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Abstract— We present a programmable continuous-time band-
pass filter with center frequencies ranging from 100Hz to 10MHz
fabricated in 0.5µm CMOS processes operating at 3.3V supply.
This circuit is compact and low power (0.1nW-15µW). SNR
was 86dB and 72dB at 1MHz for 2nd- and 4th-order sections
with Q’s up to 70 (4th-order). We fabricated a 6th- and 10th-
order filter-bank chip. We present results for higher-order filters
programmed at 1MHz with Butterworth coefficients (passband
ripple < 0.5dB).

I. MOTIVATION FOR LOW-POWER, TUNABLE FILTERS

With the increasing trend of designing power-efficient ana-
log circuits for portable applications, the demand for analog
filters with better performance in terms of speed and power
consumption is high. Continuous time filters, particularly
Gm − C filters, are the most often used solution for signal
frequencies of several MHz [1]. Irrespective of the frequency
of operation, Gm − C filters suffer from limited linearity, a
large overhead of tuning circuitry and offsets due to device
mismatch [2], [3]. In addition, traditional Gm − C filter im-
plementations based on OTAs are area-intensive, thus making
them unsuitable for filter-bank applications.

To address these issues, we present a programmable
continuous-time bandpass filter topology that is compact and
power-efficient. The programmable filter element incorporates
our programmable CMOS technology to set accurate time-
constants and eliminate offsets [4]. Our programmable analog
technology is based upon our modified EEPROM elements
designed to work in a standard CMOS technology [5]. The
on-chip programming overhead is small as compared to com-
monly used tuning circuitry that is both power and area
intensive [2], [3].

Figure 1 shows the circuit schematic of our core pro-
grammable 2nd-order filter element, which was developed
from the autozeroing floating-gate amplifier [6]. The common-
mode feedback circuit is a standard differential amplifier with
high loop-gain [7]. Earlier reports of the filter element demon-
strated basic functionality and potential application for a bank
of these elements [8], [9]. In this paper, we present the design
of programmable filter element to operate over a wide range of
frequencies and how this element can be used to design higher-
order filters. These higher-order filters can also be tuned to
desired transfer functions, such as Butterworth and Chebyshev,
after the circuit has been fabricated by programming floating-
gates.
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Fig. 1. Block diagram and schematic of the filter element: Block diagram
of 10th-order filter and circuit schematic of the core filter element. Floating–
gate transistors can be programmed to set the desired bias current, thus,
accurate time constants and quality factor, Q. All other parameters can also
be set using capacitor ratios.

In section II, we discuss the design of the programmable
2nd-order element. We present the measured results for 2nd-
and 4th-order filters in section III. Section IV presents the
design of a 6th- and 10th-order filter using the core filter sec-
tion. We also present measured results for the designed filters
programmed with Butterworth approximation. We conclude
the discussion in section V with a summary of performance.

II. DESIGN CONSIDERATIONS OF PROGRAMMABLE

BANDPASS ELEMENT

We now analyze our core programmable filter section and
derive the governing design equations. The circuit schematic
shown in Fig. 1 can be analyzed using the small-signal model
of the differential half-circuit. The transfer function of the filter
section is given by

Vout

Vin
= −C1

C2

sC2
gm1

(1 − sC2
gm4

)

s2 (CT Co−C2
2)

gm1gm4
+ s( C2

gm1
+ C2

gm4
(Co

C2
− 1)) + 1

(1)
where the high and low time constants (τl and τh), and the
high-frequency zero (τf ) can be observed as

τl =
C2

gm1
, τh =

(CT Co − C2
2 )

C2gm4
, τf =

C2

gm4
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The quality factor, Q, and the corner frequency for a particular
value of currents are given by:

Q =

√
(CT Co − C2

2 )gm1gm4

C2gm4 + CLgm1
, τ =

√
CT Co − C2

2

gm1gm4

The total capacitance, CT , and the output capacitance, CO,
are defined as CT = C1 + C2 + CW and CO = C2 + CL.
Transconductances gm1 and gm4 depend on the current flowing
through transistor M1N , M1P , M4P and M4N . The gain of
the filter element is set by capacitor ratios and can, thus,
be set accurately. The filter element can be tuned to desired
corner frequencies and Q-values by programming the gm1 and
gm4 using the floating–gate current sources [5]. Transistors
M1N , M1P , M4P and M4N can operate in sub-threshold or
in moderate inversion depending on the desired frequency
response. The high-frequency zero, τf , is designed such that
it is well outside the passband of the filters.

The maximum Q-value occurs when the drawn capacitance
C2 is small in comparison to CL and can be derived to be

Qmax ≈ 1
2

√
CT

C2
(2)

In the case of no physical capacitance C2, this capacitance
value depends on Cgd4 and Cgs1. The short-channel device,
MD as shown in Fig. 1, helps to increase linearity at the lower
corner frequency by source degeneration. MD also helps in
alleviating the effect of Cgs1 on the value of Q. The linearity
at the higher corner can be set by capacitor, CW , due to
capacitive attenuation at the input.

The output referred noise of the 2nd-order section tuned to
a particular response is given by :

V 2
no =(

1
s2τlτh + s(τl + τf (Co

C2
− 1)) + 1

)2

[(
sC2 − gm4

gm1gm4
)2(I2

1 + I2
2 ) + (

sCT + gm1

gm1gm4
)2(I2

3 + I2
4 )]

(3)

where I1, I2, I3, I4 are noise currents (thermal
and flicker noise contribution) for transistors
M1N , M1P , M2N , M2P , M3N , M3P , M4N and M4P ,
respectively. As can be seen, the transfer function of
the noise depends on the response of the filter and the circuit
parameters. This expression can be used to design the filter
element for good noise performance.

III. EXPERIMENTAL RESULTS FOR BANDPASS FILTER

SECTIONS

Figure 2 shows the measured frequency response of a
2nd- and 4th-order filter when programmed over decades of
frequency. The 4th-order filter was built by cascading two
programmable 2nd-order sections. The filter responses can be
programmed anywhere from 100Hz to 10MHz. Simulations of
the filter sections matched well with the measured response,
as can be seen from Fig 2. The measurements were limited
to 1MHz due the output buffers (10MHz). Figure 3 shows the
filter response of a 2nd-order section when fine-tuned over a
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Fig. 2. Measurement showing the programmed corner frequencies: The
measured frequency response showing that the filter can be programmed over
a wide range of frequencies from 10Hz - 10MHz. Results are shown for 2nd-
and 4th-order filters. Simulations of the filter, shown as dashed lines, matched
well with the measured results.
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Fig. 3. Measurement showing tuning of the filter element: Measured
frequency response of 2nd-order filter tuned at 9KHz, 10KHz and 11KHz.
Plot shows that the center frequencies can be fine-tuned by setting the desired
bias current accurately using floating–gate transistors.

small range of frequencies. Figures 2 and 3 show that the filter
topology can be both programmed over a wide frequency range
and fine tuned over a small frequency range, if required. The
designed 2nd- and 4th-order filter sections can be programmed
to give Q-values up to 9 and 70, respectively. Figure 4 shows
the measured plot of a 4th-order filter tuned at 1MHz to have
a Q of 70.

Figure 5 shows the measurement to compute 1-dB com-
pression point for 2nd- and 4th-order sections for two different
values of programmed Q’s. As expected, the linearity degrades
as the Q-value increases. The values of linearity for the 2nd-
and 4th-order sections tuned to have a Q of 2.5 and 5.2,
respectively, at 1MHz were found to be -24dBm (83mVpp)
and -42dBm (11.5mVpp), respectively. Figure 6 shows the
measurement to compute 1-dB compression point for different
values of Vbias for 2nd-order section programmed to have a
low Q. It can be clearly seen that the linearity increases from
-8.5dBm to -5dBm as Vbias is decreased from 3.3V to 1.9V.
This increase in linearity comes at the cost of lowering of the
low frequency corner due to the source degeneration effect.

1981



Fig. 4. Q-tuning measurement: Measurement showing a Q-value of 70
obtained for a 4th-order filter tuned at 1MHz center frequency. The value of
Q can be determined by the 3-dB bandwidth and the center frequency.
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Fig. 5. 1-dB compression measurement: Measurement to compute 1-dB
compression point for different values of Q for 2nd- and 4th-order sections.

Thus, the current, I2, needs to be programmed to a higher
value than before to get the same lower time constant.

Figure 7 shows the output-referred noise measurement of
the 2nd- and 4th-order filter sections for various programmed
corners. The noise spectrum looks like the frequency response
of the tuned filter, as expected from (3). Figure 7 also shows
that overall noise spectrum decreases as the programmed
center frequency is increased. This can be attributed to the
1/f component of the noise spectrum. The measured output
spot-noise at 1MHz for 2nd-order section was found to be
-100 dBm (using VBW = 1Hz).

IV. HIGH-ORDER FILTER IMPLEMENTATION

We used the 2nd-order section, discussed above, in cascade
to implement higher-order filters. Figure 1 shows the block
diagram of the 10th-order filter using these core 2nd-order
sections. These higher order filters can also be tuned to desired
transfer functions such as Butterworth and Chebyshev after
the circuit has been fabricated. The 2nd-order sections were
designed such that the Qmax (2) is greater than that required
by the higher-order filter specification. The coefficients can
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Fig. 6. Effect of Vbias on linearity: Measurement showing the improvement
in 1-dB compression point as the bias voltage, Vbias, is increased. This
increase in linearity is due to the source-degeneration effect.
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Fig. 7. Noise measurements for 2nd- and 4th-order sections: Plot showing
the measured output-referred noise spectrums of 2nd- and 4th-order filters
tuned at different frequencies.

be set by accurately programming the floating-gate currents.
As is evident from the schematic in Fig. 1, the input capac-
itance changes with frequency [8]. This becomes a problem
when these sections are cascaded. A unity-gain buffer was
introduced between each stage, as shown in Fig. 1, to take
care of this problem. The buffer was designed to have a good
frequency response and linearity and thus, had no effect on
the performance of the system. These buffers did add noise
to the entire system, however the added noise did not degrade
the performance.

Figure 8 shows the frequency response of a 6th- and a 10th-
order filter tuned to have a center frequency of 1MHz. These
filters can be tuned to have different center frequencies. The
limitations in the measurement for high frequency was once
again the output driving buffer. The designed 10th-order filter
was compact and power efficient. This filter can be used in a
variety of filter-bank applications [9], [10]. Figure 9 shows the
die photograph of the chip with 16 filters that was used to take
the measurements. This chip can be configured as a bank of
6th-order or 10th-order filters depending on the application.
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Fig. 8. Magnitude response and noise spectrum of a 6th- and 10th-order
filter: (a) Measured magnitude frequency response of a 6th- and 10th-order
filter designed using 2nd-order sections. (b) Plot showing output referred noise
spectrum for the 10th-order filter.

V. CONCLUSION

We presented a compact continuous-time (Gm − C) band-
pass filter circuit that can be programmed to operate from
100Hz to 10MHz center frequencies. Table I summarizes the
measured performance of all the filter sections fabricated.
We demonstrated the characterization results for the basic
2nd-order and 4th-order sections designed for high Q’s. The
experimental results presented were from a 0.5µm double-poly
CMOS process; these results scale straightforwardly to other
CMOS processes. The measurements show an SNR of 86dB
and 72dB, respectively, for a 2nd-order and 4th-order section
at a center frequency of 1MHz. We obtained Q’s as high as
70 from the 4th-order sections. We also presented results for a
6th- and 10th-order filter fabricated by cascading the 2nd-order
sections. These filters were programmed at a center frequency
of 1MHz to have Butterworth coefficients. The measured SNR
was 55dB for the 10th-order filter programmed at 1MHz. The
low power consumption and low area make these extremely
attractive for filter-bank applications [9], [10].
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