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Abstract—We present an implementation of an auditory filter
bank that decomposes the input signal into 16 parallel bands with
central band frequencies ranging from 150 Hz to 10 kHz accord-
ing to the mel-scale. The proposed integration of the designed
filter bank in a microsystem for acoustic source separation poses
a stringent constraints on the linearity and dynamic range of the
filters. The capacitive attenuation is used to increase the voltage
range at the input and the output of the filter. The simulation
results demonstrate that the third order harmonic distortion of
the bandpass filter with the central frequency of 150Hz is -59.6dB
and dynamic range is 59.9dB. The power consumption of the filter
bank implemented in 0.5µm CMOS technology is 36 µW.

I. INTRODUCTION

Although the demand for the speech interfaces has recently
significantly increased, the speech recognition can not achieve
the satisfying recognition rates in the noisy environments
leading to the need for advancement in the auditory signal
processing [1]. Subband processing has been an important tool
in the auditory signal processing of reverberant signals. There
have been a wide range of analog auditory filter banks pro-
posed in the literature mimicking the behavior of cochlea [2]–
[4].

In the proposed acoustic separation system [5], [6], that
interfaces the array of the miniature microphone arrays, we
have demonstrated that the subband signal processing can
improve the source separation performance in moderate re-
verberant environments. However, due to the linear mixing
model in each filter bank, the requirements on the linearity
in each subband, as well as the dynamic range, are high.
Although, the gm-C filters can not achieve linearity that can
be achieved by switched-capacitor filters, the choice of the
gm-C filter implementation is dictated by the chip area and
the power consumption requirements. The proposed filters
also require large time constants leading to the design of
operational transconductance amplifiers(OTAs) with very low
transconductance. A 16 channel bandpass filter bank with
center frequency from 150 Hz to 10 kHz is built in our system.

II. LOW TRANSCONDUCTANCE HIGH DYNAMIC RANGE
OTA

A very low transconductance OTA can be achieved using a
five transistor OTA implementation with the input transistors
biased in the weak inversion region of operation. The OTA
achieves very low power consumption and small area [7].

However, 1% harmonic distortion limits the input peak to peak
voltage to less than 15mV. As a result, the dynamic range can
not exceed -45dB which is insufficient in the proposed system.
Another option is to used the bulk as the input terminal [8], but
in this case the performance strongly varies between processes
and runs. Applying the techniques of source degeneration,
current division and cancellation in design of OTA, a few
large time constant subthreshold gm-C filters are reported in
the literature [9], [10] that achieve excellent performance in
linearity and dynamic range.

The OTA structure used in the proposed filter bank is
shown in Figure 1. The structure uses two methods to improve
the linearity, source degeneration and current division. The
transistor MR is biased in the triode region and acts as the
source degeneration resistor. Source degeneration improves the
OTA linearity as MR realizes the voltage to current conversion
instead of the input transistor biased in the saturation region.
To achieve the high resistance, MR has to be a long channel
transistor. The currents flowing into transistors M1 and MM

are divided by factor M which is the ratio of their sizes.
Considering that only the current of M1 contributes to the
output current, the effective transconductance of the OTA,
Gm, is reduced by the factor of M+1 compared to the OTA
implemented without the current division. Therefore, Gm can
be calculated as:

Gm =
io
vid

=
gmM1

1 + (M + 1)gmM1/gdsMR

, (1)

where gmM1 is the transconductance of the input transistor
M1 and gdsMR

represents the small signal drain source con-
ductance of MR. We define the ratio of transconductances as

α =
(M + 1)gmM1

gdsMR

. (2)

If α is much greater than 1, (1) can be further approximated
as

Gm =
io
vid

=
gdsMR

1 +M
. (3)

It is desirable to keep the α larger than 5. For a low power
design, M1, MM and MN operate in the moderate inversion.
The moderate inversion operation leads to a high power
efficiency compared to the strong inversion while it guarantees
a larger input range than the weak inversion. In the filter bank
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Fig. 1. Implementation of a low transconductance OTA.

design, the gdsMR
is adjusted by varying the Vsg voltage of

MR controlled by the current in the branch comprising M2,
M3 and M4.

The linearity of the OTA is mainly determined by the
linearity of gdsMR , which is affected by the body effect. The
third order harmonic distortion (HD3) of the OTA can be
calculated as [10]:

HD3
∼=

γ · v2SD

96(vSG − Vth)(2ϕF − vSB)
3
2

, (4)

where γ is the body effect constant, ϕF is the Fermi potential
and vSD represents the same potential change as the input
signal. From (4), the harmonic distortion is mainly determined
by vSG − Vth:

vSG − Vth =
gdsMR

µpCOX
W
L

=
(M + 1)Gm

µpCOX
W
L

(5)

In the design of the proposed filter bank, the smallest
transconductance OTA is:

Gmmin =
2πfcmin

Cmax
(6)

fcmin is the lowest center frequency of the filter bank and
Cmax is the largest capacitor used. The lowest center fre-
quency in our filter bank is 150 Hz, and due to area limitation,
we choose Cmax to be 10 pF. The requirement on the design
of the OTA is that HD3 is suppressed under -50 dB with
50 mV input amplitude. This means that the current division
ratio, M , has to be greater than 10. The power consumption of
the OTA increases linearly with M . Therefore, M is set to 10,
which is the smallest value satisfying the linearity requirement
and keeping the power consumption low at the same time.

The only constraint on gm of transistor M1 is to be 5 times
bigger than the OTA transconductance. Therefore, when the
Gm of OTA is varied in the filter bank, the bias current of
M1 and MM , can be varied simultaneously to decrease the
power consumption of OTA. The sizing of the transistors is
shown in Table I.

TABLE I
TRANSISTOR SIZING IN THE OTA

M1 4.8µ/4.8µ
MM 48µ/4.8µ
MP 6.3µ/6µ
MN 8.4µ/27µ
MR 1.5µ/108µ
M2 6.3µ/6µ
M3 1.5µ/90µ
M4 4.5µ/3µ

A. Noise Performance of OTA

Due to the current division structure, the noise contributions
of transistor MM become negligible, as well as the contri-
butions from MP and MR. Therefore, the output referred
current noise density can be expressed as the sum of the noise
contributions of M1 and MN . As the M1 and MN have the
same biasing current, the total input referred white voltage
noise of the OTA can be expressed as:

v2in th =
8kTngm

G2
m

BW (7)

where n is the subthreshold slope coefficient, k is the Boltz-
mann constant and T is the absolute temperature. gm is the
transconductance of M1 and according to equation (3) can be
expressed as:

gm =
gdsMR

× α

M
=

α(M + 1)Gm

M
≈ αGm (8)

Therefore, the input white noise becomes:

v2in th =
8kTnα

Gm
BW (9)

It can be observed that larger α guarantees less contribution
of input transistor to the linearity of the OTA, at the cost of
larger white noise. As a result, α is chosen to be 5 in order
to trade off between linearity and white noise.

The input referred flicker noise can be computed as:

v2in f ≈ 2

CoxG2
m

(
KFp

W1L1
+

KFn

WnLn
) log(BW ) (10)

where Cox is the gate oxide capacitance per unit area, W1,
L1, Wn and Ln are respectively the width and the length of
transistor M1 and the width and the length of transistor MN .
The flicker noise coefficient KFn is few times higher than
KFp, which leads to a bigger transistor area of MN than M1

in order to lower the 1/f noise.

III. SINGLE CHANNEL BANDPASS FILTER DESIGN

The dynamic range of gm-C filter is usually limited by the
small linear input range of OTA. Capacitive attenuation can
increase the linear range of the filter effectively [2]. A fully
differential gm-C bandpass filter with capacitive attenuation
is implemented using the designed OTA, with the single-
ended implementation shown in Figure 2. The proposed imple-
mentation introduces additional OTA compared to the design
reported in [11]. The voltage gain in the pass band, center
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Fig. 2. Implementation of a single channel bandpass filter with capacitive
attenuation.

frequency and quality factor of the proposed implementation
are

Av =
(A3 + 1)Gm1

(A1 + 1)Gm3
(11)

ω2
o =

Gm1Gm2

(A1 + 1)C1[(A3 + 1)C2 +A3C3]
(12)

Q2 =
(A3 + 1)C2 +A3C3

(A1 + 1)C1

Gm1Gm2

G2
m3

. (13)

By choosing the proper ratio of the transconductances and
attenuation ratios, the output voltage can have the same
amplitude as the input voltage. Meanwhile, the input voltage of
OTAs is attenuated by the capacitive attenuation. The transistor
Mres functions as a large resistor which provides the DC bias
path for OTA2 and OTA3.

High selectivity of the bandpass filter is required in the
design of the source separation system. Therefore, Q is chosen
to be 4 for the single channel filter with the voltage gain equals
to 1. The input voltage range of all the OTAs in the filter has
to be the same, so that no single OTA limits the harmonic
distortion. This introduces additional constraint in the selection
of the filter parameters. The input voltages of OTAs can be
expressed as:

Vx =
sVout[(A3 + 1)C2 +A3C3] + VoutGm3

(A3 + 1)Gm1
(14)

Vy =
Vout

A3 + 1
(15)

Assume that the resistance of Mres is large enough to make
the current flow through the transistor negligible. In order to
keep |Vx| = |Vy|, the transconductance of OTA1 and OTA3
can be calculated as:

Gm1 =
√

(Q2 + 1)Gm3 (16)

As the designed OTA can achieve -50dB HD3 with 50mV
input voltage, A3 is selected to be 4. As a result, A1 has to
be 19 to make Q equal to 4. To set gain to 1, we choose
Gm1 = Gm2 and C2 = 3C1 = 2.4C3. The center frequency
can be simplified as

ωc =
Gm1

20C1
(17)

IV. 16-CHANNEL FILTER BANK DESIGN

The bandpass filter bank covers the frequency band from
150Hz to 10kHz with 16 channels of second order gm-C
bandpass filter. From 150Hz to 1kHz, the center frequencies
of 8 channels are set in linear space. From 1kHz to 10kHz,
the center frequencies of 8 channels are set in log space.
According to (17), both OTA transconductor and filtering
capacitor can be tuned to realize the 37dB frequency range.

The total output noise of bandpass filter can be calaculated
as:

V 2
n ≈ 4nkT [

1 + (A3 + 1)/Q

βC1
+

(A3 + 1)

C1
] (18)

β =
(A3 + 1)C2 +A3C3

(A1 + 1)C1
(19)

Equation (18) shows that the output noise of the filter only
decreases with the increasing value of filtering capacitor and is
independent of transconductance. Therefore, the capacitors are
kept the same among all channels to guarantee each channel
has the identical signal to noise ratio. Considering the chip
area and noise suppression at the same time, C1 is chosen to
be 1.3pF. As a result, the transconductances of OTAs alone
have to cover the 37dB change. Moreover, according to (16),
Gm3 has to be about one-fourth of Gm1. Consequently, the
total range of all Gm in the filter bank becomes 49dB. Gm of
OTA in Figure 1 can be adjusted by the value of gdsMR

and M
according to (3). gdsMR

is decided by the size of the MR as
well as its overdrive voltage. According to (4), the minimum
value of VSG has to be constrained to satisfy the harmonic
distortion requirement. Therefore, the adjustable range of VSG

is reduced, with the ratio of maximum to minimum Gm for
a fixed size of transistor MR being 4.5 times. To implement
the whole 49dB range, four OTAs with different W/L ratios
of MR and different current division ratio M are used in the
16-channel filter bank.

To eliminate the large time constant fluctuations of con-
tinuous time bandpass filter due to process variations, tuning
circuitry is added to each filter. In Figure 1, the transcon-
ductance of OTA is decided by the bias current of M2 and
M4 according to (3). The current mode tuning circuit controls
the bias current of both transistors by comparing the OTA
transconductance with a fixed resistor of desired value.

V. SIMULATION RESULTS

The proposed filter bank was implemented on a single
1.5mm×1.5mm chip in 0.5µm 3M2P CMOS technology. The
source degeneration OTA is simulated in Cadence Virtuoso.
Because of the fully differential structure, the second order
harmonic distortion is negligible. The overdrive voltage of MR

is set to be 350mV which is the worst case of all the OTAs in
the filter bank. In Figure 3, the third order harmonic distortion
(HD3) of OTA is simulated as a function of input amplitude.
It can be observed that when the input peak to peak amplitude
is 100mV, HD3 of OTA is -55dB, less than 0.2%.

A block diagram of the capacitive attenuation bandpass filter
is created in Matlab based on the model of designed OTA with
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Fig. 3. Simulated HD3 of the designed OTA as a function of the amplitude
of the input signal.
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Fig. 4. Simulated output power spectrum of single channel bandpass filter
with the central frequency of 150Hz.

the parameters of OTA obtained from the Cadence simulation.
The simulated input referred noise is added to the OTA. A
150 Hz sinusoidal wave with 1.92 V peak to peak amplitude
is used as the input signal. The HD3 of the bandpass filter is
-61.3 dB with the dynamic range of 60.2 dB.

A fully-differential single-channel bandpass filter was sim-
ulated in Cadence Virtuoso. The central frequency of the
channel was 150 Hz and the peak to peak amplitude of the
input signal is 1.92 V. The output power spectrum is shown
in Figure 4. From the Figure, we can observe that HD3 is -
59.6 dB. Due to the smallest overdrive voltage used in 150 Hz
channel, the linearity of other channels is higher.

The output noise of the bandpass filter is simulated and
shown in Figure 5. The integrated output noise is 688µV, while
the dynamic range is measured at 59.9 dB. The dynamic range
of other channels is similar, as the same capacitor values are
used in all the channels.
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Fig. 5. Simulated output noise of BPF.

VI. CONCLUSION

We presented an architecture for a 16-channel filter bank
that achieves high linearity and high dynamic range at low
power consumption. The proposed architecture is amenable to
integration in the low-power, real-time auditory microsystems
for acoustic source separation for applications in smart hearing
aids and acoustic tracking and surveillance systems.
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