated spectrum S. In some
embodiments, the spectral estimator 240 comprises a computer processor 242, a
memory 244, and a computer program 246 that is stored in the memory 244 and
exccuted by the computer processor 242. For cxample, the computer program 246 may
be software or firmware of the spectral estimator 240. The computer processor 242 may
be a general purpose computer processor or a specialized proccssor such as, but not
limited to, a signal processor. The memory 244 may be one or more of random access
memory (RAM), read only memory (ROM), flash memory, or disk memory including,
by not limited to, hard disk, compact disk (CD), floppy disk, and digital video disk
(DVD), for example. The computer program 246 may be realized or classified as
software or firmware of the specctral estimator 240, in some embodiments. For example,
the computer program 246 may be realized using a high level computer programming
language or programming environment including, but not limited to, C/C++,
FORTRAN, or Matlab®. In other embodiments, the computer program 246 may bc
essentially realized as computer logic or hardware. For example, the computer program
240 may be essentially hardwired as discrete logic or as an application specific
integrated circuit (ASIC). In such embodiments, the computer logic implementation
may represent one or more of the computer processor 242 and the memory 244 as well

as the computer program 246.

[0080] Regardless of a specific realization, the computcr program 246 comprises
instructions that, when executed by the processor 242, implement spectral estimation
that fits data from the data stream D provided by the sampler 220 to the estimated
spectrum S in a least-squarcs manner. In some cmbodiments, the spectral estimation

implemented by the instructions of the computer program 246 comprises instructions
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that implement constructing a least-squares (L-S) matrix A and instructions that
implement solving an L-S problem to find the estimated spectrum S using the
constructed L-S matrix A. The implemented spectral estimation further comprises
instructions of the computer program 246 that implement evaluating a measure of the
signal to noise ratio (SNR) of the estimated spectrum S produced by the L-S fit and
instructions that implement requesting additional samples from the sampler 220 to add

to the constructed L-S matrix A until a target or predetermined SNR is achieved.

[0081] In particular, a QR factorization of the L-S matrix A is employed in the
L-S problem solving, in some embodiments. A measure based on an R factor matrix of
the QR factorization of the L-S matrix A is employed to evaluate whether a target SNR
is achieved. In somc of such embodiments, the measure is given by equation (11)
described hereinabove. In other embodiments, the measure given by equation (12)
described hereinabove is employed. In yet other embodiments, a condition number of
one or both of the factor matrix R and the L-S matrix A is employcd. In some
cmbodiments, instructions of the computer program 246 essentially implement
combining 124 and cvaluating 126 of the method 100 of random sampling described

hereinabove.

[0082] In some embodiments, the computer program 246 further comprises
instructions that implement solving the L-S fitting problem for coefficients of a Fourier
transform. In particular, an equation of the form of equation (13) described hereinabove
may be employed to solve for the Fourier transform coefficients. In particular, the
implemented instructions of solving the L-S fitting problem may be essentially similar
to solving 130 described hereinabove with respect to the method 100 of random

sampling, in some embodiments.

[0083] In some embodiments, the computer program 246 further comprises
imstructions that implement extracting the Fourier coefficients to produce the estimated
spectrum S. The implemented instructions of extracting the Fourier coefficients may be
essentially similar to extracting 140 described hereinabove with respect to the mcthod
100 of random sampling. In particular, extracting may produce the estimated spectrum
S in the form of real and imaginary coefficients (¢, s.) or amplitude and phase

coefficients (4. ¢x) indexed on the frequencies of interest F.
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[0084] Referring back to Figure 3, the test system 200 may further comprise a
test results evaluator 250, in some embodiments. The test results evaluator 250 receives
the estimated spectrum S from the spectral estimator 240. The received estimated
spectrum S is compared to predetermined spectrum criteria or specifications for the
DUT 202. If the estimated spectrum S of the DUT 202 meets the criteria, the test results
evaluator 250 assigns a passing result to the DUT 202. If the estimated spectrum § fails
to mect one or more of the criteria, a failing result is assigned to the DUT 202 by the test
results evaluator 240. In some embodiments (not illustrated), the test results evaluator

250 is realized as portion of the computer program 246 of the spectral estimator 240.

[0085] Figure 6A illustrates a block diagram of a networked sensor system 300
according to an cmbodiment of the present invention. The sensor system 300 samples a
signal and generates an estimated spectrum § thereol. The sensor system 300 measures
and samples the signal in random intervals bounded by a minimum time step Aty;, and a
maximum time step Atm. The samples are expressed in terms of timestamped sample
amplitudes (e.g., (t4, y»)). In some embodiments, the estimated spectrum S is
reprcsented by a vector comprising amplitudes and phases of the spectrum S at
predetermined frequencies of interest F. In other embodiments, the estimated spectrum ‘
§'is represented by a vector comprising real and imaginary coefficients of the spectrum
§ at predetermined frequencies of interest /7. In particular, the estimated spectrum §
may be described as in equation (3) hereinabove. Various elements of the networked
sensor system 300 communicate with one another over a network 302. The network 302
may be essentially any arbitrary data network including, but not limited to, one or more
of a local area network (LAN), a wide area network (WAN), and a wireless network

(e.g., as described by IEEE 802.11a/b/g).

[0086] The sensor system 300 comprises a network appliance 310, a
computational node 320, and a sample timing module 330. The network appliance 310
produces the timestamped samples of the signal and transmits the samples over the
network 302 to the computational node 320. The computational node 320 cstimates a
spectrum of the signal using the timestamped samples. The computational node 320
further cvaluates a measure of a signal to noise ratio (SNR) of the estimated spectrum

and determines from the measure whether a target SNR is achicved. The sample timing
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module 330 uses the predetermined frequencies of intercst F to determine the minimum
time step Alymn and the maximum time step Afy,,. The minimum time step Afm, and the
maximum time step Afmay are used to establish sample times for use by the network

appliance 310 in sampling the signal and producing the timestamped samples therefrom.

[0087] Figure 7 illustrates a block diagram of the network appliance 310
according (o an embodiment of the invention. As illustrated in Figure 7, the network
appliance 310 comprises a sensor or sampler 312. In some embodiments, the network
appliance 310 further comprises a smart transducer interface module (STIM) 314, and a
network capable processor (NCAP) 316. In such embodiments, the sensor 312 and the
STIM 314 working in conjunction produce the samples which are then communicated to
the NCAP 316. The NCAP 316 further processes the samples and then transmits the
samples using the network 302 to a remote location. For example, the sensor 312,
STIM 314, and NCAP 316 may be clements of a smart sensor network described by the
IEEE 1451 standard for networked sensors.

[0088] As illustrated in Figure 6A, the sample timing module 330 resides in the
network appliance 310, in some embodiments. For example, the sample timing module
330 may comprise a computer program, instructions of which are executed by a
processor of the NCAP 316. The sample timing module 330 determines a time at which
a measurement or a sample is taken. In some embodiments, the time at which the
sample is taken is detcrmined as a random time step bounded by the minimum time step
Al and the maximum time step Az, In some embodiments, the sample timing
module 330 essentially implements determining 110 the bounded sample timing interval

described hereinabove with respect to the method 100 of random sampling.

[0089] In some embodiments, the network appliance 310 receives a request for
samples from the computational node 320 via the network 302. For example, the
request may instruct the network appliance 310 to begin taking samples and may
comprise information regarding a minimum frequency f; and a number of frequencies

|F] of the predctermined frequencies of interest /. In some embodiments, the request
may further comprise a maximum time between samples which may be employed by the
network appliance 310 as the determined maximum time step Afm,s. Upon receipt of the

request, the sample timing module 330 computes the minimum time step Aty using
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equation (5), for example. In some embodiments, when the maximum time between
samples is not included in the request, for example, the maximum time step Aty is also

computed by the sample timing module 330 using equation (6).

[0090] In some embodiments, the network appliance 310 uses a random number
generator to generate a random time for a next sample time ¢, such that there is at least
the minimum time step Afmin but no more than the maximum time step Aty between
samples. A next sample is taken at the next sample time f,.,, and the sample is
timestamped. The timestamped sample is then transmitted to the computational node
320. The network appliance 310 continues to take and transmit samples until instructed

by the computational node 320 to stop sampling,

[0091] The computational node 320 receives the transmitted, timestamped
samples from the network appliance 310 via the network 302, combines the received
sample with previously received samples, and estimates a spectrum therefrom. The
computational node 320 further evaluates a measure of a signal to noise ratio (SNR) to
determine if a target SNR is achieved. In some embodiments, when the target SNR is
achieved, the computational node 320 instructs the network appliance 310 to stop
sampling.

[0092] In some embodiments, the computational node 320 comprises a computer
processor, memory, and a computer program. Instructions of the computer program,
when executed by the processor, implement combining the received sample with
previously received samples, evaluating a measure of the SNR for the combined
samples, and in some embodiments, estimating the SNR for the combined samples. In
some embodiments, the computational node 320 is essentially the spectral estimator 240
described above with respect to the test system 200. In some embodiments, the
instructions of the computer program further implement transmitting a request for
samples to the network appliance 310 as well as sending the instruction to stop sampling

when the target SNR is achicved.

{0093] Figure 6B illustrates a block diagram of a networked sensor system 300
according to another embodiment of the present invention. As illustrated in Figure 6B,

the sample timing module 330 resides in the computational node 320. For example, the
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sample timing module 330 may comprise a portion of the computer program of the

computational module 320 described above.

[0094] In such embodiments, the timing of each sample is determined at the
computational node 320 and is transmitted through the network 302 to the network
apphance 310. The network appliance 310 then acquires a sample at the sample time
received from the computational node 320 and transmits the sample to the
computational node 320. Timestamping may occur either at the network appliance 310

or at the computational node 320.

[0095] For example, if a time delay or latency of the network 302 is known, the
network appliance 310 may comprise a simple, triggerable sensor. The computational
node 320 generates a trigger at a time determined by combining the known latency with
a next sample time generated by the sample timing module 330, as described above.
The trigger, when received by the triggerable sensor, causes the sensor to sample the
signal and transmit the sample to the computational node 320 via the network 302. The
computational node 320 continues to generate new triggers that are received by the
network appliance 310, and the network appliance 310 accordingly continues to transmit
samples to the computational node 320 until the target SNR is achieved, as indicated by
the evaluated measure described above. When the target SNR is achieved, the
computational node 320 discontinues generating the triggers, such that the network

appliance 310 stops sampling.

[0096] Configurations of the networked sensor system 300 that arc intermediate
combinations of that described with respect to Figures 6A and 6B are within the scope
of the present invention. For example, determining the minimum time step Afmin and the
maximum time step Afmx may be implemented in the computational node 320 while

establishing a next sample time .., may be performed by the network appliance 310.

[0097] In another example, the system 300 may be illustrated in Figure 6B such
that a request for a sample transmitted to the network appliance 310 includes a next
sample time #,.,, However, due to an unknown network latency, for example, the
network appliance 310 is not able to actually take the sample precisely at the next
sample time Zner. Instcad, the network appliance 310 takes the sample as soon as

possible and timestamps the sample according to a clock local to the network appliance
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310. In this example, an actual sample time of the timestamped sample does not equal
that of the transmitted next sample time ¢,.,,. However, provided that the unknown
latency is such that the actual sample time is properly bounded by the minimum time
step Almin and the maximum time step Ay, the sample can be combined and evaluated
in a normal fashion by the computational node 320. Given the discussion above, one
skilled in the art may readily devise other variations of the system 300, all of which are

within the scope of the present invention.

[0098] Thus, there have been described embodiments of a method of random
sampling as well as a test system and a network sensor system each of which employs
embodiments of random sampling. It should be understood that the above-described
embodiments are merely illustrative of some of the many specific embodiments that
represent the principles of the present invention. Clearly, those skilled in the art can
readily devise numerous other arrangements without departing from the scope of the

present invention as defined by the following claims.
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What is claimed is:

1. A method of random sampling, the method comprising:

determining a bounded sample timing interval; and

acquiring a sample at a random sample time within the bounded sample timing
interval,

wherein acquiring a samplc is rcpeated until a signal to noise ratio of an

cstimated spectrum from the acquired samples achieves a target signal to noise ratio.

2. The method of Claim 1, wherein determining a bounded sample timing
interval comprises,

establishing a lower bound of a timing interval, wherein the lower bound is a
function of onc or both of a number of [requencies in a set of predetermined frequencies
of interest and a lowest frequency in the set that is not equal to zero Hertz; and

establishing an upper bound of the timing intcrval, the upper bound being greater

than the lower bound.

3. The method of Claim 2, wherein the lower bound is a minimum time step

Ate given by

A, 22/ £,/(2]F|+1)

where |F] is the number of frequencies and f is the lowest frequency of the set of

frequencies of intcrest.

4. The method of Claim 2, wherein the upper bound is a maximum time

step Afmax given by
At 21542,

where Afmi, i 2 minimum time step.
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5. The method of Claim 1, wherein acquiring a sample comprises:

sampling one of a signal and a process to producc a newly acquired sample;

combining thc newly acquired sample with a previously acquired sample to
produce a combined set of samples; and

evaluating a measure of the signal 10 noise ratio of the estimated spectrum for

the combined set.

6. The method of Claim 1, wherein the target signal to noise ratio is
achieved when an upper right (riangular factor matrix R of a QR factorization of a least
squarcs matrix (L-S) matrix A of a least squares fit of a set of acquired samples to the

estimated spectrum mcets a condition given by one or both of

(a) min(abs (diag(R))) >0n ]/min(abs(diag(R))) <

and
(b) min(abs (diag(R))) >0 Amax (abs(diag(R))) / min (abs(diag(R))) <A

where A is a predetermined limit equal to or greater than approximately 1.1 and less than

approximately 1,000.

7. A test system comprising:

a sampler that acquires samples from onc of a signal and a process; and

a spectral estimator in communication with the sampler;

wherein one or both of the sampler and the spectral estimator comprise a
computer program having instructions that implement determining a bounded sample
timing interval and that implement acquiring a sample of the signal or the process at
random sample times within the bounded sample timing interval, the acquired sample
being timestamped, acquiring a samplc being repeated until a signal to noise ratio of an
cstimated spectrum from the acquircd timestamped samples achieves a target signal to

noise ratio.
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8. The test system of Claim 7, wherein the instructions that implement
determining a bounded sample timing interval comprise instructions that implcment:

establishing a lower bound of a timing interval, whercin the lower bound is a
function of onc or both of a number of frequencies in a predetermined set of frequencies
of interest and a lowest frequency in the set that is not equal to zero Hertz; and

cstablishing an upper bound of the timing interval, the upper bound being greater

than the lower bound.

9. The test system of Claim 7, wherein the instructions that implement
acquiring a samplc comprise instructions that implement.:

requesting a newly acquired sample of the signal or the process at a random
sample time within the bounded sample timing interval,

combining the newly acquired sample with a previously acquired sample of the
respective signal or process to produce a combincd set of timestamped samples;

determining the estimated spectrum from the combined set of timestamped
samples;

cvaluating a measure of the signal to noise ratio of the estimated spectrum to
determine if the target signal to noise ratio is achieved; and

instructing the sampler to stop acquiring samples when the target ratio is

achieved.

10.  The test system of Claim 9, whercin the measure of the signal to noise
ratio is proportional to a condition number of a least-squares (L-S) matrix A of a least-

squares fit of the combined set to the cstimated spectrum.

11.  The test system of Claim 9, whercin the instructions that implement
evaluating a measure comprises instructions that implement comparing the measure to a
predetcrmined limit, wherein the target signal to noise ratio is achicved when the

measure is equal to or greater than the predetermined limit.
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12, The test system of Claim 7, wherein the target signal to noise ratio is
achicved when an upper right triangular factor matrix R of a QR factorization of a least
squares matrix (L-S) matrix A of a least squares fit of a set of acquired samples to the

estimated spectrum mects a condition given by one or both of
(a) min (abs (diag (R))) >0nA l/ min (abs (diag ( R))) <A
and

(b) min (abs(diag (R))) >0A max(abs(diag (R))) / min (abs (diag(R))) <A

where X is a predetermined limit that is-equal to or greater than approximately 1.1 and

less than approximately 1,000.

13. A test system comprising:

a sampler that acquires samples from an output signal;

a spectral estimator in communication with the sampler;

a sample timing module in communication with onc or both of the sampler and
the spectral estimator, the sample timing modulc determining a bounded sample timing
interval, the sampler acquiring the samples at random sample times within the bounded
sample timing interval until the spectral estimator determines that a signal to noise ratio
of an estimated spectrum from the acquircd samples achieves a target signal to noise

ratio.

14. A test system comprising:

a sampler that samples an output signal from a device under test, the sampler
producing timestamped samples; and

a samplc timing module that determines a bounded samplc timing interval, the
interval having a lower bound and an upper bound, the lower bound being a function of
one or both of a number of frequencies in a set of predetermined frequencies of interest
and a lowest frequency in the set that is not equal to zero Hertz,

wherein the sampler samples the output signal at successive random sample

times until a signal to noise ratio of an estimated spectrum from the timestamped
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samples achieves a target signal to noise ratio, the successive random sample times
being separated by not less than the lower bound and not more than the upper bound of

the determined bounded sample timing interval.

15.  The test system of Claim 14, wherein the sample timing module

detcrmines the lower bound by computing a mimmum time step Ay, according to

AL, 22/ £,/ (2|F|+1)

where |F] is the number of frequencies and f; is the lowest frequency of the set of

frequencies of interest.

16.  The test system of Claim 15, wherein the samplc timing modulc

determines the upper bound by computing a maximum time step Aty given by

At 21.5A

mmn ¢

17.  The test system of Claim 14, wherein the sampler comprises:
an analog to digital converter;

a processor; and

a memory, the processor communicating with the analog to digital converter and

the memory via a data bus, and

wherein the sample timing module comprises a computer program stored in the

memory and executed by the proccssor.

18.  The test system of Claim 14, further comprising:
a spectral estimator that generates the estimatcd spectrum from the timestamped
samples, whercin the spectral cstimator determines whether the target signal to noise

ratio of the estimated spectrum is achicved.

19.  The test system of Claim 18, wherein the spectral estimator sends a
request for samplcs to the sampler, the sampler sampling the output signal at the

successive random sample times until the spectral cstimator determines from the
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timestamped samples that the target signal to noise ratio is achieved, and wherein the
spectral estimator instructs the sampler to stop sampling when the target signal to noise

ratio is achieved.

20.  The test system of Claim 18, wherein sample timing modulc resides in
the spectral estimator, the spectral estimator determining a next sample time and
wherein the spectral estimator requests a next sample to be taken by the sampler at the
determined next sample time, the spectral estimator repeating determining and
requesting until the spectral estimator determines that the target signal to noisc ratio is

achieved.

21.  The test system of Claim 14, further comprising:

a spectral estimator that generates the estimated spectrum from the timestamped
samples; and

a test results evaluator connected to an output of the spectral estimator, the test
results evaluator determining whether the device under test meets predetermined

specifications.

22. The test system of Claim 14, wherein the device under test is a sensor
that measures a physical process, the samplcd output signal representing a measurement

of the physical process.

23. A networked sensor system comprising:

a nctwork appliance that produces timestamped samples;

a sample timing modulc that determines a bounded sample timing intcrval; and

a computational node in communication with the network appliance,

wherein the timestamped samples are produced at random sample times within
the bounded sample timing interval and communicated to the computational node until a
signal to noisc ratio of an cstimated spectrum from the timestamped samples achieves a

target signal to noise ratio.
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24.  The networked sensor system of Claim 23, wherein the bounded sample
timing intcrval comprises a minimum time step Afm,, and a maximum time step Afmax
between successive timestamped samples produced by the network appliance,

wherein the minimum time step Al and the maximum time Step Afma, are
determincd as a function of predetermined frequencies of interest for the estimated

spectrum,

25.  The networked sensor system of Claim 23, wherein either the network

appliance or the computational node comprises the sample timing module.

26.  The nctworked sensor system of Claim 23, wherein the computational
node comprises:

a computer processor;

a memory; and

a computer program stored in memory and executed by the computer processor,

wherein instructions of the computer program, when executed by the computer
processor, implement requesting timestamped samples from the network appliance,
evaluating a mecasure of the signal to noisc ratio of the estimated spectrum, determining
whether the mcasure indicatces that the target signal to noise ratio is achieved, and
instructing the network appliance to stop sampling when the measure indicates that the

target signal to noise ratio is achieved,

27. A nctworked scnsor system comprising:

a network appliancc that produces timestamped samples;

a computational node that receives the timestamped samples; and

a sample timing module that determines a minimum time step A, and a
maximum time step Afngy between successive samples produced by the network
appliance,

whercin the minimum time step Aty and the maximum time step Al are
dctermincd as a function of predetermined frequencies of interest / of an estimated

spectrum.
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28.  The networked sensor system of Claim 27, wherein the network
appliance comprises:

a sensor;

a smart transducer interfacc modulc; and

a network capable processor,

whercin the sensor is interfaced to the smart transducer interface module. the
network capable processor providing control of one or both of the smart transducer
interfacc modulc and the sensor, the samplc timing module residing in the network
appliance, the sample timing module comprising a computer program executcd by the

network éapablc proccssor.

29.  The networked sensor system of Claim 27, wherein the sample timing
module resides in the network appliance, the nctwork appliance receiving a requcst for
samples from the computational node, the network appliance producing the successive
timestamped samples at random time intervals bounded by the minimum time step At

and the maximum time step Afpy, until instructed to stop sampling.

30.  The networked sensor system of Claim 29, wherein the request for
samples comprises a minimum frequency f; of the predctermined frequencies of intercst
F and a number of frequencies |F] of the predetermined frequencics of interest F, the
sample timing module determining onc or both of the minimum time step Aty

according to according to
A, 22/ 1,/(2|F|+1)
and the maximum time step Al according to

Al 21.5A1,

i

31.  The networked scnsor system of Claim 27, wherein the computational
node uses the timestamped samples to evaluate a measure of a signal to noise ratio of
the cstimated spectrum, the computational node instructing the network appliance to

stop sampling when the mcasure indicates that a target signal to noise ratio is achieved.

-39.



10

15

20

32.  The networked sensor system of Claim 27, wherein the sample timing
module resides in the computational nodc, the sample timing module determining one or

both of the minimum time step Aty according to according to

A, 22/ £,/(2|F|+1)

and the maximum time step Afma, according to

At 21.5A1,,

max

wherc |F] is a numbecr of frequencics of the predetcrmined frequencies of interest £ and

/1 is the lowest frequency of the predetermined frequencies of intcrest F.

33.  The networked sensor system of Claim 32, wherein a next sample time is
a random time step from a previous sample time, the random time step being bounded
by the maximum time step Afng, and the minimum time step Aly.,, and wherein the next
samplc time is used by the computational node to request that the network appliance

produce another timestamped sample.

34.  The networked sensor system of Claim 32, wherein the minimum time
step Almin and the maximum time step Afmay are transmitted by the computational node
to the network appliance along with a request for samples, the network appliance
producing timestamped samples at random times bounded by the minimum time step

At and the maximum time step Al until instructed to stop sampling.

35.  The networked sensor system of Claim 32, wherein the timestamped
samples are produced by the network appliance until a measurc of a signal to noise ratio

of the estimated spectrum indicates a target signal to noise ratio is achicved.

36.  The networked sensor system of Claim 27, used in a test system to test a
device under test, wherein the network appliance samples an output of the device under

test to produce the timestamped samples.
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