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Abstract—This paper proposes a system for estimating the
short-time bandwidth of wheeze sounds using a network of
coupled adaptive bandpass filters. Inherent spectral character-
istics of the input signal (wheeze) are exploited to determine
its bandwidth. The bandwidth information can be used to
reconfigure the overall power consumption of components such as
the preamplifier, anti-aliasing filter, drivers and ADC of a wheeze
detection system. The simulation results in AMI 0.5µm with VDD

of 3.3V are presented. The proposed system consumes 34µW ,
for a input signal bandwidth of 10kHz. This implementation can
be extended to other audio sensor interface systems resulting in
bandwidth dependent power consumption.

Index Terms—adaptive filters, bandwidth extraction

I. INTRODUCTION

Automated asthma management systems [1] could help to
avoid the millions of asthma-related emergency room visits
that occur every year [2]. These management systems are
based on a wearable device for monitoring the frequency
and intensity of a patient’s wheezing and coughing. For the
wearable device to be practical, its power source must be small
and unobtrusive, which necessarily limits the device’s power
supply.

To use this limited power efficiently, we previously pro-
posed a bandwidth adaptive sensor interface [3]. The idea was
that the sensor interface would continuously adapt its power
consumption to match the short-time bandwidth of the input
signal. An analog processing block, the bandwidth extractor,
would provide an estimate of the input signal’s short-time
bandwidth (Fig. 1).

This adaptive concept was tested in a cough detection
system, and the measurement results showed that the approach
reduces the sensor interface’s power consumption by 70%,
without degrading the performance of a downstream digital
classifier [4]. Unfortunately, because the characteristics of
cough sounds are very different from wheezes, the bandwidth
extractor that we introduced in [3] is not suitable for wheeze
signals. In this paper, we present a novel nonlinear dynamical
system that can estimate the short-time bandwidth of an
asthmatic wheeze signal.

II. BANDWIDTH EXTRACTOR

Asthmatic wheezing is typically polyphonic in nature, with
most of the energy contained in the fundamental, second and
third harmonics (see Fig. 2(a)). So, if we could extract the
third harmonic, then this would be a fair approximation of the
signal’s short-term bandwidth.

Figure 1. Block diagram of a representative wheeze/cough detection system.
The bandwidth extractor block output reconfigures the analog front end, ADC
driver and ADC according to the input signal bandwidth as indicated by the
dotted line. WTA is a winner take all circuit. The output of the ADC is
upsampled and bandlimited by an interpolation filter (not shown) with cut-off
frequency of the extracted bandwidth, then downsampled by the over-sampling
ratio. The resampling provides subsequent digital processor with fixed data
rate input, despite the varying ADC sampling rate.

Figure 2(b) shows our proposed scheme for extracting the
input signal’s harmonic frequencies. First, the input signal is
passed through a bank of bandpass-filters, which have integer-
multiple center frequencies. The sum of the filters’ outputs are
then compared to the input signal, to generate an error term.
Finally, a feedback loop causes the filters to adapt their center
frequencies in tandem, until the error term is minimized. In
doing so, each of the center frequencies eventually starts to
track one of the wheeze signal’s harmonics.

Filter equations

The following differential equations govern the dynamics of
the bandwidth extractor:

(a) (b)
Figure 2. (a) Spectral analysis of wheeze showing harmonically spaced
frequency regions. (b) Block diagram representation using 3 coupled adaptive
bandpass filters centered at frequencies f1, f2 = 2 ·f1 and f3 = 3 ·f1. Here
V ∗
signal is a close approximation of Vsignal and the filter tracks the varying

harmonics of the input wheeze signal by negative feedback.
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Q
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ḟ1 = K · (u−
∑
xi)y1√

x21 + y21
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where u is the input signal and xi, yi (i = 1, 2, 3) are the
outputs of the three coupled bandpass filters with harmonically
related center frequencies, Q is the quality factor, and K is a
coupling constant whose effect will be explained later. Equa-
tions (1), (2) represent the conventional differential equations
describing the 3 bandpass filters. The center frequency of the
first bandpass filter is f1, second bandpass filter is f2 = 2 · f1
and third bandpass filter is f3 = 3 · f1. Equation (3) is a
modified version of the following adaptation rule that was
introduced in [5].

ω̇ = K · (u− Σxi) ·
y√

x2 + y2
(4)

The convergence using Eqn. (4) is highly dependent on the
coupling factor, K, and the number of coupled oscillators,
N . Since our bandwidth extractor has only N = 3, bandpass
filters (these are analogous to the oscillators in [5]), the
adaptation rule of Eq. (4) would require a high value of K
for fast convergence. The problem is that, for high values of
K, the system exhibits unwanted oscillatory behavior when
converging to a low frequency harmonic (Fig. 3).

To address the above issue, the right hand side of the
original adaptation rule is multiplied by f1, to produce Eqn.
(3). With the modified rule, the rate of convergence adapts
to the frequency of the input harmonic. This allows for
fast convergence with no oscillatory behavior. The simulation
result for Eqn. (3) is shown in the bottom plot of Fig. 3. In
comparison to the convergence achieved using Eqn. (4), the
bandwidth extractor is able to converge faster (t < 50ms)
to the correct frequency, achieving it at a constant coupling
factor, K = 150.

III. CIRCUIT APPROXIMATION

Consider Eqn. (3), which has to be implemented at the
circuit level. The u − Σxi term is implemented as a dif-
ference current using a transconductance block to achieve
Gm(Vu−ΣVxi). Since x1 is the output of a bandpass filter, it is
approximately sinusoidal, particularly when the filter is close
to convergence. Also, y1 is 90◦ phase shifted from x1. This
means that the y1√

x2
1+y

2
1

term is effectively a normalization of

the signal y1. So, this term can be approximated with a signum
function, ‘sgn(Vy1 − Vref)’. The attraction of the signum
function is that, it is readily implemented with a comparator
and an analog multiplexer (MUX) thus, reducing the circuit
complexity significantly. Now, consider that the f1 term from
Eqn. (3) is implemented as the bias current, If , of the bandpass
filters. The circuit equation analogous to Eqn. (3) is given by,

Figure 3. Matlab simulations showing the effect of coupling factor, K, on
convergence. For Eqn. (4) higher coupling factor causes oscillations for f =
100Hz (top plot), whereas, lower coupling factor leads to slower convergence
time (center plot). This issue is addressed by implementing Eqn. (3) which
has an f1 term in addition to the coupling factor. Convergence is achieved
faster in this implementation (bottom plot).

dIf
dt

= K ′(Vu −
∑

Vxi) · sgn(Vy1 −Vref) · If (5)

where Vu is the input signal, Vxi, Vy1 are the outputs of the
bandpass filters, K ′ is a coupling factor, ‘sgn’, is the signum
function, and If is the adaptive bias current that is used to
tune the bandpass filters to the correct center frequencies.

The dIf
dt term is implemented with a capacitor and a tran-

sistor operating in the subthreshold region. The subthreshold
current through a transistor is given by

If = Io · e
κVf
UT (6)

where, Io is a process dependent constant, UT is the thermal
voltage, κ ≈ 0.7 is the gate coupling coefficient, and Vf , is
the voltage at the gate of the subthreshold transistor generated
by integrating the current Gm(Vu −

∑
Vxi) · sgn(Vy1 −Vref)

on a capacitor Cf . Now from Eqn. (6),

dIf
dt

=
κIf
UT
· dVf
dt

(7)

Multiplying both sides by Cf , and rearranging terms, we
have

Cf
dIf
dt

=
κIf
UT
· Cf

dVf
dt

=
κGm
UT

· (Vu − ΣVxi) · sgn(Vy1 −Vref) · If (8)

Setting K ′ = κGm
CfUT

, we can effectively implement Eq. (5)
by sourcing the current Gm(Vu −

∑
Vxi) · sgn(Vy1 − Vref)

onto a transistor gate, as shown in the right-most portion of
the Fig. 4 schematic.



Figure 4. shows the circuit level implementation of the bandwidth extractor. It consists of a 3 bandpass filters, a Gm block implementing Gm(Vu −ΣVxi),
a comparator and analog MUX to implement the sgn(Vy1 − Vref) function and subthreshold transistor, N1, to generate the bias current If . The resistances
shown are implemented as a tunable MOS pseudo resistor [6].

IV. IC IMPLEMENTATION

Figure 4 shows the circuit level implementation of the
bandwidth extractor. The bandpass filters are implemented
as OTA-C filters tuned to frequencies of f1, f2 and f3 and
represent Eqns. (1), (2) discussed above. The f2 and f3 center
frequencies are achieved by selecting capacitance values of C1

2

(and C2

2 ), and C1
3 (and C2

3 ) respectively in the bandpass filters.
The quality factor, Q, is implemented as G1

GQ
by ratioing the

currents flowing through the OTA’s in the bandpass filters. The
linear relation between the transconductances of the OTA’s and
the input current is achieved by keeping the input transistors
of the OTA’s in the subthreshold region. The output voltages
of the bandpass filters, Vx1, Vx2, and Vx3, are summed up
to generate Vxi. This voltage is subtracted from Vu, the
input signal, to generate a difference current using the Gm
block. The Gm block is implemented using a current mirror
OTA, modified to supply both positive, Gm(Vu −

∑
Vxi),

and negative, Gm(
∑
Vxi − Vu), currents into the analog

MUX. The analog MUX is switched between the positive and
negative currents of the Gm block, based on the output of the
comparator, whose input Vy1, is the output of the first bandpass
filter. Finally the feedback current, If , to tune the bandpass
filters, is the current flowing through transistor N1, operating
in the subthreshold region and is given by Eqn. (6).

Circuit optimization

Some of the critical design aspects of the circuit implemen-
tation will be discussed next. There is a necessity to evaluate
how accurately the designed circuit can track the bandwidth of
the circuit. This has to be achieved with minimal overhead in
power consumption. The value of capacitors, C1and C2, (Fig.
4) which determine the center frequency for the bandpass fil-
ters, also determine the accuracy of convergence of the system.
But there exists a trade-off between the power consumption
and accuracy. Similarly, the linearity of the OTA’s in the band-
pass filters plays a cruical role in the variation of frequency
around its final value. Using an attenuation factor, 1

α , reduces
this variation at the cost of higher power consumption. The
factor, α, is implemented by a capacitance divider circuit.
The plots in Fig. 5 show the relationship between different
values of α, capacitance (C1, C2) to the power consumption,
accuracy and variation of f1, the fundamental frequency of
the input signal. The bandwidth extractor was input with
step sinusoidal input (SNR = 25dB) at 200Hz and 800Hz

frequencies. Based on these simulations an optimal value for
the capacitors (C1, C2), and attenuation factor is chosen. With
C1, C2 = 15pF and α = 16 the accuracy of f1 achieved is >
90%, and variation around the ideal f1, less than < 5%.

V. RESULTS

A variety of input signals with an SNR of 25dB were input
to the designed bandwidth extractor. The cadence simulation
results are plotted with the spectrogram of the input signals to
determine the performance of the bandwidth extractor (Figs. 6,

(a)

(b)
Figure 5. shows the simulation results for optimal selection of capacitance and
α values for the bandwidth extractor circuit. A 25dB SNR step sinusoidal input
at 200Hz and 800Hz frequencies was input to the circuits. (a) shows the
power consumption and % accuracy of f1 vs different values of capacitance,
C1, C2. (b) power consumption and % variation around f1 vs different values
of α. C1 = 15pF and α = 16 produced f1 with accuracy > 90% , and
variation around the ideal value < 5%.



Figure 6. Plots showing the behavior of the bandwidth extractor to Step
sinusoid at f1 = 100Hz (top), and Chirp Signal to show that the bandwidth
extractor works upto input signal bandwidth of 10kHz (bottom).

Table I
POWER CONSUMPTION RESULTS FOR VARIOUS INPUT SIGNALS WITH SNR

25dB INPUT TO THE BANDWIDTH EXTRACTOR.

Input

Signal

f1 frequency

(Hz)

Power

(µW )
Comments

Step

Sine
100 3.2

Determines how fast the

bandwidth extractor can lock on to

the step sine input

Chirp

(1)
100− 1k 11.5

Simulates the bandwidth extractor

behavior to fast changing sinusoids

of increasing frequency

Chirp

(2)
100− 3.5k 34

Test for the maximum frequency

of operation of the bandwidth

extractor

Wheeze

(1)
170− 430 9.7

System input with a sample

wheeze signal

Wheeze

(2)
190− 500 10.4

System input with a noisy wheeze

to determine bandwidth extractor

performance

7). The power consumption values of the bandwidth extractor
for various input signals are listed in Table I. The adaptive filter
converges within 50ms. It can faithfully track the input signal
frequencies of upto 10kHz, with an accuracy of convergence
> 90%, and variation around the final value of < 5% , while
consuming 34µW of power.

Figure 7. Plots showing the behavior of the bandwidth extractor to 2
samples of a wheeze signal. The bandwidth extractor can converge to the
non-static harmonics of the input wheeze signal as seen in the plots. Only the
fundamental frequency f1 is shown.

VI. CONCLUSION

A bandwidth extractor circuit using adaptive filters has been
proposed which exploits the inherent spectral characteristics of
a wheeze signal to determine the input frequency. Equations
to implement the bandwidth extractor were discussed. The
resulting circuit implementation is simple and consumes a
small fraction of the power budget for an audio sensor inter-
face. Circuit-level simulation results show that the bandwidth
extractor quickly produces an approximate value for the input
signal’s short-time bandwidth.
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