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Abstract—This paper proposes selective spectrum analysis 

(SSA) technique that uses two multiplier/accumulators to estimate 
the spectrum. It requires much less area overhead than Fast 
Fourier Transform (FFT) and offers better performance in terms 
of area overhead, dynamic range and accuracy than analog 
spectrum estimation techniques. As a result, SSA is a good output 
response analyzer (ORA) implementation for mixed-signal Built-
In Self-Test. The SSA technique down converts the device under 
test output at the interested frequency to DC by multiplication 
and filters out the undesired AC components through 
accumulation. But the AC components cannot be completely 
removed and introduce calculation errors. While these errors can 
be minimized by controlling the accumulation time, the rate of 
convergence is low such that long test time is required to achieve 
reasonable accuracy. An alternate approach is to choose integer 
multiple periods (IMPs) of the frequency under analysis to stop 
the accumulation. Performance of the SSA-based ORA is 
analyzed in a systematic way and it is shown that the proposed 
IMP circuits can further improve the efficiency of the ORA in 
terms of test time, area overhead, and measurement accuracy. 
Experimental results are presented for simulation as well as 
implementations of the SSA technique in field programmable gate 
arrays and standard cell application specific integrated circuits. 

Index Terms—Built-In Self-Test, Mixed-Signal Testing, Test 
Pattern Generator, TPG, Output Response Analyzer, ORA, 
Spectrum Analysis, Frequency Response, Nonlinearity, IP3, P1dB 

I. INTRODUCTION 

daptive control theory has been studied for decades [1]. It 
usually includes an adaptive controller in a system to 
monitor the system performance and adjust it accordingly 

such that the performance variation can be well controlled to 
an acceptable level [2]. Built-in self-test (BIST) technology 
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offers the ability to estimate system performance on the fly [3]. 
This not only eases the effort to measure a circuit or system 
[4][5], but also provides an efficient means for calibrating, 
compensating, and adjusting the analog circuitry adaptively 
[6]. As a result, it is appropriate for application in a mixed-
signal system with support for adaptive control. 

Spectrum analysis is one of most important techniques to 
extract performance merits for various industrial systems, such 
as frequency response, 3rd-order interception point (IP3), 1dB 
compression point (p1dB), signal to noise and ratio (SNR), 
total harmonic distortion (THD), signal to noise and distortion 
(SINAD), noise figure (NF), etc..  For example, fuel cells 
(FCs) produce different electrochemical processes at different 
time scales and such behavior can be characterized by 
measuring the frequency response of the FCs at different 
frequencies [7]. The frequency response is also a powerful tool 
for the controller inside a power converter, so that it is also of 
interest to estimate the converter’s frequency response in real 
time and use it for performance compensation [8]. In addition 
to frequency response, the other important system measures of 
a circuit system may also include nonlinearity (IP3 and P1dB) 
and noise (SNR, THD, SINAD and NF) performance [6].  

Spectrum analysis can be done with analog or digital 
approaches. Analog spectrum analysis techniques, such as the 
time-frequency windows and the programmable band-pass 
filters (BPFs) proposed in [10] and [11], respectively, for 
power detection at the frequency of interest, usually come with 
very low area overhead, but they suffer from limited dynamic 
range and coarse frequency sweeping. The most popular 
digital spectrum analysis technique is the Fast Fourier 
Transform (FFT). Reference [9] utilizes an FFT processor to 
perform on-chip spectrum analysis, but the hardware overhead 
and power consumption introduced by the FFT prevent it from 
being an efficient BIST unless the FFT is an inherent 
component of the system. Another digital approach is the 
selective spectrum analysis (SSA) technique proposed in 
[6][12][13]. An SSA-based output response analyzer (ORA) 
consists of two multiplier/accumulators (MACs) where the 
device under test (DUT) output is multiplied with an in-phase 
reference at the frequency under analysis and accumulated in 
one MAC while a similar procedure occurs in the other MAC 
but with an out-of-phase reference. Thus, the in-phase and out-
of-phase components of the DUT output at this frequency can 
be extracted and used for calculation of magnitude and phase. 
Although the SSA suffers from inherent calculation errors, the 
errors can be minimized by either letting the accumulation run 
for a long period (which will be referred to as “free-run 
accumulation”) or by stopping the accumulation at integer 
multiple periods (IMPs) of the frequency under analysis. 
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In a BIST environment, the SSA technique demonstrates 
unique advantages over analog spectrum analysis approaches 
and FFT. First, as a digital approach the SSA has signals in 
digital form and thus is able to achieve finer resolution for 
frequency sweeping and provide more accurate results with 
wider dynamic range than analog approaches. Secondly, since 
the SSA only analyzes the spectrum of one frequency point at 
a time, not only can it be implemented more efficiently in 
hardware than FFT that analyzes the entire spectrum, but also 
offer some flexibilities that FFT does not have. Often the 
frequency resolution of the spectrum analysis needs to be 
programmed during operation. However, it is very difficult for 
a FFT processor to do so because the frequency resolution of 
FFT is determined by the number of input samples, which is 
usually a fixed number. The frequency resolution of the SSA, 
however, depends on the number of accumulation cycles, 
which can be easily adjusted. In addition, usually only the 
spectrum at a few frequency points is of interest. In order to do 
this, the SSA only needs to repeat the same measurement at the 
frequency points of interest. However, the FFT has to utilize 
all its dedicated hardware and consumes the power to calculate 
the spectrum over the whole band even if the spectrum at only 
one frequency is interested.  

In this paper, we investigate and discuss the measurement 
accuracy, time and hardware required by the SSA-based ORA 
for different analog measurements. Due to the discrete nature 
of a digital signal, it is difficult to correctly predict every exact 
IMP. Thus, we propose and analyze several circuits to detect 
IMPs for practical implementation of SSA in a BIST system, 
each of which has advantages and drawbacks in terms of test 
time and accuracy. Based on simulation results and actual 
implementation, we discuss different IMP detection circuits for 
various measurements. The paper is organized as follows. 
Section II gives a detailed discussion of SSA technique. Next, 
IMP accumulations for different analog measurements are 
investigated in Section III followed by an overview of their use 
in the SSA-based BIST approach. Experimental results from 
both simulation and implementation of accumulation using the 
proposed IMP circuits are presented and compared with free-
run accumulation in Section IV, along with actual 
implementations of the complete SSA-based BIST approach in 
both field programmable gate arrays (FPGAs) and standard 
cell-based application specific integrated circuits (ASICs). 
Section V summarizes and concludes the paper. 

II. SELECTIVE SPECTRUM ANALYSIS (SSA) 

A. MAC-based SSA 

The SSA technique analyzes one frequency point at a time 
and requires only two MACs. This helps to minimize hardware 
resources and power consumption for BIST applications 
[12][13]. Fig. 1 illustrates the basic structure of the SSA-based 
ORA, where y(nTclk) is the digitized DUT output y(t) while 
cos(2nπfTclk) and sin(2nπfTclk) compose an orthogonal 
reference signal pair used for spectrum analysis. Accordingly, 
the DC1 and DC2 values from the two accumulators can be 
written as 

 , (1) 

where Tclk is the period of the sampling clock. As will be 
discussed in Section III, if we let the accumulation run long 
enough or stop the accumulation at IMPs of frequency f, DC1 
and DC2 are actually the in-phase and out-of-phase 
components of the signal y(t) at f. Therefore, the magnitude 
and phase of y(t) at f, A(f) and ∆φ(f),  can be calculated as 

 . (2) 

 
Fig. 1.  Selective spectrum analysis-based output response analyzer. 

Because SSA only analyzes one frequency point at a time, 
not only can it be implemented with much simpler and cheaper 
circuitry than FFT, but can also achieve some flexibility that 
FFT cannot provide. For example, the maximum number of 
the points that an FFT processor can compute is fixed, such 
that it is difficult, if not impossible, to adjust the frequency 
resolution for FFT after implementation. The SSA frequency 
resolution, however, can be easily tuned by controlling the 
reference frequency f. Furthermore, usually only a few 
frequency points are of interest in analog measurements, which 
can be done easily with SSA while FFT has to calculate the 
whole spectrum even though most of the spectrum might not 
be of interest. 

B. Equivalency of SSA to FFT 

The mathematical expression of the FFT of y(n) is given by 

 , (3) 

where Y(k) is y(n)’s discrete spectrum at frequency . 

Substituting f in (1) with , a simple derivation shows 

that (3) can be rewritten as 

 . (4) 

Therefore, by setting cos(2nπfTclk) and sin(2nπfTclk) at 
different frequency, the SSA-based ORA performs identical 
spectrum analysis as FFT.  

One interesting property in (3) is that given a signal 
sequence y(n) with N samples, the spectrum at 

 can be accurately estimated regardless 
whether one uses SSA or FFT. In other words, the frequency 
resolution of spectrum analysis is determined by . This 
means that even though Y(k) can be calculated when k is equal 
to a fractional number, the results are not exactly correct. Fig. 
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2 demonstrates an example where the signal under analysis is a 
2-period sinusoidal wave in the upper plot. The spectrum 
calculated at  is plotted as the solid circles in the lower 
plot, where the spectrum contents only appear at its own 
frequency as expected. However, if the spectrum analysis is 
done with finer frequency spacing, the spectrum becomes the 
solid curve in the lower plot where spectrum leakage can be 
observed. Therefore, the theoretical frequency resolution of 
the SSA is also  as in FFT. In order to get finer 
frequency resolution, more samples of the DUT output should 
be accumulated; otherwise, the SSA may suffer performance 
degradation caused by spectrum leakage. 

 
Fig. 2.  Error estimation caused by the Spectrum analysis. 

C. Applications of Spectrum Analysis in Analog Testing 

In analog functional testing, usually only 1-tone or 2-tone 
stimuli are used to drive a DUT. When a small 1-tone signal 

 is applied, only the fundamental 
frequency component presents itself in the DUT’s output. 
Sweeping f over the band of interest, the SSA-based ORA is 
able to obtain the gain and phase delay of the DUT.  

 
Fig. 3.  Single-tone test for noise and spur measurement. 

 
Fig. 4.  Two-tone test for IP3 measurement. 

On the other hand, given a 1-tone stimulus at f, the DUT’s 
output spectrum could be illustrated as in Fig. 3. In addition to 
the signal at frequency f, noise and harmonic spurs will also 
present in the DUT’s output. Thus, when sweeping the analysis 

frequency over the interested bandwidth, it is also possible to 
measure the noise and spurs based on the relative level 
between the spectrum at frequencies other than f and at f. 

When a 2-tone signal  is 
applied to the DUT as shown in Fig. 4, the output appears at 
several frequencies and the two frequency points of interest at 
the lower sideband (LSB), f1 and 2*f1-f2, or upper sideband 
(USB), f2 and 2*f2-f1, can be measured by the SSA-based ORA 
in two consecutive accumulation cycles [16]. Define  as 
the power difference between the fundamental and 3rd-order 
inter-modulation (IM3) frequencies, the input 3rd-order 
interception point (IIP3), another important linearity measure, 
can be obtained from 

  (5) 

where the input power  is defined by B. 

III.  INTEGER MULTIPLE PERIODS (IMPS) IN SSA 

In order to achieve high-quality results, the calculation 
errors in SSA need to be controlled within an acceptable 
range. While free-run accumulation improves the calculation 
accuracy, it requires not only long test time to allow the results 
to converge in the tolerance band, but also large accumulators 
to hold the results without overflow. Thus, IMP accumulation, 
which chooses the IMPs of the frequency under analysis to 
stop accumulation, is proposed to address these issues. 

 
Fig. 5.  DC1 and DC2 vs. test time in frequency response measurement. 

A. Frequency Response Measurement 

In a frequency response measurement, the DUT is driven 
by a small-signal tone at frequency f and its output y(nTclk) can 
be modeled as  at the same 
frequency but with different magnitude and phase offset. 
Therefore, (1) can be rewritten as 

 . (6). 

Equation (2) produces reasonable results only when the 
second terms in (6) are negligible. The DC1 and DC2 values vs. 
test time when f=5kHz are plotted in Fig. 5 where the two 
linear dashed lines represent the first terms in (6), and the AC 
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periodic components riding on the dashed lines represent the 
calculation errors introduced by the second terms. These AC 
components become negligible if the accumulation is done for 
a sufficient length of time (which we call “free-run 
accumulation”). However, the calculation errors go to zero at a 
period of 1/(2f) as illustrated in Fig. 5. Therefore, if the 
accumulation can be stopped at the half IMPs of f, calculation 
errors are minimized, if not eliminated, with minimal test time. 

B. Linearity Measurement 

During IP3 measurement, the strongest DUT output 
spectrum appears at four frequencies as illustrated in Fig. 4. 
Since the frequencies are spaced very closely, it is feasible to 
assume that the spectrum at these frequencies experiences 
approximately the same phase delay. Therefore, the DUT 
output y(nTclk) in IP3 measurements can be modeled as (10) 
and (11). Measuring , requires two A(f) measurements at f1 
and 2f1-f2 or at f2 and 2f2-f1. 

If  is estimated at the LSB, the DC1 and DC2 values can 
be derived as (12)-(15). Similar to the frequency response 
measurement, the first terms in these equations are the desired 
DC values and the rest terms need be minimized. While this 
goal can be accomplished with free-run accumulation, the 
required test time can be prohibitively high, as will be shown 
in Section V. From (12)-(15), the periods of the error terms, 
ferr, are 

 . (7) 

Therefore, if the ORA can stop accumulation at the common 
IMPs (CIMPs) of all possible ferr, the calculation errors can be 
minimized. Interestingly, the CIMPs of LSB frequencies are 
also CIMPs of all ferr. This property can be proven as follows. 

The LSB CIMPs satisfy 

 , (8) 

where N1 and N2 are integers. Thus, the LSB CIMPs are also 

the IMPs of ∆f because 

  (9) 

and N1-N2 is another integer. Bringing (8) and (9) into (7), it 
can be seen that LSB CIMPs are indeed CIMPs of all ferr. 

The A(f) vs. test time at LSB frequencies are plotted as solid 
lines in Fig. 6 while the dashed line designates the desired DC 
values. The markers represent LSB CIMPs and the 
corresponding A(f) at these places are very close to the dashed 
line, which illustrates the efficiency of the LSB CIMPs to 
minimize calculation errors. It should be noted that the CIMPs 
of both fundamental frequencies (f1 and f2) and USB 
frequencies (f2 and 2f2-f1) have the same property as LSB 
CIMPs since they satisfy (7) as well, and this can be proven in 
a similar manner. 

C. Noise and Spur Measurements 

The DUT is driven by a 1-tone carrier during the noise and 
spur measurements as was the case for frequency response 
measurements. However, a different IMP point is required to 
stop the accumulation. In order to estimate the noise/spur at 
one frequency point, the SSA-based ORA needs to perform the 
spectrum analysis at both the carrier frequency and the sample 
frequency. By using the carrier power as a reference, the ORA 
reports the noise/spur level as relative number. From such a 
perspective, the noise/spur measurement needs to stop 
accumulation at the CIMPs of the carrier frequency and the 
frequency sweeping step ∆f to ensure that the accumulations 
are not only stopped at the CIMPs of the carrier frequency and 
the frequency under analysis but also completed with same 
accumulation length for all frequency points of interest (the 
latter is necessary because the measured noise floor is 
proportional to square root of the accumulation length). 
Therefore, the test time for noise and spur measurements is a 
function of the number of frequency samples as well as the 
frequency step ∆f for each sample. 

 (10) 

 (11) 

 (12) 

 (13) 

 (14) 

 (15) 
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(a) Fundamental frequency f1 

 
(b) 3rd-order inter-modulation frequency 2f1-f2 

Fig. 6.  A(f) vs. test time at LSB frequencies in IP3 measurement. 

 
Fig. 7.  General model of proposed mixed-signal BIST architecture. 

D. Overview of BIST Approach 

The SSA-based mixed-signal BIST architecture is illustrated 
in Fig. 7. It includes a direct digital synthesis (DDS)-based test 
pattern generator (TPG) and SSA-based ORA, which make the 
BIST capable of generating high-quality test stimuli to the 
DUT and analyzing the DUT output spectrum to perform 
accurate on-chip analog functional measurements of frequency 
response, linearity, noise, and harmonic spurs [13]. Two 

multiplexers, MUX3 and MUX4, are inserted to provide two 
return paths for the test signals to the ORA. In this way, the 
response of the BIST circuitry as well as the DAC/ADC pair 
can be characterized before the actual measurements and used 
for calibration [13]. 

Three numerically controlled oscillators (NCOs) are utilized 
in the BIST. The two NCOs in the TPG produce either 1-tone 
or 2-tone signals based on frequency words f1 and f2. Using 
frequency word f3, the NCO in the ORA simultaneously 
generates cosine and sine reference tones for the two MACs.   

IV.  EXPERIMENTAL RESULTS 

By using IMP accumulation instead of free-run 
accumulation, the SSA-based ORA is able to shorten the test 
time. In addition, because the IMP accumulations can be 
stopped earlier, fewer bits are required for DC1 and DC2 
accumulators. However, since a digital signal only has limited 
time resolution, it is impossible to correctly capture every 
zero-crossing point of a sine wave, where the exact IMPs are 
located, by using digital circuits. Investigation shows that IMP 
circuits originally proposed in [16] produce incorrect or fake 
IMPs (FIMPs) with potential issues regarding the 
measurement accuracy for some tests, as will be shown. 
Therefore, good IMP (GIMP) circuits are proposed to address 
these issues. However, the GIMP requires longer test time 
such that tradeoff between test time and measurement accuracy 
must be considered in the BIST design. The performance of 
the FIMP, GIMP and free-run accumulation are analyzed and 
compared in this section. The parameters for the BIST system 
used for this analysis are summarized in Table I and were used 
in both FPGA and ASIC implementations of the BIST design 
to be discussed later in this section. 

TABLE I 
CRITICAL PARAMETERS OF BIST SYSTEM FOR SIMULATION  

Parameters Value 
Bit Width of Phase Word M 26 

Bit Width of Truncated Phase Word M’  15 
Bit Width of DAC N 12 
Clock Frequency fclk 50_MHz 

A. Implementation of IMP Circuits 
The NCO contains an N-bit phase accumulator, which 

increases its value by the input frequency word f every clock 
cycle. The phase, θ, that the accumulator represents is . 
Therefore, every time the N-bit phase accumulator produces a 
carry out, the NCO goes through a complete period. 

 
Fig. 8.  FIMP detector. 

According to this property, the IMP circuit shown in Fig. 8 
was proposed in [16] to indicate potential IMPs where the 
ORA should stop accumulation. However, due to its discrete 
nature, a digital signal can only provide a limited time 
resolution and this prevents the IMP circuit in Fig. 8 from 
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capturing the correct zero-crossing points where the exact 
IMPs occur. This phenomenon is illustrated in Fig. 9 where 
one can see that the some of the captured IMPs lag behind the 
real IMPs, and we call these fake IMPs (FIMPs). There are 
also some IMPs which coincide with real IMPs, and we call 
these good IMPs (GIMPs). 

 
Fig. 9.  FIMPs vs. GIMP. 

If accumulation is stopped at the FIMPs, the ORA will 
introduce some calculation errors. This phenomenon is also 
related to the limited frequency resolution issue discussed in 
the Section II-B. Take Fig. 9 as an example, where the NCO 
phase word is 5-bits wide and the frequency word is equal to 5. 
Thus the signal frequency should be . The first four 
FIMPs occur at samples 7/13/20/26. Hence accumulation with 
these FIMPs obtains correct spectrum analysis only at 
frequencies of , respectively; none 
of these would produce the correct signal frequency . 
Therefore, some degree of performance degradation will be 
introduced if FIMPs are used to stop the accumulation. On the 
other hand, because the GIMP occurs at the 32th sample, the 
correct results will be obtained at frequencies of  
including the signal frequency .  

 
Fig. 10.  GIMP detector. 

Since GIMPs occur when the phase accumulator produces 
both a carryout and an all-0s phase word, a GIMP detector can 
be realized with the circuit shown in Fig. 10. However, given 
an N-bit frequency word, the number of clock cycles (CCs) 
until the first GIMP can be determined by the position of the 
first ‘1’ counting from the least significant bit. If the first ‘1’ is 
the m-th bit, we can define an effective bit-width of frequency 
word term 

 . (16) 
Then the GIMP period will be  CCs. Thus, the GIMP 
period can also be calculated by using the OR-chain circuit in 

Fig. 11 which determines the required CCs from the frequency 
word directly. The calculated CCs are preloaded into a counter 
to control accumulation length. The OR-chain is independent 
of phase accumulator and offers flexibility in test controller 
design.  

 
Fig. 11.  OR-chain GIMP calculator. 

It should be noted that the GIMP accumulation requires 
longer test time than the FIMP accumulation but produces 
more accurate results. Given an N-bit phase accumulator, odd 
frequency words have GIMP periods equal to  CCs. 
However, by using frequency words with zeros in the least 
significant bits, the GIMP period can be shortened to improve 
the testing time. The CIMPs for linearity measurement can be 
calculated by taking OR-operation of the frequency words f1, 
f2, and f3, then applying the result to the OR-chain. 

B. Frequency Response Measurement in SSA-based ORA 
The FIMP is chosen for frequency response measurement 

even though it introduces errors as discussed earlier. There are 
mainly two reasons. First, because the analysis frequency is 
same as the 1-tone stimulus, it is usually where the strongest 
spectrum resides. Thus, the FIMP errors are expected to be 
negligible for most cases. If not, as given in Section III-A, 
increasing the number of FIMPs to stop accumulation would 
help to further reduce the error. Second, since frequency 
response measurement is usually done at many frequency 
points, testing time would increase drastically if GIMP 
accumulation were used. Therefore, FIMPs, instead of GIMPs, 
are used for frequency response measurement. As shown in 
Section III-A, the half FIMPs (HFIMPs) can be used to further 
shorten the test time. The HFIMPs can be captured by the 
FIMP detector in Fig. 8 by replacing the carry out signal with 
the most significant bit (MSB) of the adder output and 
inserting a XOR gate to detect the transition on the MSB. 

The HFIMP was simulated for its performance. The ORA 
was used to measure two DUT frequency responses in 
simulation, where the differences between the magnitude and 
phase responses of two DUTs, ∆Asim and ∆ϕsim, are known 
beforehand. In order to accurately measure the two DUT 
frequency responses, both the measured ∆Amsr and ∆ϕmsr need 
to satisfy 

 , (17) 

where ∆Atol and ∆ϕtol are the desired accuracy tolerance for 
the magnitude and phase response measurement, respectively. 

One simulation was conducted as an example, where one of 
the DUT output is 50 dB higher in magnitude and 80° earlier 
in phase than the other one at 50kHz. The simulated ∆Amsr and 
∆ϕmsr vs. test time are plotted in Fig. 12 where the circle 
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points represent the HFIMPs picked by the HFIMP circuit. 
According to the plots, for ∆Atol = 0.5dB and ∆ϕtol = 1°, the 
free-run accumulation requires 6 and 34 HFIMPs respectively 
to make the ∆Amsr and ∆ϕmsr curves converge into their own 
tolerance band. However, if HFIMPs are used to stop 
accumulation, both ∆Amsr and ∆ϕmsr are guaranteed to be 
converged at the first HFIMP location. Therefore, the test time 
can be shortened by using HFIMP accumulation without 
sacrificing the accuracy of measurements. Furthermore, since 
the ORA is able to stop the accumulation earlier than free-run 
accumulation, the size of the DC1 and DC2 accumulators can 
be smaller. This means that the area overhead of the BIST 
circuitry is decreased with IMP accumulation built into the 
ORA. 

 
 (a) Magnitude response ∆Amsr 

 
(b) Phase response ∆ϕmsr 

Fig. 12. Free-run & HFIMP Acc. in frequency response measurement. 

TABLE II 
SIMULATION VARIABLES FOR FREQUENCY RESPONSE MEASUREMENT 

Variables Min. Max. Step 
f 10 kHz 20 MHz 10 Points/Decade 

∆ϕsim 3° 87° 7° 
∆Asim 44 dB 62 dB 6 dB 

A comprehensive analysis was performed to study the 
measurement accuracy that HFIMP accumulation can achieve 

under different conditions. The possible combinations of the 
simulation variables, distributed over the range of [Min., Max.] 
evenly within a Step, are summarized in Table II. 

 
 (a) │∆Amsr-∆Asim│ 

 
 (b) │∆ϕmsr-∆ϕsim│ 

Fig. 13.  Accuracy vs. frequency with respect to # of HFIMP in frequency 
response measurement. 

At each frequency, different combinations of ∆Asim and 
∆ϕsim between the two DUTs were simulated. The maximum 
measurement errors │∆Amsr-∆Asim│ and │∆ϕmsr-∆ϕsim│ were 
selected and plotted in Fig. 14. For very low frequency below 
100kHz ( ), a very high accuracy could be achieved at 
the first HFIMP and accumulation with more HFIMPs 
basically makes no difference. Then the accuracy gets slightly 
degraded until 1MHz ( ) and rapidly worsens beyond this 
frequency. The reason is that the HFIMP is shorter at higher 
frequency and thus the frequency resolution gets coarser. For 
example, the HFIMP of 1MHz is 100 times smaller than 
10kHz and thus the frequency resolution is also 100 times 
poorer. Therefore, more HFIMPs should be used to stop the 
accumulation to improve the measurement accuracy, and the 
plots in Fig. 13 confirm this. The required test time for a 
frequency response measurement, if the first HFIMP is used to 
stop accumulation, would be given as  
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  (18) 

where S and Fi are the number of frequency points and the 
frequency words of these points, respectively. 

 
Fig. 14.  Common FIMP distribution versus time. 

 

Fig. 15.  Common GIMP detector for IP3 measurement. 

C. IP3 Measurement in SSA-based ORA 
In IP3 measurements, GIMPs must be used because FIMPs 

fail on two accounts. First, as discussed in Section III-B, the 
common IMPs of the two close-spaced tones need to be used. 
However, the common FIMPs could be highly unevenly 
spaced along time as plotted in Fig. 14. The two tones are 
500Hz apart and their CIMPs should have a period of 20ms. 
As plotted, the CFIMP clusters indeed separate from each 
other by 50ms. However, the magnified figures show four 
CIMPs, instead of one, at each cluster location. It should be 
noted the distribution of CFIMP clusters and the number of 
CFIMPs in each cluster differ from case to case. Therefore, it 
is very difficult for a test controller to make correct prediction 
for all cases. Second, in most cases, the spectrum at the IM3 
frequency is much weaker than the fundamental frequency. If 
the accumulation is stopped at the common FIMPs, which may 
not be the exact IMPs of either the fundamental or IM3 
frequency, the AC calculation errors caused by the 
fundamental and IM3 tone cannot be totally cancelled. 
Besides, the DC term of the IM3 frequency itself is so weak 

that any remainder AC errors could seriously degrade the 
accuracy of the measurement done at the IM3 frequency.  

Based on these two facts, common GIMP (CGIMP) is used 
in IP3 measurement and can be captured by using the circuit 
shown in Fig. 15. An alternative CGIMP detector is to OR the 
two frequency words first and then supply the result to the or-
chain GIMP circuit in Fig. 11. The free-run, CFIMP and 
CGIMP accumulations were simulated for comparison. In the 
simulation, the ORA is used to perform an IP3 measurement, 
where f1, f2, and ∆P are equal to 345.18kHz, 384.52kHz, and 
45dB, respectively. The curve in Fig. 16 illustrates the 
relationship of ∆P vs. test time and the CFIMPs and CGIMPs 
are indicated by triangle and circle markers, respectively. 
From the figure, it can be seen that the envelope of the curve 
drops fast at the beginning and then starts to flatten out, which 
makes it very slow to converge into the tolerance band. In 
order to achieve 0.5dB accuracy, the free-run accumulation 
needs around 8 seconds. The simulation also shows that the 
situation becomes worse for larger ∆P. Therefore, free-run 
accumulation is very inefficient in terms of test time. On the 
other hand, both CFIMPs and CGIMPs accumulation converge 
much faster than the free-run method. As discussed earlier, the 
measurement results captured at CFIMPs demonstrate some 
deviations from the desired results and enter into the tolerance 
band at around 117 µs. The results captured at CGIMPs, on 
the other hand, almost fall directly upon the desired results and 
the first CGIMP takes around 164 µs. Although CFIMP 
accumulation takes less test time for this case, the accuracy 
variation incurred with it is different for different f1 and f2. 
which makes it very difficult to design a versatile test 
controller effective for all cases. However, the CGIMP 
accumulation is very stable in terms of measurement accuracy 
and requires much less time when compared with the free-run 
case, about 50000 times less in this case. Therefore, it is worth 
using CGIMP accumulation in IP3 measurement to improve 
the test accuracy and ease the effort of the test controller 
design.  

 
Fig. 16.  Comparison among different accumulations in IP3 measurement. 

A comprehensive analysis was also performed to study the 
accuracy achieved using CGIMP accumulation under different 
conditions. The possible combinations of the simulation 
variables, distributed over the range of [Min., Max.] evenly 
within a Step, are listed in Table III. 
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TABLE III 
SIMULATION VARIABLES FOR IP3 MEASUREMENT 

Variables Min. Max. Step 

f1 48.83 kHz 25 MHz 48.83kHz 
f2- f1 42.72 kHz 42.72 kHz 0 
∆Psim 44 dB 62 dB 6 dB 

At each frequency setup, different ∆Psim were simulated and 
the SSA-based ORA used the first CGIMP to capture the 
measurement results. The maximum measurement errors 
│∆Pmsr-∆Psim│ of each frequency were selected and plotted in 
Fig. 17. Since this comprehensive simulation was done with a 
constant ∆f and ∆f has a ‘1’ in its binary representation closer 
to LSB than f1, the CGIMP is determined by ∆f and thus the 
simulation over the frequency range has the same test time. 
This means the same frequency resolution for all simulated 
frequencies. Therefore, it is not surprising to see that the 
accuracy until up to 25MHz ( ) is well below 0.2dB. IP3 
measurement only needs to perform spectrum analysis at two 
frequencies. Therefore, the test time increase caused by the 
CGIMP accumulation is easily compensated by the accuracy. 

 
Fig. 17.  Accuracy of ∆P vs. frequency in IP3 measurement. 

Similar to (16), the CGIMP test time would be  as well 
if we pick the larger of  and  as . Since 
the IP3 measurement needs to be done at two frequencies, the 
required test time will be given as 

 . (19) 
From (19), we can see the test time increases exponentially 

as Neff increases. Therefore, when test time becomes the 
bottleneck of a whole system, the frequency words of f1 and f2 
should be chosen to achieve a smaller Neff for shorter test time. 

D. Noise and Spur Measurement in SSA-based ORA 
In noise and spur measurement, the DUT is simulated with a 

1-tone input signal and the ORA performs a sweep-type 
spectrum analysis at output. However, it has issues similar to 
IP3 measurement. First, the spectrum analysis is done at a 
frequency different from the frequency where the strongest 
tone is located. Second, the spectrum at the frequencies of 
interest is much weaker than the strongest tone. Thus, the 
accumulation has to be stopped at CGIMPs of the analysis 
frequency and tone frequency to cancel off the AC calculation. 
Since the simulation setup is almost identical to the IP3 

measurement, no separate results are included in the paper. 
The required test time for these measurements is given by an 
equation similar to (19) 

 , (20) 
where S is the number of sample points in the measurement. 

E. Comparison between the SSA and FFT based ORAs 
The SSA-based ORA was modeled with a parameterized 

number of input bits (N, the number of multiplier bits) and 
number of output bits (M, the number of accumulator bits) to 
support the requirement for test signals with varied bit-width. 
The BIST circuitry is synthesized in a Xilinx Spartan-3 FPGA. 
Table IV summarizes the number of slices and look-up tables 
(LUTs), which are listed in left and right columns respectively, 
required for implementing a MAC as a function of N and M. 
When N is fixed, a linear relationship between the resource 
usage and M can be observed, the accumulator requires exactly 
one slice for every two bits of the accumulator. When 
increasing N, however, the complexity of a multiplier increases 
faster than an accumulator, as seen in Table IV. The 
implementation for our specific application is indicated by the 
shaded entries. 

TABLE IV 
NUMBER OF SLICES/LUTS VS. MAC CONFIGURATIONS 

 
# of input bits, N 

8 12 16 

#
 o

f 
o

u
tp

u
t 

b
its, M

 

28 74 139 129 244 - - 
32 76 143 131 248 204 387 
36 78 147 133 252 206 391 
40 80 151 135 256 208 395 
44 82 155 137 260 210 399 

We considered three 256-point FFT implementations with 
16-bit input in Xilinx Virtex-II FPGAs [17] for comparison 
since Spartan-3 and Virtex-II have identically sized slices, 
LUTs and multipliers. The resource usage and performance of 
these implementations are summarized in Table V. Consider 
the fastest pipelined FFT implementation as an example where 
almost seven times more slices and twelve 18×18-bit 
multipliers are required than in Table IV where no multipliers 
were used. Using two existing 18×18-bit multipliers in 
Spartan-3 in the SSA-based ORA, the number of slices needed 
for the two accumulators is equal to M. As a result, the largest 
configuration in Tables IV would require two multipliers and 
only 44 slices. 

TABLE V 
RESOURCE USAGE OF 256-POINT FFT IMPLEMENTATIONS ON VIRTEX-II  FPGAS 

Type # of slices 
# of 18×18-bit 

multipliers Clock Freq. 

Pipelined 2633 12 641 kHz 
Burst I/O 2743 9 313 kHz 

Minimum Resources 1412 3 133 kHz 

From such a comparison, we conclude that the SSA-based 
ORA is much simpler and cheaper, and can also achieve some 
flexibility that the FFT-based approach cannot provide. For 
example, the maximum number of the points that an FFT 
processor can compute is fixed, such that it is difficult, to 
adjust the frequency resolution when using an FFT-based 
ORA. Instead, the frequency resolution can easily be tuned 
with the step size of the sweeping frequency in SSA-based 
ORA and number of samples used for accumulation. In 
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addition, we are often only interested in a few frequency points 
or in a narrow bandwidth, which can be done easily using 
SSA-based ORA, while FFT-based ORA computes a large 
amount of information because FFT processes the whole 
frequency domain at one time. 

TABLE VI 
RESOURCE USAGE IN SPARTAN-3 FPGA IMPLEMENTATION 

 # of LUTs # flip-flops # of slices 

BIST 2,689 1,671 2,041 
SSA 796 455 569 

F. Implementation Results in FPGA and ASIC 
We implemented the complete BIST approach illustrated in 

Fig. 7 in a Xilinx Spartan-3 XC3S200 FPGA as well as in a 
130nm (8RF) CMOS ASIC. The BIST circuitry includes the 
FIMP and GIMP detectors as well as a test controller to 
initialize, enable, and disable ORA accumulation during the 
BIST sequence along with a serial peripheral interface (SPI) to 
initiate tests and retrieve measurement results. The BIST 
circuitry also includes three 32-bit NCOs (two for 1-tone and 
2-tone DDS, and one for reference tones for SSA), two 12-bit 
signed multipliers and 40-bit accumulators.  Finally, the BIST 
includes test controller and calculation circuit which complete 
on-chip measurement calculations based on DC1 and DC2 
accumulator values as well as the type of measurement being 
performed.  The FPGA implementation runs at a maximum 
clock frequency of over 100 MHz and is summarized in Table 
VI in terms of number of LUTs, flip-flops and slices for the 
complete BIST circuit as well as the SSA portion (which 
includes the reference NCO and the two MACs) of the BIST. 
The SSA portion accounts for less than 30% of the complete 
BIST circuit.  Note that the whole BIST circuit is smaller than 
two of the FFTs in Table V. 

TABLE VII 
RESOURCE USAGE IN ASIC IMPLEMENTATION 

 # of standard 
cells 

Synthesized 
Area (µm2) 

Measurement 
Power (mW) 

Idle Power 
(µW) 

BIST 10,064 162,113 160.28 235.73 
SSA 4,264 67,501 70.88 107.12 

The ASIC implementation is 195,700 µm2 and its layout 
diagram and die photo are included in Fig 18. The ASIC runs 
at a maximum clock frequency of 1.1 GHz. The ASIC 
implementation is summarized in Table VII in terms of 
number of standard cells, area, and power (both when 
performing measurements and when idle). In this case, the 
SSA portion accounts for just over 40% of the complete BIST 
circuit area. 

    
Fig. 18.  Die photo and layout diagram of the BIST ASIC. 

The FPGA and ASIC implementations of the BIST circuitry 
were used to measure linearity of a DUT in a mixed-signal 

system illustrated in Fig. 19. The complete system consists of a 
printed circuit board (PCB) with the ASIC (left) and a second 
PCB (right) which contains a 12-bit signed DAC, tunable low-
pass filter, tunable common-collector amplifier (for 
introducing non-linearity), an analog 2:1 multiplexor, and 12-
bit signed ADC. For FPGA measurements, the ASIC PCB was 
replaced with a Digilent Spartan-3 Starter Board. Linearity 
measurements for the FPGA and ASIC implementations are 
compared in Fig. 20 to the measurement results obtained with 
an Agilent E4446A spectrum analyzer. The FPGA and ASIC 
measurements closely agree indicating the measurement results 
are also reproducible. For ∆P measurements below 35, the 
BIST circuits agree closely with the spectrum analyzer 
measurements but diverge monotonically for ∆P above 35. 
This is due to the resolution of the DAC/ADC which is only 
about 8 bits of effective resolution in our experimental 
hardware in Fig. 19. 

 
Fig. 19.  Experimental mixed-signal BIST system. 

10

15

20

25

30

35

40

45

50

10 15 20 25 30 35 40 45 50

M
e

a
su

re
d

 V
a

lu
e

 o
f 

∆∆ ∆∆
P

 (
d

B
)

Exepected Value of ∆∆∆∆P  (dB)

ASIC

FPGA

Spectrum Analyzer

 
Fig. 20.  Linearity measurement results. 

 
Fig. 21.  Signal to noise ratio measurement results. 
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The BIST circuitry was also used for SNR measurements 
and a representative result is illustrated in Fig. 21 where one 
can see the spectrum analyzer reading for signal to noise floor 
is 71.733dB while the BIST measurement is 72dB. It should 
be noted there are also some harmonics spurs in the spectrum, 
which were not sampled in our SNR measurement. However, 
by sampling these spurs, both THD and SINAD measurements 
can also be performed by the BIST circuitry.  

V. CONCLUSIONS 

We have presented a practical implementation of Selective 
Spectrum Analysis (SSA) which allows measurement of a 
single frequency at a time. Compared with FFT and analog 
spectrum analysis techniques, SSA offers unique advantages. 
First, SSA has better control of dynamic range and frequency 
sweeping. Second, SSA can be realized with much less 
hardware cost and power consumption. Third, SSA frequency 
resolution can be easily adjusted. Fourth, although the SSA is 
not able to calculate the whole spectrum at one time, usually 
only the spectrum at a few frequencies, such as IP3, is of 
interest in analog measurements. Thus the SSA uses its 
hardware more efficiently in a BIST environment.  

The IMP accumulation not only minimizes the potential 
calculation errors in SSA, but also helps to reduce test time 
and hardware overhead. However, the discrete nature of a 
digital signal prevents correctly capturing every exact IMP. 
Thus, we find that the IMPs captured by the proposed IMP 
circuits could be categorized based on how well they are suited 
for different analog measurements according to their 
advantages and limitations.  

The technique described in this paper was implemented in 
both FPGA and ASIC and verified in an experimental 
hardware environment. The theoretical derivation and 
simulation results as well as actual hardware implementation 
closely agree and prove the efficiency of the IMP circuits and 
accumulation in SSA-based ORA. 
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