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Abstract—Spectral warping is a digital signal processing trans- NOTATION

form which shifts the frequencies contained within a signal along .

the frequency axis. The Fourier transform coefficients of awarped % & integers

signal correspond to frequency-domain ‘samples’ of the original p, M nonnegative integers

signal which are unevenly spaced along the frequency axis. This z, 2, a, b, ¢, d complex variables

pro;?erty alljows_ th((aj te_chnilqltje E_o be _?_ft:icientl); used fo(; DSPl-_ba?ed G imaginary unit

analog and mixed-signal testing. The analysis and application : ; ;

of spectral warping for test signal generation, response analysis, f(t) C(_Jntlnuou_s time signal .

filter design, frequency response evaluation, etc. are discussed{/n} discrete time representation 6ft)

in this paper along with examples of the software and hardware {Ax(t)} set of bases

implementation. {on(t)} set of functions

Index Terms—Analog and mixed-signal circuits, chirp, digital ~ 9% Coeff!c!ents of the expansion git)

signal generation and analysis, electronic testing. Jk,n coefficients of the expansion gf,
Vn coefficients of the expansion ¢h(¢)}
Fz] z transform off ()

ACRONYMS F[2] z-transform of{ fi. }

AC Alternate Current m[z] mapping function between theandz do-

ADC Analog-to-Digital Converter mains _

ALU Arithmetic Logic Unit W, Wa, Wh angular frequency in the plane

ASIC Application-Specific Integrated Circuit W, Wa, Wh angular frequency in the plane

BIST Built-In Self-Test 6(w) frequency mapping (warping)

CMOS  Complementary Metal Oxide Semiconductor % ze:o 01‘: tﬂe aIIII—pass Iunct_lon

DDS Direct Digital Synthesizer 14% pole (T the a_-pa?s Ol;nctlon

DFT Discrete Fourier Transform ?\I; NN ggmplz)s( g?mléggneusoli) dal inout

DSP Digital Signal Processing NO, btz P P

DUT Device Under Test N1, Na, Noa, time corresponding to the samples

ENOB Effective Number of Bits N

FFT Fast Fourier Transform o ; ;

- n time corresponding to the samplg

FIR Finite Impulse Response s(w) stretching function

/0 Input/Output H(w) stretching gain response

SwW Spectral Warping ®(w) stretching phase response
Sa(f), Sy(f) frequency spectrum of the signal source
o8 power of the signal source
SE(f) complex conjugate of..(f)
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Fig. 1. DSP-based testing of mixed-signal circuit.

analog and mixed-signal testing. They include evaluation of theDSP-based testing is an effective way around many other-
impulse response of theevice Under TegfDUT) without the wise unavoidable limits of analog instrumentation (cross-talk,
risk of overloading and damaging the system, as might happaonlinearity, noise, drift, aging, improper calibration, long filter
when applying an impulse. A special chirp signal is generatséttling time, thermal effects and so on). At the same time, it
using SW and applied to the system. The output is fed througlovides benefits inherent to the use of digital components and
two SW networks to produce the impulse response. If only theols (accuracy, stability, single set up for multiple types of tests,
magnitude response is required, then no SW is needed—simpdgults repeatability, etc.). Besides, in DSP-based testing all test
the Fourier transform of the chirp response is analyzed. Furtheccess can be obtained through the same didjtal ports,
a quick estimate of the magnitude response can be found by wlitle theDevice Under TeqfDUT) can be tested for many pa-
serving the envelope of the output. The proposed method is emmeters in one run thus increasing throughput.
curate for all but the very extreme frequencies. One of the main problems in DSP-based testing of analog
Among the other applications of SW in DSP-based electroramd mixed-signal circuits is to find a minimum set of test sig-
testing of analog and mixed-signal systems are the characteais/frequencies and internal test points of the DUT that maxi-
zation of analog-to-digital converters using input chirp signalmizes the testability [1], [2], [6], [7]- This problem is usually ad-
the generation of test signals having pre-specified frequendsyessed when the circuit is being designed. The other important
spectra, digital filtering with good stop-band attenuation, amtoblem is the generation and application of such test signals to
unequal-resolution frequency analysis. specific points of DUTSs as well as analysis of the test responses.
These become even more complicated inBlodt-In Self-Test

(BIST) environment, where available test resources are essen-
Il. INTRODUCTION tially limited.

The importance of analog and mixed-signal testing has grown! NiS paper introduces a special DSP proceduspeetral
increasingly during the last decades. It is no surprise that Warping and discusses how its utilization and implementation
tensive research and development on the topic has been E&f! Penefit analog and mixed-signal test generation and anal-
ried out by many specialists in different countries resulting ¥5iS- The paper is organized as follows. Section Il introduces
a number of techniques and approaches [1]-[8]. Among them? background_theory of Spectral Wgrpmg based on the theory
Digital Signal ProcessingDSP)-based testing has proved to bé'st presented in [10], [11]. Properties of the SW transform
one of the most promising, offering excellent potential for pra@'€ investigated in the Section Ill. Application of Spectral
tical use. It involves using digital tools and methods to test botfarPing in the Analog and Mixed-Signal test area is discussed

digital and analog components [1], [6], [8]. in Section IV.
The basic structure of DSP-based testing is presented in
Fig. 1. It can be seen that both signal generation and output  lll. DISCRETESPECTRAL WARPING TRANSFORM

measurement are realized by means of pure digital circuitry. o Transformation Between Sequences

Test signals that are usually used in this scheme include . . ) . L .
[6]-[8]: digitized sinusoid, digitized multi-tone, pseudorandom, CVen & continuous time signgl(¢), with its discrete time
etc. The following algorithms are used for response analySRPresentatiori f,,}, the continuous signal can be represented
[1], [2], [6]-[8]: Discrete Fourier TransfornfDFT) computed as the sum of a set of basis functions weighted by a sequence:
by means offast Fourier Transform(FFT) [9], IEEE 1057 Loo
sine-wave fitting, cross-correlation, auto-correlation, filtering, flt) = Z Fan(t). (1)
etc. o
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Another set of bases which spg(¥) may also exist,

+oo
&)= gt

k=—o00

)

for which the set of functiongy,(¢)} is complete with re-
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spect to{ A, (t)}. Hence each\,(t) can be expanded in termsFig- 2. A spectral warping network.

of {en(1)}:

“+oo
)\k(t): Z 'I/Jk,n‘pn<t>7

n=-—oo

®)

wherew = 6(w) is the frequency mapping or warping.
These constraints imply that

|m[ej“’]| = |\I/1[ej“’]| =1 (11)

wherey);. ,, are the mapping functions between the basis fun@t thatm|z] is an all-pass function, i.e.,

tions, and hence

+oo
fn= Z gkd’k,n-

k=—o0

“4)

For mappings fromyf(¢) to {f,.} and from f(¢) to {gx} to
preserve convolution, the mapping g} to {f.} in (4) also
needs to preserve convolution, thus the sequefigs, } must
fulfill the following condition (see Appendix | for proof):

Uilz] = [V []]" (%)
whereU,[z] is thez-transform of{v. ., }.
Taking thez-transform of (4) we get
+oo +o0 Lk
Flzl= > aeWslel= > ge{Wlz]7'} . (6)
k=—oc0 k=—oc0
We will define thez-transform of{ fi.} as
+oco
Flgl= Y fit™" 7
k=—oc0

Hence, we can easily see from (6) and (7) thand > are
related by the mapping

2= (Uy[2]) 7" =mlz). (8)

R 1—apz™

z—m[z]—l;[ T—a
wherea, and1/a; are the zeros and poles respectively of the
all-pass function, withu;, as the complex conjugate of.

If the coefficientsa,, are such that the intervalr < w < 7
maps one-to-one to the intervalr < & < 7, thenm|z] will be
invertible. For this to be true it is necessary (but not sufficient)
for the difference between the number of zeros and the number
of poles which lie within the unit circle to be one. It is useful to
choose a first-order all-pass function, for which (12) reduces to
1

R 1—az™
sz[z]z_li

(12)

(13)

2=t —a*

where0 < |a| < 1 and the subscript 1 has been dropped. The
inverse of the above equation, found by replacingith —a, is

1+a3™?
—1ra1
m~ 2] = o

The set ofz-transforms{ ¥ [z]} which relatef,, andg;, is

21— ax\F

Thus U, [z] corresponds to & th-order all-pass filter wittk
poles atz = a andk zeros at: = 1/a*.

(14)

z =

(15)

The mapping from{ f,,} to {g;.} is equivalent to exchanging C. Realizing the SW Transform

the complex frequency variablefor { f,,} to 2 for {g;}. This
transformation can be expressed in thgdomain as

Flz] = G(m[z]). ©)

B. The SW Transform

A SW network is an all-pass filter of the form shown in (15)
and can be realized as a cascade of first-order all-pass filters. A
signal is time reversed and passed through the first all-pass filter.
The last sample of the filtered sequence becomes the first output
sample. The sequence is then passed through another all-pass
filter. The last sample of the sequence after the second filter is

A particular set of functiong ¥ [2]} will result in a trans- the second output sample. This process is repeated for each filter
form which creates a new sequence whose Fourier transfornij§he network. The number of output samples generated is equal
equal to the Fourier transform of the original signal on a dié0 the number of filters used. Fig. 2 shows the form of a SW
torted (warped) frequency axis [10]. The mapping from one sBetwork. All of the filters are identical apart from the first two
quence{ f,,} to another g, }, as expressed by (4), is equivalent11]-

to a transformation fronf'[z] to G[Z] if (5) is satisfied. If the

Fig. 3illustrates how a signal is shifted in frequency by means

functionz = m/[z] is defined such that it maps the unit circle irPf the SW network. A sequence representing a sinusoid of
the z plane to the unit circle in thé plane, then the transform ( 7 is half the sampling rate) is taken. A SW network with the
will be a warping of the frequency axis.df is the angular fre- Warping factora is chosen such that a phase shiftrofi6 is
quency in thez plane andy is the angular frequency in thie €Xperienced ab = 7 /4. Fig. 3(a) shows the sequence after it

plane, then

eIe — m[ejw] — I0(@)

(10)

has been time-reversed and fed through the first filter, and the
last sample is taken as the first output sample. Fig. 3(b) presents
how the output sequence is formed after the signal has been
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IV. ANALYSIS OF SW FROPERTIES

A. Frequency Distortion

Input Frequency o

Fig. 5. Distortion of a signal’s bandwidth.

B. Time Distortion

The frequency components of a signal that has undergone SW ) )
are shifted in the frequency domain. This distortion of the fre- 10 transform a segment of a signal that extends for all time,

quency axis is discussed in [10], [11]. The extent of the dist

dhe signal is multiplied by a windowing function. This corre-

tion, controlled by the parameter(called the warping factor), sponds to convolving the spectrum of the signal with that of the

is given by

tan—1 (1 —a?)sinw
= tan
(14 a?)cosw — 2a

} —1<a<1, (16)

and the inverse relationship is

w=0"YD)
tan—1 (1 —a?)sinw
= tan
(14 a?)cos® + 2a

} -l<a< 1. (17)

window. If the bandwidth of the signal is much narrower than the
bandwidth of the windowing function, then the signal's spec-
trum takes on the shape of the spectrum of the windowing func-
tion, but remains at the same center frequency. When the win-
dowed signal is transformed this spectrum is warped according
to the slope of (16). If the bandwidth of the windowing function
is sufficiently narrow, this slope can be approximated to be con-
stant (as illustrated in Fig. 5).

There is a reciprocal relationship between the time and fre-
quency domains. This means that the duration of the signal is
reduced if the bandwidth is increased, and vice versa. Therefore
the change in duration, or stretching, given below in (18), is the

Distortion curves for a selection of warping factors are giveigciprocal of the derivative of (16).

in Fig. 4. It can be seen that the closer th¢is to one, the

more severe the distortion. The symmetry between the curves s(w) = %
for a particular warping factor and the negative of that warping do
factor shows that the transform is reversible. A signal produced (1 - 2acosw + a?)

by warping with a factor of; can be transformed back to its

(1—a?)

(18)

original form by warping with—a. A complex-valued warping
factor enables the point of maximum distortion to be positioned A sinusoidal input of frequenay, starting at samplé&/; and
at any frequency. finishing at N», will produce a sinusoidal output of frequency
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Fig. 7. Frequency response of a SW network.

Fig.6. Ratio of the duration of the output to that of the input as a function of the
input frequency for three warping factors. For a warping factet8f4, seven

times the number of output samples as input samples are needed to completely
represent the warped version of a signal containing all possible frequencies. *

. . 0.5
w = #(w), spanning the timé/; to N,. SubstitutingV, andN, !

for N in (19) will give these values.

N(N,w) =N x (1 - 2acosw + a?)
T (1-a?)

= Ns(w). (19) 05 !

A result of this time distortion is the number of samples N
needed to completely represent the output signal for an arbitrary
input is the length of the input signal multiplied by eith€0) -1

or s(m), depending on the sign af. An example is shown in -1 -0.5 0 0.5 1
Fig. 6. Real Part

Imaginary Part
o

C. Amplitude and Phase Distortions Fig.8. Example of the samples in thespace found by first spectrally warping
a signal and then taking a Fourier transform.

The energy of each frequency component is conserved during
a SW transformation (providing there are enough output sagasiing when unequal frequency resolution is required. This
ples to ensure that the signal is not truncated). Therefore whgiks significant benefits in mass-production testing where
a frequency component is stretched out in time it is also attermgh throughput of testing is vitally important. The use of
ated. _Similarly, itis am_plified if_it is compres_sed intime. The &Xfrequency spectral warping pre-processing to obtain unequal
pression for the magnitude gain response is therefore the derygactral resolution could reduce total computing times and thus
tive of (16): time to perform testing. This could be especially important in
testing high-speed high-frequency circuits and systems.

|H(w)| = (1—2acosw + a2)’ (20) Indeed, SW enables the Fast Fourier Transform (FFT) to

This result was originally derived in [12], along with the?;:(\ﬁ unequalll res;)ILrJ]tu_)n alopg thehfrequency aX|s|. Tdh|s r.eblatej to

phase response, which is shown below. g samples of the-transform that are unevenly distribute
around the unit circle, as shown in Fig. 8.

(1) A signal can be pre-warped to move frequency components
(14 a?)cosw — 2a away from a band of particular interest. The results of an FFT
whereM is the number of filters. of the warped signal are shifted back in frequency by applying

The amplitude distortion, being a function of both frequend{€ inverse of (16). The data now reflect the frequency content

anda, gives rise to the three-dimensional bode plot of Fig. 7.0f the unwarped signal, with the frequency data being closely
spaced where the slope #fw) is the steepest. This technique

V. SW APPLICATIONS IN CIRCUIT TESTING is most useful in the case when information from one end of the

) ) ) spectrum is important, while the other end of the spectrum can
A. Unequal-Frequency Resolution Signal Generation and 4 ignored.

Analysis

(1—a?)

o) = (1 M) tan~" | L= @)sine

For example, if it were desired to analyze a signal’s frequency
The spectral warping technique (originally developed farontent above).97 (and the information about the rest of the
speech correction) can find new, interesting and efficiespectrum is of no interest), then the signal could be prewarped

applications in the emerging area of analog and mixed-signainga = —0.8. An output sequence d¥/ = N/2 could be
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G O,

Fig. 9. SW-based testing arrangement.

used as it would not matter that the lower frequency signal cowf-a digital filter having amplitude-frequency characteristics in-
ponents would be truncated. The FFT of the warped signal cowlerse toH ;(w).
then be generated and the result plotted against

oy B. Using SW Chirps to Find Systems’ Frequency Response
(1-a?)sinew

©=60"1) =tan? —
(14 a?)cosw +2a

(22)

Another way of testing analog and mixed-signal circuits is
based on the evaluation of the frequency response of a DUT.

where& = 6(w). So if the frequencies of interest lay in thisTO find the frequency response of a system, one can apply an
upper band, then an FFT could be performed on a Sequeﬁ“@@ulse to the input and measure the response on the output.
of half the length, yielding higher resolution while performingl© Provide good accuracy of the measurement, the generated
fewer calculations. impulse has to be of substantial energy.

Itis important that SW can be employed for both test responsefiowever, because all the energy in an impulse signal is con-
analysis and test signal generation when nonuniform frequerfgntrated in one point in time (ideally, the pulse has to be unlim-
resolution (“focused” or “stretched”) is required. This is of paritedly short and with unlimitedly high magnitude), this method
ticular importance in telecommunication or audio/video circui@n damage delicate electronic circuitry. Spectral warping al-
and Systems testing The test data flow is shown in F|g 9. |@WS this situation to be avoided by Converting an initial pulse
both the cases (test stimuli generation and response analyii) an equivalent chirp signal. Such a signal contains frequen-
the amplitude-frequency and phase-frequency characteristic§@s from the entire spectrum, so the frequency response can
the network, as presented in Section III, have to be taken irt$0 be derived from its chirp response.
account to obtain correct results from testing. An impulse at sampleV, can be constructed with a linear

A signal is applied to the DUT from a signal source of knowgombination of cosine functions that addwat Ny and cancel
frequency spectrun$,.(f) and powers2. The signal output forn # No.
from the DUT is converted from analog to digital form and Because superposition holds for the SW transform, we can
transformed by FFT into frequency spectg f). To limit the analyze the transformation of an impulse by observing the trans-
measurement errors caused by internal noise, ensemble af@m of the sinusoids that make it up. It is useful to consider
aging can be used, and the transfer functi#iif), is found as the sinusoidal components as spanning the whole sequence, i.e.,

fromn = N; =0ton = N, = N—1. Each transformed com-
H(f) = (Sy(F)SE) (23) ponent still begins at the origifV; = 0s(w)), but lasts until
o2 ’ Ny = Nys(w). The phase of each component at the origin is
also unchanged.
where() denotes ensemble averaging &fjd f) is the complex  The sinusoids no longer add together at one point and cancel
conjugate ofS..(f). each other at all the other points. However, components of sim-

SW is used for both the generation of unequally spaced fiigar frequency do, to some extent, constructively interfere at a
guencies (with some value of warping paramefeand for the certain time and destructively interfere at other times. If two
response analysis (with the warping parameter equald@s components of frequencieg andw, are transformed to the fre-
the frequencies have to be placed back into the uniform modejienciess, andwy, the point where they originally coincided,
Thus the total distortion introduced by the double warping is N, is transformed taVo, and Noy, respectively. Ifw, =~ wp
thenNy, ~ Ny, and constructive interference will occur at that
time. So if an impulse is transformed, the time in the output se-
guence at which each frequency will have its maximum power
is given by (19), substitutingV, for V. The result is a signal

To eliminate the amplitude distortion an appropriate correg? which the low frequencies have a maximum at one end and
tion has to be realized. It can be done, for example, by meahs high frequencies have a maximum at the other. The time at

(1—a%?
(14 a?)? — 4a? cos? w

|Hyr(w)] = (24)
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Fig. 10. Chirp signal generated by warping an impulse (SW factsr0.5). Fig. 11. Envelopes of a chirp signal (a) and the chirp response (b) of a
band-stop filter along with the ratio of the two (c) overlaid with the frequency
versus time curve.

which each frequency has its maximum is found by replacing

w with its expression in terms of the distorted frequency from
manner. The system’s frequency response can be found from

@an.
) the Fourier transform of the impulse response.
No(&) = No l—a (25) It is possible to estimate a system’s magnitude response from
1+ a%+2acosw its chirp response without calculating a Fourier transform. Be-

Fig. 10 shows a chirp signal generated by SW. The warpifiguse the time at which each frequency is dominant in the chirp

factor is positive, so the chirp begins with low frequencies arfd Known from (25), an indication of the magnitude response
finishes with high frequencies. It can be seen that beating &1 P& obtained by comparing the envelope of the chirp response

pears toward the tail of the chirp signal. By this time only thWith that of the chirp signal. Fig. 11 shows an example of a chirp

high-frequency components are present. The few remaining ffESPonse of a band-stop filter with a very narrow stop-band.

quency components move in and out of phase, causing constfdBlYy ©ne section of the chirp response’s envelope differs sig-
tive and then destructive interference, resulting in beating. nificantly from the envelope of the original chirp. This occurs

Up to a certain point all the frequency components are pres@htthe time when the stop-band frequency is dominant in the
in the output signal and they cancel each other out. The chffirP- This frequency can be found by overlaying the frequency
signal begins when the first frequency component finishes. THiE'SUS time curve.for the particular chirp. (T_he knowq StOP band
component will be the one relating to either= 0 or w = for this exf’;\mple filter |50.577_r t_o 0.587). This approxmaﬂpn
x, depending on the sign of If the appropriate value a is 1S only valid if the phase shift introduced by the system is not

substituted into (19), the start of the chid;, can be found as €XCESSIVe.

In addition to the evaluation of the frequency response func-

a function of the time of the impulse. ) ) - ey
tion, SW can benefit testing and characterization of other pa-
NN (1 —la])? 26 rameters of mixed-signal systems. For example, it can accelerate
1= Nox (1—a2)’ (26) evaluating the dependence betweert#active Number of Bits
o i o _ (ENOB) of Analog-to-Digital Converte(ADC) and the input
The end of the chirp is found in a similar manner: signal frequency. The basic idea of this approach is to bring a
(1+ |a|>2 full-swing chirp signal to input of the tested ADC where the
Ny = Ny % m (27) frequency sweep of the chirp covers the required range of the
dynamic test, while the length of the chirp is determined by the

To find a system’s frequency response, a test chirp is genszguired accuracy of the test. The estimation of ENOB with re-
ated by spectrally warping an impulse, using a warping factspect to the input signal frequency is then calculated from the
a. This signal is then passed through the system or circuit to eries of ADC output samples using an algorithm developed in
tested. This gives the systenthirp response [13], [14].

The Fourier transform of the chirp response has the sameThe approach provides the same accuracy as a sine-fit test
magnitude as the system’s frequency response. This is becgoese of the basic methods for ADC testing as specified by IEEE
each frequency component of the chirp has equal energy. T3te 1241-2000 [15]). At the same time it requires shorter test
phase information is altered due to the time shifting. time that is a very valuable advantage in ADC final production

To recover the phase information the chirp response tissting.
warped with—a. This produces a warped impulse response thatlt was pointed out in [14] that a superior chirp generator is re-
is time-shifted byNy. Shifting this to start at the origin and quired to implement the method. This is due to the fact that most
then warping it (using the original warping factoy will make Direct Digital SynthesizefDDS)-based generators are not suit-
it identical to an impulse response found in the conventionable for such an application as their frequency sweep is built
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Fig. 12. Spectral warping (solid line) and linear (dotted line) chirp signals.
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Fig. 13. Comparison between a SW chirp (solid line) and a Parks-McClellan (broken line) low-pass filter.
upon discrete frequency incrementing thus degrading the tesin. The linear chirp filter retains a length of 1892. The SW

results. The required chirp generator can be implemented echirp filter is plotted in Fig. 13. Sharing the same axes is a plot
ploying SW-based technique providing required both frequenoya Parks-McClellan FIR filter, designed to have the same char-

and amplitude parameters of the test signal. acteristics as the two chirp filters.
Fig. 14 shows the frequency response of the three filters (SW
C. Using SW for Test/Response Signal Filtering chirp filter, linear chirp filter and Parks-McClellan filter). It

gppears from Fig. 14 that the SW chirp filter can achieve a
cl)mparable magnitude response to a Parks-McClellan filter of
r times the order. A SW chirp filter will give a much better

agnitude response than a Parks-McClellan filter of the same

rder.

Digital filtering is one of the most widely used procedures i
DSP-based testing. Among the main requirements of the fil
employed in test generation/response analysis are simplic
speed and stability. This is particularly important in the BIS

environment where allowed test overhead is often very Iimiteﬂ._l_h i hiro filter h h iople in th band
Finite-impulse-response (FIR) filters generally satisfy the € linear chirp filter has much maore ripple in the pass-ban

above requirements, and thus they are widely used in tfﬁ‘d requires a much larger order to achieve similar stop-band

. ; : - aracteristics as the SW chirp filter.
generation/analysis [8]. SW provides a new efficient way .
designing FIR filters. A SW chirp can be upsampled and usedIt has to be mentioned, howv_aver, that the .SW method pro-
as the filter coefficients for a low-pass FIR filter. The low-pas uces a much greater phase shift. A related disadvantage is that

filter can be transformed to a high-pass, band-pass or band-s %“S\Nt C?irg _filtgr prloEiiuces a large, nonconstant group delay,
filter using appropriate spectral transformation techniqu@§' ustrated in =g. 1o.

[16]. The process of developing a low-pass filter using the SWSummarizing, the SV.V chirp filter provides significant
procedure is as follows. advantages where fast (it can be a smaller order than Parks-

A SW chirp is produced using a warping factor= 1/16. :\I/Ié:CIellan), S(;mflebl(':lggltﬁ;s are simlpler to itmg)llen;_letnt _thar_1
This chirp is shown in Fig. 12 along with a linear chirp (multi- ones) and stable ( liters are always stable) filtering is

plied by a Hanning window function [9]) for comparison. required.
The chirp signals are then up-sampled by a factor of 32. This

produces the filter coefficients. Because the SW chirp is (al-

most) zero for most of its length, the leading and trailing zero Applicability and efficiency of the SW technique in DSP-

coefficients are removed. In this case, the 501 coefficients teased testing was verified experimentally. To evaluate the ability

VI. EXPERIMENTAL RESULTS
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Fig. 15. Group delay of the SW chirp (solid), linear chirp (dotted) and Parks-McClellan (broken) filters.

and accuracy of the SW technique to find a circuit’'s response,
two simple filters were used as DUTSs.

A. Experiment Set-Up

The first simulation arrangement was done using MB. A
software implementation of the SW network (the algorithm is
presented in Fig. 16) usedAvLAB’s filter function to directly
implement the spectral warping network (Fig. 2). A test chirp
was generated using the SW network and fed into the DUT (a
band-pass filter). The chirp response was analyzed according to
the method described in Section 1V-B

In the second experimental set-up, amas -generated SW
chirp signal was used as the input to a filter designed employing
PSPICE. The simulation was performed using PSPICE and the
simulation output was loaded back intosMAB for processing.

An AC sweep analysis was performed using PSPICE, providing
data for comparison. The DUT was an active high-frequency
boost filter with a maximum gain of two, using an LM324
Op-Amp as the active component. The netlist for the circuit is
found in Appendix 1.

B. Results
For the first experiment, the SW technique produced a result

function g = swn(f, a, M)

f: input sequence

a: warping factor

M: no. of filters (= length of o/p)

o\° o\ o

length(f
zeros (1
1

) ;
N) ;
zeros (1,M) ;

QX =Z
I

’
’

time reverse
f = fliplr(f);
first filter
x = filter([1 O 1, [1 -al, f£);
tap -> 1lst o/p sample
g(1l) = x(end);
% second filter
x = filter ([0 1-a”2], [1 -al, x);
% tap -> 2nd o/p sample
g(2) = x(end);
% filter and tap for remaining filters
for k = 3:M
x = filter([-a 1], [1 -al], x);
g(k) = x(end);

o\ o°

o°

end

identical to the known response of thesmlAB filter DUT (ex- Fig. 16. MarLAB implementation of a SW network.
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Fig. 17. Band-pass filter used in Matlab to test SW chirp system technique. There was no visible difference between the actual and the cal@rayed frequ
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Fig. 18. Frequency response of PSPICE simulated filter. The solid line is from the PSPICE AC sweep analysis, the dotted line is the Fourier tthas$dvn of
chirp response before phase adjusting and the broken line is the Fourier transform of the SW chirp response after phase adjusting.

cept for the very first and the very last samples). The resporisw frequencies (see Fig. 18). After correcting for the phase,

is shown in Fig. 17. the phase response agrees with that of the AC sweep within
When comparing the results from the PSPICE simulatioa, few degrees fo0.00lr < w < 0.2 and within & up

the magnitude of the Fourier transform of the SW chirp reée 0.937. The magnitude becomes less accurate (in this case

sponse is very close to the magnitude part of the PSPI@Rining about 1dB over most of the spectrum) after the phase

AC sweep analysis, deviating only at the extremely high amrrection.
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TABLE |
THE STAGES OFDATA LOADING AND CALCULATING

b
Stage Input Operation Output
M -word shift register}» ISR U e s
_____ O S
B> — Y T R e
3 d; a(b]—c‘j)+d1 ------------------

Fig. 19. Hardware implementation of the SW transform.

VII. | MPLEMENTATION OF A SW NETWORK word lengths (a compromise between design complexity and

Evaluation of practicability of the employing SW in elec/€Solution). The chosen target technology was /6 triple-
tronic testing (in particular, in the BIST environment) would"€t@l single-poly CMOS from AMI Semiconductors Inc. With
require development and analysis of its corresponding micrtg-e aim of real integrated circuit implementation the design was
electronic implementation also converted into more advanced 0,18 5 metal CMOS

An initial architectural hardware solution (Fig. 19) was prot_echnology. Several differentimplementation architectures were

posed in [10], [11]. This architecture is derived from reprd?Sed (sequential, combinational, and mixed). ,
senting the filter network of Fig. 2 with the set of difference | he dataflow diagram for the sequential architecture is pre-

equations: sented in Fig. 20 [17]. It reads all the input words sequentially
from the same 1/O pads. It can evalu@te8.33 million times a
gon =a[gon—1 — 0] + fu second running from a 25 MHz clock, and occupies hibi?.
Jin =0[g1.n-1— 0] + Gon—1 The number of I/O pads is 14 ¢4 square with two unused).

Grm = [Fkm—1 — Gh—1n] + Gh—tm—1 The chip accept_s five-bit signgd magnitude binary input words
F—93 (28) and the output is preseqted in the same form. If an ovgrflow
T has occurred the output is settd 5. An overflow output bit,
By defining the following variables which indicates whether an overflow has occurred at any stage
of the calculation, is also provided. No overflow occurs during

a = warping factor (constant R .
PHig ( ) the multiplication stage of the calculation because the product

b :.‘71«,11—1 is truncated. The four high-order bits of the product are used,
o= {gk—l,n n> 8 while the low-order bits are discarded.
n =

. The design takes advantage of the fact that identical opera-
{ Gk-1n-1 k>0 (29) tions are performed on the data at different points in the calcula-
f1 k=0 tion. This means that circuitry can be reused within the calcula-
and the function tion. To do this, intermediate results are stored in a register. The
fourinput words ¢, b, c andd) are loaded at separate times. This
significantly reduces the pin-count and, hence, the chip-size (the
silicon space is normally a limiting factor in the design). How-
ever, because such a solution slows the processing, if the opera-

d

Fla,b,e,d]=a(b—c)+d, (30)

the equations of (28) can be rearranged to

Gkm = Fla,b,c,d] (31) tionspeedisimperative, then parallel loading of the input values
has to be implemented.
giving Becauser is a constant in the spectral warping transform, it
is loaded into a register at the start of the transform, and the
go.n =Fla,gon-1,0, f-n] data in that register is reused for the subsequent iterations of
J1.n =Fla,§1.n-1,0, §o,n-1] the function. One pad (LDA) is provided to indicate that the

Gkm = Fla Gkn—1:Gk—1ms Gom_1] 0<k <M. (32) data on the input pads is to be loaded intodhegister on the
next rising edge of the clock. The LDA signal also acts as a
For each (time-reversed) input which is fed into MUXW, reset, clearing the output register and resetting the chip back to
calculations are performed\ is the number of filters) with the the first stage of the calculations. As a result of the truncation
results being shifted into the shift register. Once the entire ingntthe multiplication stagegy is inherently scaled b2 4. To
sequence has been fed through the system, the shift register camcel this effect: should be pre-scaled B#. This is useful
tains the output sequence. A core element of this hardware ifor the spectral warping, wherel < a < 1. The stages of
plementation is the special-function arithmetic logic unit (ALUALU operation are listed in Table I.
that calculates (30). Besides the ALU, the most silicon space-consuming element
To evaluate hardware overhead and speed of operationcdiihe SW architecture (Fig. 19) is the-word shift register.
ASIC to calculate (30) has been designed and simulated for 5-bite solution allowing minimization of the overall test hardware
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Fig. 20. SW ALU data flow.

overhead could include employing the same register for psetien the mapping preserves convolution only if
dorandom test sequence generation (that is normally based on a

linear feedback shift register [6]). In addition, significant hard- fo= fin* fon

ware savings can be achieved by using memory elements of the ’ o

Boundary Scan (IEEE Std. 1149.1 and later standards [5], [6]% _ _
chip peripheral register to implement the SW network (if th&neretfi.»} and{ sz} are the respective mappings{af, . }

DUT complies with the Boundary Scan design architecture aAd 192.» } according to (34).
rules). If F[z], F1]z], andF[z] are thez-transforms of £, }, { f1..}

and{ f»., } respectively. In the domain, convolution reduces to
multiplication, so taking the-transform of (36) gives:

(36)

APPENDIX |
Discrete convolution between two sequengés} and{g, } B '
is defined as Flz] = Fi[z] - Fy[2]. (37)
= If we also definel.[z] to be thez-transform ofiyy, ,,, then
fn*xgn = Z Foln—rk- (33) k(2] 2 Pr,

(34) can be expressed in thalomain as

k=—00

Define a mappingyx. », between{ f,} and{g,} as oo
Fl2l= > geWslz]. (38)
400 k=—o0
fo =Y 9Kk (34)
k=—oc Substituting this into (37) gives:

If {g,} is the convolution of two sequences,

+o00 +o0 +oo
> gnUnlel= Y Uizl > ganTalz]. (39)

In = 91n *92.n (35) n=—o00 k=—o00 n=—o00
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Now if we substitute (35) in the left hand side, and combingrateful to the Asia 2000 Foundation, Royal Society of New

the summations on the right hand side we get Zealand and the Embassy of France in New Zealand for their
supporting the collaboration links between the authors, as well
oo I as with their overseas partners involved in the research presented
S grag2m-rVilz] in the paper.

n=—00 k=—o00
+oco —+oo

= Z Z 91,1920k Vr[2]V,_r[2].  (40)

n=—o00 k=—oo
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