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Abstract—Closed-loop filters are widely used in several mixed-
signal systems. They are often preferred to the open-loop gm-C 
counterpart for the intrinsic in-band linearity provided by the 
large in-band loop-gain. Unfortunately, all feedback analog 
filters suffer from poor linearity when the input tones frequency 
is in close proximity to the closed-loop poles frequency, where 
loop-gain reduces. This concept is not included in the Figure-of-
Merit (F.o.M.) widely used in the past to compare different filters 
designs, in different technology processes. In this scenario, the 
aim of this paper is to provide a more complete F.o.M. that 
includes the linearity performance frequency dependence. In 
order to validate these considerations, this work presents and 
models the most relevant harmonic distortion metrics (IIP3 and 
IM3) as a function of the loop-gain frequency behavior. The 
reference schematic is a classical CMOS 0.18µm 1st-order filter 
based on a fully-differential Operational Amplifier (Opamp). 
Finally the whole analog filters State-of-the-Art is compared 
using the classical F.o.M. and the hereby proposed F.o.M. 
Keywords—Continuous-time Filters; Active-RC; Feedback; 
Distortion; Figure of Merit. 

I.  INTRODUCTION  
New generation mobile communication standards, from 4G to 
LTE and 5G, led to an increased data-rate demand in all 
wireless transceivers to be used in portable devices, requiring 
high signal quality and, especially, low power consumption in 
the analog signal processing section.  
Continuous-time analog filters are one of the fundamental 
building blocks, exploited in telecommunications mixed-signal 
systems where the input signal power must be separated from 
interferers and noise. In order to comply with the above 
mentioned evolution trend, several different circuital 
approaches [1]-[8] were proposed in the last years. As a matter 
of fact, every designer focused his attention on the 
improvement of different filter performance, among which pass 
bandwidth [7], noise, linearity[2], power consumption [1],[6] 
and out-of-band selectivity. For this reason, it becomes difficult 
to fairly compare different filters designs in different 
technology nodes. In this context, the following Figure-of-
Merit has been often used [9]: 

ܯ݋ܨ = 10 ∙ log ቀ஻ௐ ∙ ூெி஽ோయ
௉௣௣

ቁ  (1) 

where BW is the filter bandwidth (i.e. the filter frequency 
mask), Ppp is the power-per-pole (expressed as the ratio 
between the filter overall power consumption over the number 
of poles) and IMFDR3 is the 3rd-order inter-modulation 
spurious free dynamic-range given by eq. (2): 

ଷܴܦܨܯܫ  = ቀ  ூூ௉య
 ௏ಿ಺ಿ

ቁ
ర
య

   (2) 

where IIP3 is the 3rd-order input intercept point and VNIN is the 
integrated output noise power; both values are expressed in 
VRMS. This F.o.M. is widely used in telecommunication 
applications where the IIP3 performance has a great relevance 
and where the overall filter specifications (power consumption, 
noise, linearity and frequency mask) are typically more 
stringent than in other mixed-signal systems.  
As a matter of fact, in the last years it was observed [10] that 
closed-loop filters show an IIP3 degradation while the input 
tones frequency approaches the filter cut-off frequency (at the 
same input power). 
Considering the simple case of a classical 1st-order filter based 
on a single Opamp (i.e. inverting amplifier in Fig. 1) the large 
in-band loop-gain guarantees a robust virtual ground and hence 
ideally no signal swing at the Opamp input node. Thus no 
distortion will be introduced by the Opamp input stage.  

 
Fig. 1 Active-RC Filter Scheme (Single-Ended) 

This assumption is valid only if the Opamp has infinite dc-gain 
and unity gain bandwidth. In the real life the Opamp has finite 
gain and bandwidth, and thus the loop-gain reduces while the 
frequency increases. 
This implies that, if the input tones frequency is in close 
proximity to the filter closed-loop poles frequency, then, the 
Opamp input stage experiences a larger voltage swing. This 
increases the overall filter distortion.  
This effect is crucial in telecommunication transceivers, where 
high-linearity performances are required over the entire 
passband.  
A possible approach to mitigate this large frequency distortion 
is to increase the Opamp unity gain bandwidth and/or the 
overdrive voltage of the input stage MOS transistors. Both 
solutions generally lead to higher power consumption which 
usually reduces the filter overall performance, evaluated 
through the F.o.M. 
One of the main purposes of this paper is to model both IIP3 
and IM3 as a function of the loop-gain frequency behaviour, 
exploiting an accurate mathematical model that also includes 
the MOS transistors overdrive voltage. Starting from this 
model, it is possible to express the IIP3 as a function of the 
input tones frequency and thus to update the already used 
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F.o.M. in eq. (1) with a more accurate F.o.M. that accounts for 
the feedback filter degradation over frequency and, in 
particular, near the closed-loop poles. To validate the model, a 
classical 1st-order filter is used as benchmark. 
This paper is organized as follows. Section II presents the 1st 
order Active-RC filter exploited to validate the mathematical 
model. Section III describes the IIP3 and IM3 expressions as a 
function of the loop-gain frequency behaviour. Moreover, the 
improved F.o.M. is here presented and validated, comparing 
the performances of different filters taken from the literature. 
At the end of the paper conclusions will be drawn. 

II. THE 1ST-ORDER ACTIVE-RC FILTER  

A. Filter Design 
The Active-RC filter that will be analyzed is based on the 
scheme in Fig. 1 (in single ended version, while the fully 
differential scheme will be adopted for the following analysis). 
Assuming an ideal Opamp (infinite gain and bandwidth) the 
filter Transfer Function (TF) can be expressed as in the well-
known equation (3): 

௏௢௨௧
௏௜௡

(ݏ) = − ோమ
ோభ

∙ ଵ
ଵା௦ఛయ

   (3) 

where ߬ଷ =  ଵܴଶ. For the following analysis a two stage Millerܥ
compensated amplifier (Opamp) is adopted (Fig. 2). By using a 
Matlab model, the full filter is designed in order to satisfy 
specifications in Table 1. Opamp dc-gain is designed to be only 
40 dBc for enhancing the effect of the virtual ground distortion.  

B. Filter Simulation Results 
Table 2 reports the most important filter and embedded Opamp 
design parameters. On the other hand, Fig. 3 shows: 

• the 1st-order filter frequency response (Filter) 

• the Opamp frequency response (Opamp) 

• the loop-gain amplitude vs frequency (Loop Gain) 

 
Fig. 2: Two-Stage Miller OPAMP Scheme (Fully Differential) 

TABLE 1: FILTER SPECIFICATIONS 
Filter Specifications 

Transfer Function 1st order Low Pass 
Bandwidth 50 MHz 
Dc-Gain 0 dB 

IRN 40 nV/√۶ܢ 
OPAMP specifications 

Dc-Gain 40 dB 
Unity Gain Bandwidth 230 MHz 

Phase Margin 85° 
IRN 5 nV/√۶ܢ 

TABLE 2: FILTER DESIGN PARAMETERS 
Parameter Value Parameter Value 
W/LM1-M2 10 µm/300 nm W/LM9 200 µm/300 nm 
W/LM3-M4 10 µm/300 nm W/LM10 100 µm/300 nm 
W/LM5-M6 10 µm/300 nm IDC 50 µA 
W/LM7-M8 100 µm/300 nm CC 250 fF 

RC 1.36 kΩ C1 238.5 fF 
R1 10 kΩ R2 10 kΩ 

 
• the ratio Vm/Vin, which represents the signal gain at the 

Opamp inverting node w.r.t. the input signal. 
While frequency approaches the filter cut-off frequency, loop 
gain decreases from its dc-value more than 20dB. As a 
consequence, the Opamp input signal swing amplitude (i.e. the 
ratio Vm/Vin) increases of the same 20dB value. Fig. 4 shows 
IIP3 and IM3 performances vs frequency, for a 10 mV0-peak 
differential input signal. As can be noticed, at low frequency 
IM3 distortion is as low as -108dB, as a consequence of the 
small output signal (if compared to the overdrive voltage 
(100mV)) and as a consequence of the high loop gain that 
guarantees the virtual ground (i.e. a very small signal swing) at 
the Opamp input node. When loop gain reduces, close to the 
closed loop poles (50 MHz), Opamp input stage senses a more 
than 20dB higher signal swing that leads to an IM3 distortion 
increase of about 10dB. Notice that, since linearity enters in the 
F.o.M. evaluation, large F.o.M. variations results changing the 
input tones frequency. 

 
Fig. 3: Filter Simulated Frequency Responses and phase 

 
Fig. 4: Filter Linearity Performances vs frequency (Measured) 
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Fig. 5: Filter Linearity Performances vs frequency (Model) 

 
Fig. 6: Classical and Updated 1st order filter F.o.M. vs Frequency 

III. FREQUENCY-DEPENDENT LINEARITY LIMITATIONS 

A. Mathematical Model 
The following mathematical model is based on the 1st-order 
active-RC filter introduced in section II. The same results can 
be obtained, with the appropriate changes in the formulae, for 
any feedback filter circuital topology. 
For the 1st-order filter, distortion has two main contributions 
given by non-linearities in the Opamp input and output stage. 
The overall 3rd order Inter-Modulation distortion (IM3) is 
related to the input stage contribution (IM3in) and output stage 
contribution (IM3out) as (4)[1]: 

ଷܯܫ = ଷ௜௡ܯܫ + ଷ௢௨௧ܯܫ   (4) 

The Opamp input stage is a differential pair and the IM3in can 
be expressed as in (5) [11]: 

ଷܯܫ = ଷ
ସ

∙ ௏೔೙
మ

(ଵା|்(௝ఠ)|)మ∙௏೚ೡ
మ ∙ ଵ

଼∙(ଵା|்(௝ఠ)|)
∙ ଵ

ଵା(ఠఛయ)మ (5) 

where ௜ܸ௡ is the signal swing amplitude at the filter input, ௢ܸ௩  is 
the transistors M1-M2 overdrive and T(݆߱) is the Loop-Gain 
given by (6): 

ܶ(݆߱) = ஺బ∙ோభ
ோభାோమ

∙ (ଵା௝ఠఛయ)
(ଵା௝ఠఛభ)∙(ଵା௝ఠఛమ)∙(ଵା௝ఠ∙಴భೃభೃమ

ೃభశೃమ
)
 (6) 

where ߬ଵ and ߬ଶ are the two Opamp time constants and ܣ଴ is 
the Opamp dc-gain. The first term is derived from the classical 
expression of the distortion in a MOS transistor as the ratio 
between the input signal swing, sensed by the transistor, and 
the overdrive voltage. In this case, because of the feedback 
presence, the signal swing, that the transistor in the Opamp 

input stage senses, is the filter input signal swing reduced by a 
factor (1 + |ܶ(݆߱)|), depending on the loop gain module. The 
second term represents the ratio between the third harmonic 
distortion and linear gain in a differential pair, which is again 
reduced by the presence of the feedback. Finally, the third term 
accounts for the filter shaping. Since the loop gain module is 
frequency dependent, IM3 as well becomes frequency 
dependent, as it was intuitively supposed and observed in 
simulation. 
On the other hand, IM3out can be assumed constant with 
frequency, since output swing does not depend on frequency. It 
can be measured from the overall IM3 simulation results, at low 
frequency, where IM3in contribution is likely negligible, being 
the loop gain high. While frequency increases and |T(݆߱)| 
decreases, the overall distortion becomes to be dominated by 
the input stage contribution. 
Since 3rd order Input Intercept point (IIP3) can be expressed as 
the ratio between input tones power and the square root of the 
Inter-Modulation distortion (IM3) it is possible to derive a 
model for the IIP3 too as (6): 

ܫܫ ଷܲ = ௏೔೙
ඥூெయ

= ටଷଶ∙(ଵା(ఠ஼భோమ)మ)∙(ଵା|்(௝ఠ)|)య∙௏೚ೡ
మ

ଷ  (6) 

Fig. 5 reports the simulated results obtained with the above 
described model and compares it with measured results. As it 
can be seen, there is a good matching between predicted (lines) 
and measured (markers) results that validates the proposed 
mathematical model. 

B. The Updated Figure of Merit 
As said before, equation (1) is one of the most exploited Figure 
of Merit in the literature. Its strength lies in the fact that it is 
able to compare totally different filter circuital topologies only 
through their performances of pass bandwidth, linearity 
(through the IIP3 performance), noise rejection, out-of-band 
selectivity and power consumption. Although, this F.o.M. does 
not account for the above described feedback filters linearity 
degradation while input tones frequency increases. For this 
reason, equation (1) is here modified, becoming (7): 

.ܨ .݋ .ܯ (݌ݑ) = 10 ∙ log(஻ௐ ∙ ூெி஽ோయ
௉௣௣

∙ ௙಺ಾయ,ಽ೚ೢ
௙಴ೠ೟_೚೑೑

) (7) 

where ܹܤ,  were defined in the ݌݌ܲ ଷ andܴܦܨܯܫ 
introduction, while ஼݂௨௧_௢௙௙ is the filter cut-off frequency and 

ூ݂ெଷ,௅௢௪ is the 3rd order inter-modulated lower tone, which is 
given by (8): 

ூ݂ெଷ,௅௢௪ = 2 ∙ ௅݂ − ு݂   (8) 

where ௅݂  is the lower frequency and ு݂ is the higher frequency 
of the two tones used in the IM3 linearity test. Usually 
bandwidth and cut-off frequency coincides they can be 
simplified in equation (7). 
Fig. 6 shows the two F.o.M. evolution trend versus frequency, 
in the case of the 1st-order filter illustrated above. As it can be 
seen, the classical F.o.M. follows the IIP3 frequency 
dependence, as expected, since IIP3 is the only frequency-
dependent term in (1). On the other hand, the updated F.o.M. 
increases with frequency as long as IIP3 remains constant, and 
then it can increase less steeply (as in this case) or even 
decrease according to the transistor-level and system 
parameters. When both F.o.M. reach the filter closed-loop 
poles frequency, they overlap, as expected.  
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TABLE 3: FILTERSTATE OF THE ART COMPARISON 

*Common mode feedback Circuit not included 

 
Fig. 7: Classical and Updated F.o.M. State-of-the-Art Comparison 

According to (1), two filters having the same IIP3 performance 
(and the same noise, bandwidth and Power per pole), they also 
have the same F.o.M. value, regardless of the input tones 
frequency at which the IIP3 performance is evaluated. On the 
other hand, with the updated F.o.M., the highest the input tones 
frequency (i.e. the closer to the cut-off frequency), the higher 
the F.o.M. 

C. Comparison with the State of Art 
In order to test the updated F.o.M. behavior and to validate this 
work’s results, a comparison between different filters with 
similar pass bandwidth and performances, taken from the State 
of the Art, is here reported 
Table 3gathers and compares filters performances and reports 
the results of the evaluation made with the two different F.o.M. 
Fig. 7 graphically summarize the evaluation results according 
to the classical F.o.M. and according to the modified F.o.M. As 
it can be seen, if the input tones frequency is in close proximity 
to the filter bandwidth, as for [9], the two F.o.M. are almost 
overlapped. On the other hand, if the ூ݂ெଷ,௅௢௪ term is far from 
the filter cut-off frequency, the F.o.M. worsens, as for [2]. 

IV. CONCLUSIONS 
This paper shows, through the analysis of a classical 1st order 
filter, that linearity frequency dependence in feedback-based 
filters, has an important role while filters performances are 
evaluated and compared with the state of the art. 

 

 
For this reason, the classical F.o.M. introduced by [10], is here 
updated, accounting for the IIP3 frequency dependence. 
Moreover, a mathematical model that relates IIP3 and 
frequency in closed-loop filter is here introduced and validated 
through simulation results, allowing also a mathematical 
validation of the proposed updated F.o.M. 
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Abstract—This� paper� presents� the� design� in� 28nm-CMOS�
technology�of�a�100MHz� -3dB-bandwidth� analog� filter�based�on�
the�Flipped-Source-Follower�stage.�The�filter�performs� large� in-
band�linearity�thanks�to�a�proper� local� loop,�whose�optimization�
at� design� level� can�be� shielded� from� the� Source-Follower� input�
transistor� that� dominates� the� noise� power.� This� enables� better�
noise/linearity�trade-off�vs.�power�efficiency�comparing�with�the�
Source-Follower�filters�state-of-the-art.�The�circuit�implements�a�
4th-order� Butterworth� low-pass� transfer� function� and� achieves�
12.5dBm� IIP3� at� 968μW�power� consumption� from� a� single� 1V�
supply� voltage.� The� in-band� noise� power� spectral� density� is�
8nV/√Hz� resulting� in� an� in-band� integrated� noise� of� 98μVRMS.�
Total�Harmonic�Distortion�at�20�MHz�is�-40dB�with�-6dBm�single�
tone� output� signal,� resulting� in� 64dB� Dynamic� Range.� The�
achieved� Figure-of-Merit� (160.5� J-1)� compares� very� favorably�
with�the�state-of-the-art.��

Keywords—Analogue Circuits, Analogue Integrated Circuits, 
Analogue Filters. 

I.� �INTRODUCTION�
In� the� last� years,� the� Source� Follower� (SF)� circuit� has� been�
widely� used� for� efficient� continuous-time� analog� filters�
implementation� [1]-[3],� since� it� exhibits� very� large� in-band�
linearity� and� very� limited� noise� power,� thanks� to� the� local�
feedback.� Moreover,� it� is� composed� by� only� one� MOS�
transistor� (MOST)� and,� then,� it� has,� intrinsically,� very� low�
circuital� complexity� (limited�nodes� count).� In�fact,� the�SF�has�
only�one�possible�parasitic�node�which�corrupt�high-frequency�
transfer� function� and,� thus,� it�well� adapts� to� broad� bandwidth�
applications,� like� 4G,� 5G,� WLAN� where� the� baseband�
frequency� is� up� to� 50�MHz� and� beyond,� being� an� interesting�
solution� for� the� implementation� of� highly� demanded� single-
chip�advanced�telecommunications�standards�terminals�[2][3].�
In� the� last� years,� several� papers� in� literature� proposed�
interesting� and� efficient� design� solutions� complying� with� the�
stringent� requirements� of� the� telecommunication� receivers�
baseband� chain� [3]-[6].� Recently� in� [3],� the� single� transistor�
source�follower�has�been� improved�by�an�additional� feedback�
path� that� allows� separately� optimizing� the� input� MOST�
operation� (in� terms�of�power�and�noise)�and� the�loop-gain� (in�
terms� of� linearity� and� frequency� response� sensitivity).� This�
solution� achieves� very� efficient� performance� in� line� with� the�
requirements�of�4G�baseband�transceivers.�The�only�drawback�
is� the� exhibited� linearity� reduction� at� the� edge� of� the� signal�
bandwidth,�which�forces�to�overdesign�linearity�performance�in�
the� signal�band.� The� developed� structure� is� gm-C-like,�where�
both� NMOS� and� PMOS� transconductances� set� the� desired�

poles� frequency.� This,� however,� suffers� from� the� poor�
matching� between� NMOS� and� PMOS� which� have� different�
mobility,�threshold�voltage�and�conductivity�factors.�
For� these� reasons,� [4]� proposed� an� improved� Super-Source-
Follower� (SSF)� solution,� where� a� Flipped-Source-Follower�
(FSF),� using� two�NMOS� devices,� is� used� instead� of� NMOS-
PMOS� SSF.� This� paper� reports� the� most� relevant� design�
equations� for� a� filter� prototype� in� 0.18μm-CMOS� technology�
and� validates� the� proposal� by� extensive� simulations� results.�
Experimental� results�in�similar�0.18μm-CMOS�technology�are�
reported� in� [5]� and� [6],� for� filters� implementing� 31MHz� and�
20MHz� respectively,� both� performing� very� large� in-band�
linearity�and�achieving�very�high�Figure-of-Merit�(163.1�J-1�and�
165.2� J-1).� These� results� definitively� demonstrate� the� FSF�
potentialities� for� continuous� time� analog� filters� development.�
However,� such� implementations� take� advantage� of� the� large�
headroom�offered�by�the�0.18μm-CMOS�1.8V�supply�for�both�
operating� point� and� signal� swing,� allowing� high� overdrive�
voltages�that�increase�linearity�performances.�This�situation�can�
no� longer� be� exploited� as� soon� as� the� supply� scales� in� scaled�
technologies.�
Starting� from� these� results,� this� paper� extends� the� FSF�
development� in� two� critical� directions,� interesting� for� future�
transceivers,� i.e.� the�realization� in� the�ultra-scaled�28nm-bulk-
CMOS�node,�operating�at� lower�supply� (1V)�and�with� poorer�
MOS� devices� analog� behavior,� and� the� -3dB-bandwidth�
extension�up� to� 100MHz,� i.e.�>3x� increase�w.r.t.� the� state-of-�
the-art�[5].��
The� 28nm-CMOS� prototype� implements� a� 4th-order� transfer�
function� with� 100MHz� -3dB-bandwidth� and� 0.026mm2� area�
occupancy,� achieving� 12.5dBm� IIP3� and� consuming� 968μW�
from�a�single�1V�supply�voltage.�These�performances�allow�a�
very�positive�comparison�with�the�state-of-the-art.�

II.� THE�FLIPPED-SOURCE-FOLLOWER�(FSF)�FILTER�
The� proposed� biquadratic� cell� schematic� is� shown� in� Fig.� 1.�
Two�stacked�NMOS� transistors� (M1�and�M2)� share� the� same�
current� from� the� current� mirror� M3,� with� very� accurate�
transconductances� ratio.� The� feedback,� implemented� through�
M2,�reduces�M1�output�impedance�with�respect�to�the�case�of�a�
single� NMOS� Source-Follower.� In� this� way,� the� very� low�
output� node� impedance� makes� negligible� the� noise� power�
coming�from�M2,�since�the�equivalent�noise�current�source�will�
flow� by� a� very� low� impedance� node.� Fig.� 1� shows� also� the�
output�resistances�(rds1�,�rds2�,�rds3)�of�all�used�MOST�that�affect�
both�filter�transfer�function�and�loop-gain.�
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�

Fig.��1�–�Flipped-Source-Follower�NMOS�Biquadratic�Cell�

Table�1�–�Filter�Design�Paramters�
Transfer Function 4th-Order Low-Pass

dc-Gain 0dB
Poles�Frequency� 100�MHz

Cell�A�Q�Factor�� 1.306� Cell�B�Q�Factor� 0.5412
Cell�A�gm1-�gm2� 1.8�mA/V� Cell�B�gm1- gm3 1.8�mA/V�
Cell�A�-�C1a� 4.8�pF� Cell�B�-��C1b� 1.99�pF�
Cell�A�-��C2a 1.75�pF Cell�B�-��C2b 3.98�pF�

�
This�cell�has�several�relevant�advantages,�such�as:�
�� low�output�impedance�and�low�output�noise�power;�
��minimum�power�(one�single�branch�to�be�biased);�
�� separated�M1� and�M2� optimization� for� noise� (M1)� and� in-
band� linearity� (M2),� since� the� loop-gain� is,� in� first�
approximation,�dependent�on�M2�transconductance�(gm2)�and�
rds3�small�signal�resistance,�whereas�the�noise�power�is�linked�
to�the�M1�equivalent�noise�source.��

A. Operating Point and Signal Swing 
The� M1-M2� configuration� becomes� very� critical� when�
operating� at� 1V� supply� in� 28nm-CMOS,� in� particular� for�
maximizing� input� and� output� signal� swing.� An� accurate�
operating�point�analysis� and�control� is�necessary,�in�particular�
for�M1�drain,�source�and�gate�bias.��
The� cell� input� common�mode�voltage� (Vin,CM� on�M1� gate)� is�
limited�by�the�following�relation:��

்ܸ ு + 2ּ ைܸ௏ < ௜ܸ௡,஼ெ < 2 ∙ ்ܸு + ைܸ௏���� (1)�

where� VTH� and� VOV� are� threshold� and� overdrive� voltage,�
respectively.�In�28nm-CMOS,�VTH≈0.45V.�Moreover,�in�order�
to�minimize�power�supply�request,�all�MOST�operate�in�weak�
inversion�with�VOV�of�75mV.�The�Vin,CM�has�then�to�be�include�
between� 0.6Vand� 1V� In� order� to� offer� some� safe� margin� for�
operation� from� a� single� 1V� supply� (VDD),� this� design� adopts�
Vin,CM=0.8V,�to�guarantee�the�filter�input�signal�swing.�
The�M1�drain�node�voltage�(VD1)�and�the�source�node�voltage�
(Vout)�are�respectively�limited�by�eq.�2�and�eq.�3:�

்ܸ ு + ைܸ௏ < ஽ܸଵ < ஽ܸ஽ − ைܸ௏���� � (2)�

ைܸ௏ < ௢ܸ௨௧ < ்ܸ ு ��������� �� (3)�

Since�M1� drain� node� is,� if� properly� biased,� a� low� impedance�
node�(≈1/gm2),�it�experiences�a�very� limited�signal� swing� that�
further� increases� the� cell� linearity.� Nonetheless� eq.� 3� gives� a�
clear� output� swing� limitation� that,� however,� allows�
approximately�175mV0-peak�single-ended�output�swing.�

The� constraints� in� eq.� 1-3� allow� the� cascade� of� two�
complementary� biquad� cells,� recovering� the� common� mode�
voltage� and,� at� the� same� time,� maintaining� the� same� output�
signal�swing.�This�is�here�exploited�to�increase�the�filter�order.�

B.   Transfer Function 
The�filter�transfer�function�is�given�by�eq.�4:�

(ݏ)ܶ ≅ ଵ
௦మ∙ ಴భ∙಴మ

೒೘భ∙೒೘మ
ା௦∙ ಴భ೒೘భ

ାଵ
� � � (4)�

This�is�that�of�a�2nd-order�low-pass�filter�with�0dB�dc-gain,�and�
whose�poles�frequency�(ω0)�and�quality�factor�(Q)�are�equal�to:�

߱଴ ≅ ට
௚೘భ∙௚೘మ
஼భ∙஼మ

�� ���and�����ܳ ≅ ට௚೘భ
௚೘మ

∙ ஼మ
஼భ
�� � (5)�

These� approximations� and,� thus,� the� filter� capability� to�
accurately� synthesize�a� specific� complex�poles�pair,� critically�
depend�on�the�loop-gain,�that�has�to�be�sufficiently�large.��
At�low�frequency�the�loop-gain�of�the�FSF�stage�is:�

௅ைை௉,଴ܩ ≅ −௚೘మ∙௥೏ೞమ ∙௥೏ೞయା௚೘భ∙௚೘మ∙௥೏ೞభ ∙௥೏ೞమ ∙௥೏ೞమ
௥೏ೞభା௥೏ೞ ା௥೏ೞ ା௚೘భ∙௥೏ೞభ∙௥೏ೞమ

≅��������������(6)�

≅ −݃௠ଶ ∙ ௗ௦ଷݎ ≅
ଵܫ

݊ ∙ ௧ܸ௛௘௥௠௔௟
∙

ܮ
ேᇱߣ ∙ ଵܫ

=
ܮ

ேᇱߣ ∙ ݊ ∙ ௧ܸ௛௘௥௠௔௟
�

where�I1�is�the�current�flowing�by�M1-M2�transistors,�L�is�the�
M3�transistor�length,�n�is�the�sub-threshold�slope,�λ�the�MOS�
channel�modulation�length�factor�and�Vthermal=25mV.�This�is�a�
critical�guideline� in�28nm-CMOS�circuit�design,�where�MOS�
output�impedance�is�very�low.�For�this�reason,�to�achieve�this�
target,� without� increasing� power� consumption,� each� MOS�
device� gate� length� L� is� set� non-minimum� (L=250nm).� This�
results�in�a�32dB�dc�loop-gain.�

C. Noise 
The�cell�in-band�input�referred�thermal�noise�is�given�by�eq.7:�

ଶܴܰܫ ≅ ௩೙భమ

∆௙
+ ቀ௩೙మ

మ

∆௙
ቁ ∙ ቀ ଵ

௚೘భ∙ோ೏ೞ
ቁ
ଶ
+ ቀ௩೙య

మ

∆௙
ቁ ∙ ቀ௚೘య

௚೘భ
ቁ
ଶ
≅ ௩೙భమ

∆௙
����(7)�

where�௩೙భ
మ

∆௙
,� ௩೙మ

మ

∆௙
� and� ௩೙య

మ

∆௙
� are� the�M1-M2-M3� equivalent� thermal�

noise� voltage� sources� and� they� are� in� first� approximation�
(neglecting� the� flicker� noise� contribution� for� such� large�
passband)�given�by�the�eq.�8:�

௩೙೔
మ

∆௙
ቚ
௜ୀଵ,ଶ,ଷ

≅ ଵ଺
ଷ
∙ ݇ ∙ ܶ ∙ ଵ

௚೘೔
ቚ
௜ୀଵ,ଶ,ଷ

 � (8)�

As�shown�in�eq.7,�this�cell�dominant�noise�contribution�comes�
from� the� M1� transistor� thermal� noise,� while� M2� and� M3�
contributions� are� in� first� approximation� negligible,� thanks� to�
the� follower� low� output� impedance� (Rout≈1/(gm1∙gm2∙rds1)),�
enhanced�by�a�large�loop-gain.�In�fact,�the�loop�gain�dc-gain�is�
in� first� approximation�only�dependent�on�gm2�and�rds3,�which�
is�designed�to�be�large,�as�already�stated�in�this�paper.�
The� target� of� 8� nV/√Hz� noise� PSD� for� a� 4th-order� low� pass�
filter,� composed� by� two� biquad� cells,� is� achieved� with�
gm=1.8mA/V�for�242μA�bias�current�in�each�cell.�This�forces�
such� large� capacitances� (C1a,b� &� C2a,b� >� 1.75pF)� values� that�
guarantee� frequency� response� robustness� w.r.t.� parasitic�
capacitance,�a�critical�aspect�for�such�gm/C-like�filters.�
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Fig.��2�–�Flipped-Source-Follower�4th-order�Filter�–�Single-Ended�Branch

Table�2�–�Filter�Performance�Resume�
Parameter� Value

Transfer�Function 4th-Order�Low�Pass
CMOS�Technology� 28�nm@1V�
Power�Consumption� 968�μW

dc�gain� -2.6 dB�
-3dB�Bandwidth� 100�MHz

In-Band�IRN�(Simulated)� 8nV/√Hz�
Output�In-Band�Integrated�Noise�(Sim.)� 98�ȝVRMS�
THD�-�(VOUT=0.16V0-PEAK@20MHz) -40�dB

SNR@THD=40dBc� 61.25�dB�
Input�IP3�- (VIN1@10MHz�+�VIN1@11MHz)� 12.5dBm�
Input�IP3�-�(VIN1@50MHz�+�VIN1@55MHz)� 2.5dBm�

�
Fig.��3�–�Chip�and�Layout�Photo�

III.� EXPERIMENTAL�RESUTS�
The�presented�biquad�cell�is�used�as�basic�building�block�for�a�
pseudo-differential�4th-order� low-pass� filter� (Fig.�2�shows� the�
transistor� level� scheme),� synthesizing� a� Butterworth� transfer�
function,�whose�main�design�parameters�are�shown�in�Table�1.�
The�filter�adopts�the�cascade�of�a�1st-PMOS�and�a�2nd-NMOS�
FSF�biquadratic�cells,�enabling�in�this�way�the�input�common�
mode� voltage� recovery.� The� first� cell� synthesizes� the� lower�
quality� factor� (i.e�Q1=0.5412),�improving� this�way� the�whole�
filter� linearity� at� the� cost� of� a� slight� noise� power� increasing.�
The�filter�prototype�has�been�integrated�in�28nm-bulk-CMOS�
node�and�the�total�area�is�0.026�mm2.�Layout�and�chip�photos�
are�shown�in�Fig.��3.�
Table� 2� summarizes� the� most� relevant� performance� of� the�
filter.�Each�biquad�(A�and�B)�consumes�approximately�242μA�
at�1V�supply.�Fig.��4�shows�the�measured�frequency�response�
of� the� filter� prototype.� The� filter� cut-off� frequency� can� be�

programmed� by� tuning� independently� the� reference� currents,�
IREFa� and� IREFb� for� the� 1st� and� the� 2nd� cell� respectively.� From�
Fig.� � 4� b),� a� very� small� ripple� (1dB)� has� been� observed�
between�minimum�and�maximum�tuning�range,�corresponding�
to�85MHz�and�120MHz,�respectively.�Moreover,�the�measured�
dc-gain� decreases� down� to� -2.6dB� due� to� the� output� buffers�
non-ideal� behavior.� Nonetheless,� such� output� buffers� are�
necessary� in� a� test� chip� realized� in� nanoscale� technology� in�
order�to�drive�the�measurement�probes�parasitic�capacitances.�

�
a)�Whole�Bandwidth�Frequency�Response�

�
b)�Bandwidth�Edge�Frequency�Response�

Fig.��4�–�Frequency�Response�

�

Fig.��5�–�1dB�Compression�Point�with�one�tone�at�10MHz�
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�

Fig.��6�–�Output�Spectrum�with�20MHz�Input�Signal�

�

Fig.��7�–�Output�Spectrum�with�10&11MHz�Input�Signal�

�

Fig.��8�–�IIP3�at�10&11MHz�Input�Signal�

�

Fig.��9�–�Figure-of-Merit�vs.�CMOS�LMIN�

The�filter�linearity�performances�have�been�evaluated�in�terms�
of� both� single� and� two� tones� test.� The� measured� 1dB-
Compression-Point�at�20�MHz� (to� include�up�to�5th-harmonic�
effect)� is�2.65� dBm�and� the�corresponding� curve� is�shown� in�
Fig.� � 5.� Fig.� � 6� shows� the� output� signal� spectrum� when� the�
filter� is� stimulated�with�a� 20MHz-320mVpp�amplitude� signal.�
Output�power�at�20MHz�is�-8.5dBm�(i.e.�240mVpp)�and�THD�
is� about� -40dB.� The� 2nd-order� harmonics� due� to� the� pseudo�
differential�configuration�is�maintained�below�-47dB�thanks�to�
careful� layout.� Fig.� � 7� shows� the� two-tones� output� spectrum�
(10&11MHz).�The�higher�intermodulation�product�power�is�at�

12�MHz�and�gives�-58�dB�IM3.�This�results�in�12.5�dBm�IIP3�
as�illustrated�in�the�reference�curve�in�Fig.��8.�

IV.� CONCLUSIONS�
In�this�paper�a�1V�28nm-CMOS�analog�filter�based�on�the�FSF�
stage� is� presented.� The� filter� achieves� 100MHz� -3dB�
bandwidth� and� 12.5dBm� in-band� IIP3� at� 968μW� power�
consumption.�Fig.� � 9� shows� a�comparison�between� this� filter�
prototype� and� the� state-of-the-art� in� terms� of� Figure-of-Merit�
(FoM)� [3]� vs.� CMOS� technology� node� (i.e.� vs.� minimum�
channel�length�LMIN):��

ܯ݋ܨ = 10 ∙ ݋݈ ଵ݃଴
ூெி஽ோయ∙௙షయ೏ಳ∙ே

௉ௐ
∙ ௙಺ಾ ,ಽೀೈ
௙ುೀಽಶೄ

���� �(9)�

PW� is� the� total� power� consumption,� f-3dB� is� the� cut-off�
frequency,� N� is� the� number� of� poles,� and� IMFD3� is� the�
spurious-free� IM3.�Such�FoM�takes�into�account� the�distance�
of� the�inter-modulation�products�from�the�poles�frequency�by�
including� the� ratio� between� the� lower� frequency� 3rd-order�
inter-modulation� tone� (fIM3,LOW)� and� the� poles� frequency�
(fPOLES),�as�discussed�in�[3].�The�filter�achieves�the�significant�
160.5�J-1�FoM,�outperforming�analog�filter�implementations�in�
scaled�node�(<130nm)�and,�in�particular,� those�with�the�same�
structure,� demonstrating� that� advanced� design�enables� 28nm-
CMOS�analog�filters�for�future�SoC�wireless�transceivers.�

ACKNOWLEDGMENT�
This� work� has� been� supported� by� the� “AnyThing”� project�
(within�Research�Projects�of�National�Interest�(PRIN�2015)).�

REFERENCES�
[1]� Lee,�In-Young,�et�al.�"A�50–450�MHz�Tunable�RF�Biquad�Filter�Based�

on�a�Wideband� Source� Follower�With>�26� dBm� IIP3,+�12� dBm�P1dB�
and� 15� dB�Noise� Figure."� IEEE Journal of Solid-State Circuits� 50.10�
(2015):�2294-2305.�

[2]� D'Amico,�S�et�al.�"A�4.1-mW�10-MHz�fourth-order�source-follower-
based�continuous-time�filter�with�79-dB�DR."�IEEE Journal of Solid-
State Circuits�41.12�(2006):�2713-2719.�

[3]� De�Matteis,�M.,� et� al.� "A� 33�MHz�70� dB-SNR� super-source-follower-
based�low-pass�analog�filter."�IEEE Journal of Solid-State Circuits�50.7�
(2015):�1516-1524.�

[4]� De�Matteis,� M.� and� Baschirotto� A.� "A� Biquadratic� Cell� based� on� the�
Flipped-Source-Follower� Circuit."� IEEE Transactions on Circuits and 
Systems II: Express Briefs�64.8�(2017):�867-871.�

[5]� Xu,� Yang,� et� al.� "A� 0.6�mW� 31MHz� 4� th-order� low-pass� filter�with+�
29dBm� IIP3� using� self-coupled� source� follower� based�biquads� in� 0.18�
μm�CMOS."�VLSI Circuits (VLSI-Circuits), 2016 IEEE Symposium on.�
IEEE,�2016.�

[6]� Xu,�Yang,� et�al.� "A�0.65�mW�20MHz�5� th-order� low-pass� filter�with+�
28.8� dBm� IIP3� using� source� follower� coupling."� Custom Integrated 
Circuits Conference�(CICC),�2017�IEEE.�IEEE,�2017.�

[7]� P.�Wambacq,�et�al.�“A�5th-order�880MHz/1.76GHz�active�low-pass�filter�
for�60GHz�communications�in�40nm�digital�CMOS”�in�European  Solid-
State Circuits Conf.�(ESSCIRC),�Seville,�Spain,�2010,�pp.�350–353.�

[8]� A.� Vasilopoulos,� et� al.� “A� Low-Power� Wideband� Reconfigurable�
Integrated�Active-RC�Filter�With�73�dB�SFDR”.�IEEE Journal of Solid-
State Circuits,�vol.�41,�no.�9,�Sept.�2006,�pp.�2326–2338.�

[9]� M.� Mobarak.� “Attenuation-predistortion� linearization� of� CMOS� OTA�
with� digital� correction� of� process� variations� in� OTA-C� filter”.� IEEE 
Journal of Solid-State Circuits,�Vol.45,�No.�2,�Feb.�2010,�pp.�351–367.�

[10]� M.� Oskooei,� et� al.� “A� CMOS� 4.35-mW� 22-dBm� IIP3� continuously�
tunable� channel� select� filter� for� WLAN/WiMAX� receivers”� IEEE 
Journal of Solid-State Circuits, vol.�46,�no.�6,�Jun.�2011,�pp.�1382–1391.

301

Authorized licensed use limited to: UNIVERSITA BICOCCA MILANO. Downloaded on August 11,2020 at 14:49:24 UTC from IEEE Xplore.  Restrictions apply. 



A 28nm bulk-CMOS 50MHz 18 dBm-IIP3 Active-
RC Analog Filter based on 7 GHz UGB OTA 

F. Fary, L. Mangiagalli,  E. Vallicelli, M. De Matteis and A. Baschirotto 
Department of Physics ‘G. Occhialini’-University of Milano-Bicocca, Milan, Italy 

f.fary@campus.unimib.it, l.mangiagalli@campus.unimib.it, marcello.dematteis@unimib.it, andrea.baschirotto@unimib.it
 

Abstract—This paper presents the design and the experimental 
validation of a 6th-order continuous-time low-pass filter in 28 nm 
bulk-CMOS, based on the cascade of 3 Rauch biquadratic cells. 
Each cell exploits a broad-bandwidth Operational Transcon-
ductance Amplifier (OTA), without Miller compensation scheme 
for differential Loop Gain stability. This maximizes the OTA unity 
gain bandwidth, with no power increase w.r.t classical 
compensation schemes, and improves both frequency response 
accuracy and linearity over the filter pass-band. This aggressive 
design choice is sustained by the higher 28 nm CMOS transistor’s 
transition frequency and by the intrinsic feature of the Rauch cell, 
whose R-C feedback/direct path nets introduce two poles and two 
zeros that self-compensate the differential loop-gain. On the other 
hand, the proposed OTA only exploits a compensation scheme for 
the common-mode signal stability, which does not affect the 
differential signal. The prototype synthesizes 50 MHz low-pass 
frequency response at 3.3 mA current consumption from a single 
1.1 V supply and performs 18 dBm and 16.5 dBm Input IP3 for 
10&11 MHz and 40&41 MHz input tones, equalizing the linearity 
performance over the filter pass-band, just thanks to the OTA 
wider bandwidth. This finally allows 153 dBJ-1 and 158 dBJ-1 
Figure-of-Merit at 10&11 MHz and 40&41 MHz input tones.  

Keywords — Active Filters, Analog Integrated Circuits, 
Baseband, Low-Pass Filters, 28 nm CMOS Technology. 

I. INTRODUCTION  
The request for large bandwidth (up to 25/50 MHz in 5G 

communication), high out-of-band selectivity and high linearity 
(over the whole pass-band) is becoming very stringent for state-
of-the-art telecom transceivers [1]. In order to maximize 
linearity, classical broadband active filter implementations 
exploit closed-loop topologies based on Operational Transcon-
ductance Amplifiers (OTA). To get sufficient loop-gain phase 
margin, such OTAs are internally compensated by specific 
circuital solutions. Miller compensation [2] [3], for example, 
allows reliable operation in feedback circuits, but it is 
intrinsically inefficient, since Unity Gain Bandwidth (UGB) is 
reduced by the characteristic poles splitting. 
Feed-forward compensation scheme is an interesting alternative. 
The introduction of an additional left-half-plane zero practically 
cancel the phase degradation due to the non-dominant pole in 
classical two-stage OTAs, but, unfortunately, it requires a 
dedicated direct path stage (typically a parallel differential stage) 
synthesizing a large transconductance (and thus power 
consumption increase). Moreover, pole-zero doublet mismatch 
is another aspect to be carefully taken into account in this type 
of compensation scheme.  
This paper investigates an alternative option that exploits Rauch 
biquadratic (biquad) cells, where the OTA adopts a differential 
stage and a class-A output stage without any differential signal 
compensation scheme. This, combined with the Rauch cell 

characteristics, maximize the open-loop UGB with significant 
improvements in transfer function accuracy and linearity. In 
fact, the virtual ground principle is extended over the whole 
pass-band, ensuring high and equalized linearity performance, 
not degraded by the reduced loop-gain at the cut-off frequency. 
The OTA only exploits a dedicated Common-Mode-Feedback 
(CMFB) circuit to guarantee common-mode signal loop stabi-
lity, without bandwidth reduction since it does not affect the 
differential signal. The proposed technique has been used to 
design a 6th-order Rauch-based continuous-time analog filter in 
28 nm bulk-CMOS with 50 MHz -3 dB-bandwidth, performing 
constant linearity over the entire filter pass-band (18 dBm and 
16.5 dBm Input IP3 for 10&11 MHz and 40&41 MHz input 
tones, respectively).  
This paper is organized as follows. Section II introduces the 
design choices and Section III presents experimental results of a 
complete electrical characterization of the filter in both static 
(operating point and power consumption) and dynamic 
(frequency domain) conditions. At the end of the paper 
conclusions will be drawn. 

II. FILTER DESIGN 
The proposed filter synthesizes a 6th-order low-pass transfer 

function, exploiting the cascade of three biquadratic cells 
(complying this way with the higher out-of-band selectivity 
requirements imposed by out-of-band noise rejection specifi-
cations in advanced telecom receivers), each one realized with 
the Rauch multipath biquad topology, as shown in Figure 1. 
Such biquad cells exploit a single OTA (transistor-level scheme 
in Figure 2) which adopts the cascade of two gain stages without 
the classical Miller differential signal compensation scheme. 
This enhances the single biquad loop-gain bandwidth with 
consequent improvements in terms of transfer function accu-
racy, power-per-pole and linearity performances. This solution 
avoids any differential stability issues for two main reasons: 
 Rauch cell loop-gain transfer function has two zeros and two 

poles depending on the R-C feedback and direct path nets 
(whose time constants are in the same order of magnitude). 
Thus, assuming ideal active stages (infinite gain and 
bandwidth OTA), the loop-gain is self-compensated. 

 At higher frequencies, loop-gain and OTA magnitude 
frequency responses coincide. W.r.t. Figure 1, the single cell 
feedback capacitance (C2) has, at high frequency, low 
impedance (ideally behaving as a short-circuit) and thus the 
signal flowing through the OTA will come back as a feedback 
signal with unitary gain. Thus, the Rauch cell loop-gain Phase 
Margin is equal to the OTA Phase Margin. 

In this scenario, the higher transition frequency available in 28 
nm bulk-CMOS allows enough separation between dominant 
and non-dominant poles frequencies, introduced by the two 
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Figure 1 – Filter Block Diagram with Output Buffers for Measurements Setup 

 
Figure 2 – OTA Transistor-Level Scheme

stages circuital configuration, without any compensation 
scheme on second stage. More specifically the M5-M8 output 
stage has a -3 dB bandwidth higher than the input differential 
stage unity gain frequency, since it manages only parasitic 
capacitances. This allows having sufficient phase margin for 
closed loop operation. 

A. Operating Point 
 Standard-Process nMOS transistors in 28 nm bulk-CMOS 
operates with 1.1 V supply voltage (VDD) and approximately 0.5 
V threshold voltage (VTH). Weak-inversion region (VGS ≈ VTH, 
VGS is the Gate-Source Voltage) is here used in order to 
guarantee a safe margin for the small signal swing at the OTA 
input. Thanks to the larger OTA UGB, not limited by Miller 
poles splitting, the OTA virtual ground is strengthened over the 
all the pass-bandwidth, reducing the in-band signal swing even 
at high frequencies and relaxing the constraints on the biasing 
point. More specifically, the OTA input common mode voltage 
(VIN,CM) has been set at 0.7 V, satisfying eq. 1 (assuming all 
MOST operating at the same VOV = 0.1 V and VTH = 0.5 V). 

ூܸே,஼ெ > ּ ைܸ௏,ெ଺ + ்ܸ ு,ெଵ   (1) 

B. Transfer Function and Noise 
The Rauch cell transfer function (assuming infinite OTA 

gain and UGB) can be approximated as in eq. 2 (R-C 
components refers to Figure 1). 

௩೚ೠ೟
௩೔೙

(ݏ) ≅ − ோଷ
ோଵ

∙ ଵ
௦మ஼భ஼మோభோమା௦஼మ(ோమାோయାோమ

ೃయ
ೃభ

)ାଵ
 (2) 

where the filter pass-band gain (G), poles frequency (ω0) and 
Quality Factor (Q) are given in eq. 3. 

ܩ ≅ ோଷ
ோଵ

;    ߱଴
ଶ ≅ ଵ

஼భ஼మோభோమ
   ܽ ݊݀  ܳ ≅ ଵ

ఠబ
∙ ଵ

஼మ(ோమାோయାோమ
ೃయ
ೃభ

)
  (3) 

The Input Referred Noise (IRN) for each Rauch cell is: 

ଶܴܰܫ ≅ 8݇௕ܴܶଵ ቀଵାீ
ீ

ቁ + ܴܫ) ை்ܰ஺
ଶ + 8݇௕ܴܶଶ) ∙ ቀଵାீ

ீ
ቁ

ଶ
 (4) 

 

TABLE 1– OTA SIMULATION RESULTS 

Parameter Value 
DC-GAINOTA 46 dB

UGBOTA 7 GHz 
IRNOTA 3 nV/√Hz

TABLE 2– FILTER DESIGN PARAMETERS 

Parameter Cell a Cell b Cell c 
DC-Gain 0 dB 0 dB 0 dB

Poles Frequency 50 MHz 50 MHz 50 MHz
Cell Quality Factor  1.930 0.707 0.510

Biquad IRN  
(Spot-Noise at 20 MHz) 

21 
nV/√Hz 

21 
nV/√Hz 

21 
nV/√Hz 

R1,R2, R3 2.00 kΩ 2.00 kΩ 2.00 kΩ 
C1 9.18 pF 3.19 pF 2.39 pF 
C2 0.27 pF 0.69 pF 1.00 pF 

Table 1 and Table 2 summarize OTA and Filter design para-
meters. The OTA performs 46 dB dc-gain and 7 GHz unity gain 
bandwidth, much larger than the filter closed-loop poles 
frequency (50 MHz). 

C. Differential Loop Gain 
Rauch cell Loop Gain Transfer Function is: 

(ݏ)௟௢௢௣ܩ ≅ (ݏ)ை்஺ܣ− ∙
ଵା௦∙ భ

ഘబ೥∙ೂ೥
ା௦మ∙ భ

ഘబ೥
మ

ଵା௦∙ భ
ഘబ೛∙ೂ೛

ା௦మ∙ భ
ഘబ೛

మ
    (5) 

where AOTA(s) is the OTA transfer function and ω0z and ω0p are 
the zeros and poles loop-gain frequencies which depend on the 
passive component in the Rauch scheme, respectively given by: 

߱଴௭ = ට ଵ
஼భ஼మோమோయ

  ߱଴௣ = ට ଵ
஼భ஼మோమோభ

   (6) 

Without considering the different quality factors associated at 
the two pairs (Qp and Qz in eq. 5), ω0z and ω0p are equal at 0 dB 
dc-gain (i.e. R1=R3). Therefore, the loop-gain poles, depending 
on the R-C net, are here compensated by the zeros. Moreover, 
the transfer function in eq. 5 highlights also that, at higher 
frequency, Gloop(s)≈AOTA(s).  
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These analytical considerations are validated by the frequency 
response simulation results in Figure 3, where both magnitude 
and phase of Cell a, the first biquad in Figure 1, are presented. 
Notice also the small ripple occurring at the pole-zero doublets 
due to the different quality factors. Importantly, the differential 
loop-gain, achieved without Miller compensation scheme, is 
50°, equal to the unity gain phase of the OTA. This is mainly 
due to the intrinsic separation between the OTA dominant and 
second pole, achieved in 28 nm bulk-CMOS.  

D. CMFB Loop Gain 
Any fully differential scheme intrinsically requires a 

Common Mode Feedback (CMFB) circuit, in order to correctly 
set the OTA output common mode voltage. Stability of this 
CMFB circuit is usually guaranteed by the Miller 
compensation, which however is not included in this design. 
For this reason, a dedicated compensation net, i.e. Rc-Cc series 
in Figure 2 (Cc=150 fF and Rc=500 Ω), is used. This also 
slightly increases the differential phase margin. Figure 4 shows 
the simulated CMFB loop-gain magnitude and phase frequency 

response (again referred to Cell a), where common mode loop 
gain phase margin achieves the safe value of 60°. 

III. EXPERIMENTAL RESUTS 
The filter prototype has been integrated in 28 nm bulk-

CMOS technology occupying a total area of 0.2 mm2. Layout 
and chip photos are shown in Figure 5. Table 3 summarizes the 
most relevant filter performances. Integrated large-bandwidth 
pMOS source-followers, supplied by an independent 1.8 V 
voltage generator, were added at the filter outputs to drive 

Figure 3 - OTA Transfer Function and loop-gain 

Figure 4 – CMFB loop-gain magnitude

Figure 5 - Chip and Layout Photo 

Figure 6 – Measured Frequency Response 

TABLE 3 – FILTER PERFORMANCE RESUME 

Parameter Value 
Transfer Function 6th-Order Low Pass

CMOS Technology 28 nm@1.1V 
Power Consumption 3.63 mW 

-3dB Bandwidth 50 MHz
In-Band IRN 39.21nV/√Hz 

Output In-Band Integrated Noise 277μVRMS

THD - (VOUT=0.35V0-PEAK@10MHz) -40 dBc 
SNR@THD=40dBc 60 dB

Input IP3 - (VIN@10&11MHz) 18dBm
Input IP3 - (VIN@40&41MHz) 16.5dBm 

 

 
Figure 7 – 1dB Compression Point 10MHz and 40MHz

Figure 8 – Output Spectrum with 20MHz Input Signal 
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measurement probes, with negligible linearity performance 
loss. Each OTA consumes approximately 957 µA at 1.1 V 
supply for an overall current consumption of 3.3 mA. The 
measured frequency response is shown in Figure 6. The filter 
cut-off frequency is controlled through a 4-bit variable 
capacitors, which allows 35% frequency tuning, from 32 MHz 
(Min) up to 77 MHz (Max). Nominal behavior, i.e. when pass-
bandwidth is 55 MHz, perfectly matches with an ideal Butter-
worth 6th-order transfer function (IDEAL). Dc gain is -5.8 dB, 
with a very small ripple of 0.7 dB at the band edge due to the 
output buffers, as expected from simulations. Moreover, 
starting from 200MHz, measured frequency response becomes 
quite inaccurate due to measurement setup non idealities. 
In order to evaluate linearity performances, both one and two 
tones test were exploited. 1dB Compression Point was 
evaluated at 10 MHz and 40 MHz and it results in 4.5 dBm and 
2.8 dBm respectively (hence 1.7 dB variation over the filter 
pass-band). The corresponding curves are plotted in Figure 7. 
Total Harmonic Distortion (THD) was evaluated at 10 MHz, in 
order to include up to 5th harmonic effect, and it results in -40 
dBc for an input tone power of 1 dBm (i.e. 350 mV0-peak single 
ended). This gives a total output SNR@THD=-40dBc of 60 dB. 
The measured output spectrum is shown in Figure 8.  

Figure 9 shows the two-tones output spectrum (40&41 MHz). 
The higher intermodulation product power is at 42MHz and 
gives -42.5 dBc IM3, resulting in 16.5 dBm Input IP3.Figure 10 
shows the measured IIP3 at 10&11 MHz and 40&41 MHz 
(IIP3=18 dBm and IIP3=16.5 dBm respectively), 
demonstrating very small linearity performances loss between 
in band and band edge (<2dB). 

IV. CONCLUSIONS 
In this paper a 1.1 V 28 nm bulk-CMOS 6th order analog filter 
with 50 MHz -3 dB-bandwidth is presented. The design is based 
on a broad-bandwidth OTAs to realize Rauch biquadratic cells 
with large loop-gain UGB, i.e. improving linearity 
performances. The design achieves an IIP3 of 16.5 dBm (-1.7 
dB w.r.t. 10&11 MHz IIP3) in close proximity to the cut-off 
frequency (40&41 MHz) where typically linearity critically 
gets worst due to the reduced loop-gain. The Figure-of-Merit 
(FoM) introduced in [2] is used to compare the filter 
performances with the state of the art in terms of Power 
Consumption, Number of Poles, Bandwidth and 
Intermodulation Spurious Free Dynamic Range. In Figure 11 
the FoM is plotted vs CMOS technology node. The filter 
achieves 153 dBJ-1 and 158 dBJ-1 for 10&11 MHz IIP3 and 
40&41 MHz IIP3 respectively, outperforming Active-RC filter 
implementations in nanoscale (<130nm) technologies, 
demonstrating that advanced design enables 28nm-CMOS 
analog filters for future SoC wireless transceivers. 
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Figure 9 – Output Spectrum (-5dBm@40&41MHz Input Signal)

 
Figure 10 – IIP3 at 10&11MHz and 40&41MHz Input Signals

Figure 11 – Figure-of-Merit vs. CMOS LMIN 
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