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Abstract—A wideband digital RF receiver front-end employing a
discrete-time (DT) filter is presented for application to m-WiMAX
(WiBro). By employing a sampling mixer and a DT filter, the re-
ceiver operates in the charge domain. In addition to the flexibility
of the DT filter, the new non-decimation finite impulse response
(NDF) filter can be cascaded to a conventional finite impulse re-
sponse (FIR) filter without the decimation effect. Thus, we can
easily increase the order of the sinc™ function-type filtering re-
sponse and the signal processing bandwidth. The FIR filter is also
modified to reduce the noise and the number of required clock
signal. Because of the new filter configuration, clock signals can
be shared by the FIR filter and NDF filter and the clock generator
circuit can be simplified. The designed receiver front-end is imple-
mented using an IBM 0.13-z:m RF CMOS process. The fabricated
chip satisfies the m-WiMAX specification of an 8.75 MHz channel
bandwidth and the total system current dissipation is 26.63 mA
from a 1.5-V supply voltage.

Index Terms—Digital RF, discrete-time filter, non-decimation
FIR filter, radio frequency (RF), receiver front-end, wideband.

I. INTRODUCTION

S WIRELESS communication technology advances,
new wireless communication standards require not only
higher mobility for the user’s convenience but also larger
channel bandwidth to handle multi-media contents that has
a large amount of data. Moreover, multi-mode/multi-band
technology, which makes it possible to process various wireless
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Fig. 1. Digital RF receiver front-end system architecture.

communication standards using only one device, has been
widely researched to achieve higher chip area efficiency and
fabrication cost saving [1]-[5]. Because of this demand, a
transceiver system for software-defined radio (SDR) or the
reconfigurable RF concept is being actively developed now.
Because the channel lengths of devices have been scaled down
as the CMOS process technology advances, device speeds have
become faster and the resolution in the time domain has become
better than that in the voltage domain. The digital RF concept,
which involves processing the signal in the discrete-time and
the charge domain, has become a useful technique in the de-
velopment of SDR or reconfigurable RF [6]-[14]. A sampling
receiver uses the digital RF concept, employing a sampling
mixer and a charge-domain filter, to realize signal frequency
conversion and selection. The filtering response can be flexibly
adjusted using the control of clock signals to prevent aliasing
due to the analog-to-digital converter (ADC) sampling opera-
tion.

The DT filter, which employs a switched-capacitor circuit has
a snc function filtering response with a limited bandwidth and
its applications are limited to narrowband wireless communica-
tion standards [6], [7]. To overcome the bandwidth problem, we
have proposed a non-decimation finite impulse response (NDF)
filter. The NDF filter has the moving average characteristic, but
without the decimation effect. This characteristic enables the
NDF filter to be cascaded with another DT filter and allows
us to increase the order of the sinc function-type filtering re-
sponse. The clock generator is an important block in the digital
RF receiver front-end. To generate the complicated clock sig-
nals required for the DT filter, a complex and large-sized clock
generator is needed. The finite impulse response (FIR) filter con-
figuration has been modified to reduce the number of required
clock signal and to improve the noise performance of the filter
chain. The NDF filter has also been designed to share the same

0018-9200/$31.00 © 2012 IEEE
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Fig. 2. SNR degradation due to aliasing by ADC sampling (a) without filter and (b) with discrete-time filter.

clock signal with the FIR filter. Through this optimization, the
clock generator can be simplified, reducing the chip area and the
noise figure [15].

In this paper, we present a digital RF receiver system with a
wideband signal processing capability employing the simplified
clock and NDF filter. The designed receiver front-end is targeted
for the m-WiMAX (WiBro) standard with an 8.75 MHz channel
bandwidth. This paper is organized as follows: the system ar-
chitecture and specifications of the DT filter are described in
Section II and the details of the circuit implementation are pre-
sented in Section III. Section IV presents the experimental re-
sults obtained from the designed digital RF receiver front-end
fabricated using the 0.13-pm RF CMOS process.

II. SYSTEM ARCHITECTURE AND SPECIFICATION OF THE
DISCRETE-TIME FILTER

The proposed digital RF receiver front-end system architec-
ture for m-WiMAX is shown in Fig. 1. The carrier frequency
of m-WiMAX is 2.3 GHz and the chosen ADC sampling rate
is 143.75 MHz. The required decimation ratio of the two-stage
DT filter chain is 16 (4x4) and each DT filter has a decimation
ratio of 4.

The signal received by an antenna is amplified by a low-noise
amplifier (LNA). The amplified signal is fed to a SAW filter
and a balun, to suppress the interferer components and to get
a differential signal, respectively. In the transconductance am-
plifier (TA) stage, the signal is converted from a voltage form
to a current form. The converted current signal is sampled and
down-converted to the baseband by the following passive sam-
pling mixer.

After the RF front-end stage, the down-converted signal is
sampled and converted to a digital signal by the ADC. Because
of this sampling operation of the ADC, not only the wanted
signal but also large interferers at the harmonic frequencies of
the ADC sampling rate are folded into the baseband. The folded
interferer components become noise and degrade the signal-to-

noise ratio (SNR) of the receiver. A graphical description of this
aliasing problem is shown in Fig. 2. Without the filter, the large
interferer is directly folded into the baseband with the wanted
signal, and it degrades the SNR significantly. Therefore, we
need a baseband antialiasing filter in front of the ADC to sup-
press the harmonics. One kind of baseband antialiasing filter is
the DT filter. The filtering response of the DT filter can be easily
adjusted by controlling the local oscillator (LO) clock signal,
the number of taps, or the sampling capacitance ratio. This flex-
ibility makes the DT filter a favorable filter solution for the SDR
or reconfigurable RF receiver system.

Since the carrier channel of m-WiMAX is located at 2.3 GHz,
the clock signal frequency used in the sampling mixer of the di-
rect conversion receiver architecture is also 2.3 GHz. The first
DT filter uses a 575 MHz (2.3 GHz + 4) clock signal, and the
second filter uses a 143.75 MHz (575 MHz + 4) clock signal.
By employing these clock signals in the DT filters, the base-
band filter chain has null points with large attenuation level at
all the harmonics of the ADC sampling rate. The total filtering
response of the DT filter chain using this clock configuration is
shown in Fig. 3. The null points located at the harmonics of the
ADC sampling rate and the interferers are attenuated.

The sensitivity of 64QAM (3/4) in the m-WiMAX system
is —72 dBm [16] and the SNR for a bit-error ratio (BER) of
10~% is 20 dB. Using an implementation margin (IM) for the
SNR of 5 dB and a maximum interferer power ( Pr,; arax) of
—30 dBm, the required attenuation level at the harmonics of the
ADC sampling rate can be calculated using following equation
(its graphical explanation is shown in Fig. 4)

AttnenuationLevel = Py, — Acceptable N oiseLevel
= Pint — (Psmin — (SNR + IM))
= — 30— (=72 — (20 + 5))
=67 dB. €))

As a result, the required attenuation level for the channel
bandwidth of 8.75 MHz at each null point should be over 67 dB.
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Fig. 4. Calculation of the required attenuation level.

However, the FIR filter, which is based on the basic DT filter,
has the filtering response of a sinc function with limited band-
width. To increase the bandwidth, the DT filter needs to be cas-
caded in order to have a higher order sinc function filtering
response. The sinc? function filtering response is sufficient to
handle the m-WiMAX wideband signal. However, because of
the decimation, the FIR filter cannot be cascaded. Therefore, we
have developed the new NDF filter to increase the order of the
stnc function filtering response through cascading. A detailed
description of the NDF filter is presented in following section.
Each filter block of our RF receiver front-end contains a cas-
caded NDF filter and FIR filter [17]. The filtered signal is am-
plified by the variable gain amplifier (VGA) and finally sam-
pled by the ADC, converted to the digital domain without any
aliasing problem. The clock generator generates the multi-phase
clock signals needed for the operations of the mixer and the filter
chain with an external LO signal.

III. CIRCUIT IMPLEMENTATION

A. Transconductance Amplifier and Sampling Mixer

After amplification by the LNA, the voltage input signal
is converted to a current signal by the TA. Fig. 5(a) shows a
schematic of the TA employing ac AC-coupled inverter-type
common source amplifier using the multi-gated transistor

1167

Voo Voo
biasp, biasp;
o |—%—| [
i
Vin+ A out+
e Y i~
biasy1 - biasnz -

\AA%

VWv

(b

Fig. 5. Schematic of (a) transconductance amplifier and (b) sampling mixer.

(MGTR) technique [18]. The two branches of the TA are biased
at different gate voltages to cancel the gms components, which
produces a high linearity. The series-connected pMOS and
nMOS transistors contribute to the larger g, but maintain low
power consumption by reusing DC current.

The converted current signal is fed to the sampling mixer.
The sampling mixer stage shown in Fig. 5(b) consists of a basic
nMOS switch and the gates of the switches are driven by the
differential I/Q LO signal generated by the clock generator. The
current sampled by the mixer is stored in the capacitive load and
is delivered to the switched-capacitor DT filters, which are op-
erated in the charge domain. The RC component of the passive
mixer load also acts as a passive RC low-pass filter, further at-
tenuating the unwanted interferers. Because the sampling mixer
consists of only the transistor switches with no DC bias current,
it can mitigate the flicker noise problem, which is critical for a
direct conversion receiver.

The conversion gain of the charge-domain double-balanced
sampling mixer is given by

1. , T . (AT
A, = 55@77,c(]‘RFAt)Esm (Tﬂ'> 2)
where
T
[g(t)dt
A0
AT= b ©)

1 Cox Vo

At is the duration time during which the sampled charges stay
in the load capacitor C'p and frp is the input signal frequency.
Assuming AT/T = 0.5 because of square wave LO, the calcu-
lated conversion gain of the passive mixer is —3.92 dB.
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Fig. 6. Schematic and required clock signals of (a) conventional FIR filter and
(b) noise-optimized FIR filter.

The noise figure (NF) of the charge-domain sampling mixer
is given by [19]-[21]

_ 4kT/g 1
NE=1+ 4kTRg AZ,
T2 AT 1
=1+ 4)

4TQIrldeS A2 sin (AT )

Assuming gmax s = 0.1, the calculated DSB NF of the passive
mixer is 14.1 dB.

B. Discrete-Time Filter

The digital RF receiver front-end employs the DT filter chain
to prevent folding of the interferer into the baseband. The DT
filter consists of the basic nMOS transistor switches and charge-
storing capacitors as shown in Fig. 6.

The DT filter has some advantages compared to a contin-
uous-time filter. First, the DT filter performs clock-based opera-
tion and its filtering response can be changed easily by control-
ling the LO frequency. Because of these features, the DT filter
is flexible and programmable, and it can be used in multi-mode
and multi-band applications. Following the passive sampling
mixer, which uses a capacitive load, the DT filter also performs
sample-and-hold operation in the charge domain. Thus, it is able
to mitigate the voltage headroom problem and improve the lin-
earity performance. These characteristics of the DT filter make
it suitable for SDR application [7]. Even though the DT filter has
an aliasing problem due to its sampling operation, this problem
can be solved using pre-filtering in front of the filter. In addition,
a large number of capacitors are also required; techniques to re-
duce the required capacitance are actively being studied now.

The baseband DT filter used in this study consists of two
stages consisting of a divide-by-4 DT filter. In each stage, an
NDF filter and an FIR filter are cascaded to obtain enough band-
width, i.e., more than 8.75 MHz. The DT filter performs clock-
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Fig. 7. Description of FIR filter operation.

based operation, and good clock generator is important for the
accurate sampling operation, low power consumption and re-
duction of the chip area. In this study, clock simplification and
filter noise performance improvement are achieved through op-
timization of the filter structure.

1) Noise-Optimized FIR Filter: An FIR filter is a basic DT
filter. A schematic and the required clock signals of the con-
ventional FIR filter are shown in Fig. 6(a). The operations of
the FIR filter can be categorized as sample, transfer, and reset
operations. This operation sequence is graphically described in
Fig. 7. The dotted boxes in Fig. 6(a) and (b) are unit sub-blocks.
Sub-block 1 sequentially does each operation in the order given
in inner circle in Fig. 7, while sub-block 2 does the operations
given in the outer circle. For example, when the sub-block 1
is performing charge sampling in the first sampling capacitor,
the sub-block 2 is doing a transfer operation. To explain in de-
tail, within a unit sub-block, each sampling capacitor stores the
charge from the input current signal during the switch’s ON pe-
riod, which is controlled by the clock signal. After the sam-
pling of the four charge-storing capacitors (clocks la—1d; see
Fig. 6(a)), the charges are transferred to the output integrating
capacitor during the common ON time of clock 3b and clock
4a, and the charges are averaged and stored in Cy,¢. The re-
maining charges in the sampling capacitors are removed to the
reset node during the common ON time of clocks 3b and 4b. The
other sub-block, which has 4-tap samplers, does complementary
sample, transfer, and reset operations. It performs sample oper-
ations during ON time of clock 2a—2d, transfer operation during
the common ON time of clocks 3a and 4a, and reset operation
during the common ON time of clocks 3a and 4b.

However, the required clock signals for this conventional FIR
filter are quite complex. Clocks 1x and 2x and clocks 3x and
4x have different periods. Moreover, clock 3x and clock 4x
have different pulse widths. Therefore, a clock generator must



SEO et al.: WIDEBAND DIGITAL RF RECEIVER FRONT-END EMPLOYING A NEW DISCRETE-TIME FILTER FOR m-WiMAX

have a very complicated structure, and we propose a new FIR
filter, which is optimized for the reduction of the number of
required clock signal and noise performance and presented in
Fig. 6(b). The new FIR filter removes the separate switches for
Cout and biasgpser and does the transfer and reset opera-
tions together with an average operation. This filter does not
need clocks 3x and 4x, simplifying the clock generator struc-
ture. The required clock signals have the same periods and pulse
widths and have only equal phase differences, so the clock gen-
erator can be realized area-efficiently with a very simple struc-
ture. The noise-optimized FIR filter operates in the same manner
as the conventional FIR filter shown in Fig. 7.

The noise of the FIR filter consists of the £7'/C noise from
the sampling switches and the averaging switches and the flicker
noise [22], [23]. Not only the £7'/C noise but also the flicker
noise of the transistor switches using clock 4b for the reset op-
eration is an important noise source of the FIR filter. Using a
non-stationary 1/ f noise model, the noise voltage at the end of
reset operation is given by [23]

Va(t,) = / Idc(f) exp | — / gmc(f) dr | ds. 5)

0 s

Furthermore, the reset noise power is given by

5 i b A
V() = (Aéox> '(t,.ié‘)? ///

0 0 Ay
'O,\ (81., |82 — S]_|) g()\)d)\dsld,sz

(6)

where X is the transition rate, and C'y, is the autocovariance of the
trapped electron number N (#). This flicker noise caused during
the ON phase of clock 4b (¢, duration) is stored in sampling ca-
pacitors C's and directly transferred to the output capacitor in
the next ON-phase of clock 4a. Unlike in the noise-optimized
FIR filter, in the conventional FIR filter the transistor switch 4b
is used to do the reset operation for all filter sub-blocks. Thus,
the limited size of the transistor switch and the higher switching
speed cause higher flicker noise than that of the noise-optimized
FIR filter and also contribute to high output noise. In a noise
simulation (PNOISE simulation of Cadence Spectre RF), the
noise-optimized FIR filter reduces the output noise by about
20% with an ideal clock.

In addition, the clock generator of the conventional FIR filter
requires more circuitry to generate the clocks 3 x and 4x than is
required by the clock generator of the noise-optimized FIR filter.
The flicker noise from this additional clock generator circuitry
is induced to the transistor switch of the filter and critically
raises the output noise. When the filter structure is optimized,
the clocks 3x and 4x are no longer required, and the clock
generator circuitry can be simplified. Thus, the flicker noise in-
duced by the D flip-flop of the conventional clock generator
is removed, and the noise performance improves. When a real
clock generator is applied, the output noise of the conventional
FIR filter is significantly larger than that of the noise-optimized
FIR filter due to much larger effect of the direct switch noise and
indirect switch noise [24]. The results of the total output noise

1169

16 4 —a— Conventional FIR filter
—_ i —e— Noise-optimized FIR filter
N
E
= 4
=3
£ 124
>
T
[ -
2
o |
o
5 8
=3 4
]
Q T %%000e,,
4 T L T T T L T ¥ T
100 1k 10k 100k ™ 10M

Frequency [Hz]

Fig. 8. Output noise simulation of FIR filters.

simulations with the real clocks of the two FIR filter structures
are shown in Fig. 8.

The size of the sampling capacitor should be optimized
by considering the chip area and the effects of parasitic ca-
pacitances or process variations. The sampling period and
the number of taps determine the null point of the filtering
response. However, the filter cannot be cascaded because the
output sampling rate is decimated. In the case of a 4-tap FIR
filter, the relation between the input and output sampling rate
is given by

Tsout,FIR =4 Tsin FIR. @)
As a result, the conventional FIR filter has limitation on the
attenuation level and bandwidth at the null points.

The filtering response of the FIR filter is given by

1 — ¢ 927fTs

[Hsine( )] = ’W = sinc(fTs) (®)

|1 A onfnts| _ Sin(mfmTs)
|H(M)g(f)| - E 7;0 e’ - m - S?:n(TFfTS) (9)
|HFII?(]L)| = |Hsinc(f)| N |Havg(f)‘

o . sin(m fmTs)

= sine(fT.) m - sin(mfTs)

= sinc(fmTy). (10)

2) Non-Decimation FIR (NDF) Filter: To overcome the lim-
itations of the conventional FIR filter, we proposed an NDF filter
[17]. In this filter, the moving-average output is re-sampled at
the original sampling rate. For example, the Div-4 FIR filter
needs six sub-blocks to make up its 4-tap filter block: four for
the sampling operation, one for the transfer operation, and one
for the reset operation. A schematic of the NDF filter is shown
in Fig. 9(a), and the principle of its operation is described in
Fig. 10(a). The dotted box in Fig. 9(a) indicates a unit sub-block,
and there are all six sub-blocks in an NDF filter. Each sub-block
sequentially performs the first through fourth charge sampling,
transfer, and reset operations with delays of the clock duration.
For example, when sub-block 1 does the first charge sampling
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Fig. 9. Schematic and required clock signals of (a) NDF filter (6 sub-blocks)
and (b) NDF filter (8 sub-blocks).

operation during ON time of clock Oa, sub-block 2 does the reset
operation, sub-block 6 does the second charge sampling opera-
tion, and so on. During next clock Ob duration, the sub-block 1
does the second charge sampling operation, the sub-block 2 does
the first charge sampling operation, the sub-block 5 does the
third charge sampling operation, and so on. In this way, at least
one of the sub-blocks is doing transfer operation at all times,
so the input sampling rate of the NDF filter is the same as the
output sampling rate

Ts.out, npF = Ts.in.NDF- (11)

In this NDF filter configuration, the clock signal of this
4-tap NDF filter is different from that of the decimation filter,
as shown on the right side of Fig. 9(a). However, the NDF
filter can share the same 8-phase clock signals of the FIR filter
shown in right side of Fig. 6(b) through the addition of two
more sub-blocks. The schematic of an NDF filter with the
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Fig. 10. Description of the operation of (a) NDF filter (6 sub-blocks) and
(b) NDF filter (8 sub-blocks).

eight sub-blocks and its operational sequence are presented
in Fig. 9(b) and Fig. 10(b), respectively. The details of its
operation are similar to those of the operation of the NDF filter
with six sub-blocks. Because it does not need any additional
clock generator circuitry, we can reduce the chip area and
power consumption.

As a result, the NDF filter can process the signal without any
decimation effect. The filtering response of the NDF filter is the
same as that of the FIR filter. Therefore, the order of the filtering
response can be increased by cascading the NDF filter to an FIR
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filter. The filtering response of the cascaded NDF and FIR filters
can be presented as

|Hxpririr(f)l = [Hxpr(f)] - [Hpir(f)|
= sinc(frnTs) - sine(fmTs)
= sinc?(fmT,). (12)
Furthermore, a filtering response of sirnc™ is possible through
the cascading of (n-1) NDF filters to a FIR filter. Simulated
filtering responses of only the FIR filter and of the cascaded
NDF+FIR filter are shown in Fig. 11. By cascading the filters,
we can achieve a higher attenuation level and a wider bandwidth
at the null points of the filtering response.

C. Clock Generator

The digital RF receiver front-end needs clock signals not only
for the down-conversion mixer but also for the DT filter chain.
A block diagram of the clock generator is given in Fig. 12. The
clock generator takes a LO signal as an input and generates the
multi-phase clock signal with the required sampling rate. The
clock generator consists of a simple D flip-flops and an inverter.
A divide-by-4 circuit generates a clock signal with 1/4 of the LO
frequency. After a 45° phase delay is applied using a poly-phase
filter, the two clock signals are applied to the Vpp node and
input node of the inverter. The inverter output becomes one of
the multi-phase clock signal and by applying a D flip-flop series,
the clock generator generates the multi-phase clock signals. The
generated clock signals are shown on right side of Fig. 6(b).
Each multi-phase clock signal should be buffered enough to
drive the capacitance loads. By optimizing the clock buffer size,
the DC current consumption of the clock generator can be min-
imized.

IV. IMPLEMENTATION AND EXPERIMENTAL RESULT

The designed digital RF receiver front-end was fabricated
using an IBM 0.13-pm RF CMOS process, and a photograph of
the fabricated die is shown in Fig. 13. The die size is 2200 pom x
1200 pm including pads, and its active area without pads is
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Fig. 14. Conversion gain of digital RF receiver system.

1100 pm x 800 gm, which is mainly occupied by the capac-
itors of the DT filter chain.

For the test, a single-tone RF input near the carrier fre-
quency with the fixed 2.3 GHz LO frequency is swept, and
the low-frequency output of the DT filter after the external
VGA is measured. As shown in Fig. 14, the measured filtering
response matches the simulation result very well. Harmonic
suppression of the DT filter from the second harmonics of
fs.apc at 143.75 MHz is measured to be under —60 dBc.

Fig. 15 shows the attenuation level at the first harmonic of
fs.apc. The measured result is about 90 dB, far below the
required attenuation level of 67 dB. The null point slightly
deviates from the theoretical value, because the real buffered
clock signal is slightly different from the ideal clock signal. The
in-band signal bandwidth for —3 dB is about 30 MHz, and the
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attenuation bandwidth at the harmonics is wider than 30 MHz.
Higher order harmonic components are attenuated well below
the system requirement because of the sinc® function-type
filtering response of the DT filter and the RC low pass filtering.

The system noise figure is calculated using the spectrum
shown in Fig. 16. The measurement includes an external LNA
and a single-to-differential SAW filter. A single-tone input
of —65 dBm at 2.301 GHz is amplified and down-converted
to the 1 MHz baseband through the receiver front-end. The
resolution bandwidth of the spectrum analyzer is 9.1 kHz. For
the maximum RF gain, the noise figure is obtained using the
following equations:

NFssp =CNRiny — CNRopr
= (=65 — (—174)) — (60.62 + 10 - log(9.1k))
—8.79 dB. (13)

Thus, the calculated N Fpsg is 5.79 dB. Considering the con-
nection loss, the real noise figure is less than this value.

A two-tone test and single-tone test are conducted to mea-
sure the linearity of the designed receiver front-end. Two-tone
signals at 2.302 GHz and 2.303 GHz are used as RF input, and
the fundamental IF output power at 2 MHz (or 3 MHz) and IM3
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power at 1 MHz (or 4 MHz) were measured. For the single-
tone test, the IF output power at 2 MHz was measured with a
2.302 GHz RF input. Fig. 17(a) and (b) shows the measure-
ment results. The in-band IIP5 was measured to be —6.6 dBm
and P14 was — 14.5 dBm. The measurement results for the de-
signed digital RF receiver front-end are summarized in Table I.

V. CONCLUSION

In this paper, we described a digital RF receiver front-end
with wideband operation capability for m-WiMAX. The de-
signed system employs a passive sampling mixer and a DT an-
tialiasing filter. By controlling the LO signal, the filtering re-
sponse of the DT filter can be changed flexibly. The modified
FIR filter architecture is further optimized to reduce the number
of required clock signals, simplifying the clock generator and
improving the noise performance. In particular, the NDF filter,
which has no decimation effect, is able to be cascaded to the
conventional FIR filter. The new filter achieves sinc™ func-
tion-type filtering response and can handle a wideband signal.
The new DT filter chain has an attenuation level of about 90 dB
for the 8.75 MHz channel bandwidth signal used in m-WiMAX
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TABLE I
MEASUREMENT RESULTS FOR THE DESIGNED DIGITAL RF RECEIVER
FRONT-END FOR M-WIMAX

Parameter Value
Gain 0 —30dB
NFpsB 5.79 dB (@ max RF gain)
Bandwidth 30 MHz
Attenuation @ n-fg apc 90 dBc (for 10 MHz BW)
11P3 -6.6 dBm
P14 -14.5 dBm
Power Consumption 26.63 mA @ 1.5-V
Active Area (without pads) 1100 pm x 800 pm

applications, and the designed digital RF receiver front-end can
process a signal with the maximum 30 MHz channel bandwidth.
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