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Abstract

A new time-frequency transform, whose resulting
spectrogram has the best frequency resolution among
that of existing transforms, is employed to construct a
simple system of data acquisition and analysis. The
transform employs an iterative and diffusive filter to
remove the non-sinusoidal part. The spectrum of the
sinusoidal part is evaluated by a strategy involving a
Fast Fourier Transform (FFT). By imposing a
Gaussian window centered at a given frequency on the
spectrum, a band-passed data is obtained which is just
the corresponding mode or real part of the transform.
Finally, the corresponding amplitude is obtained via
the Hilbert transform. A commercial microphone
plugged into a notebook computer properly equipped
with necessary software and the transform form a
complete portable system. Two tests show that the
system is a new tool to look into detailed information
of a complicated data string formed from a single or
multiple sources.

Keywords: time series data, time-frequency trans-
form, portable system.

1. Introduction

For time series data, as noted by Farge [1], a time
frequency analyzing tool can capture the variation of
spectrum with respect to time which reflects the
involved details and mechanism(s). Therefore, spectro-
grams generated by time frequency transforms, such as
short time Fourier, Gabor and wavelet transforms, are
widely applied [2]. Although distributions of original
Wigner-Ville distribution and Cohen class are also
successful transforms [2,3], the related methodology
will go beyond the scope of this study and it is not
discussed here.

In several previous studies [4-7], it is seen that both
Gabor and continuous wavelet (Morlet) transforms
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give detailed information by embedding a window to
weight the data string on the time domain. These
studies also show that a window on the time domain
results in a band-pass filtered spectrum. Based on this
fact, a new time frequency transformation was
proposed in Ref.[8]. In this study, further explanation
and application of this transform are shown.

2. Theoretical Development

The transform proposed in Ref.[8] is a procedure
rather than a single mathematical formula. Under the
assumption that time series data has no discontinuous
component, the procedure involves the following steps.
1. Apply the iterative filter of Ref.[9] to remove the

data’s non-sinusoidal part whose contribution to

the spectrum is also named as the Direct Current

(DC) contamination.

2. Employ a strategy of FFT to generate a spectrum
with small error [10].

3. Add Gaussian (or other) window to get a band-
pass limited spectrum for a given frequency. The
corresponding mode or real part of transform is
obtained by applying an inverse FFT to the
spectrum.

4. Use the Hilbert transform to evaluate the
corresponding amplitude.

5. Plot the two-dimensional spectrogram.

For the sake of completeness, the theoretical content of

Ref.[8] is briefly restated below.

2.1. Iterative Filter with Diffusive Property [9]

Consider a data string, yq y;,..., Yy and expand it
as follows.
y©) = 3N b, - Je,) expl 27t/ 2,] (1)

If the Gaussian smoothing method is employed to
smooth the data, it can be shown numerically that it is



a diffusive smoothing. But the transition zone of this
low-pass filter is too wide. In order to narrow down the
transition zone, an iterative filter based on Gaussian
smoothing was developed in Ref.[9]. The iteration
procedure smoothes the remaining high frequency part
repeatedly. If the iteration stops at the m —th step, the
final high frequency part y'(t) is the desired short

wave part. The final smooth part is
y(t) =y(M)-y'(t)

YN - AT O, - icn)explizn 2] ()

0< Ay (o] Ay) ~exp[-272c? 1 A2]<1

Like the Gausssian smoothing method, the iterative
filter is also diffusive. Supposing a data string has a
frequency gap in the range of 4, < 4 <4, within which
all modes are not important, both m and o can be
solved by the simultaneous equations with factor
[1- A(c/ 2)]™equal to almost 0 and 1, respectively.
If there is no such gap, the above procedure can be
considered as initial work. By extracting the data
associated with those modes with 1< 4, from the
spectrum of the remaining high frequency part, a sharp
filter cutting at 4, is obtained [11].

2.2. Spectrum with small error

In Ref.[4-8,10-11], the above mentioned iterative
filter is employed to remove the non-sinusoidal and
low frequency parts. For the remaining high frequency
part, the simple strategy of FFT [10] generates a
spectrum with very small spectrum and DC errors.
The strategy includes: find zeros at two ends; remove
data beyond zeros; redistribute data so that the total
number of points is equal to an integer power of 2; do
an odd function mapping to ensure periodicity; follow,
finally, with an FFT algorithm.

2.3. New Time Frequency Transform [8]

Assume that the high frequency part, y'(t) , is

expressed in the form of Eq.(1). Any time-frequency
transform [1-8] can be applied to generate a
spectrogram without DC error. For example, the Gabor
transform gives [4]

G(f,7)=1/Va[" y (e i e -0 2y

~Vml 2y (b, - jc,)e? ) e 4 () 3)
n=0

where a is the scale function. The Gaussian window
imposed on the time domain clearly results in imposing
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a corresponding Gaussian window on the spectrum
domain. The Morlet transform and all enhanced Gabor
and Morlet transforms have similar mappings of
windows between time and frequency domains [5-8].
Based on this fact, a Gaussian window is imposed
on the spectrum of y'(t) so that a band-passed data

string corresponding to f| can be obtained [8]

Vi (T) _ Z:j(bn _ jcn)ej27rr//1ne—(n—k)2/(2c2) A3)
where the last exponential term is the Gaussian
window with window size ¢. Now Yy (t) is considered

as the mode or real part corresponding to f,. The
amplitude of y, (t) is evaluated either by the original

[9] or modified Hilbert transform [8]. The Hilbert
transform is fast but has the penalty of convolution
error due to end effect. When the modified Hilbert
transform is employed, the spectrum, by the proper

feeding of 0’s to the function e!?"™" /t  is unavailable
now so that it should be done on time domain. Finally,
the spectrogram is obtained by scanning all
frequencies.

Along a f =f, line, the real part of the

spectrogram is a mode with a Gaussain window size
characterized by parameter ¢ on spectrum. For the
problems of turbulent flow data, modes generated by
different values of C correspond to different physical
meanings and should be carefully addressed.

3. Results and Discussions

The new time-frequency transform together with
the proposed mode decomposition can be integrated
into a compact program. In this study, a prototype of a
portable system is examined. The system employs a
commercial microphone for personal and notebook
computers to collect speech or acoustic data. Its
specifications are 20-20,000 Hz, 100mw, 32 © 105db
sound pressure level sensitivity at 1kZ +2 % and uses a
3.5mm stereo jack plug for connection. The data
conversion employs the built-in 16 bit recording
software of the Micro-Soft Windows XP system.

Figure 1 shows the data and spectrum of a
vocalization of “hello”, respectively. In Figs.2a-2c,
spectrograms generated by the original Gabor,
enhanced Gabor, and the new transform are shown,
respectively, where 120 uniform spacing is employed
to resolve 50 to 1300 Hz and parameter C takes a
value of 1. Figure 2a generated by the original Gabor
transform attains its best resolution with a at a value
of 0.02 sec. The result of the enhanced Gabor
transform (Fig.2b), which uses vy, (t) to replace y'(t)



in Eq.(3), has a better resolution than that of Fig.2a.
The resulting resolution with respect to a is
insensitive over the range from 0.02 to 0.03 seconds.

The result of the proposed transform (Fig.2c)
attains the best resolution as shown. Although the main
feature can be captured from spectrogram of Fig.2a,
the three-dimensional plot shows that most of the
detailed information is blurry. Comparing to Fig.2a,
the enhanced Gabor transform gives a much better
amplitude resolution but is still too smeared compared
to Fig.2c. This test case shows that the new transform
does capture all the detailed information and can be
employed to examine insights from the voice reflecting
the speaker’s character, health condition, mood, and
many others.

The second test is a home electrical fan with and
without a clump of paper in a flattened shape attached
to one of the fan blade (Fig.3). The microphone head is
placed at the axial line 20 cm from the axis hub cover.
Figure.4 shows the raw data (ranging from 2.5 to 3 sec.)
and corresponding spectrum. After employing the
proposed time frequency transform, the resulting
amplitude plot is shown in Fig.5, where 100 uniform
spacings from 2 to 602 Hz are calculated with c=1. In
the spectrogram, there are two modes close to each
other that form a beat around 60-70 Hz as shown. The
high harmonic modes of 60 Hz, say 120 and 240 Hz,
persist very well, and those of 180, 300, and 360 Hz do
not continuously exist. The harmonic modes (140 and
280 Hz) of the 70 Hz mode do not persist. This reflects
that the 70 Hz mode is the blade mode while the 60Hz
mode is the mode of the entire structure including the
motor and fan. From Fig.4, one can not know what
happens with the 15 and 30Hz modes because many
modes cluster there. From the time frequency plot, it
clearly shows an unsteady low frequency fluctuation
which reflects the vibrations of the whole system. On
the high frequency region around 500 Hz, there are
unsteady vibrations which generate noise. From the
spectrogram, it seems that the quality of the fan is not
good because of the low frequency vibration and noise.

After attaching a clump of paper to one of fan
blades, the raw data and spectrum of Fig.6 show that
the undesired paper amplifies the dominate mode (70
Hz) of the fan and generates clear high harmonic
modes (modes of 140 and 210 Hz). Because the air
flow stream introduces non-linear damping effect, the
280 and 350 Hz modes are not obvious. Dominant and
high harmonic modes of the whole structure, say 60,
120, and 240 Hz, are amplified. The discontinuous 180
and 300 Hz modes are also amplified. As compared
with Fig.5, the 90, 330, and 420 Hz modes are new.
They are the vibration of the whole system and are
generated by the heavy vibration of the fan. The

0- 7695-2616- 0/06 $ 20.00 © 2006 IEEE

unsteady vibration exists from low to high frequency
modes and is much more serious than that of Fig.5.
This test shows that the proposed simple system can
easily grasp many important features of a product.
Many tests reflect that this new spectrogram has
intersection problems whenever two modes, which
belong to different sources and are mutually out of
phase, intersect at a point on the spectrogram plane.
Experiences show that many distributions of the Cohen
class [3] may partially solve this problem due to
dominant modes but do not work for that of minor
modes. For a given single mode, the frequency
resolution bandwidth of a spectrogram is always
thicker than that of a Wigner-Ville distribution.
Therefore, the Cohen class can be a complementary
tool of the present spectrogram to treat a data string
coming from multiple sources. The above discussions
indicate that the new transform reflects many insights
of a complicated data string. Developments of similar
systems using the strain gauge, piezoelectric sensor,
photo-sensor, thermo-couple, ..., etc. are on the way.

4. Conclusions

A portable system consisting of a new time-
frequency transform, a commercial microphone and a
note book computer is developed. It decomposes
complicated time series data either of a human voice or
of an engineering system’s acoustic radiation into a
two-dimensional time varying spectrum. Such a system
can be easily constituted and applies to many fields
with regard to complicated time series data.

5. Acknowledgement

This work is supported by the National Science
Council of Taiwan, R. O. C. under the grant number
NSC-94 -2212-E006-084.

6. References

[1] M. Farge, “Wavelet Transforms and Their Applications
to Turbulence,” Annu. Rev. Fluid Mech., vol.24, pp.395-
457, 1992.

[2] R. Carmona, W. L. Hwang, and B. Torresani, Practical
Time-Frequency Analysis, Gabor and Wavelet Transforms
with in Implementation in S, Academic Press, N. Y., 1998.

[3]Time-Frequnecy Signal Analysis, Methods and Applica-
tions, ed. by B. Boashash, Longman Cheshire, Australia,
1992.

[4] Y. N. Jeng and Y. C. Cheng, “The New Spectrogram
Evaluated by Enhanced Continuous Wavelet and Short
Time Fourier Transforms via Windowing Spectrums,”



Proc. 18" IPPR conference on Computer Vision, Graphics

and Image Processing (CVGIP2005), Taipei R. O. C, Aug.

2005, pp.378-383.

[5] Y. N. Jeng, C.T. Chen, and Y. C. Cheng, “A New and
Effective Tool to Look into Details of a Turbulent Data
String,” Proc. 12" National Computational Fluid Dyna-
mics Conference, Kaohsiung Taiwan, paper no. CFD12-
2501, Aug. 2005.

[6] Y. N. Jeng, C. T. Chen, and Y. C. Cheng, “Studies of
Some Detailed Phenomena of a Low Speed Turbulent
Flow over a Bluff Body,” Proc. 2005 AASRC/CCAS Joint
Conf., Kaohsiung, Taiwan, Dec. 2005, paper no. H-47.

[7]1 Y. N. Jeng, C. T. Chen, and Y. C. Cheng, “Some Detailed
Information of a Low Speed Turbulent Flow over a Bluff
Body Evaluated by New Time-Frequency Analysis,” AIAA
paper no.2006-3340, San Francisco June, 2006.

[8] Y. N. Jeng, “Time-Frequency Plot of a Low Speed
Turbulent Flow via a New Time Frequency Transforma-
tion,” Proc. 16™ Combustion Conf., paper n0.9001, April,
2006, Taiwan.

[91 Y. N. Jeng, P. G. Huang, and H. Chen, “Filtering
and Decomposition of Waveform in Physical Space
Using Iterative Moving Least Squares Methods,”
AIAA paper no.2005-1303, Reno Jan. 2005.

[10] Y. N. Jeng and Y. C. Cheng, “A Simple Strategy to
Evaluate the Frequency Spectrum of a Time Series Data
with Non-Uniform Intervals,” Trans. Aero. Astro. So., R.
0. C., vol.36, no.3, pp.207-214, 2004.

[11] Y. N. Jeng and Y. C. Cheng, “A New Short Time
Fourier Transform for a Time Series Data String”, to
appear in Trans. Aero. Astro. Soc. R. O. C., 2006.

Fig.1 The raw data (left) and spectrum (right) of
“hello”.
(22)

(2b)
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Fig.2 Two and three dlmensmn amplitude plots of the

vocalization “hello”: (a) the Gabor transform with
a =0.02 sec.; (b) the enhanced Gabor transform
where acan be 0.002to 0.03 sec., c=1; and (c) the
proposed transform with ¢ =1.

Fig.3 The photo of a home electric fan with a clump of
paper attached to one of the fan blades.
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Fig.4 The raw data to be analyzed and corresponding
spectrum of the clean fan.
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Fig.5 The time frequency plot of the clean fan.
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Fig.6 The raw data and corresponding spectrum of the
fan W|th a clump of paper attached .

Fig.7 The time frequency plot of the fan with a clump
of paper attached to one of the blades.
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