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ABSTRACT

A procedure to decompose a signal consisting of non-
stationary sinusoidal components based on the principles of
Residual Signal Analysis [1, 2] is proposed. A tracking unit
consisting of an all zero filter (AZF) in cascade with a dy-
namic tracking filter (DTF) is assigned to each component.
While the adaptively varying zeros of the AZF suppresses all
interfering neighbors, the DTF captures the slowly varying
instantaneous frequency (IF) of the desired component. Our
earlier methods improved upon Costas’s estimator-predictor
filter bank [2] by using a better interfering signal predictor.
The alternative procedure described in this paper avoids the
use of prediction and is not overly restricted by the num-
ber of components. We also show that by using two simple
feedback loops (a loop-filter as in [2] is thus avoided) the
tracking information is ensured to be in phase. Finally, the
algorithms ability to decompose synthetic signals, speech sig-
nals into harmonic partials as well as tracking the formants
present in voiced speech segments is illustrated.

1. INTRODUCTION

The problem of tracking multiple nonstationary sinusoids
present in a given composite signal finds applications in
areas such as co-channel signal separation, interfering signal
cancellation as well as speech analysis. We model a signal
z[n] consisting M nonstationary components as

M

zln] =Y ax[n] exp(igu[n]) + win]

k=1

n=0,1,2,...

(1
where w{n} is additive white Gaussian noise, ¢x[n] is the
phase track of the k-th component and ax[r] is its enve-
lope track. The IF of the k-th component is defined as
Je[n] = (¢x[n] — ¢i[n — 1])/27. We can think of the above
signal z[n] as having M sinusoids, each with its own mean-
dering frequency tracks and slowly varying envelope tracks.
Our aim is to acquire and accurately track each of these
components. In this paper we address tracking only.

A traditional fixed filter-bank cannot isolate the com-
ponents because the frequency of each component is sweep-
ing, at times rapidly, which would cause it to appear in
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the passband of different filters at different times. In para-
metric modeling techniques, the model parameters are es-
timated by minimizing the squared error between the sig-
nal and its model over a certain time interval; the aver-
aging interval is thus the same for for all components. In
practice, the individual components are generally accompa-
nied with envelopes and IFs that vary at different rates. In
that case, ideally, the averaging intervals should be different
for the different components. But the modeling techniques
work with the composite data, in which all underlying com-
ponents get treated identically irrespective of the rate of
change of their envelopes and frequencies. Many adaptive
filtering techniques like the resonator-based filter-banks, the
adaptive line enhancer (ALE) and the adaptive notch filter
have been proposed [7-9]. In these methods the frequency
estimates that adapt the filter parameters are estimated
from the composite signal; usually a gradient descent pro-
cedure is used. However, when the components have varied
strengths, a stronger component might bias the estimate of
a relatively weaker one. This in turn could result in inac-
curate tracking.

Residual Signal Analysis (RSA), originally proposed by
Costas [1], utilizes an estimator-predictor filter bank to
achieve signal decomposition. The key idea is to treat all
neighboring components as interference while tracking a de-
sired component. The basic difference between RSA and
the adaptive filtering techniques is that in RSA all interfer-
ing components are coherently subtracted to form a residual
signal; the tracking information, which is the frequency of
the desired signal, is then estimated from this residue. In-
terference suppression is achieved by predicting the next
time-sample of all neighbors from past estimates and then
subtracting them from the composite signal. To improve
the suppression of interfering components, in our previous
procedure [2] called Residual Interfering Signal Canceler
(RISC), the group delay was compensated by solving a set
of first-order linear predictor equations in a least squares
sense. However, its accuracy decreases as the number of
predictor equations increase.

In this paper we use what is called a dynamic tracking
filter (DTF) [4] to track the IF of a nonstationary compo-
nent. The primary advantage is its ability to successfully
track real-valued signals without explicitly computing the
quadrature components [3], as opposed to the time-varying
demodulation technique of RSA. Using multiple DTFs, we
show how to decompose accurately a multicomponent sig-
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nal. The need for a predictor is avoided by inserting an all
zero filter, ahead of the DTF, whose zeros are continuously
adjusted. Further, to compensate the delay introduced in
the estimator loop, we introduce an additional loop: the
input to this second DTF is delayed by an amount corre-
sponding to the group delay of the lowpass filter within the
first loop.

2. DYNAMIC TRACKING FILTER (DTF)

Dynamic Tracking Filters are single resonance filters
which are designed to follow the changing frequency of a
signal. In a DTF, the input signal passes through a narrow
filter followed by an IF estimator. The estimated IF of the
signal is then fed back to adapt the tracking filter’s pole
location. This causes the DTF to follow the IF of the in-
coming sinusoidal component. Thus the dynamic tracking
filter is just a time-varying bandpass filter which can be
realized by the simple difference equation

yln] = rpexp (j2nfp[n]) yln — 1| + A = rp)z[n] , (2)
where z[n] is the input to the DTF and y[n] is its output.
rp is the radius of its single pole and f,[n] is the estimated
IF of z[n]. The constant 1 — r, ensures unity gain at the
resonant frequency of the DTF. In general, the IF may be
estimated using any one of a large number of methods in-
cluding Prony’s method. We estimate the frequency by
taking the difference in angle of the neighboring samples of
the filter output; details are in [2].

2.1. DUAL-LOOP DTF FOR IN-PHASE
TRACKING

Consider the feed-back loop shown in Figure 1 that es-
timates the IF needed to adapt the tracking filter. In the
presence of noise and interference, the phase derivative will
also be noisy. A lowpass filter (LPF) is therefore used fol-
lowing the angle differencer, to capture the signal IF. But
this results in an estimate that is delayed; the delay corre-
sponds to the group delay of the averaging filter. To cir-
cumvent this problem, we delay the input by an equivalent
amount and feed it to another DTF. In the area of fre-
quency demodulation, the use of such dual-loops was one
of the early solutions to reduce the phase lag introduced in
feedback loops of tracking circuits. Note that the second
DTF does not have an explicit feed back loop of its own; its
resonant frequency location is the IF estimated by the feed
back path of the first DTF.

3. ALGORITHM FOR TRACKING MULTIPLE
NONSTATIONARY COMPONENTS

When there are multiple components, the k-th DTF
should track only the k-th component. For this to hap-
pen, the k-th AZF’s output should contain only the k-th
component. The remaining components can be rejected if
the AZF nulls are placed at their frequencies. The infor-
mation about where to place the nulls is derived from the
other DTFs. For example, the center frequency information
of the DTF tracking the I-th component is used to place a
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zero at that location in the k-th AZF. If this is done for all
the remaining M — 1 components, then the k-th AZF’s out-
put will contain only the k-th component, and that DTF
will behave (ideally) as though it is tracking a single com-
ponent.

Figure 1 shows the block diagram of one of the channels
of the filter bank. The box labeled AZF is the adaptive all
zero filter whose M — 1 zeros are at the estimated IFs of all
its M — 1 neighbors. The transfer function of the AZF of
the k-th tracker at any time index n is

M

Hau(n,2) = K[n] x [[(1 = rae?® 070 (3)
i=1
Itk

h
where 1

1 (1 = reed2=(filnl-fuln)
Ik

ensures unity gain and zero phase lag at the estimated IF of

the kth component. The DTF tracking the k-th component

has a transfer function

K[n] =

(4)

l=r,

(%)

Hpi(n,z) = 1— rpejZ’rfh["}z'l

r; is the radius of the zero (= 0.99), r, is the pole radius
and fi[n] is the IF of the kth component at time index n.
The IF estimates are the smoothed outputs of the angle
differencer. To avoid problems due to phase unwrapping the
angle differencer is implemented as Z (yx[n — llyi[n — 2])
[6], where * denotes complex conjugation. An example of a
filter transfer function used to smooth the IF estimate is

1=’

Hz(z) = m

, (6)
where the choice of the pole-radius r; depends on the rate
of change of the component’s envelope and IF. Finally, ob-
serve that the envelopes of the separated components are

the outputs (£x[n] in Figure 2) of a second set of DTFs.

4. COMPUTER SIMULATIONS

The above proposed algorithm was first tested on syn-
thetic data. The reader is referred to [2] for details on
the generated signals. The composite signal consisting of
four components (sampling frequency 4 kHz) was fed to
the DTF filter bank shown in Figure 1. The pole locations
of the four DTFs were initialized at the true IF values for
the first 5 ms. All DTFs had a bandwidth of 210 Hz (pole
radius 0.92) and each LPF was an IIR filter having a double
pole of radius 0.9 at origin. The estimated frequency tracks
are plotted in Figure 2(a) as solid lines; dashed lines corre-
spond to the true ones. In Figure 2(b) we have plotted the
envelopes estimated by the second loop DTFs; the AZF's
in the second loop were supplemented by Costas’s predic-
tor (optional) for cleaner envelope estimates. A single re-
alization of zero mean complex white Gaussian noise with
variance o2 = 200 was then added to the same composite
signal. The maximum signal-to-noise ratio (SNRmqz) was
=~ 20.5 dB while SNRmin was = —10.5 dB. SNRm.- and
SNR.nin were defined as 201log,, %ﬂf and 20log;, %igt



respectively; Amez = 150 and Amin = 4.5 being maximum
and minimum of the envelopes. Qur algorithm was then
tested on this noisy signal; it was switched to tracking af-
ter 30 ms. Figure 2(c) displays the narrowband spectogram
along with the true (dashed lines) and the estimated (solid
lines) IF tracks. We next applied our method decompose
real speech data.

The speech signal was taken from the TIMIT database
(sample number 4351 to 8100 of sentence sil11l,vav sam-
pled at 16 kHz). It was filtered by a LPF with order 300
and 3 dB cutoff 1.8 kHz and decimated to 4 kHz to reduce

computation. An analytic signal was then formed by us- -

ing Hilbert transformation. Again, all the DTFs and the
LPFs had pole radii of 0.92 and 0.9 respectively. For the
first 30 ms, the resonant frequency track of the k-th DTF
was initialized by k times the fundamental frequency. The
separated nominally harmonic partials are plotted in Fig-
ure 3(a). Notice that the algorithm cleanly separated the
first seven harmonic tracks; observe the departure of some
higher partials from strict harmonicity. The envelopes of
these partials are plotted in Figure 3(b).

We now show that by increasing the bandwidths of the
DTFs, the same algorithm can track formants present in
speech. A synthetic formant was first generated as de-
scribed in [3]. The signal was pre-emphasized by a 1 —
0.95z7* filter. A single DTF with pole radius 0.98 was used
to track the formant; LPF used had pole radius 0.986. Fig-
ure 4 shows the spectogram as well as the true (dashed) and
the estimated (solid line) formant tracks. Next, the speech
segment was fed to a bank of four DTFs. Qur aim was to
simultaneously track the pitch and the first three formant
regions. The algorithm parameters were as follows: First
four DTFs were initialized (for 5 msecs) at 250 Hz, 500 Hz,
2000 Hz and 2800 Hz. They had pole radii 0.96,0.92, 0.9,
and 0.88 respectively. All LPFs had a second-order pole (ra-
dius 0.94) at d.c. We have plotted the resonance frequency
tracks (solid thick lines in Figure 5) of the DTFs which seem
to closely match with the pitch and the three formant re-
gions observed in the wideband spectogram. Figure 6 shows
the analysis results of a male voiced speech; portion “oily”
from TIMIT sentence /timit/test/dr2/mcem0/sa2.wav. Fi-
nally, it is possible to extract the higher formants by suit-
ably bandpass filtering or pre-emphasizing the data prior
to analysis.

5. CONCLUSION

We showed that multiple dynamic tracking filters, when
supplemented by adaptive all zero filters, can be used in a
filter bank structure for accurately decomposing multicom-
ponent nonstationery signals. The proposed method avoids
the use of prediction-subtraction to form residual signals as
in {2]. Accurate decomposition of clean as well as noisy syn-
thetic signals was demonstrated. It was shown that our pro-
cedure can be applied for retrieving the harmonic partials
present in voiced speech signals as well as for simultaneous
pitch and formant tracking.
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Fig. 1 The k-th channel in the DTF bank used for multicomponent signal decomposition. The all zero filter (AZF) receives
information (from the LPF outputs in other channels) about the IFs of all neighboring components. By adaptively placing
zeros at those frequencies it suppresses all interfering components; it ensures that the input to the k-th channel DTF is
approximately the k-th signal component. Fig. 2(a) Estimated IF tracks (solid lines) and True IF tracks (dashed lines) of a
4 component synthetic signal (no noise) match exactly. Fig. 2(b) True (dashed lines) and Estimated (solid lines) envelope
tracks.
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Fig. 2(c) The Spectogram, True (dashed lines) and Estimated (solid lines) IFs of a noisy version (additive white Gaussian
noise) of the same 4 component AM-FM signal; SNRmaz and SNRmin were = 20.5 & —10.5 dB respectively. Fig. 3(a)
Nominally harmonic tracks (solid lines) separated from a voiced speech segment: ‘sil111.wav’ from TIMIT database. k-th
dashed lines represents k x the fundamental frequency; observe the departure from strict harmonicity displayed by the high
frequency partials. Fig. 3(b) Estimated envelope tracks of the seven harmonics displayed in Fig 3(a).
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Fig. 4 A synthetic formant was generated by exciting a time-varying single resonant filter by synthetic glottal pulses.
The Spectogram along with the True (dashed) and Estimated (thick line) formant tracks are plotted. Fig. 5 The Spec-
togram, the Estimated pitch (~ 250 Hz) and the formant tracks (both displayed by solid lines) of the speech segment
used in Fig. 3. Fig. 6 The Estimated pitch (= 90 Hz) and two formants in male voiced speech: “oily” corresponding to
/timit/test/dr2/mcem0/sa2.wav in timit database.
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