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Introduction

Curve-Fitting Algorithm

AGC_Amp (Voltage-Controlled Amplifier for AGC loops)
AGC_PwrControl (Power Control Block for AGC loops)
Amplifier (Obsolete RF System Amplifier)

Amplifier2 (RF System Amplifier)

AmplifierVC (Ideal Voltage-Controlled Amplifier)
AmpSingleCarrier (Single Carrier Amplifier)

FregMult (Ideal Frequency Multiplier)

LogACDemod (Demodulating AC Logarithmic Amplifier)
LogDC (DC Logarithmic Amplifier)

LogSuccDetect (Successive Detection Logarithmic Amplifier
LogTrue (True Logarithmic Amplifier)

Mixer (First RF System Mixer, Polynomial Model for Nonlinearity)
Mixer2 (RF System Mixer)

MixerWithLO (Mixer with Internal Local Oscillator)

OpAmp (Operational Amplifier)

OpAmpldeal (Ideal Operational Amplifier)

VMult (Voltage Multiplier)

¢ Filters for System Models

Introduction
Filter Categories

- Lowpass Filter Behavior at DC
References
BPF_Bessel (Bandpass Filter, Bessel-Thompson)
BPF_Butterworth (Bandpass Filter, Butterworth)
BPF_Chebyshev (Bandpass Filter, Chebyshev)
BPF_Elliptic (Bandpass Filter, Elliptic)
BPF_Gaussian (Bandpass Filter, Gaussian)
BPF_PoleZero (Bandpass Filter, Pole Zero)
BPF_Polynomial (Bandpass Filter, Polynomial)
BPF_RaisedCos (Bandpass Filter, Raised-Cosine)
BSF_Bessel (Bandstop Filter, Bessel-Thompson)
BSF_Butterworth (Bandstop Filter, Butterworth)
BSF_Chebyshev (Bandstop Filter, Chebyshev)
BSF_Elliptic (Bandstop Filter, Elliptic)
BSF_Gaussian (Bandstop Filter, Gaussian)
BSF_PoleZero (Bandstop Filter, Pole Zero)
BSF_Polynomial (Bandstop Filter, Polynomial)
BSF_RaisedCos (Bandstop Filter, Raised-Cosine)
HPF_Bessel (Highpass Filter, Bessel-Thompson)
HPF_Butterworth (Highpass Filter, Butterworth)
HPF_Chebyshev (Highpass Filter, Chebyshev)
HPF_Elliptic (Highpass Filter, Elliptic)
HPF_Gaussian (Highpass Filter, Gaussian)
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° HPF_PoleZero (Highpass Filter, Pole Zero)
° HPF_Polynomial (Highpass Filter, Polynomial)
° HPF_RaisedCos (Highpass Filter, Raised-Cosine)
© LPF_Bessel (Lowpass Filter, Bessel-Thompson)
© LPF_Butterworth (Lowpass Filter, Butterworth
© LPF_Chebyshev (Lowpass Filter, Chebyshev)
© LPF_Elliptic (Lowpass Filter, Elliptic)
© LPF_Gaussian (Lowpass Filter, Gaussian)
© LPF_GMSK (Lowpass Filter, GMSK)
© LPF_PoleZero (Lowpass Filter, Pole Zero)
© LPF_Polynomial (Lowpass Filter, Polynomial)
© LPF_RaisedCos (Lowpass Filter, Raised-Cosine)
° SAW_Filter (Saw Filter)
¢ Modulators and Demodulators
. ° Introduction
° AM_DemodTuned (AM Demodulator, Tuned)
° AM_ModTuned (AM Modulator, Tuned)
° FM_DemodTuned (FM Demodulator, Tuned)
° FM_ModTuned (FM Modulator, Tuned)
° N_StateDemod (N-State Demodulator)
° N_StateMod (N-State Modulator)
° PM_DemodTuned (PM Demodulator, Tuned)
° PM_ModTuned (PM Modulator, Tuned)
° PM_UnwrapDemodTuned (PM Unwrapped Demodulator, Tuned)
° QPSK_ModTuned (QPSK Modulator, Tuned)
e Passive System Components
. ° AntLoad (Antenna Load)
° Attenuator (Attenuator)
° Balun3Port (Balun, 3-port)
° Balun4Port (Balun, 4-port)
° Balun6Port (Balun, 6-port)
© Circulator (Ideal 3-Port Circulator)
° CouplerDual (Dual Coupler)
° CouplerSingle (Single Coupler)
© Gyrator (Gyrator)
° Hybrid90 (Ideal 90-degree Hybrid Coupler)
© Hybrid180 (Ideal 180-degree Hybrid Coupler)
© IsolatorSML (SMLIsolator)
° LOS_Link (Line-Of-Sight Antenna Link)
° Pad (Pi or Tee Format)
° PhaseShiftSML (Phase Shifter)
° PwrSplit2 (2-Way Power Splitter)
° PwrSplit3 (3-Way Power Splitter)
° TimeDelay (Time Delay)
° Transformer (Ideal 4-Port Transformer)
° TransformerG (Transformer with Ground Reference)
° TwoPort (2-Port Model)
e Phase Lock Loop Components
. ° DivideByN (Divide by N)
° PhaseFregDet (Frequency Detector, Baseband)
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PhaseFregDet2 (Frequency Detector, Baseband)

PhaseFreqDetCP (Frequency Detector, Baseband with Charge Pump)
PhaseFregDetTuned (Phase Frequency Detector, Tuned)
PhaseNoiseMod (Phase Noise Modulator)

VCO (Voltage Controlled Oscillator)

VCO_DivideByN (VCO Divide By N)

e Switch and Algorithmic Components

Comparator (Comparator)

ClockLFSR (Linear Feedback Shift Register)

Differentiator (Differentiator)

DPDT_Static (Double Pole Double Throw Switch, Static)
IntegratorSML (Integrator)

LimiterSML (Limiter)

ParallelSerial (Parallel to Serial Shift Register)

PathSelect2 (Coordinated set of Single Pole Double Throw Static Switches)
QuantizerSML (Quantizer)

ResetSwitch (Reset Switch)

SampleHoldSML (Sample Hold)

Sampler (Sampler)

SerialParallel (Serial to Parallel Shift Register)
SPDT_Dynamic (Single Pole Double Throw Switch, Dynamic)
SPDT_Static (Single Pole Double Throw Switch, Static)
SwitchV (Voltage Controlled Switch)

SwitchV_Model (Voltage Controlled Switch Model)

VSum (Voltage Summer)

Tx/Rx Subsystems
° RF_PA_CKT (RF Power Amplifier Circuit)
° RF_RX_SML (RF Receiver)
© RF_TX_SML (RF Transmitter)

System Data Models

Classification of ADS System Data Models

AmpH1H2 (Amplifier/Fundamental and 2nd Harmonic vs. Input Power)
AmpH1H2_Setup (Amplifier/Fundamental and 2nd Harmonic vs. Input Power Setup)
AmplifierP2D (P2D File Amplifier, FDD-Based, for Single Carrier Signal)
AmplifierP2D_Setup (Extractor Component for AmplifierP2D)
AmplifierS2D (S2D File Amplifier, Polynominal Model for Nonlinearity)
AmplifierS2D_Setup (Extractor Component for AmplifierS2D)
AmpLoadPull (SDD Load-Pull Amplifier)

Balun3Port (Balun, 3-port)

Balun4Port (Balun, 4-port)

1Q_Demod_Data (IQ Demodulator Behavioral Model)
1Q_Demod_Setup (IQ Demodulator Setup)

IQ_Mod_Data (IQ Modulator Behavioral Model)

1IQ_Mod_Setup (IQ Modulator Setup)

LoadPullSetup (Load Pull Setup)

MixerHBdata (2-Tone HB Mixer)

MixerHBsetup (2-Tone HB Mixer Setup)

MixerIMT (Obsolete Intermodulation Table Mixer)

MixerIMT2 (Intermodulation Table Mixer)

MixIMT_Data (Multi-RF Intermodulation Table Mixer Data Model)
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° MixIMTA_Setup (Single-RF Intermodulation Table Extractor)
° MixIMTB_Setup (Multi-RF Intermodulation Table Extractor)
° VCA_Data (Voltage Controlled Amplifier)

° VCA_Setup (Voltage Controlled Amplifier Setup)

Amplifiers and Mixers

Introduction

The Filters - < filter type > and System - < device type > palettes contain two fundamentally different types of
behavioral system models.

Filters , System - Amps & Mixers , and System - Mod/Demod can be classified as tops-down system models that
support a tops-down system design flow where model behaviors are characterized by a small number of independent
parameters such as frequency, power and load. They are often referred to as parameter-based behavioral models .
System - Data Models can be classified as bottoms-up system models that support a bottoms-up verification flow
where model behaviors are extracted from a simulation (or measurement) of a transistor-level circuit. They are often
referred to as data-based behavioral models .

The parameter-based behavioral models typically provide superior speed relative to the data-based behavioral models
with both of these being vastly superior to a brute-force transistor-level simulation.

The data-based behavioral models typically provide superior accuracy relative to the parameter-based behavioral
models as they capture actual behaviors of implemented circuit components and not just design specifications.

The differences between parameter - and data-based behavioral models justify a palette emphasis on flow (all
data-based behavioral models grouped together) rather than functionality (all amplifiers, mixers, modulators, and
demodulators grouped together) and resulted in the addition of a System - Data Models palette.

The use model for parameter-based behavioral models is to simply set a series of parameters prior to using the
model. The use model for data-based behavioral models is slightly more involved. For a discussion, refer to Chapter 8,
System Data Models.

Curve-Fitting Algorithm

The curve-fitting algorithm to determine the nonlinear behavior of the system mixer models is based on fitting a
polynomial to the specified data where the saturation power (Psat) is calculated when the derivative of this polynomial
is zero.

Pn(x) = al*x1+a2*x2"2+a3*x"3+...

It is important to note that the coefficients a4,a6,a8,...are always zero. In only one case a2 is non-zero and that's
when SOI and TOI are specified.

Parameters Order
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TOI

TOI & AM2PM
SOI & TOI a2 #0
PndB

PndB & AM2PM
Psat

TOI & PndB
PndB & Psat

TOI & Psat

O N N U0 o W W W W w

PndB & TOI & Psat

AGC_Amp (Voltage-Controlled Amplifier for AGC loops)

Symbol

Available in ADS

Parameters
Name Description Units Default
ZRef Reference resistance for all  Ohm 50
ports
Si11 Forward reflection None polar(0,0)

coefficient, use x +j x vy,
polar(x,y), dbpolar(x,y),
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vswrpolar(x,y) for complex
value

S22 Reverse reflection None polar(0,180)
coefficient, use x + j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
value

Min_dB Minimum gain; occurs dB -40
when _v3 = Min_dB volt

Max_dB Maximum gain; occurs dB 40
when _v3 = Max_dB volt

NF Noise Figure [NF mode dB 0
used for NFmin=0]

SOI Second Order Intercept dBm 1000

TOI Third Order Intercept dBm 1000

Range of Usage

ZRef > 0

| Sij | > 0 (ij=11; 22)
Min_dB < Max_dB

NF > 0 dB

Notes/Equations

1. AGC_Amp is a voltage-controlled amplifier with user-defined input and output reflection coefficients, minimum
and maximum gain limits, and nonlinearity.

2. This component uses internal components TwoPort, Noisy2Port, AmplifierVC, and Amplifier2, as shown in the
schematic.
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FPort
P3
Mum=23 S D
S TwoPort Port
- TwoPort? _
o 521=1 Nurns=2
P1 mgﬁ% Arnplifieryc Arnplifier2 gﬁ:g
NUM=1 gigy2Pant == g21-1 Amplifienyc AMPIfiEr2 oo coq
Moisy2Por - 51720 Gain=rmax{ Min_dB, mini Max_dB, _v33) 521=1 ZRef=FRef
NFmin=NF g11=g11  RoUEZRef 811=0 Temp=27215
Rri=Rr 522=0 522=0 CheckPassivity=no
Sopt=0 Rre=2Rel 7Ref=FRef 512=0
Termp=-273.15 g‘;%gz;
| WAR CheckPassivity=no =
=l ty= FeferTolnput=0UTRUT
Rn=max ZRefd* (104N D) - 1), tinyreal) S0I=501
TOl=TOl

3. Control voltage at pin 3 is used to set gain. Under small signal conditions, gain in dB as a function of the control
voltage at port 3: _v3 is:

Gain_dB = max( Min_dB, min( Max_dB, _v3))

4. The input impedance at pin 3 is infinite.

5. Regarding NF, component noise parameters (NFmin, Rn, Sopt) are related to NF by setting NFmin=NF, Sopt=0,
and Rn=max( ZRef/4 x (10 NF/10 -1), tinyreal), where tinyreal is an internal simulator value for the smallest
real value allowed.

6. Regarding SOI and TOI, AGC_Amp must be output-matched in order to validate SOI and TOI.

By default, SOI and TOI are blank resulting in no nonlinearity. TOI can be set without setting SOI; if SOI is set,
TOI must be set.
For more information about SOI and TOI, refer to Amplifier2 documentation.

7. AGC_Amp is required for defining AGC control loops in designs to be simulated with Budget Controller. Such
Budget simulation requires AGC_PwrControl; refer to AGC_PwrControl for AGC control loop usage details.

8. Example designs demonstrating AGC_Amp in AGC control loops are located in ADS; access the designs from the
ADS Main window: File > Example Project > Tutorial > RF_Budget_Examples_prj ; see Budget_AGC.dsn and
AGC_loop_CE_test.dsn .

AGC_PwrControl (Power Control Block for AGC loops)

Symbol
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¥
{

Available in ADS

Parameters
Name Description

ZRef Reference impedance for
ports 1 and 2

Si11 Port 1 reflection coefficient,
complex number

S22 Port 2 reflection coefficient,
complex number

Fnom Nominal input frequency
for detection and power
control

TargetPwr Target power output level

BW Closed loop —3dB
frequency

DampingFactor Loop damping factor

NormalizedZero Loop normalized zero

ExternalGain Open loop gain (voltage

ratio) external to this block

Range of Usage

ZRef > 0

| Sij | > 0 (ij=11; 22)
Fnom > 0

TargetPower > 0 (Watts)
BW > 0

DampingFactor > 0

Units
Ohm

None

None

GHz

dBm

kHz

None
None

None

10

Default
50

polar(0,0)

polar(0,180)

10
4.5

0.707

0.025



NormalizedZero > 0
ExternalGain > 0

Notes/Equations

1. AGC_PwrControl is used with AGC control loops; it incorporates an OpAmp loop filter with output at pin 3 for

Advanced Design System 2008

driving a preceeding AGC amplifier toward the gain required to achieve the TargetPwr level at the

AGC_PwrControl input.

2. This component uses internal components IQ_DemodTuned, FDD (used as a log amp), and OpAmp active filter,

as shown in the schematic.

—-a——#".}_;.__
SWITCHZ
[ I Ly
oK il
F1 o - c2
o PATESRILT =1 C=t3
=t ean=s AN AN A —
531=1 = F
§11=511 B B3
IRe=ZRel B=1e15  R=R1
Temp=-2T315 . Hplsg=nd Nuse=R0
Maiga=nn
II W= . _m—— -
. — >
R=IRaf I1i3_DemodTunad - Wi -
Moise=no FnomeFnem N = o 3
=5 L : 7 = =3
Raout=50 Ohm 59 0= o
=] 50 Si==0 Moiseno
Log_Detector_Paramelers e I::I-EF |
Refol=0.025* { Am Gain=1e9
AmpPout=300 + 100 =gl 2
Vallrtertept=saqal 2 * 50 10 THI0) ) z2=1 l-'.E
fdide2=0.01 " logl Of rnax( $QrE _svi100"_svil 0) » _sw{3.00"_sw(3,00 ), Vielgrdercepl ) I Violtnlarcep! ) =00

. The control voltage at pin 3 is used for feedback to an AGC amplifier (pin 3 of AGC_Amp) to achieve an RF
amplitude control loop.

. AGC_PwrControl depends on time-varying RF waveforms, so it is typically used for Envelope simulations when an
input modulated RF signal exists at Fnom.

. For Budget simulations, AGC_PwrControl is used with AGC_Amp to define AGC loops. Budget simulation AGC
control loops work with one tone and only the steady state value of the loop is used.

For Budget simulations, Fnom, BW, DampingFactor, NormalizedZero, and ExternalGain parameters are not used.
. The time-domain RF control loop dehavior is defined for second-order control loop operation in which the OpAmp
loop filter internal to this model establishes the second-order control loop filter characteristics for the combined
circuit external to AGC_PwrControl plus AGC_PwrControl.

. The control loop drives the external AGC amplifier to a gain level that is sufficient for maintaining the output
power of the AGC system at the user-specified value of TargetPwr.

. Loop dynamics follow second-order control loop theory whereby the user defines TargetPwr, -3 dB closed loop
bandwidth (BW), loop gain external to AGC_PwrControl, and second-order loop parameters (NormalizedZero and
DampingFactor) and AGC_PwrControl sets the internal OpAmp reference voltage (RefVolt) and loop filter
capacitance and resistance values (R1, R2, C1, C2). Refer to the schematic for the defining equations.

11
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AGC_PwrControl uses a log detector defined by use of an FDD model.
9. For HarmonicBalance use, this model behavior defaults with output of a DC signal voltage at pin 3 equal to the

reference voltage at the non-inverting input of the internal OpAmp.

10. The output impedance at pin 3 is zero.

11. For details regarding second-order loop theory, refer to the Second-Order Control Loop Filters section in chapter
2 of Timed Components documentation.

12. Example designs demonstrating AGC_PwrControl in AGC control loops are located in ADS; access the designs
from the ADS Main window: File > Example Project > Tutorial > RF_Budget_Examples_prj ; see Budget_AGC.dsn
and AGC_loop_CE_test.dsn .

Amplifier (Obsolete RF System Amplifier)

Symbol

) Note

2003C introduces an improved version of Amplifier: Amplifier2. Please use Amplifier2 for new designs; refer to
Amplifier2 documentation for more information.

Available in ADS

Parameters
Name Description Units Default
S21 Forward transmission gain  None None
(real or complex number;
refer to note 2)
S11 Port 1 reflection (real or None None
complex number; refer to
note 2)
S22 Port 2 reflection (real or None None

complex number; refer to

12
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note 2)

S12 Reverse transmission gain None None
(real or complex number;
refer to note 2)

NF Input noise figure dB None

NFmin Minimum noise figure at dB None
Sopt

Sopt Optimum source reflection ' None None
for NFmin

Rn Equivalent noise resistance = None None

Z1 Reference impedance for None None
port 1 (real or complex
number)

Z2 Reference impedance for None None
port 2 (real or complex
number)

ClipDataFile Clip data beyond maximum ' None NO

input power: NO to disable;
YES to enable

ImpNoncausallLength Non-causal function Integer None
impulse response order

ImpMode Convolution mode Integer None

ImpMaxFreq Maximum frequency to None None
which device is evaluated

ImpDeltaFreq Sample spacing in None None
frequency
ImpMaxOrder Maximum allowed impulse  Integer None

response order
ImpWindow Smoothing window Integer None

ImpRelTol Relative impulse response None None
truncation factor

ImpAbsTol Absolute impulse response  None None
truncation factor

Range of Usage

NF = 0 dB
NFmin > 0

13



0<|Sopt| <1
0 <Rn

GainCompFreq > 0
For S21 = mag/ang

IS21] >0

Gain Compression Parameters

Name
GainCompType

GainCompFreq

ReferTolnput

SOl

TOI

Psat
GainCompSat

GainCompPower

GainComp

AM2PM

PAM2PM

GainCompFile

Advanced Design System 2008

Description
Gain compression type:

Reference frequency for
gain compression (if gain
compression is described
as a function of frequency)

Specify gain compression
with respect to input or
output power of device

Second order intercept
Third order intercept
Power level at saturation
Gain compression at Psat

Power level in dBm at gain
compression for X dB
compression point,
specified by GainComp

Gain compression at
GainCompPower

Amplitude modulation to
phase modulation

Power level at AM2PM

Filename for gain
compression data in S2D
file format

Range of Usage for Gain Compression Parameters

When specifying gain compression using model parameters, only certain combination of parameters will produce

Units
None

None

None

dBm
dBm
dBm
dB

dBm

dB

deg/dB

dBm

None

None

None

None

None
None
None
None

None

None

None

None

stable polynomial curve fitting. The recommended parameter combinations are listed here.

14
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#» Note If unrealistic parameter values are used, the polynomial will become unstable, resulting in oscillations.

e Third-order intercept and 1dB gain compression parameters:
TOI, GainCompPower with GainComp=1dB
Range of validity: TOI > GainCompPower + 10.8
e Third-order intercept and power saturation parameters:
TOI, Psat, GainCompSat
Range of validity: TOI > Psat + 8.6
e 1dB gain compression and power saturation parameters:
GainCompPower with GainComp=1dB, Psat, GainCompSat
Range of validity: Psat > GainCompPower + 3
e Third-order intercept, 1dB gain compression and power saturation parameters:
TOI, GainCompPower with GainComp=1dB, Psat, GainCompSat
Range of validity: Psat > GainCompPower +3, TOI > GainCompPower + 10.8
e Second-order intercept and third-order intercept parameters: SOI, TOI
e AM to PM with 1dB gain compression parameters:
AM2PM, PAM2PM, and GainCompPower with GainComp=1dB
The value for AM2PM must satisfy this condition to avoid a square root of a negative humber:

AM2EM < l];ﬂ " lU[[PA:HEPJH - GainCompFPower) ./ 10) " ll:l[_3 w [ GainComp) s 20)
1
2.34

e AM to PM with third-order intercept parameters:
AM2PM, PAM2PM, and TOI
The value for AM2PM must satisfy this condition to avoid a square root of a negative humber:

" ) ] M _ ;
180 | x muPAHzPH TOI/10)
mw -

AM?2FM <

2.34
If SOI is not specified, the amplifier is modeled using a polynomial of odd orders:
y=alxx+a3xx3+a5xx5+....
As a result, only odd order harmonics (m x f, where m is an odd number) and odd order intermods (m x f1 + n
x f2, where m+n is an odd number) are taken into account.
If SOI is specified, the amplifier polynomial has an even order term:
y=alxx+a2xx2+a3xx3+a5xx5+....
As a result, both odd and even order harmonics and intermods are taken into account in the simulation.

Warning Messages

When values for TOI, 1 GainCompPower, and Psat are properly related, the DC input-output transfer characteristic has
the form shown in DC Input-Output Transfer Characteristics.

¢ No Saturation. A warning is displayed if a polynomial is generated that does not have a maximum where the
transfer characteristics can be clipped (when the amplifier cannot reach saturation). Refer to No Saturation

15
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Warning.

¢ Non-Monotonic Transfer Curve. A warning is displayed if the value specified for Psat is lower than
GainCompPower. Refer to Non-Monotonic Transfer Curve Warning.

The result of this specification is that the saturated output is lower than the output at the 1 dB compression point, and
the input-output characteristics have a non-monotonic characteristic transfer curve.

DC Input-Output Transfer Characteristics

No Saturation Warning

16
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Non-Monotonic Transfer Curve Warning

Notes/Equations

N

If NFmin, Sopt, and Rn are used to characterize noise, the following relation must be satisfied for a realistic
model.

IE} To(Fmin-1)|1+Sop a.‘|3 (1- |811|_:'
Zo T4 I1-Sopt S|

A warning message will be issued if Rn does not meet this criterion. If the noise parameters attempt to describe
a system that requires negative noise (due to Rn being too small), the negative part of the noise will be set to
zero and a warning message will be issued.

Use the function polar(mag,ang), or dbpolar(dB, ang), or VSWRpolar(VSWR, ang) to convert these specifications
into a complex number.

For an S-parameter or a noise figure sinusoidal ripple, use the function ripple (mag, intercept, period, variable);
for example ripple(0.1, 0, 10 MHz, freq).

example: S21=dbpolar(10+ripple( ),0.)

When you define the gain using S21, keep in mind that this gain is applied to the forward incident wave into the
input of the amplifier. This is in keeping with the measurement standards used to define amplifier gain at a
system level. This means that if you change S11 from 0 to 0.9 for example, you will see no change in output
power because the reflect wave is not taken into account by the amplifier's definition of gain, only the incident
wave.

Z1 and Z2, the reference impedance parameters for ports 1 and 2, are used in conjunction with the parameters
S11/S21/S12/S22. This is because S-data is always used with respect to a particular reference impedance.

This model blocks dc.

For circuit envelope simulation, baseband signals are blocked.

OmniSys used GComp1-GComp7 data items for specifying gain compression. Gain Compression Data for
OmniSys and ADS summarizes the gain compression data for OmniSys and ADS. Refer to OmniSys Parameter
Information for OmniSys parameter information.
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GComp1-GComp6 can be specified by using the corresponding ADS gain compression parameters and setting
GainCompType=LIST. Or, they can also be contained in an S2D format setting GainCompType=FILE. Also note that an
S2D file could contain other data such as small signal S-parameters and noise; these data are ignored by the RF
System Amplifier.

OmniSys ADS
GCompl: IP3 TOI

GComp2: 1dBc GainComp=1dB
GainCompPower

GComp3: IP3, 1dBc TOI
GainComp=1dB
GainCompPower

GComp4: IP3, Ps, GCS TOI
Psat
GainCompSat

GComp5: 1dBc, Ps, GCS GainComp=1dB
GainCompPower
Psat
GainCompSat

GComp6: IP3, 1dBc, Ps, GCS TOI
GainComp=1dB
GainCompPower
Psat
GainCompSat

GComp7 GainCompType=FILE
GainCompFile=filename
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OmniSys Parameter Information

1. The AM to PM option uses parabolic amplitude dependence to describe the amplitude to phase modulation
conversion. When a signal of type V in (T)=ACos(W®T), is applied to the input of a device with parabolic AM to

PM, the output phase exhibits:
)
Phase(V (1)) = RA~
Therefore, this phase depends on the input signal amplitude A in a parabolic manner. Because the conversion of
amplitude to phase is amplitude dependent, the AM to PM (AM2PM) is specified in degrees per decibel at a given

output power (PAM2PM). k is calculated from these two parameters.
' ]r[ L]
AM2PM {2.34
LISDJ
FPAM2FPAM - 300
1
10

When AM to PM is specified, the third-order intermod and gain compression are side effects. If AM2PM is
specified to be very large compared to the third-order intercept or gain compression, a warning is issued.

E =

Amplifier2 (RF System Amplifier)

Symbol

19



Available in ADS and RFDE

Parameters

Name

S21

S11

S22

S12

NF

NFmin

Sopt

Rn

Advanced Design System 2008

Description

Forward transmission
coefficient, use x + j x vy,
polar(x,y), dbpolar(x,y) for
complex value

Forward reflection
coefficient, use x +j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
value

Reverse Reflection
Coefficient, use x + j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
value

Reverse Transmission
Coefficient, use x + j x vy,
polar(x,y), dbpolar(x,y) for
complex value

Noise figure [NF mode used
for NFmin=0]

Minimum noise figure at
Sopt [(NFmin,Sopt,Rn)
mode used for NFmin>0]

Optimum source reflection
for minimum noise figure
[(NFmin,Sopt,Rn) mode
used for NFmin>0]

Equivalent noise resistance
[(NFmin,Sopt,Rn) mode
used for NFmin>0]

Units

None

None

None

None

dB

dB

None

None
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Default
dbpolar(0,0)

polar(0,0)

polar(0,180)

None

None

None



Z1

Z2

GainCompType
GainCompFreq

ReferTolnput

SOI
TOI

Psat

GainCompSat

GainCompPower

GainComp

AM2PM

PAM2PM

GainCompfFile

ClipDataFile

ImpNoncausalLength

Advanced Design System 2008

Reference impedance for None
port 1 (must be a real

number)

Reference impedance for None
port 2 (must be a real

number)

Gain compression type: None
Frequency at which Gain None

Compression is specified

Specify each of the gain None
compression options

outlined in Polynomial

Order for Various

Magnitude Modes with

respect to the input or

output power of the device:

Second order intercept dBm
Third order intercept dBm
Power saturation point dBm

(always referred to output,
regardless of the value of
the ReferTolnput
parameter)

Gain compression at Psat dB

Power Level at gain dBm
compression specified by
GainComp

Gain Compression at dB

GainCompPower

Amplitude modulation to deg/dB
phase modulation

Power level at AM2PM dBm
Filename for gain None
compression data in S2D

file format

Clip data beyond maximum ' None
input power: YES=enable,
NO=disable

Non-causal function Integer
impulse response order
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OUTPUT

None
None

None

5.0

None

1.0

None

None

None

yes

None
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ImpMode Convolution mode Integer None

ImpMaxFreq Maximum frequency to None
which device is evaluated

ImpDeltaFreq Sample spacing in None
frequency
ImpMaxOrder Maximum allowed impulse | Integer None

response order
ImpWindow Smoothing window Integer None

ImpRelTol Relative impulse response None None
truncation factor

ImpAbsTol Absolute impulse response  None None
truncation factor

Frequently Asked Questions

Q1 : What are the major differences between Amplifier and Amplifier2?
Al : Refer to note 1.

Q2 : What are the supported parameter combinations?
A2 : Refer to Range of Usage.

Q3 : What is the range of usage for each parameter combination?
A3 : Refer to Range of Usage.

Q4 : What model is being used?
A4 : A polynomial model. Refer to Modeling Basics.

Q5 : What polynomial order is being used?
A5 : It depends on the parameters set on the component. Refer to Modeling Basics.

Q6 : Can these polynomials blow up?
A6 : No, these polynomials are limited. Refer to Modeling Basics for details.

Q7 : The parameters specified for Amplifier2 match those for my transistor level amplifier. Why don't the harmonics
generated by Amplifier2 match those for my transistor level amplifier?
A7 : Amplifier2 only matches the specified parameters. Refer to Modeling Basics for details.

Q8 : I have a small-signal and a large-signal tone. Why does the small-signal tone have a smaller gain than the

large-signal tone?
A8 : It is a consequence of the polynomial model adopted by Amplifier2. Refer to Modeling Basics for details.
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Q9 : In a swept-power harmonic halance simulation, my higher-order harmonics are zero up to a certain order but
then they suddenly experience a very sharp increase. Isn't this wrong?
A9 : No, it's called generating a square wave via hard limiting. Refer to Modeling Basics for details.

Q10 : How do I validate AM to PM conversion?
A10 : Refer to AM to PM Conversion.

Q11 : Why does AM to PM conversion only match my transistor level amplifier around the power level PAM2PM at
which I specified AM2PM?

Al1l : With information at only one power level, Amplifier2 has to rely on assumptions and generic curve shapes to
model AM to PM at all power levels. For better modeling, use an S2D file and specify the exact magnitude and phase
variation of your amplifier. Refer to AM to PM Conversion for details.

Q12 : With AM to PM conversion enabled, my output phase is supposed to be constant at high power levels. Why does
my AM to PM start changing at high power levels?

Al12 : This is probably due to harmonic balance aliasing errors and can be mitigated by oversampling. Refer to AM to
PM Conversion for details.

Q13 : With AM to PM conversion enabled, why don't the predicted second- and third-order intercept points match SOI
and TOI as set on Amplifier2?

A13 : It is a consequence of fitting the magnitude and phase separately. Refer to Refer to AM to PM Conversion for
details.

Q14 : Why do Amplifier2's noise results differ from those for Amplifier?
A14 : Amplifier2 models noise differently from Amplifier. Refer to Noise for details.

Q15 : What noise model is used by Amplifier2?
A15 : Refer to Noise.

Q16 : What is "NF-only mode" and "(NFmin,Sopt,Rn) mode" for Amplifier2?
A16 : It is two different ways of specifying noise. Refer to Noise for details.

Q17 : How is NFssb/NFdsb calculated, both at low powers and in compression?
Al17 : Refer to Noise.

Q18 : Can you provide more details about the noise voltages and noise figures produced by Amplifier2 for the different
modes of operation?
A18 : Refer to Noise .

Q19 : With complex S21, why does Amplifier2 differ from Amplifier?
A19 : Amplifier2 handles complex S21 values differently from Amplifier, leading to more physical waveforms. Refer to
note 5 for details.

Q20 : Why doesn't Amplifier2 work for complex reference impedances?
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A20 : Amplifier2 does not support complex reference impedances, per note 7.

Q21 : Why is Amplifier2 sometimes slower than Amplifier?
A21 : This is a consequence of the implementational differences between Amplifier and Amplifier2. Refer to note 10 for
details.

Q22 : Why don't the predicted second- and third-order intercept points match SOI and TOI as set on Amplifier2?
A22 : You are probably not setting up your validation correctly. Make sure to do a two-tone simulation, not a one-tone
simulation. Refer to note 11 for details.

Q23 : Why does my ACPR level get better as I get deeper into compression?
A23 : This is a consequence of the polynomial model adopted by Amplifier2. Refer to note 12 for details.

Q24 : Why does Amplifier2 ignore the ACDATA block of my S2D file?
A24 : It uses the S-parameters on the component instead. Refer to note 13 for details.

Q25 : When the power range in an S2D file differs from that of a simulation, which power range is used for polynomial
fitting?
A25 : The power range in the S2D file. Refer to note 15 for details.

Q26 : Why do I get ringing at high powers when using an S2D file?
A26 : This is a consequence of the polynomial model adopted by Amplifier2. Refer to note 16 for details.

Q27 : How do I get rid of this ringing?
A27 : Eliminate data for high input powers, rely on extrapolation via ClipDataFile=yes, or break the S2D file into two.
Worst case, use AmpSingleCarrier. Refer to note 16 for details.

Q28 : Why do I see different results when I use the Analog/RF Amplifier2 component and the Ptolemy GainRF
component with the same parameters?

A28 : While based on the same OmniSys legacy, the implementations differ and thus the components can give
different results. Refer to note 18 for details.

Range of Usage

|Sij| > 0 (i=1,2; j=1,2)
NF > 0 dB

NFmin > 0 dB

0 < |Sopt| <1

Rn >0

GainCompFreq > 0

0 dB < GainComp < 3 dB

When specifying gain compression using model parameters, only certain combinations of parameters will produce
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stable polynomial curve fitting. If unrealistic parameter values are used, the polynomial will become unstable,
resulting in oscillations. The recommended parameter combinations are listed here:

e Third-order intercept parameter:
Parameters: TOI
Range of validity: N/A
e Gain compression parameters:
Parameters: GainCompPower, GainComp
Range of validity: N/A
e Power saturation parameters:
Parameters: Psat, GainCompSat
Range of validity: N/A
e Third-order intercept and 1dB gain compression parameters:
Parameters: TOI, GainCompPower with GainComp=1dB
Range of validity: TOI > GainCompPower + 10.8
e Third-order intercept and power saturation parameters:
Parameters: TOI, Psat, GainCompSat
Range of validity: TOI > Psat + 8.6
e 1dB gain compression and power saturation parameters:
Parameters: GainCompPower with GainComp=1dB, Psat, GainCompSat
Range of validity: Psat > GainCompPower + 3
e Third-order intercept, 1dB gain compression and power saturation parameters:
Parameters: TOI, GainCompPower with GainComp=1dB, Psat, GainCompSat
Range of validity: Psat > GainCompPower +3, TOI > GainCompPower + 10.8
e Second-order intercept and third-order intercept parameters:
Parameters: SOI, TOI
Range of validity: N/A

Modeling Basics

Amplifier2 is based on a polynomial model of the magnitude of the output voltage as a function of the input voltage. If
SOI is not specified, the magnitude response is modeled using a polynomial of odd orders

y=alx x+a3x x3+a5 x x5+ ...

The order of the polynomial depends on the data entered by the user. If SOI is specified, the magnitude response has
an even order term

y=alx x+a2x x2+a3 x x3

The order of the polynomial is hardwired at 3. The polynomial orders for the various magnitude modes are
summarized in Polynomial Order for Various Magnitude Modes.

Magnitude Mode Polynomial Order
TOI 3
SOI, TOI 3 (with second-order term)
GainCompPower, GainComp 3
Psat, GainCompSat 5
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TOI, GainComp=1dB, GainCompPower
TOI, Psat, GainCompSat

GainComp=1dB, GainCompPower, Psat, GainCompSat

O N N »;

TOI, GainComp=1dB, GainCompPower, Psat,
GainCompSat

For GainCompType=LIST, the phase response is described in the section AM to PM Conversion. For
GainCompType=FILE and a GCOMP1-GCOMP6 block in the S2D file, the phase response is zero. For
GainCompType=FILE and a GCOMP7 block in the S2D file, the phase response is modeled using an odd order
polynomial, just like the magnitude response.

To prevent these polynomial expressions from blowing up and resulting in a non-physical model, the polynomial model
is only used up to the largest x fulfilling dy / dx =0, denoted by x 0. Above this value, the amplifier is hard-limited at y
(x 0).

The polynomial coefficients for Amplifier2 are based on the parameters set for Amplifier2 regardless of the context in
which Amplifier2 is used and the actual number of tones at the input of Amplifier2. These polynomial coefficients are
then applied when Amplifier2 is analyzed in the environment where it lives. For example, given GainComp and
GainCompPower, the polynomial coefficients are determined by exciting Amplifier2 with a one-tone signal and
requiring the compressed output power to be GainComp below the linear response at GainCompPower. This can be
confirmed by doing a one-tone analysis of Amplifier2. These polynomial coefficients are then used in any analysis
using Amplifier2, whether it be a one-tone or a multi-tone analysis.

Amplifier2 matches the parameters that have been set on the component but is not guaranteed to match any other
characteristics of a transistor level amplifier. Assume three parameters have been specified for Amplifier2: the linear
gain S21, the 1 dB compression point GainCompPower (GainComp is set to 1 dB), and the third-order intercept TOI.
This means that the behavior of Amplifier2 must match these parameters and nothing else. This is achieved by
modeling y as a functionof x viay =al x x+a3x x3+ab5x x5.The three known quantities allow the
determination of the three unknown polynomial coefficients. If we look at this equation, we see that there is a
fifth-order term. Therefore, Amplifier2 will produce fifth-order harmonics. However, this fifth-order order term is not
supposed to match that from the transistor level amplifier from which the three parameters S21, GainCompPower and
TOI were extracted. No information about the fifth-order intercept of that amplifier has been specified so we cannot
match it. The fifth-order term for Amplifier2 is necessary to properly model S21, GainCompPower and TOI and these
parameters are properly modeled. In general, a transistor level amplifier will produce finite higher order harmonics
which Amplifier2 does not produce.

For GainCompType=FILE and a GCOMP7 block in the S2D file, the magnitude and phase data in the GCOMP7 block of
the S2D file is fitted to two separate polynomials. With n power points in the GCOMP7 block, the polynomial order will
be min(2 x n -1,9). In most practical cases, the GCOMP7 block will have data at five or more power points and
consequently ninth-order polynomials with odd-only terms will be used.

Consider now an amplifier with the response

2 3
y=alxx+alxx +adxx

This is the model used when S21, SOI and TOI are specified. If a 2 and a 3 are non-zero, they will be negative. When
a 2=0, this is the model used when S21 and TOI are specified. When a 2= a 3=0, this represents a linear amplifier.
The behavior of this amplifier can be analyzed analytically when the excitation is simple enough. Doing so gives a
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good understanding of the behavior of more complicated amplifiers with different excitations.
Assuming the excitation

x(t) = Al x cos(w] % t)

we get the response

y(t) = éXaE x A1’
+Lal wAl +§1xa3 ><Al3\:| ¥ cos( @] x¢)

.
+oxaZxAl xcos(Zxwlxt)

P ] —

+L11><a3 xA 17 % cos(3x @]l %)

and can define the gain of the fundamental A1 x cos(wl x t) as

a1 = a1+§m3xm}

Assuming the excitation
x(f) = Al xcoz(wl %) +A2 % cos( w2 % £)
we get the response

yit) = 1 X al X |;A13+A23:.

_,._:I

+[al ><Al+§><a3 ><Al3+2—2><a3 w Al XAET:I x cos(@] x t)

+Lal ><A2+§><a3 ><A23+E—2><a3 x A2 XAIE\:I % cos( @2 x t)

1 2
+=zxal2xAl xcos(2x wlxt)

-
+%xa2 X A2” X cos(2 X @2 Xt)
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+ixa3 ><;A13 X cos(3x @l xt)

+=1_l X a3 ><A23 X cos(3 X ®2xtE)

+a?x Al x A2 xcoz{{m]l —w2) x¢)

+a2xAlxA2 % cozi{w] +w2) x¢#)

+§><a3 x A2 xA1° % cos((2x ol +w2)xt)
3 2

+L—1><a3><AE><A1 weoos((2x@l-w2)xt)
3 2

+Z1XC"3 WAl x A2 xeos((Z2x 02+ w®])xE)

+§xa3 xAlxA2" % cos((2x w2—-w])xt)

and can define the gain of the fundamentals A 1 x cos(wl x t)and A2 x cos(w2 x t) as
73 > 3 i
Gl =al+aldx L— x Al +Zx A2
4 2 /
and
i’ . Yy
G2 = al+adx(2xA1*+2xA2’)
2 4 /

respectively.

Examining G 1 and G 2 closer, we see that G 1> G 2 for A 1> A 2 and a 3<0. This means that if we excite a
polynomial amplifier with a large- and a small-signal tone, the large-signal tone will experience a larger gain than the
small-signal tone. For more details, please refer to "Polynomial Model of Blocker Effects on LNA/Mixer Devices" by W.
Domino et. al. in the June 2001 issue of Applied Microwave and Wireless.

This behavior is counter-intuitive for some people. If we excite an amplifier with a small-signal tone, it will provide its
maximum/linear gain. If we excite the same amplifier with a large-signal tone, it will provide a smaller/compressed
gain. If we excite an amplifier with both a large- and a small-signal tone, one could then expect that the small-signal
tone would be subject to a larger gain than the large-signal tone. The above shows that this is not how Amplifier2
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behaves.

This behavior, however, is intuitive for some people. If we consider an ideal hard limiting amplifier with an input
voltage of Vin and an output voltage of Vmayx, it has a large-signal gain of Vmax/Vin but a small-signal gain of zero,
suggesting a larger large-signal gain than small-signal gain. This is in line with how Amplifier2 behaves.

Above, we presented the polynomial model used for modeling the output voltage as a function of the input voltage.
This polynomial model, however, does not fully describe the response of the amplifier. It is important to remember
that the amplifier has a power level at which it saturates and above which the output is clipped. We also presented the
result of pushing Al x cos(wl x t) and Al x cos(wl x t)+A2 x cos(w2 x t) signalsthroughay=al x x4+ a2x X
2 + a 3 x x 3 nonlinearity. The result is an output voltage consisting of a finite number of Chn x cos(n Xxwn x t)
terms. More generally, it can easily be shown that pushing a sum of Ai x cos(wi x t) terms through a polynomial
nonlinearity will result in a finite number of Cn x cos(n X wn x t) terms. It might then be expected that a
harmonic balance analysis of such an amplifier can only produce finite harmonics up to a certain order but will always
produce zero harmonics beyond a certain order. This is the case when the amplifier is not hard limiting but is not the
case when the amplifier starts hard limiting.

When we analyze an amplifier via a harmonic balance simulation of a certain order, the harmonics we will see on the
input and output of the amplifier will be those which lead to the most correct input and output waveforms that can be
achieved with the given order.

Assume the input waveform is a sine wave. This can be represented exactly using only the fundamental. Therefore,
we will see a finite fundamental tone and zero harmonics on the input.

The output waveform depends on the input power level.

At low input powers, the output waveform is simply a sine wave, namely the input sine wave scaled by the linear
amplifier gain. This can be represented exactly using only the fundamental. Therefore, we will see a finite fundamental
tone and zero harmonics.

At higher input powers where the amplifier enters compression, the output waveform is the input sine wave pushed
through the amplifier polynomial. Because a sine wave pushed through a polynomial gives rise to sine terms and no
others, the output waveform will have finite harmonics up to a certain order and zero harmonics above that order.

At high enough input powers that the amplifier starts hard limiting, the output waveform is a clipped sine wave. For
increasingly high input powers, this clipped sine wave approaches a square wave. Representation of such a clipped
wave requires finite third, fifth, seventh, etc. harmonics so when the amplifier starts clipping all harmonics will be
finite. This means that we will see a very sharp increase in the level of all such harmonics as soon as the amplifier
starts clipping. If we increase the input power enough, we get approximately a square wave output. When this
happens, the levels of the various harmonics reach saturation. The relative values of these saturated power levels can
be predicted from the Fourier representation of a square wave.

AM to PM Conversion
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The Amplifier component supports AM to PM conversion for a very limited number of magnitude modes; Amplifier2
supports AM to PM conversion for all magnitude modes when GainCompType=LIST. Magnitude and phase is fitted
separately so AM to PM conversion can be added for each magnitude mode. This adds a phase response but does not
alter the magnitude response.

AM to PM conversion is defined as the amount of phase change in degrees per magnitude/power change in dB. It is
specified via the two parameters AM2PM and PAM2PM. AM2PM [degrees/dB] is the amount of AM to PM conversion
while PAM2PM [dBm] is the power level at which the amplifier has this amount of AM to PM conversion. A physically
sensible phase response is then constructed which has a phase of phase(S21) at low powers, an amount of AM to PM
conversion given by AM2PM at PAM2PM, constant phase at high powers and for which the maximum amount of AM to
PM at any power level is also given by AM2PM. Stated differently, the derivative of the phase response with respect to
power in dB takes its maximum value AM2PM at PAM2PM.

This phase response is far from unique and certainly will not be correct for all amplifiers. Based only on the amount of
AM to PM at one power level, there is simply no way to construct a phase response that matches any circuit level
amplifier at all power levels. This AM to PM capability is only meant as a crude way of incorporating a phase response
for amplifiers about which very little information is known - at the initial system level design iterations, For example,
where no transistor level amplifier has been designed. Once more information about the amplifier's phase response is
known and a more accurate phase modeling is desired, use Amplifier2 with GainCompType=FILE and specify the
(compression and) phase response as a function of power in the GCOMP7 block of an S2D file. This is much more
accurate than what this AM to PM capability can provide.

To document the exact phase response in a little more detail, we start out with AM2PM [degrees/dB] and PAM2PM
[dBm]. We first define:

k =AM2PM

P =10 (PAM2PM-30)/10

For a sine wave

A0 x cos(w x t)

the average power is

A0°

-

.

F = I (A0xcos{xt)) dt =
pericd

Therefore, we have

A0 = /2= P

The phase response is initially modeled in the A-domain. We choose
y(A)=cO+cl x A+c2 x A2 +c3 x A3

We now get

y (0)=0->c 0=0

dy /dA (0)=0->c1=0

dy/dA(AOQ0)=k->2x AOXx c2+3 x A02 x c3=0
d2y/dA2(A0)=0->c2+3 x A0 x c3=0

c 2=k /A0

c3=-k/(3x A02)

Then, we have

Yy(A)=k/AO0Ox A2-k/(3x A02)x A3

This function has the following properties

y (0)=0
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dy / dA (0)=0

y(A0)=2/3xkx A0

dy/dA(A0)=k

d2y/dA2(A0)=0(AQO0isanextremum, max AM to PM occurs here)
y(2x A0)=4/3x k x A0=2x y(AQ)

dy/dA (2 x A0)=0

This curve will be distorted when it is made a function of power in dBm instead of magnitude A . The difference
between two log values can be quite significant at small values but will be much smaller at large values. This means
that the log function will distort the curve - it will be stretched out at low powers and will be compressed at high
powers. This will change the point where the maximum slope occurs so the curve is shifted/scaled such that the
maximum slope AM2PM occurs at PAM2PM. Also, we account for the fact that the derivative with respect to A must be
in dB and not linear numbers.

The above phase response applies to the fundamental tone. This phase shift is applied before the application of the
nonlinear polynomial which means that the change of the phase response of the n th order harmonic from its low
power value will equal that for the fundamental tone scaled by the harmonic index n .

The easiest way to validate that the amount of AM to PM conversion takes its maximum value AM2PM at PAM2PM is to
use the diff function in ADS. If the Amplifier2 output voltage is denoted by Vout and determined via a swept input
power harmonic balance simulation, simply plot diff(phase(Vout[::,1])). The peak of this curve should occur at
PAM2PM and should take the value AM2PM.

All harmonic balance simulations can be subject to aliasing errors. This can significantly change the phase response of
an amplifier. To mitigate the effects of harmonic balance aliasing errors, increase the Fundamental Oversample
(FundOversample) parameter on the HarmonicBalance controller from the default 1 to, say, 16.

The magnitude and phase response for Amplifier2 are fitted separately. Given, say, SOI and TOI, a set of magnitude
polynomial coefficients are determined such that Amplifier2 has a second-order intercept point of SOI and a
third-order intercept point of TOI. Given AM2PM and PAM2PM, a set of phase polynomial coefficients are determined
such that Amplifier2 has AM to PM conversion given by AM2PM at PAM2PM. When using an Amplifier2 with both a
magnitude and a phase response in a multi-tone harmonic balance simulation, there is no guarantee that the above
magnitude and phase separation will hold. Generally, a phase response will generate intermodulation distortion with a
multi-tone input. This is part of why AM to PM conversion is of interest. This means that the third-order intercept point
may no longer be the TOI set on the component. Amplifier2 makes no attempt at matching the composite
magnitude/phase third-order intercept point to the TOI set on the component but simply uses the polynomial
coefficients derived for the isolated magnitude mode.

Noise

Given the minimum noise figure NFmin (real), the optimal reflection coefficient Sopt (complex), the noise resistance
Rn (real), the noise reference impedance Rref (real), and the source admittance Ys (complex), the noise figure NF of
an amplifier is determined by:
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1 1-Sopt
Yopt = chfx 1+ Sopt
Fmin = lD}'ﬁl'Fm.';n."lD

: Rn 2
F = Jr'?l'r:-’.',m+‘!W[YS:| % Yz — Yopt|

NF = 10xlog(F
Note that this is independent of the amplifier S-parameters.

The noise behavior of Amplifier2 is characterized by the four noise parameters NF, NFmin, Sopt and Rn and the
reference impedance Z1 for port 1. Amplifier2 is implemented as a Noisy2Port cascaded with an SDD. The
above-mentioned five parameters control the parameters for the Noisy2Port, the Noisy2Port generates a noise voltage
on its output and this noise voltage is passed through the SDD in the same manner as the signal.

NF-only mode is used for NFmin=0. This is a special case where only one noise parameter must be specified. In this
case, the Noisy2Port has the parameters NFmin=NF, Sopt=0, and Rn=Z1/4 x (10 NF/10 -1). The reference
impedance for the noise calculation (not available on the Noisy2Port user interface) is Z1. The NFmin=0, Sopt and Rn
parameters are ignored.

(NFmin, Sopt, Rn) mode is used for NFmin>0. This is a more general case than NF-only mode. In this case, the
Noisy2Port has the parameters NFmin=NFmin, Sopt=Sopt, and Rn=Rn. The reference impedance for the noise
calculation (not available on the Noisy2Port user interface) is Z1. The NF parameter is ignored.

Given an output noise voltage vn , the single sideband noise figure NFssb and the double sideband noise figure NFdsb
are given by:

NFssb=10*log ((vn2/R+k x TOX(G1+G2+...))/(k x TOx G1))

NFdsb=10*log((vn2/R+k X TOX (G1+G2+ ...))/(k x TOXx(G1+G2+..))

where R is the output resistance, k =1.380658e-23 J/K is Boltzmann's constant, T 0=290 K is the standard noise
temperature, G 1 is the primary power gain from the input noise frequency to the output noise frequency, and G 2+...
is the sum of all higher order mixing gains which mix from some input frequency to the output noise frequency. For an
amplifier, G 2+... is zero under small-signal operation. vn 2 / R represents the noise added by the amplifier while k

x T O represents the noise power available from the input termination. In the following, we outline how Amplifier2
calculates noise voltages and noise figures in various cases. This will be compared to the behavior of Amplifier.

Small-Signal Operation, NF-Only Mode

Consider an amplifier with NF=5 dB, Z1=25 Ohm and S21=1. The corresponding values of NFmin, Sopt and Rn have
been described previously. We will consider the two S11 values S11=0 and S11=0.2. The amplifier lives in an
environment where Ys=1/50 Siemens and R=50 Ohm. For this amplifier, the noise figure on the output should be
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NF=5.356 dB.

Amplifier calculates the noise voltage via:

\ NFmin/10
Fmin = 1007 ™"

an” = ExTOx(Fmin-1)

Em2 = .S'El2 ® anz

vn = R x brn”

Doing the numerical evaluations, we get vn =657.93pV. This value is independent of S11. Because the G 1 term used
in the calculation of NFssb and NFdsb varies with S11, NFssb and NFdsb will vary with S11. Specifically, we get
NFssb=NFdsb=5.356 dB for S11=0 (matches NF) and NFssb=NFdsb=4.940 dB for S11=0.2 (does not match NF).

Amplifier2 calculates the noise voltage differently. First, four noise correlation coefficients are calculated via:
<vh,vhn>=4x k x TOx Rn

<in,in>=4x k x TOX Rn x| Yopt| 2

<vn,in>=4x k x TOx Rn x (( Fmin HH2>Rn) Yopt )

<in, vn > = conj(< vn,in >)

The noise voltage can then be calculated from:

vn = JGx (vnon xG+Gx (v, iRV X Z+Zx (in,ory X G+ Zx (in, 1n) xZ

where G is the trans-voltage-gain of the amplifier and Z is the trans-impedance of the amplifier. These can be found
from an adjoint circuit analysis of the amplifier and become G =-0.4714 and Z =-23.5702 Ohm for S11=0 and G
=-0.5051 and Z =-25.2538 Ohm for S11=0.2. The noise voltage then becomes vh =657.93 pV for S11=0 and vn
=704.93 pV for S11=0.2. We see that vn varies with S11; this is not surprising. The noise voltage at the output of the
Noisy2Port is independent of S11 but this voltage is passed through the SDD and will see a small-signal gain. NFssb
and NFdsb become 5.356 dB independent of S11 (matches NF).

Small-Signal Operation, (NFmin, Sopt, Rn) Mode

Consider an amplifier with NFmin=5 dB, Sopt=0.1+j x 0.2, Rn=40, Z1=25 Ohm and S21=1. We will consider the two
S11 values S11=0 and S11=0.2. The amplifier lives in an environment where Ys=1/(10-j x 20) Siemens and Z|=30.
For this amplifier, the noise figure on the output should be NF=9.520 dB.

In this case, Amplifier2 calculates its noise voltage from the same equations as for NF-only mode. The only difference
is the NFmin, Sopt and Rn values used. Amplifier2 produces the noise voltage vh =766.79 pV for S11=0 and vn
=749.68 pV for S11=0.2. For both S11 values, this leads to NFssb=NFdsb=9.520 dB. Amplifier calculates noise
voltages different from NF-only mode but is again wrong. Amplifier produces the noise voltage vn =611.47 pV for
S11=0 and vn =597.83 pV for S11=0.2. For both S11 values, this leads to NFssb=NFdsb=7.823 dB.
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Large-Signal Operation

The above sections present the noise behavior of Amplifier and Amplifier2 in NF-only mode and (NFmin, Sopt, Rn)
mode. These apply as the amplifier is operated under small-signal conditions. As the power is increased and the
amplifier is operated under large-signal conditions, the expressions for NFssb and NFdsb still apply but some of the
terms change.

Consider the expressions for NFssb and NFdsb. These are:
NFssb= 10*log((vn2/R+k x TOXx (G1+G2+...))/(k x TOx G1))
NFdsb=10*log((vn2/R+k X TOX (G1+G2+...))/(k x TOXx(G1+G2+..))

At low powers, G 1 is the amplifier's small-signal gain and G 2+... is zero. As the power increases and the amplifier
compresses, G 1 decreases (gain expansion could precede this trend) and G 2+... increases. This is a function of the
signal properties of the amplifier and is independent of the amplifier's noise model. The variation of G 1 and G 2+... as
a function of the power level is the same for Amplifier and Amplifier2. This is not the case for the noise voltage vn .
For Amplifier, vn is constant as the amplifier compresses. For Amplifier2, the noise voltage at the output of the
Noisy2Port will pass through the SDD which means that vn decreases as the amplifier compresses. This lowers vn 2 /
R for Amplifier2 relative to Amplifier, causing Amplifier2 to produce smaller noise figures in compression than
Amplifier.

Notes/Equations

1. Amplifier2 is introduced as a replacement for Amplifier. To change an existing Amplifier component to an
Amplifier2 component, simply change the name from Amplifier to Amplifier2 on the schematic. The parameters
for the two models are the same and Amplifier2 will adopt the values for Amplifier, making parameter re-entry
unnecessary. The only exception is that the parameters GainCompType, ReferTolnput and ClipDataFile will take
their default values LIST, OUTPUT and yes, respectively, regardless of the values these parameters had for
Amplifier. Also, the Amplifier display settings will be ignored. Amplifier2 will simply adopt its default settings,
displaying S21, S11, S22 and S12.

For examples of how to use Amplifier2, see the example project examples/Tutorial/Amplifier2_Example_prj or
search the ADS examples for designs where Amplifier2 is currently used. To locate such examples, use the ADS
documentation Search feature, search in: Examples , and enter Amplifier2 . As each found item is highlighted,
the ADS examples project directory information is displayed; from the ADS Main window select File > Example
Project to navigate to these examples.

Major Differences between Amplifier and Amplifier2 summarizes the major differences between Amplifier and
Amplifier2.

{anchor:1137295}Major Differences between Amplifier and Amplifier2

Amplifier Amplifier2
AM to PM only supported for some magnitude modes AM to PM supported for all magnitude modes
AM to PM broken AM to PM working
Non-physical noise behavior Physical noise behavior
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Real/imaginary polynomial fit Magnitude/phase polynomial fit
Complex S21 leads to non-physical time-domain Complex S21 leads to physical time-domain waveforms
waveforms

For large harmonic balance and circuit envelope simulations Amplifier2 may be slower than Amplifier.

2.

© ®© N

10.
. Modeling Basics presented the polynomial model used for modeling the output voltage as a function of the input

Use the functions polar(mag,ang), dbpolar(dB, ang), or VSWRpolar(VSWR, ang) to convert the Sij specifications
into complex numbers. Note that Sij are voltage gains and not power gains. For example, an amplifier with
S21=polar(10,0) and S11=522=S12=0 will scale the voltage by a factor of 10 from input to output and will
therefore result in a 20 dB increase in power. S21=dbpolar(10,0), on the other hand, will result in a 10 dB
increase in power.

For an S-parameter or a noise figure sinusoidal ripple, use the function ripple (mag, intercept, frequency,
variable); for example ripple(0.1, 0, 10 MHz, freq).

example: S21=dbpolar(10.0+ripple(0.1,0,10MHz,freq),0.0)

When defining gain using S21, remember that this gain is applied to the forward incident wave into the input of
the amplifier. This is in keeping with the measurement standards used to define amplifier gain at the system
level. This means that if we change S11 from 0 to 0.9 for example, we will see no change in output power
because the reflected wave is not taken into account by the amplifier's definition of gain, only the incident wave.

. Amplifier2 behaves differently from Amplifier for complex S21 values. The phase shift is applied before the

nonlinear polynomial instead of after, leading to much more realistic waveforms. To see this, consider for
example an Amplifier and Amplifier2 with S21=dbpolar(10,50), TOI=20 dBm, GainCompPower=10 dBm and
GainComp=2 dB. Excite and terminate these with default P_1Tone and Term components and carry out a
high-order harmonic balance analysis, say Order=150, at a high input power, say 30 dBm. Because the
amplifiers are excited with a sine wave and operate deep into compression, we expect the output time domain
waveform to be clipped and closely resemble a square wave. Except for the expected differences at transitions
where the effect of a finite Order is evident, this is the case for Amplifier2 but is not at all the case for Amplifier.
Z1 and Z2, the reference impedance parameters for ports 1 and 2, are used in conjunction with the parameters
S11/S21/S12/S22. This is because S-data is always used with respect to a particular reference impedance.
Amplifier2 does not support complex reference impedances.

Amplifier2 passes dc.

For circuit envelope simulation, baseband signals are blocked.

Amplifier2 may be slower than Amplifier for large harmonic balance and circuit envelope simulations.

voltage. It also presented the result of pushing an A 1 x cos(wl x t )+ A 2 x cos(w2 x t) signal throughay =
alx x+a2x x2+ a3 x x3nonlinearity. Based on this, we can calculate the IP2 (second-order intercept)
and IP3 (third-order intercept) of the amplifier. The general equation for the n th-order intercept point IP n is IP
n=(n x P1-Pn)/( n-1) where P 1 is the power level of the first-order tone and P n is the power level of the n
th-order tone.

The P n power level, however, is not unique. Look at the amplifier output. Ignoring A 1 and A 2 which we can
normalize out, the second-order harmonics cos(2 x wl x t) and cos(2 x w2 X t) have the amplitude 1/2 x a
2 while the second-order intermods cos((w1l-w2) x t) and cos((wl+w2) x t) have the amplitude a 2.
Similarly, the third-order harmonics cos (3 X wl x t) and cos(3 X w2 x t) have the amplitude 1/4 x a 3
while the third-order intermods cos((2 X wl4+w2) x t), cos((2 x wl-w2) x t), cos((2 x w2+wl) x t) and
cos((2 x w2-wl) x t) have the amplitude 3/4 x a 3. If theformulaIPn=(n x P 1-Pn)/( n1) works for
one type of second and third-order tone, it will not work for the other.

The industry standard definitions of IP2 and IP3 are based on intermods, not harmonics. When polynomial
coefficients are determined in the Amplifier2 code, they are therefore based on intermods. When validating
Amplifier2 using intermods, everything checks out; when using harmonics, it does not. This shows that we
cannot validate the proper SOI and TOI for Amplifier2 using a one-tone analysis because this generates only
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harmonics but not intermods. We use industry standard definitions when deriving the coefficients for Amplifer2
and it is imperative to do the same when validating Amplifier2.

Note that SOI and TOI are defined at a low power level. If SOI and TOI are calculated at a power level where
either P1 or P n deviate from their low-power values, the results will be in error. To see this, sweep the input
power and plot the IP3 of the Amplifier2 as a function of the input power. At low powers, the IP3 of the amplifier
will match the TOI parameter set on the Amplifier2. Amplifier2 was constructed to have the TOI parameter as its
IP3 at low powers so this is expected. As the input power increases, IP3 will start to deviate from the TOI value
for low input powers. This simply reinforces the importance of calculating IP3 at low input powers. Too high, and
IP3 changes. Note that it is not enough that the fundamental tone varies linearly. SOI/TOI is calculated based on
the fundamental and the second/third-order intermod so one must ensure that the second/third-order intermods
are also linear or SOI/TOI will change.

Note also that Amplifier2 must be output impedance matched in order for the SOI/TOI validation to check out.
The common expectation for the behavior of the adjacent channel power rejection (ACPR) for an amplifier
operating in compression can be formulated in many equivalent ways: the ACPR decreases/improves as TOI
increases; the ACPR decreases/improves as the amplifier becomes more linear; the ACPR decreases/improves as
we move away from compression; the ACPR increases/worsens as TOI decreases; the ACPR increases/worsens
as the amplifier becomes more nonlinear; the ACPR increases/worsens as we move towards compression.

This expectation is correct for an amplifier operating linearly. For an amplifier operating in compression, the
validity of this expectation depends on the amplifier. We will discuss two cases, a transistor-level amplifier and a
polynomial amplifier.

The expectation may or may not be correct for a transistor-level amplifier operating in compression. A
transistor-level simulation of a particular amplifier in ADS shows that this expectation holds at some input power
ranges but not at others.

The expectation is incorrect for a polynomial amplifier operating in compression. Modeling Basics presented how
two tones react when pushed through a polynomial amplifier and offered a discussion of this analysis. The result
is that the large-signal gain will always exceed the small-signal gain. Applied to ACPR skirts, this means that a
polynomial amplifier will actually produce a decreasing/better ACPR level as we move further into compression.
This may be counter-intuitive but Amplifier2 reacts the way we can theoretically predict that a polynomial
amplifier must act. Amplifier2's behavior is simply a function of the polynomial modeling on which it is based.

An S2D file typically consists of an ACDATA block containing small-signal information and a GCOMP i block (i =1,
... , 7) containing compression information. For Amplifier2, the ACDATA block is ignored and the S-parameters
specified on the Amplifier2 component are used. If the S-parameters of the ACDATA block must be used, use the
AmplifierS2D component instead. Similarly, any NDATA blocks containing noise data are ignored by Amplifier2.
When an S2D file contains gain compression data at more than one frequency, the GainCompFreq must be set to
one of the frequencies in the S2D file to identify the data to be used. It is imperative that GainCompFreq be set
to one of the frequencies in the S2D file as no interpolation or extrapolation between gain compression data at
different frequencies can be performed. For further details regarding GainCompFreq selectivity, refer to Using
GCFreqg to Resolve GCOMP? Frequency Conflicts in the AmplifierS2D documentation.

When an S2D file has a power range that exceeds that of a simulation, a choice must be made for the power
range used for fitting. Assume an S2D file covers -30 dBm to 30 dBm but that a simulation is carried out from
-10 dBm to 10 dBm. In this case, a choice must be made as to whether the polynomial fitting of S2D data is
done over the power range -30 dBm to 30 dBm or -10 dBm to 10 dBm. In the former case, the fitting may be
inaccurate as the polynomial must cover a large power range that could hold a lot of variations. This is
undesirable. However, the advantage of this approach is that the results we get when simulating from -10 dBm
to 10 dBm are a subset of what we would have gotten in that interval had we simulated from -30 dBm to 30
dBm. In the latter case, the fitting is much more accurate as the fitting is done over a much smaller power range
which presumably holds a lot less variation. This is desirable. However, the problem with this approach is that
the results between -10 dBm and 10 dBm will be different for a simulation done from -30 dBm and 30 dBm
rather than from -10 dBm and 10 dBm because the polynomial coefficients change as we change the power
range of the simulation. ADS does the former. It fits a polynomial to the whole S2D file, not just the subset for
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which the simulation is carried out. To change the fitting in a power range, it is not enough to change the power
range of the simulation. To change the fitting, one must modify the S2D file. The S2D file power range, not the
simulation power range, dictates the fitting power range. This is relevant in the following where we discuss
different fittings in different power ranges.

A typical Pout (output power) vs. Pin (input power) curve consists of a linearly increasing region, a transition
region and a saturation region. Another way of thinking of this is that typical Pout-Pin vs. Pin curve consists of a
flat region, a transition region and a linearly decreasing region.

When the saturation region is made larger and larger, the fitting approach adopted by Amplifier2 (polynomial
fitting, odd order terms, order dependent upon the number of data points in the S2D file, max order 9) will tend
to produce fitted curves which ring/oscillate more and more at higher powers. Mild ringing is often tolerable and
might not even be noticed but if the transition region becomes too large it can make the results useless. To
alleviate the problem, reduce the size of the saturation region to the minimum needed and leave no extra points
in the S2D file. If the results are still not satisfactory, ensure ClipDataFile is set to yes and reduce the saturation
region even more, relying on Amplifier2 extrapolation. If the results are still not satisfactory, try breaking the
S2D file into two files and simulate the problem in two steps. Another alternative is to use the AmpSingleCarrier
model. This model is based on linear interpolation instead of curve fitting and will not have this ringing problem.
AmpSingleCarrier, however, will not produce harmonics. Refer to the AmpSingleCarrier documentation for
details.

If fitted results do not accurately match the data in the S2D file and it is uncertain if this ringing problem is the
cause, the problem is very easy to exaggerate. Simply extend the GCOMP7 block of the S2D file with a large flat
region (more input powers, saturated output power, saturated output phase) and re-simulate. If the ringing
problem is the cause, the results should get worse.

The S2D file capability is a legacy from OmniSys. OmniSys used GComp1-GComp7 data items for specifying gain
compression. Gain Compression Data for OmniSys and ADS summarizes the gain compression data for OmniSys
and ADS. Refer to OmniSys Parameter Information for OmniSys parameter information. GComp1-GComp6 can
be specified by using the corresponding ADS gain compression parameters and setting GainCompType=LIST or
they can be contained in an S2D format setting GainCompType=FILE.

OmniSys ADS

GCompl: IP3 TOI

GComp2: 1dBc GainComp=1dB

GComp3: IP3, 1dBc TOI

GComp4: IP3, Ps, GCS TOI

GComp5: 1dBc, Ps, GCS GainComp=1dB

GComp6: IP3, 1dBc, Ps, GCS TOI

GComp7 GainCompType=FILE
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OmniSys Parameter Information

1. The GainRF component is the Ptolemy equivalent of the Analog/RF Amplifier2 component. Both of these
components are based on the OmniSys legacy (refer to note 16) and the OmniSys cases GCOMP1 through
GCOMP7 are shared by GainRF and Amplifier2. For GCOMP1 through GCOMP6 corresponding to
GainCompType=LIST, the curve fitting algorithms for GainRF and Amplifier2 are very similar and close results
can be expected. However, the curve fitting algorithms are not identical and the shape of the knees of the
compression curves will therefore differ slightly. Also, the levels at which the various fundamentals saturate can
be different. These levels will generally differ more when Psat is not set than when Psat is set. For GCOMP7
corresponding to GainCompType=FILE, the curve fitting algorithms for GainRF and Amplifier2 are different and

different results can be expected.

AmplifierVC (Ideal Voltage-Controlled Amplifier)

Symbol
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Available in ADS

Parameters
Name Description Units Default
Gain Gain as a function of dB/V (30 — 15 x _v3)
control voltage (_v3)
Rout

Output resistance Ohm 50
Range of Usage

Rout > 0

Notes/Equations

. AmplifierVC is an ideal voltage controlled amplifier. The impedance for its input and control port is infinite; its
output impedance is Rout.

An equation is used to describe Gain as a function of the control voltage at port 3: _V3. The default equation is
Gain = 30 — 15 x _V3.

AmpSingleCarrier (Single Carrier Amplifier)

Symbol
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Available in ADS

Parameters

Name
Freq
S21

S11

S22

S12

NF

NFmin

Sopt

Rn

Advanced Design System 2008

Description
Frequency

Forward transmission
coefficient; use x + j x y
polar (x,y), dbpolar (x, y)
for complex value

Forward reflection
coefficient; use x + j x y
polar (x,y), dbpolar (X, y),
vswrpolar (x, y) for
complex value

Reverse reflection
coefficient; use x +j x y
polar (x,y), dbpolar (X, y),
vswrpolar (x, y) for
complex value

Reverse reflection
coefficient; use x +j X y
polar (x,y), dbpolar (x, y)
for complex value

Noise figure

Minimum noise figure at
Sopt

Optimum source reflection
for minimum noise figure;
use X + j x y polar (x,y),
dbpolar (x, y) for complex
value

Equivalent noise resistance

Units
None

None

None

None

None

dB
dB

None

None
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None

None

None

None

None

None

None

Default
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Z1 Reference impedance for None None
port 1

Z2 Reference impedance for None None
port 2

GainCompFile Filename for Gain None None
Compression (GCOMP7)
Data

Notes/Equations

1. AmpSingleCarrier is based on FDD (frequency-domain defined device). The incident power level at the amplifier
input is detected and the corresponding gain is obtained by interpolating the gain compression table given by
GainCompFile. In harmonic balance simulation, the output signal has only one frequency component given by the
Freq parameter. Neither harmonics nor intermodulation products are generated by AmpSingleCarrier. In
Envelope simulation, the output signal contains only the complex envelope around one frequency given by the
Freq parameter.

2. Z1 and Z2, the reference impedance parameters for ports 1 and 2, are used in conjunction with the parameters
S11/S21/S12/S22. This is because S-data is always used with respect to a particular reference impedance.

FregMult (Ideal Frequency Multiplier)

Symbol

1 MxFin =

Available in ADS

Parameters

Name Description Units Default
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S11 Complex reflection None 0
coefficient for port 1

S22 Complex reflection None 0
coefficient for port 2

G1 Power gain of input tone dB 3

G2 Power gain of second dB None
harmonic relative to input
tone

G3 Power gain of third dB None
harmonic relative to input
tone

G4 Power gain of fourth dB None
harmonic relative to input
tone

G5 Power gain of fifth dB None
harmonic relative to input
tone

G6 Power gain of sixth dB None
harmonic relative to input
tone

G7 Power gain of seventh dB None
harmonic relative to input
tone

G8 Power gain of eighth dB None
harmonic relative to input
tone

G9 Power gain of ninth dB None
harmonic relative to input
tone

Pmin Minimum input power for dBm -40
specified conversion

Z1 Reference impedance for Ohm 50
port 1

Z2 Reference impedance for Ohm 50
port 2

Range of Usage

0Os110< 1
0 s220< 1

IN 1A
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Notes/Equations

1. The ideal frequency multiplier takes an input signal and produces an output spectrum with specified spectral
harmonics. The reverse isolation is assumed to be infinite (5§12=0). All of the harmonics generation is specified
relative to the input level. For example if an input power of 20 dBm is incident on a multiplier with G2=—-20 dB
the second harmonic output will be 0 dBm. This device is compatible with transient simulation.

2. This model assumes that only one signal tone is present at the input. If multiple tones are used at the input then
unwanted mixing products can be generated and spurious mixing products will result.

3. The harmonic balance parameter ORDER must be set to a value equal to or higher than the harmonic index of
interest.

4. Real-world nonlinear devices such as mixers and frequency multipliers often have an input power level below
which they do not work. For FreqMult, this phenomenon is incorporated through the PMin parameter. However,
PMin is not simply a minimum threshold value to which the input power is limited.

With a right-propagating input wave of al, the input power detection is done via |al]| 2

=al x al+H(al) x H(al), with H(al) being the Hilbert transform of al. A normalized al is then calculated via
alnorm=al/sqrt(]al| 2 +dBm2lin(PMin)), with dBm2lin(x)=10 (x-30)/10 . Note the presence of PMin. For
dBm2lin(PMin)<<]al| 2, the effect of PMin is negligible. For |al| 2 approaching dBm2lin(PMin), however, the
results will depend on the value of PMin. If this is undesired, simply lower PMin appropriately.

5. Z1 and Z2, the reference impedance parameters for ports 1 and 2, are used in conjunction with the parameters
S11/S21/S12/S22. This is because S-data is always used with respect to a particular reference impedance.

LogACDemod (Demodulating AC Logarithmic Amplifier)

Symbol

Available in ADS

Parameters

Name Description Units Default
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CurrentSlope Gradient of transfer A/decade 1.e-3
characteristic

VoltIntercept Vin for zero output \ l.e-3
Z1 Reference impedance for Ohm 50
port 1

Notes/Equations

LogACDemod uses a square-law detector and an ideal logarithmic function.

The function is in the form of voltage-input/current-output.

LogACDemod is not recommended for transient simulation.

Several logarithmic amplifiers are available in ADS: LogACDemod, LogDC, LogSuccDetect, and LogTrue. These
components accept an RF input and generate a DC output voltage proportional to the log of the input voltage.

Sl

LogDC (DC Logarithmic Amplifier)

Symbol

Available in ADS

Parameters
Name Description Units Default
VoltSlope Gradient of transfer V/decade 1.e-3
characteristic
VoltIntercept Vin for zero output Y 1.e-3
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Z1 Reference impedance for Ohm 50
port 1

Notes/Equations

1. LogDC provides an output that is a logarithmic function of the input. If, for example, the scaling is 1 volt/decade,
the output changes by 1V for any tenfold increase of the input.
The intercept point is the input level at which the output voltage is 0.
Vout = VoltSlope x log ((Vin / VoltIntercept) + 1)

2. Several logarithmic amplifiers are available in ADS: LogACDemod, LogDC, LogSuccDetect, and LogTrue.
LogACDemod, LogSuccDetect, and LogTrue accept an RF input and generate a DC output voltage proportional to
the log of the input voltage. LogDC will accept an RF input but does not generate a DC output.

LogSuccDetect (Successive Detection Logarithmic Amplifier

Symbol

Available in ADS

Parameters
Name Description Units Default
NumStages Number of stages None 5
StageGain Gain per stage dB 10
CurrentSlope Gradient of transfer A/decade 1l.e-3

characteristic
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Z1 Reference impedance for Ohm 50
port 1

Notes/Equations

1. This amplifier use a successive detection scheme to provide an output current proportional to the logarithm of
the input voltage. The amplifier consists of several amplifier/limiter stages (NumStages specifies how many),
each having a small signal gain (StageGain specifies the gain). Each stage has an associated full-wave detector,
whose output current depends on the absolute value of its input stage. These output currents are summed to
provide the output scaled at the CurrentSlope (amp/decade). The output contains amplitude information only,
regardless of any phase information. A simplified block diagram of this component is shown in Simplified Block

Diagram of a 5-Stage LogSuccDetect.
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Simplified Block Diagram of a 5-Stage LogSuccDetect

1. Several logarithmic amplifiers are available in ADS: LogACDemod, LogDC, LogSuccDetect, and LogTrue. These
components accept an RF input and generate a DC output voltage proportional to the log of the input voltage.

LogTrue (True Logarithmic Amplifier)

Symbol
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Available in ADS

Parameters
Name Description Units Default
NumStages Number of stages None 5
StageGain Gain per stage dB 10
VoltLimit Limiting voltage of each \Y 1
stage
Z1 Reference impedance for Ohm 50
port 1

Notes/Equations

1. LogTrue accepts inputs of either polarity and generates an output whose sign follows that of the input. A
progressive compression technique is used, in which the logarithmic response can be approximated through the
use of cascaded amplifier stages that have signal-dependent gain.

2. Several logarithmic amplifiers are available in ADS: LogACDemod, LogDC, LogSuccDetect, and LogTrue. These
components accept an RF input and generate a DC output voltage proportional to the log of the input voltage.

Mixer (First RF System Mixer, Polynomial Model for Nonlinearity)

Symbol
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LO

Available in ADS

Parameters

Name Description Units Default

SideBand Produce UPPER, LOWER, or | None UPPER
BOTH sidebands at output
port

ImageRej Image rejection at output dB None
with respect to
fundamental

LO_Rej1 LO to Input Port Rejection dB None
LO_Rej2 LO to Output Port Rejection dB None

RF_Rej Input to Output Port dB None
Rejection

ConvGain Conversion Gain, use x +j | None dbpolar(0,0)
Xy, polar(x,y),
dbpolar(x,y) for complex
value; see note 2)

Si11 Forward Reflection None polar(0,0)
Coefficient, use x + j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
value; see note 2)

S22 Reverse Reflection None polar(0,180)
Coefficient, use x + j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
value; see note 2)

S33 LO Port Reflection None 0
Coefficient, use x +j x vy,
polar(x,y), dbpolar(x,y),
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PminLO

NF

NFmin

Sopt

Rn

Z1

Z2

Z3

ImpNoncausalLength

ImpMode

ImpMaxFreq

ImpDeltaFreq

ImpMaxOrder

ImpWindow

ImpRelTol

ImpAbsTol

Range of Usage
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vswrpolar(x,y) for complex
value; see note 2)

Minimum LO Power before None
starvation

Double sideband noise dB
figure

Minimum double sideband dB
noise figure at Sopt

Optimum source reflection ' None
for minimum noise figure,

use X + j x vy, polar(x,y),
dbpolar(x,y) for complex

value

Equivalent noise resistance

Reference impedance for
port 1 (real or complex
number)

Reference impedance for
port 2 (real or complex
number)

Reference impedance for
port 3 (real or complex
number)

Non-causal function Integer
impulse response order

Convolution mode Integer

Maximum frequency to None
which device is evaluated

Sample spacing in None
frequency

Maximum allowed impulse  Integer
response order

Smoothing window Integer

Relative impulse response None
truncation factor

Absolute impulse response  None
truncation factor
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None

None

None

None

None

None

None

None

None



NF = 0 dB
NFmin > 0
0<OSoptd <1
0 < Rn

GainCompFreq > 0

ConvGaind > 0

Gain Compression Parameters

Name

GainCompType

GainCompFreq

ReferTolnput

SOI

TOI

Psat
GainCompSat

GainCompPower

GainComp

GainCompFile

Advanced Design System 2008

Description

Gain compression type:
LIST=use model gain
compression specifications;
FILE=use file-based gain
compression data

Reference frequency for
gain compression (if gain
compression is described
as a function of frequency)

Specify gain compression
with respect to input or
output power of device

Second order intercept
Third order intercept
Power level at saturation
Gain compression at Psat

Power level in dBm at gain
compression specified by
GainComp

Gain compression at
GainCompPower

Filename for gain
compression data in S2D
file format

Range of Usage for Gain Compression Parameters

When specifying gain compression using model parameters, only certain combination of parameters will produce

Units

None

None

dBm
dBm
dBm
dB

dBm

dB

None

50

Default
LIST

OUTPUT

None
None
None
5.0

None

1dB
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stable polynomial curve fitting. Recommended parameter combinations are listed here.

) Note If unrealistic parameter values are used, the polynomial will become unstable, resulting in oscillations.

e Third-order intercept and 1dB gain compression parameters:
TOI, GainCompPower, with GainComp=1dB.
Range of validity: TOI > GainCompPower + 10.8.
e Third-order intercept and power saturation parameters:
TOI, Psat, GainCompSat.
Range of validity: TOI > Psat + 8.6.
e 1dB gain compression and power saturation parameters: GainCompPower, with GainComp=1dB, and Psat,
GainCompSat.
Range of validity: Psat > GainCompPower + 3.
e Third-order intercept, 1dB gain compression and power saturation parameters:
TOI, GainCompPower with GainComp=1dB, and Psat, GainCompSat.
Range of validity: Psat > GainCompPower +3, TOI > GainCompPower + 10.8
e Second-order intercept and third-order intercept parameters: SOI, TOI.

Notes/Equations

1. The Mixer component is similar to Mixer2. The key difference is that Mixer supports frequency conversion AC
analysis or FCAC analysis for small-signal AC or S-parameter analysis, while Mixer2 does not. This capability
allows small-signal frequency traditionally done at only one frequency to be somewhat extended to deal with
more than one frequency. In terms of convergence, Mixer2 is typically more robust than Mixer, as the power
detection is implemented differently.

2. If NFmin, Sopt, and Rn are used to characterize noise, the following relation must be satisfied for a realistic

model.
@}To(Fmin—l]|l+Sopt|z 'll_lsur:'
Zo T4 I1-Sopt S,

A warning message will be issued if Rn does not meet this criterion. If the noise parameters attempt to describe
a system that requires negative noise (due to Rn being too small), the negative part of the noise will be set to
zero and a warning message will be issued.

3. Use the function polar(mag,ang) or dbpolar(dB, ang), or VSWR polar(VSWR, ang) to convert these specifications
into a complex number.

4. For an S-parameter or a noise figure sinusoidal ripple, use the function ripple (mag, intercept, period, variable);
for example ripple(0.1, 0, 10 MHz, freq).

Example: S21=dbpolar(10+ripple( ),0.)

5. Z1, Z2 and Z3 the reference impedance parameters for ports 1, 2 and 3 are used in conjunction with the
parameters S11/521/512/S22. This is because S-data is always used with respect to a particular reference
impedance.

6. This model passes DC in the sense that a DC source at the RF input passes through the mixer to give a signal at
the IF output.

7. In harmonic balance simulations, the PminLO parameter sets a threshold for the effect of the LO power on the
mixer's conversion gain. The default value of PminLO is -100 dBm. The mixer will provide the expected
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conversion gain if the LO power is significantly greater (~20 dB) than the value of PminLO. If the LO power is
less than this amount, the mixer's conversion gain will deteriorate in a nonlinear fashion.

8. Gain compression can be specified by using the gain compression model parameters, or this information can be
contained in an S2D format file. All S2D gain compression types are supported by this model. Gain compression
types 1 through 6 can also be described using the gain compression model parameters. Gain Compression 7
information must be contained in an S2D file. The GainCompType parameter instructs the model where to look
for this data-in an S2D file or use model parameters.

For S2D data file format information refer to "Working with Data Files" in the Circuit Simulation manual.

9. Mixer operation with the SOI and TOI parameters is described in this note.

First consider an amplifier. Consider two input tones at f1 and f2 (assume f1<f2) and at the same power level.
Do a 2-tone HB simulation. The output will have first-order tones at f1 and f2. It also have second-order
intermod products at f2-f1 and at f1+f2. It will also have third-order intermod products at 2 x f1-f2 (will be
smaller than f1 by f2- f1) and 2 x f2-f1 (will be greater than f2 by f2-f1). Drawing a picture of this frequency
plan can be helpful. Based on these tones we can calculate the SOI and TOI of the amplifier. The general
equation is IPn= (n x P1-Pn)/(n-1) where P1 is the power level of the first-order tone and Pn is the power level
of the nth-order tone. For SOI, we can use the power levels at f1 and f2-f1 or we can use the power levels at f2
and f1+f2. For TOI, we can use the power levels at f1 and 2 x f1-f2 or we can use the power levels at f2 and
2 x f2-f1.
For a mixer, everything is the same, except that everything is being shifted down (down- converting mixer) or
up (up-converting mixer) by the LO frequency fLO due to mixing. Therefore, all these frequencies will either have
fLO subtracted or added. Note that this means that from an HB point of view, we're calculating SOI off of second-
and third-order intermod products and calculating TOI off of second- and fourth-order intermod products. For
example, TOI can be calculated from a P1 at f1-fLO (second- order as far as the HB simulation is concerned) and
a Pn at 2 x f1-f2-fLO (fourth-order as far as the HB simulation is concerned).
Also, note that the mixer must be output-matched in order to validate SOI and TOI.
For more information about SOI and TOI, refer to the Amplifier2 component documentation.

10. Frequency Conversion AC (FCAC) analysis requires a single frequency at every node of a circuit. If
Sideband=BOTH is specified for Mixer, the simulator will use SideBand=LOWER for FCAC analysis.

11. When Mixer is used in Transient analysis for single sideband applications, it is recommended that the user set
Sideband=BOTH and insert a high-order filter to suppress the undesired sideband.

Mixer2 (RF System Mixer)

Symbol

LO
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Available in ADS and RFDE

Parameters

Name

SideBand

OutputSidebandSuppression

InputImageRejection

ConvGain

RevConvGain

SP11

SP12

SP13

SP21

Advanced Design System 2008

Description

Specify the sideband/image

option for the mixe:

Output sideband
suppression (only relevant
for SideBand=LOWER,
UPPER)

Input image rejection (only
relevant for
SideBand=LOWER IMAGE
REJECTION, UPPER IMAGE
REJECTION)

Conversion gain; use X + j
Xy, polar(x,y),
dbpolar(x,y) for complex
value

Reverse conversion gain,
use X + j x y, polar(x,y),
dbpolar(x,y) for complex
value

S11, RF port reflection, use
X + j x y, polar(x,y),
dbpolar(x,y),
vswrpolar(x,y) for complex
value

S12, IF port to RF port
leakage, use x +j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
value

S13, LO port to RF port
leakage, use x + j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
value

S21, RF port to IF port
leakage, use x +j x vy,
polar(x,y), dbpolar(x,y),

Units

None

dB

dB

None

None

None

None

None

None
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Default
BOTH

—200

-200

dbpolar(0,0)

polar(0,0)

polar(0,0)

polar(0,0)

polar(0,0)

polar(0,0)



SP22

SP23

SP31

SP32

SP33

PminLO

DetBW

NF

NFmin

Sopt
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vswrpolar(x,y) for complex
value

S22, IF port reflection, use | None
X + j x y, polar(x,y),
dbpolar(x,y),

vswrpolar(x,y) for complex

value

S23, LO port to IF port None
leakage, use x + j x vy,

polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex

value

RF port to LO port leakage @ None
(real or complex

number)S31, RF port to LO

port leakage, use x + j x

y, polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex

value

IF port to LO port leakage None
(real S32, IF port to LO

port leakage, use x + j X

y, polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex

value or complex number)

LO port reflection (real or None
complex numS33, LO port
reflection, use x + j x vy,
polar(x,y), dbpolar(x,y),
vswrpolar(x,y) for complex
valueor number)

Minimum LO power before  dBm
starvation

Detector bandwidth for LO  Hz
limiting

Double sideband noise dB
figure

Minimum double sideband dB
noise figure at Sopt

Optimum Source Reflection ' None
for Minimum Noise Figure,

use x + j x vy, polar(x,y),
dbpolar(x,y) for complex

value
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polar(0,0)

polar(0,0)

polar(0,0)

polar(0,0)

-100

1e100

None

None
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Rn Equivalent noise resistance

Z1 Reference impedance for 50
port 1 (must be a real
number)

Z2 Reference impedance for 50
port 2 (must be a real
number)

Z3 Reference impedance for 50
port 3 (must be a real
number)

GainCompType Gain compression type: None LIST

GainCompFreq reference frequency for

gain compression if gain
compression is described
as a function of frequency

ReferTolnput Specify gain compression None OUTPUT
with respect to input or
output power of device:

SOl Second order intercept dBm None
TOI Third order intercept dBm None
Psat Power saturation point dBm None

(always referred to output,
regardless of the value of
the ReferTolnput

parameter)
GainCompSat Gain compression at Psat dB 5.0
GainCompPower Power level in dBm at gain = dBm None

compression for X dB
compression point,
specified by GainComp

GainComp Gain compression at dB 1.0 dB
GainCompPower

AM2PM Amplitude modulation to deg/dB None
phase modulation

PAM2PM Power level at AM2PM dBm None

GainCompFile Filename for gain None None
compression data in S2D
file format

ClipDataFile Clip data beyond maximum ' None YES

input power: YES=enable,
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NO=disable
ImpNoncausalLength Non-causal function Integer None
impulse response order
ImpMode Convolution mode Integer None
ImpMaxFreq Maximum frequency to GHz 10

which device is evaluated

ImpDeltaFreq Sample spacing in
frequency
ImpMaxOrder Maximum allowed impulse  Integer 32
response order
ImpWindow Smoothing window Integer 0
ImpRelTol Relative impulse response None None

truncation factor

ImpAbsTol Absolute impulse response  None None

truncation factor

Frequently Asked Questions

Q1 :
Al :

Q2 :
A2 :

Q3:
A3 :

Q4 :
A4

Q5:
A5 :

Q6 :
A6 :

Q7 :
A7 :

What are the major differences between Mixer and Mixer2?
Refer to note 1.

What are the supported parameter combinations?
Refer to Range of Usage .

What is the range of usage for each parameter combination?
Refer to Range of Usage.

What are the port numbers and the terminology used for the signals at each port?
Refer to Terminology.

What is the basic implementation of Mixer2?
A Noisy2Port cascaded with an SDD . Refer to Basic Implementation for details.

How does Mixer2 operate for the various SideBand modes?
Refer to Sideband Suppression and Image Rejection.

What is ConvGain?
It is the conversion gain. Refer to Linear Behavior for details.
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Q8 : How does Mixer2 apply a complex ConvGain?
A8 : Before the mixing, not after. Refer to Linear Behavior for details.

Q9 : What is RevConvGain?
A9 : It is the reverse conversion gain. Refer to Linear Behavior for details.

Q10 : What are SPij (i,j=1,2,3)?
A10 : They are the reflection/leakage/isolation parameters or S-parameters. Refer to Linear Behavior for details.

Q11 : Are ConvGain, RevConvGain and SPij (i,j=1,2,3) wave-based or voltage-based?
Al1l : ConvGain is voltage-based, RevConvGain and SPij are wave-based. Refer to Linear Behavior for details.

Q12 : How is RF to IF compression modeled?
A12 : A polynomial compression model is used. Refer to Nonlinear Behavior and Modeling Basics of the Amplifier2
documentation for details.

Q13 : How is AM to PM conversion modeled?
Al13 : A polynomial AM to PM conversion model is used. Refer to AM to PM Conversion of the Amplifier2 documentation
for details.

Q14 : How is LO limiting done for different DetBW values?
Al4 : Via a filter with a variable bandwidth specified by DetBW or via a Hilbert transform. Refer to LO Limiting for
details.

Q15 : What's best, small or large DetBW values?
A15 : Small for LO signals with significant harmonic content, large for bandpass LO signals. Refer to LO Limiting for
details.

Q16 : How does PminLO influence the LO limiting?
A16 : It defines a lower limit for the effect of the LO power on the mixer's conversion gain. Refer to LO Limiting for
details.

Q17 : Why does the mixer's conversion gain vary depending on the frequency content of the LO signal?
A17 : LO limiting is dynamic. Refer to LO Limiting for details.

Q18 : What noise model is used by Mixer2?
A18 : A Noisy2port , similar to Amplifier2. Refer to Noise for details.

Q19 : What are "NF-only mode" and "(NFmin,Sopt,Rn) mode" for in Mixer2?
A19 : They are two different ways of specifying noise. Refer to Noise for details.

Q20 : How is NFssb/NFdsb calculated, both at low powers and in compression?
A20 : Refer to Noise.
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Q21 : Can you provide more details about the noise voltages and noise figures produced by Mixer2 for the different
SideBand modes of operation?
A21 : Refer to Noise.

Q22 : How can I lower the noise at the output of Mixer2?
A22: Refer to Noise.

Q23 : Is there a tutorial example for Mixer2?
A23: examples/Tutorial/Mixer2_Example_prj . Refer to note 2 for details.

Q24 : Does Mixer2 support frequency conversion AC (FCAC) analysis?
A24 : No. Refer to note 3 for details.

Q25 : Why doesn't Mixer2 work for complex reference impedances?
A25 : Mixer2 does not support complex reference impedances. Refer to note 4 for details.

Q26 : Can I use Mixer2 for baseband envelope simulations?
A26 : No. Refer to note 6 for details.

Q27 : Why is Mixer2 sometimes slower than Mixer?
A27 : This is a consequence of the implementational differences between Mixer and Mixer2. Refer to note 7 for details.

Q28 : Why don't the predicted second- and third-order intercept points match SOI and TOI as set on Mixer2?
A28 : You are probably not setting up your validation correctly. Make sure to do a two-tone simulation, not a one-tone
simulation. Refer to note 10 for details.

Q29 : Do sums/differences of two RF frequencies appear at the output of Mixer2?
A29 : It depends on SP21 and SOI. Refer to note 11 for details.

Q30 : Why does Mixer2 ignore the ACDATA block of my S2D file?

A30 : It uses the S-parameters on the component instead. Refer to note 12 for details.

Q31 : When the power range in an S2D file differs from that of a simulation, which power range is used for polynomial
fitting?

A31 : The power range in the S2D file. Refer to note 14 for details.

Q32 : Why do I get ringing at high powers when using an S2D file?
A32 : This is a consequence of the polynomial model adopted by Mixer2. Refer to note 15 for details.

Q33 : How do I get rid of this ringing?
A33: Eliminate data for high input powers, rely on extrapolation via ClipDataFile=yes, or break the S2D file into two.
Refer to note 15 for details.

Range of Usage
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NF > 0 dB

NFmin = 0 dB

0 < OSoptd < 1

Rn >0

GainCompFreq > 0

0 dB < GainComp < 3 dB

When specifying gain compression using model parameters, only certain combination of parameters will produce
stable polynomial curve fitting. If unrealistic parameter values are used, the polynomial will become unstable,
resulting in oscillations. The recommended parameter combinations are listed here:

e Third-order intercept parameter:
Parameters: TOI
Range of validity: N/A
e Gain compression parameters:
Parameters: GainCompPower, GainComp
Range of validity: N/A
e Power saturation parameters:
Parameters: Psat, GainCompSat
Range of validity: N/A
e Third-order intercept and 1dB gain compression parameters:
Parameters: TOI, GainCompPower with GainComp=1dB
Range of validity: TOI > GainCompPower + 10.8
e Third-order intercept and power saturation parameters:
Parameters: TOI, Psat, GainCompSat
Range of validity: TOI > Psat + 8.6
e 1dB gain compression and power saturation parameters:
Parameters: GainCompPower with GainComp=1dB, Psat, GainCompSat
Range of validity: Psat > GainCompPower + 3
e Third-order intercept, 1dB gain compression and power saturation parameters:
Parameters: TOI, GainCompPower with GainComp=1dB, Psat, GainCompSat
Range of validity: Psat > GainCompPower +3, TOI > GainCompPower + 10.8
e Second-order intercept and third-order intercept parameters:
Parameters: SOI, TOI
Range of validity: N/A

Terminology

This section outlines the terminology that will be used in the remainder of the Mixer2 documentation.

Mixer2 is a 3-port device. Its input port is numbered port 1, its output port is numbered port 2, and its local oscillator
port is numbered port 3. The signals at the three ports will be denoted by RF, IF, and LO, respectively, as illustrated in
Mixer Terminology.. This follows the receiver/down-conversion convention. This convention has RF and IF flipped
relative to the transmitter/up-conversion convention. When Mixer2 is used for transmitter/up-conversion applications,
RF therefore refers to the input signal and IF refers to the output signal.

59



Advanced Design System 2008

Input Qutput
Image o  Sideband
Rejection Suppression

Mixer Terminology.

The primary signal of interest at the input of the mixer is the RF signal. A secondary signal of interest at the input of
the mixer is the RF image, denoted RFimg, defined as the other input signal which results in IF as a second-order
mixing product. The input image is typically only of interest for receiver/down-conversion applications, in which case it
is given by RFimg=2*LO-RF. RF and RFimg=2*L0O-RF both mix down with LO to generate IF=|LO-RF| at the output.
The signals RF and RFimg are called images of each other with respect to LO. If RFimg is attenuated relative to RF, we
talk about image rejection .

The primary signals of interest at the output of the mixer are |LO-RF| and LO+RF. Typically, one of these is desired
and the other is undesired. We refer to these two signals as lower and upper sidebands . If one sideband is attenuated
relative to the other, we talk about sideband suppression .

Throughout the Mixer2 documentation, we will use the terms image and rejection when describing input signals to
Mixer2 and use the terms sideband and suppression when describing output signals from Mixer2. Other choices are
possible but the terminology adopted here is in line with accepted industry literature, see for example the exhaustive
mixer applications notes from W] Communications. The only exception is that the Mixer2 SideBand parameter controls
both the image and the sideband operation of the mixer, not just the sideband operation. The reason for this is
compatibility with previous versions of Mixer2.

Basic Implementation

The basic implementation of Mixer2 is a Noisy2Port cascaded with an SDD. The parameters NF, NFmin, Sopt, Rn and
Z1 are passed to the Noisy2Port and noise is generated. The signal is not affected by the generation of noise but goes
unaltered through the Noisy2Port. All parameters except NF, NFmin, Sopt and Rn are then passed to the SDD and the
signal and noise goes through the SDD. The SDD implements a linear mixer which allows compression from RF to IF
and from RF to LO. Different circuit topologies are used for realizing sideband suppression and image rejection mixers,
but the overall implementation is the same - a Noisy2Port cascaded with an SDD. This basic knowledge of the
implementation may help understand some of the following sections.

Sideband Suppression and Image Rejection

A mixer can pass both the lower and the upper input image, reject the lower input image, or reject the upper input
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image. Similarly, a mixer can generate both the lower and the upper output sideband, generate the lower sideband
only, or generate the upper sideband only. Various combinations of these are possible. To explain the image rejection
and sideband suppression features for Mixer2, we will look at a receiver/down-conversion example.

Given RF and LO for a down-converting mixer, we have IF=|LO-RF|. Also of interest is the RF image given by
RFimg=2*LO-RF. If RF is below LO, RFimg is above LO. Similarly, if RF is above LO, RFimg is below LO. We will use
RF1 to denote the signal below LO and RF2 to denote the signal above LO. If RF=RF1, then RFimg=RF2. Similarly, if
RF=RF2, then RFimg=RF1. RF1 and RF2 both mix down to LO-RF1=RF2-LO. RF1 and RF2 mix up to RF1+LO and
RF2+LO. This is illustrated in Frequency Plan for Image Rejection and Sideband Suppression..

RF and Upper IF
Lower |F i LO sideband
sideband RFimage - co
. L :{ I L]
! i & I A
¥ 1 A" I i 1
|
[
1 t 1t bt

LO-RF1 *"—““_RF:LLD RF2 RF1+LO RF2+LO
RF2-LO «

Frequency Plan for Image Rejection and Sideband Suppression.

We will use this to explain the five supported SideBand parameters and the use of OutputSidebandSuppression and
InputImageRejection. Note that this illustration has a receiver/down-conversion bias as LO~RF. For a
transmitter/up-conversion application, RF would generally be much closer to zero and LO would generally be much
closer to |LO-RF| and LO+RF. However, all principles remain the same and we can use the above example to explain
all SideBand options.

For SideBand=BOTH, both input images are passed through the mixer without rejection and both output sidebands
are generated without suppression. This mode is the default for Mixer2. A normal circuit level mixer without external

filtering operates in this manner. OutputSidebandSuppression and InputImageRejection are ignored for this mode.
This is illustrated in Mixer2 image/sideband operation for SideBand=BOTH..

RF and Upper IF
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Mixer2 image/sideband operation for SideBand=BOTH.
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For SideBand=LOWER, both input images are passed through the mixer without rejection and the undesired upper
output sideband is suppressed by the amount given by OutputSidebandSuppression relative to the desired lower
output sideband. This mode is a down-conversion mode used for receiver applications. The default value for
OutputSidebandSuppression is -200 dB. InputImageRejection is ignored for this mode. This is illustrated in Mixer2
image/sideband operation for SideBand=LOWER..

RF and Upper IF
Lower IF ; L sideband
sideband RF image .LO b
' 1 :{ ] i
r ! % I A
I i LY I i 1
|
I
t 1t T : T .

LD RF1 *"—““—RF1 LU RF2
RF2-L0O «

Mixer2 image/sideband operation for SideBand=LOWER.

For SideBand=UPPER, both input images are passed through the mixer without rejection and the undesired lower
output sideband is suppressed by the amount given by OutputSidebandSuppression relative to the desired upper
output sideband. This mode is an up-conversion mode used for transmitter applications. The default value for
OutputSidebandSuppression is -200 dB. InputImageRejection is ignored for this mode. This is illustrated in Mixer2
image/sideband operation for SideBand=UPPER..

RF and Upper IF
Lower IF i LO sideband
sideband RFImag® / Co
" ! J{ ']
i i 5 l A \
I 1 % I 1
I
]
| t 11 t iy .

Xﬁm*—“‘“—ﬂﬁ LO RFZ RF1+LO RF2+LO
REQH+ .

Mixer2 image/sideband operation for SideBand=UPPER.

For SideBand=LOWER IMAGE REJECTION, the lower input image is rejected by the amount given by
InputImageRejection relative to the upper input image and both output sidebands are suppressed by the amount
given by InputImageRejection. This upper sideband behavior is not intuitive but since this mode is almost exclusively
used for receiver/down-conversion applications, the upper output sideband is generally not of much interest. The
default value for InputImageRejection is -200 dB. OutputSidebandSuppression is ignored for this mode. This is
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illustrated in Mixer2 image/sideband operation for SideBand=LOWER IMAGE REJECTION..
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Mixer2 image/sideband operation for

SideBand=LOWER IMAGE REJECTION.

For SideBand=UPPER IMAGE REJECTION, the upper input image is rejected by the amount given by
InputImageRejection relative to the lower input image and both output sidebands are generated without suppression.
Since this mode is almost exclusively used for receiver/down-conversion applications, the upper output sideband is
generally not of much interest. The default value for InputImageRejection is -200 dB. OutputSidebandSuppression is
ignored for this mode. This is illustrated in Mixer2 image/sideband operation for SideBand=UPPER IMAGE REJECTION..
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Mixer2 image/sideband operation for

SideBand=UPPER IMAGE REJECTION.

Other combinations of input image rejection and output sideband suppression exist which are not supported by
Mixer2. None of these modes are of much practical relevance.

The InputImageRejection and OutputSidebandSuppression parameters do not support image or sideband
enhancement. The input image rejection and output sideband suppression is abs (InputlImageRejection) and abs
(OutputSidebandSuppression). The signs of InputImageRejection and OutputSidebandSuppression do not matter.
The operation of Mixer2 for SideBand=BOTH emulates the behavior of a single mixer. The operation of Mixer2 for
SideBand=LOWER and SideBand=UPPER emulates the behavior of a single mixer with a filter at the output. The
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operation of Mixer2 for SideBand=LOWER IMAGE REJECTION and SideBand=UPPER IMAGE REJECTION emulates the
behavior of a mixing sub-system constructed from two single mixers, a phase shifter, and possibly other components.
Since circuit-level mixers pass both input images and generate both output sidebands, a practical design process will
typically end up using Mixer2 with SideBand=BOTH when the design is finalized. This, however, does not render the
other four modes any less valuable. If a design uses a mixer suppressing the lower/upper output sideband,
SideBand=UPPER or SideBand=LOWER will typically be used in the beginning stages of the design process. As the
design is finalized and more physical realism is desired, a switch to SideBand=BOTH can be made and output filters
can be added. Similarly, if a design uses a mixing sub-system rejecting the lower/upper input image,
SideBand=LOWER IMAGE REJECTION or SideBand=UPPER IMAGE REJECTION will typically be used in the beginning
stages of the design process. As the design is finalized and more physical realism is desired, a switch to
SideBand=BOTH can be made and an actual image rejection mixing sub-system can be built from mixers with
SideBand=BOTH. Such design processes take advantage of many features offered by Mixer2.

Linear Behavior

The linear behavior of Mixer2 is described by the conversion gain ConvGain, the reverse conversion gain
RevConvGain, and the nine reflection/leakage/isolation parameters (S-parameters) SPij (i,j=1,2,3).

The ConvGain parameter is the conversion gain from RF to IF. It is applied to the lower sideband |[RF-LO| and the
upper sideband RF+LO. Either of these sidebands can then be suppressed by OutputSidebandSuppression, as
described in the "Sideband Suppression and Image Rejection" section.

If ConvGain is real, it will simply scale the output sidebands. To understand the behavior of Mixer2 when ConvGain is
complex, consider a Mixer2 with SideBand=BOTH. Given an LO, we consider RF1 below LO and RF2 above LO. In a
Harmonic Balance simulation, Mixer2 will down-convert to |RF1-LO|=L0O-RF1 and |[RF2-LO|=RF2-LO and up-convert to
RF1+4+LO and RF2+LO. If signals with non-zero phases are applied at RF1 and RF2, the phases will transfer directly to
the output tones at RF2-LO, RF1+L0O and RF2+LO. However, the phase at LO-RF1 will be inverted. The reason is that
RF1-LO is a negative frequency and that the simulator therefore solves for the result at the corresponding positive
frequency -(RF1-LO)=LO-RF1 and then conjugates the result. This conjugation is what manifests itself in the phase
reversal for the LO-RF1 output tone. It has nothing to do with Mixer2. It is a Harmonic Balance concept which can also
be seen with Mixer and VMult. For Mixer2, the phase of ConvGain is applied in an analogous manner. It is applied
before the mixing of RF with LO takes place and before any compression from RF to LO is applied, not after. The phase
of ConvGain is therefore subjected to the mixing process which means, per above, that the phase of ConvGain will be
added to the output tones at RF2-LO, RF1+LO and RF2+LO but subtracted from the output tone at LO-RF1. Mixer, on
the other hand, simply applies the phase of ConvGain to all output tones regardless of any mixing taking place. The
approach for Mixer2 is consistent with the underlying mixing process and appears much more appealing than that for
Mixer.

The RevConvGain parameter, the reverse conversion gain from IF to RF, is similar to ConvGain, except no
compression is associated with RevConvGain. Also, the phase of RevConvGain is applied after the mixing, not before.
For most applications, RevConvGain will be zero.

The SPij (i,j=1,2,3) parameters describe the port reflection and port-to-port leakage/isolation for the mixer. Mixer2 is
a three-port device and in line with established theory for generalized S-parameters we denote the voltages and
currents at port n by vn and in and define the input and output waves at each port as:

an = (Un+Zn""in)f’(2""JEz)
br = (vn +Zn*in)/ (2% JZr)

with Zn being the reference impedance for port n. This is illustrated in Definition of Voltages, Currents and Waves..
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Definition of Voltages, Currents and Waves.

The nine S-parameters SPij (i,j=1,2,3) are then defined through

bl = SP11*al + SP12*a2 + SP13*a3

b2 = SP21*al_poly + SP22*a2 + SP23*a3

b3 = SP31*al_poly + SP32*a2 + SP33*a3

where, relative to normal generalized S-parameters, two instances of al have been replaced by al_poly which is the
al wave with polynomial compression taken into account.

SP11, SP21 and SP31 operate on al or al_poly and are therefore defined at the frequencies present at the RF port.
SP11*al, SP21*al_poly and SP31*al_poly are therefore contributions at the RF/IF/LO port at the frequencies present
at the RF port. Similarly, SP12, SP22 and SP32 operate on a2 and are therefore defined at the frequencies present at
the IF port. SP12*a2, SP22*a2 and SP32*a2 are therefore contributions at the RF/IF/LO port at the frequencies
present at the IF port. Similarly, SP13, SP23 and SP33 operate on a3 and are therefore defined at the frequencies
present at the LO port. SP13*a3, SP23*a3 and SP33*a3 are therefore contributions at the RF/IF/LO port at the
frequencies present at the LO port. All three ports have contributions at all frequencies. If SPij were normal
generalized S-parameters for a three-port, bi, aj and SPij would all be defined at the same frequency. The extension
to the case of multiple frequencies appears natural so S-parameter terminology was chosen for Mixer2.

SP11 is the RF reflection, SP12 is the IF to RF leakage/isolation, SP13 is the LO to RF leakage/isolation, SP21 is the RF
to IF leakage/isolation, SP22 is the IF reflection, SP23 is the LO to IF leakage/isolation, SP31 is the RF to LO
leakage/isolation, SP32 is the IF to LO leakage/isolation, and SP33 is the LO reflection.

ConvGain, RevConvGain and SPij (i,j=1,2,3) are specified as complex humbers. Use the functions
polar(magnitude,angle), dbpolar(dB, angle), or VSWRpolar(VSWR, angle) to convert the ConvGain, RevConvGain and
SPij specifications into complex numbers. For example, if a reflection/leakage is X dB, use dbpolar(-X,0).

ConvGain, RevConvGain and SPij (i,j=1,2,3) are voltage gains and not power gains. For instance, a mixer with
ConvGain=polar(10,0) will scale the voltage by a factor of 10 from input to output and will therefore result in a 20 dB
increase in power. ConvGain=dbpolar(10,0), on the other hand, will result in a 10 dB increase in power.

As outlined above, SPij (i,j=1,2,3) are wave-based. The same is true for RevConvGain. ConvGain, on the other hand,
is voltage-based, not wave-based. ConvGain applies to the input voltage, not the input wave. However, ConvGain is
not blindly applied to the input voltage v1 at the RF port. Doing so would make the RF to IF conversion dependent on
SP11 as a modified SP11 results in a different bl and therefore changes v1. In keeping with the measurement
standards used to define mixer conversion gain at the system level, the reflected wave due to SP11 is not included.
This means that if we change SP11 from 0 to something finite, we will see no change in IF output power because the
reflected wave is not taken into account when mixing from RF to IF. The same holds true for S-parameters. With a
fixed SP21, the RF to IF leakage does not depend on SP11. This applies to other S-parameters in an analogous
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manner.
To illustrate the difference between wave-and voltage-based parameters, consider a mixer with an RF source, LO
source and IF termination. The RF input wave al is finite but the RF output wave b1l is zero. Similarly, the LO input
wave a3 is finite but the LO output wave b3 is zero. The mixing results in a finite IF output wave b2 but the IF input
wave a2 is zero. Now add LO to RF leakage through a finite LO_Rejl (Mixer) or SP13 (Mixer2) parameter. This will
result in a signal at the LO frequency at the RF port and generate a finite b1 wave. Assuming no reflection at the RF
source, this will not change the al wave. The al wave will not have any content at the LO frequency.

Mixer has a wave-based ConvGain parameter. The RF to IF conversion is based on the al wave. Since the al wave
does not change when a finite LO_Rejl is added, neither will the RF to IF conversion. Specifically, no RF signal at the
LO frequency will mix with LO to produce IF output at DC and twice the LO frequency. Thus, Mixer will produce zero
DC output. Mixer2, on the other hand, has a voltage-based ConvGain parameter. The RF to IF conversion is based on
the RF input voltage, not the al wave. Since the RF input voltage changes when a finite SP13 is added, so will the
conversion. Specifically, the RF signal at the LO frequency will mix with LO to produce, absent of sideband
suppression, IF output at DC and twice the LO frequency. Thus, Mixer2 will produce a finite DC output. However, note
that that Mixer2 will not produce a direct feed-through IF output at the LO frequency if SP21 is finite. The
S-parameters, as stated above, are wave-based, not voltage-based. They operate on al, not v1.

Nonlinear Behavior

The nonlinear behavior of Mixer2 is described by a number of different list- and file-based options for specifying
compression. A polynomial compression model is used. For detailed information about the polynomial modeling of
compression, please see Modeling Basics and AM to PM Conversion in the documentation for Amplifier2. The
compression options for Mixer2 and Amplifier2 are identical, as is the underlying modeling.

Amplifier2 applies compression from its input to its output. In an analogous manner, Mixer2 applies compression from
RF to IF. In addition, Mixer2 also applies the same compression from RF to LO. There is no guarantee that the
compression from RF to LO is the same as that from RF to IF for an actual mixer, but applying this compression from
RF to LO seems more reasonable than to not apply compression from RF to LO.

LO Limiting

Under typical operating conditions, a circuit-level mixer's LO is saturated. This means that the RF to IF mixing process
is insensitive to the actual value of the LO signal. A small fluctuation in LO power will not change the RF to IF mixing.
A mixer is not a voltage multiplier. To mimic this behavior for Mixer2, the LO is limited. Mixer limits the LO based on a
filtered detector signal. Prior to Release 2004A, Mixer2 limited the LO based on the magnitude of the Hilbert transform
of the LO signal. Starting in Release 2004A, Mixer2 allows limiting based on both a filtered detector signal and the
magnitude of the Hilbert transform of the LO signal, with the latter being the default. Instead of the brick wall DC-only
filter used for Mixer, it is now a single pole roll-off with a variable bandwidth specified by DetBW. For extremely large
bandwidths (1el2 Hz and above), this switches to Hilbert transform limiting. Hilbert transform limiting (large DetBW
values) is best for bandpass LO waveforms with multiple signals but does rather poorly when an LO with significant
harmonics is used, as analytic signal calculations such as instantaneous magnitude do not apply to broadband signals.
For an LO with significant harmonics, filtered detector signal limiting (small DetBW values) should be used.

A circuit-level mixer has an LO power level below which its behavior changes dramatically. To mimic this behavior for
Mixer2, Mixer2 has a PminLO parameter which sets a limit for the effect of the LO power on the mixer's conversion
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gain. Mixer2 adds this power level to the limited LO power level (limited via a filtered detector signal for
DetBW<=1el2 Hz and via the magnitude of the Hilbert transform for DetBW>1e12 Hz) in order to arrive at the total
LO power level. Note that the model does not simply switch to using PminLO when the limited LO power level falls
below PminLO. It is a gradual transition and not a threshold. When the limited LO power level is much larger than
PminLO, the effect of PminLO on the conversion gain is negligible. As the limited LO power level approaches PminLO,
the conversion gain will depend on the value of PminLO in a nonlinear manner. If this is undesirable, lower PminLO.
The LO power is not a fixed quantity but is computed dynamically from the signal at the LO port. This means that
Mixer2's conversion gain will vary depending on the frequency content of the LO signal. Frequency content other than
the primary LO signal could come from harmonics of the primary LO signal or from spurious LO signals. If the
dependence of the LO power on the LO frequency content is undesired, a bandpass filter can be added to the LO path.
Filtered detector signal limiting and Hilbert transform limiting behave differently when an LO sideband enters Mixer2.
Consider the case of RF=0.1 GHz, LO=1.0 GHz, |LO-RF|=0.1 GHz, and LO+RF=1.9 GHz. Assuming an RF power of -20
dBm, an LO power of 0 dBm and a conversion gain of 0 dB, we get -20 dBm IF power at both sidebands. Now add a
1.01 GHz tone at -30 dBm at LO. Filtered detector signal limiting gives zero power at 0.09 GHz and 1.89 GHz and -50
dBm power at 0.11 GHz and 1.91 GHz. Hilbert transform limiting, on the other hand, generates intermodulation
products and gives -56 dBm power at 0.09 GHz, 0.11 GHz, 1.89 GHz, and 1.91 GHz. This supports the
recommendation to use Hilbert transform limiting (high DetBW values, the default for Mixer2) unless significant
harmonics are present at LO.

Mixer2 does not have an LO common mode leakage parameter which would allow the specification of the amount of
LO common mode leakage to be present at the output. For a two-tone LO, the LO common mode leakage is the level
of the sum and difference intermodulation products of the two LO tones. A workaround to realize this is to add an
Amplifier2 component in the LO path, set its SOI/TOI parameters to generate the appropriate sum/difference tones,
and set SP23 on Mixer2 to leak these tones from LO to IF.

Noise

Given the minimum noise figure NFmin (real), the optimal reflection coefficient Sopt (complex), the noise resistance
Rn (real), the noise reference impedance Rref (real), and the source admittance Ys (complex), the noise figure NF of
an amplifier is determined by
1 . 1-Sopt
" Rref 1+ Sopt

, NFmin/10
Fmin = 1007 ™"

: Rnrn 2
F = len+m % |¥s — Yopt|

NF = 10 xlog(F

Note that this is independent of the amplifier S-parameters.

The noise behavior of Amplifier2 is characterized by the four noise parameters NF, NFmin, Sopt and Rn and the
reference impedance Z1 for port 1. Amplifier2 is implemented as a Noisy2Port cascaded with an SDD. The
above-mentioned five parameters control the parameters for the Noisy2Port, the Noisy2Port generates a noise voltage
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on its output and this noise voltage is passed through the SDD in the same manner as the signal.

The noise behavior of Mixer2 mimics that of Amplifier2. Similar to Amplifier2, Mixer2 is implemented as a Noisy2Port
cascaded with an SDD. The parameters NF, NFmin, Sopt, Rn and Z1 are passed to the Noisy2Port and noise is
generated. The signal is not affected by the generation of noise but goes unaltered through the Noisy2Port. All
parameters except NF, NFmin, Sopt and Rn are then passed to the SDD and the signal and noise goes through the
SDD. The Noisy2Port part of Mixer2 is identical to that of Amplifier2 and the noise at the output of the Noisy2Port for
Amplifier2 and Mixer2 will consequently be the same if the noise parameters and reference impedances are the same.
The difference between Amplifier2 and Mixer2 is the SDD that follows the Noisy2Port.

NF-only mode is used for NFmin=0. This is a special case where only one noise parameter must be specified. In this
case, the Noisy2Port has the parameters NFmin=NF, Sopt=0, and Rn=2Z1/4 x (10 NF/10 -1). The reference
impedance for the noise calculation (not available on the Noisy2Port user interface) is Z1. The NFmin=0, Sopt and Rn
parameters are ignored.

(NFmin, Sopt, Rn) mode is used for NFmin>0. This is a more general case than NF-only mode. In this case, the
Noisy2Port has the parameters NFmin=NFmin, Sopt=Sopt, and Rn=Rn. The reference impedance for the noise
calculation (not available on the Noisy2Port user interface) is Z1. The NF parameter is ignored.

Given an output noise voltage vn , the single sideband noise figure NFssb and the double sideband noise figure NFdsb
are given by

NFssb=10*log((vn2/R+k x TOXx(G1+G2+...))/(k x TOx G1))

NFdsb=10*log((vn2/R+k x TOX (G1+ G2+ ...))/(k x TOX(G1+G2+..)))

where R is the output resistance, k =1.380658e-23 J/K is Boltzmann's constant, T 0=290 K is the standard noise
temperature, G 1 is the primary power gain from the input noise frequency to the output noise frequency, and G 2+...
is the sum of all higher order mixing gains which mix from some input frequency to the output noise frequency. For an
amplifier, G 2+... is zero under small-signal operation. The same holds true for a mixer with input image rejection. For
a mixer without input image rejection, G2 is significant and often equal to G1 under small-signal operation while
G3+... is zero under small-signal conditions. vn 2 / R represents the noise added by the component(s) whilek x TO
represents the noise power available from the input termination.

The documentation for Amplifier2 outlines how Amplifier2 calculates noise voltages and noise figures in various cases
and compares this to the behavior of Amplifier. Due to the similarities between Amplifier2 and Mixer2, much of this
material is also relevant for Mixer2. As mentioned above, the difference between Amplifier2 and Mixer2 is not the
generation of noise by the Noisy2Port but how this noise is translated through the SDD that follows. For more
information about noise voltages, please see the documentation for Amplifier2.

The NF-only and (NFmin,Sopt,Rn) noise modes are covered above and many details about the computation of noise
voltages for Noisy2Port are given in the Amplifier2 documentation. The last remaining aspect to be understood is the
influence of SideBand, OutputSidebandSuppression and InputlmageRejection on the noise voltages and noise figures.
To this end, consider a Mixer2 with a given LO. We choose RF<LO. The lower output sideband is LSB=LO-RF and the
upper output sideband is USB=RF+LO. The input image for down-conversion is LSB_Img=2*L0O-RF (LSB_Img mixes
down with LO to give LSB) and the input image for up-conversion is USB_Img=2*LO+RF (-USB_Img mixes up with LO
to give -USB). This is illustrated in Frequency plan for noise computation..

+ bt t

"LO-RF RF LO 2'LO-RF  RF+LO 2*LO+RF
LSB LSB_Img USB USB_Img

Frequency plan for noise computation.
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We will use Mixer2 in NF-only mode. The results carry over directly to (NFmin,Sopt,Rn) mode. We operate the mixer
at low RF powers. We let NF=5.00 dB. Since NF is the double sideband noise figure, we expect Mixer2 to give
NFdsb=NF in all cases. This is exactly what Mixer2 gives, see Noise Results. NFssb, on the other hand, depends on
SideBand, OutputSidebandSuppression and InputImageRejection. From the expressions for NFssb and NFdsb, we see
that

NFssb=NFdsb+10*log( (G1 + G2 +...) / G 1)

Letting all gain terms above G2 to zero and substituting NF for NFdsb, we expect

NFssb=NF+10*log(1 + G2/ G 1)

In the following, we will explain the influence of SideBand, OutputSidebandSuppression and InputImageRejection on
NFssb.

{anchor:1143203}Noise Results

LSB usB

SideBand Rejection/dH SuppressionfdBIF/ dB_ [ _v.noise/ _NFdsb/ _NFssb/ _NFdsb/ _NFssb/

pV_ dB_ dB_ dB_ dB_
BOTH N/A N/A 5.00 930.5 5.00 8.01 5.00 N/A
LOWER IM 0 N/A 5.00 930.5 5.00 8.01 N/A N/A
REJ]
LOWER IM -10 N/A 5.00 690.0 5.00 5.41 N/A N/A
REJ
LOWER IM |-200 N/A 5.00 657.9 5.00 5.00 N/A N/A
REJ]
UPPER IM 0 N/A 5.00 930.5 5.00 8.01 N/A N/A
REJ]
UPPER IM -10 N/A 5.00 690.0 5.00 5.41 N/A N/A
REJ
UPPER IM -200 N/A 5.00 657.9 5.00 5.00 N/A N/A
REJ]
LOWER N/A 0 5.00 930.5 5.00 8.01 N/A N/A
LOWER N/A -10 5.00 930.5 5.00 8.01 N/A N/A
LOWER N/A -200 5.00 930.5 5.00 8.01 N/A N/A
UPPER N/A 0 5.00 930.5 N/A N/A 5.00 8.01
UPPER N/A -10 5.00 690.0 N/A N/A 5.00 5.41
UPPER N/A -200 5.00 657.9 N/A N/A 5.00 5.00

For SideBand=BOTH, we get NFssbh=8.01 dB=NF+3.01 dB for both the lower and the upper sideband.
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OutputSidebandSuppression and InputImageRejection are both ignored in this case. Since this case offers no image
rejection, we have G2=G1 and the expression for NFssb confirms the result by Mixer2.

For SideBand=LOWER IMAGE REJECTION and SideBand=UPPER IMAGE REJECTION, we get an NFssb value that varies
from NF+3.01 dB to NF as InputImageRejection is changed from 0 dB (no rejection, same as SideBand=BOTH) to
-200 dB. Since these SideBand modes are intended for down-conversion applications only, the noise figure for the
upper sideband does not matter. OutputSidebandSuppression is ignored in this case. With no rejection, we have
G2=G1 and the expression for NFssb confirms the result by Mixer2. With full rejection, we have G2=0 and the
expression for NFssb confirms the result by Mixer2. In between, we have G2=10"(InputImageRejection/10)*G1 and
expect to get NFssb=NF+10*log(1+10~(InputlmageRejection/10)). For InputImageRejection=-10, this evaluates to
NFssb=NF+0.41 dB and confirms the result by Mixer2.

For SideBand=LOWER, we get NFssb=NF+3.01 dB as OutputSidebandSuppression is changed from 0 dB (no
suppression, same as SideBand=BOTH) to -200 dB. Since this SideBand mode is intended for down-conversion
applications only, the noise figure for the upper sideband does not matter. InputlmageRejection is ignored in this
case. With no suppression, we have G2=G1 and the expression for NFssb confirms the result by Mixer2. As we change
OutputSidebandSuppression, all we do is change the conversion gain to the upper sideband. This should have no
effect on the noise in the lower sideband, our sideband of interest. Indeed, we keep having G2=G1 and the expression
for NFssb confirms the result by Mixer2.

For SideBand=UPPER, we get an NFssb value that varies from NF+3.01 dB to NF as OutputSidebandSuppression is
changed from 0 dB (no suppression, same as SideBand=BOTH) to -200 dB. Since this SideBand mode is intended for
up-conversion applications only, the noise figure for the lower sideband does not matter. InputImageRejection is
ignored in this case. With no suppression, we have G2=G1 and the expression for NFssb confirms the result by
Mixer2. As we change OutputSidebandSuppression, we change the conversion gain to the lower sideband. As for
SideBand=LOWER, we might expect this to have no effect on the noise in the upper sideband, our sideband of
interest. However, the input image USB_Img is above USB in this case and therefore is subjected to the conversion
gain to the lower sideband which is being changed by OutputSidebandSuppression. An upper sideband mixer is, in
effect, an image rejection mixer. With full suppression, we have G2=0 and the expression for NFssb confirms the
result by Mixer2. In between, we have G2=10"(OutputSidebandSuppression/10)*G1 and expect to get
NFssb=NF+10*log(1+10~(OutputSidebandSuppression/10)). For OutputSidebandSuppression=-10, this evaluates to
NFssb=NF+0.41 dB and confirms the result by Mixer2.

Noise can be contributed and lowered in several ways. To see this, consider a down-converting mixer with a certain RF
and LO. IF is |[RF-LO| and RFimg is 2*LO-RF. Output noise at IF can be a result of noise at RF and RFimg mixing with
LO to contribute noise at IF but can also be a result of noise at IF leaking directly through the mixer from RF or LO if it
has a finite RF/LO to IF leakage. This output noise at IF can be lowered if the mixer is an image rejection mixer that
rejects the signal/noise contribution at RFimg or if the mixer has no RF/LO to IF leakage. In the absence of a mixer
with such properties, output noise at IF can be lowered external to the mixer by adding filters at the RF and LO ports
which eliminate the input noise at RFimg and IF (RF port) and IF (LO port). Eliminating the noise at RF is much harder
since adding a filter at RF will also eliminate the desired signal at RF.

Notes/Equations

1. Mixer2 is introduced as a replacement for Mixer for anything but frequency conversion AC analysis (see note 3).
To change an existing Mixer component to a Mixer2 component, change the name from Mixer to Mixer2 on the
schematic. Many parameters for the two models are the same and Mixer2 will adopt the values for Mixer, making
parameter re-entry unnecessary. The only exception is that the parameters SideBand, GainCompType and
ReferTolnput will take their default values BOTH, LIST and OUTPUT, respectively, regardless of the values these
parameters had for Mixer. The Mixer parameters ImageRej, LO_Rejl, LO_Rej2, RF_Rej, S11, S22 and S33
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correspond to the Mixer2 parameters OutputSidebandSuppression, SP13, SP23, SP21, SP11, SP22 and SP33 and
will have to be re-entered. In addition, Mixer2 has the new parameters InputImageRejection, SP12, SP31, SP32,
DetBW, AM2PM, PAM2PM and ClipDataFile whose values cannot be deduced from Mixer and will therefore take
their default values. Also, the Mixer display settings will be ignored. Mixer2 will adopt its default settings,
displaying SideBand and ConvGain. Major Differences between Mixer and Mixer2. summarizes the major
differences between Mixer and Mixer2

Major Differences between Mixer and Mixer2.

Mixer Mixer2
Image rejection not supported Image rejection supported
Reverse conversion gain not supported Reverse conversion gain supported
Some leakage terms supported All leakage terms supported
Real/imaginary polynomial fit Magnitude/phase polynomial fit
AM to PM not supported AM to PM supported for all magnitude modes
One type of LO limiting More flexible LO limiting
Complex ConvGain leads to non-physical behaviors Complex ConvGain leads to physical behaviors
FCAC analysis supported FCAC analysis not supported

For large harmonic balance and circuit envelope simulations Mixer2 may be slower than Mixer.

Nowuhw

For a tutorial example of how to use Mixer2 in various cases, see examples/Tutorial/Mixer2_Example_prj. For
other examples of how to use Mixer2, search the ADS examples for the Mixer2 component.

Mixer supports frequency conversion AC (FCAC) analysis for small-signal AC or S-parameter analysis, while
Mixer2 does not. This capability allows small-signal frequency analysis traditionally done at only one frequency to
be somewhat extended to deal with more than one frequency. It is not as accurate as harmonic balance analysis.
If FCAC analysis is needed, use Mixer. If not, use Mixer2.

Mixer2 does not support complex reference impedances.

Mixer2 passes dc.

Mixer2 is not recommended for baseband envelope applications.

Mixer2 may be slower than Mixer for large harmonic balance and circuit envelope simulations.

When using Mixer2 in transient simulations, Mixer2 gives a warning about non-causality of the H(2), H(15) and
H(18) weighting functions. Please ignore this warning.

When setting up simulations with Mixer2, make sure to avoid colliding tone issues where multiple mixing
products map to the same frequency. Setups with colliding tones should be changed so colliding tones are
eliminated.

This note describes Mixer2 operation with the SOI and TOI parameters set. SOI and TOI are used for specifying
the second-order and third-order intercept points IP2 and IP3.

The general equation for the nth order intercept point IPn is IPn=(n*P1-Pn)/(n-1) where P1 is the power level of
the first-order tone and Pn is the power level of the nth-order tone. The latter power level, however, is not
unique. It can be based on either harmonics or intermods, and the two will generally not be the same. If the
formula IPn= (n*P1-Pn)/(n-1) works for one type of second- and third-order tone, it will not work for the other.
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The industry standard for IPn is based on intermods, and the same goes for the SOI and TOI parameters for
Mixer2. IPn must therefore be validated using a two-tone setup, not a one-tone setup. Note that IPn is defined at
a low power level. If IPn is computed at a power level where either P1 or Pn deviate from their low-power values,
the results will be in error. Note that it is not enough that the fundamental tone varies linearly. IPn is computed
based on the fundamental tone and a higher-order intermod so one must ensure that the higher-order intermod
is also linear or IPn will change. Also, note that IPn is defined under output-matched conditions.

While the basic definition of the power levels used for computing IPn are the same for an amplifier and a mixer,
this is not the case for the frequencies at which these power levels are evaluated.

For an amplifier with two input tones at f1 and f2 (assume f1<f2) at the same power level, a two-tone harmonic
balance simulation will result in first-order tones at f1 and f2, second-order intermod products at f2-f1 and at
f1+f2, and third-order intermod products at 2 x f1-f2 (will be smaller than f1 by f2- f1) and 2 x f2-f1 (will be
greater than f2 by f2-f1). For computing IP2=S0I, we can use the power levels at f1 and f2-f1 or we can use the
power levels at f2 and f1+f2. For computing IP3=TOI, we can use the power levels at f1 and 2 x f1-f2 or we can
use the power levels at f2 and 2 x f2-f1.

For a mixer, everything is the same except that all frequencies are being shifted down (down-converting mixer)
or up (up-converting mixer) by the LO frequency LO due to mixing. Therefore, all these frequencies will either
have LO subtracted or added. Note that this means that from a harmonic balance point of view, IP2=SO0OI is
calculated off of second- and third-order intermod products and IP3=TOI is calculated off of second- and
fourth-order intermod products. For computing IP2=S0OI, we can use the power levels at f1+/-LO (second-order
as far as the harmonic balance simulation is concerned) and at f2-f1+/-LO (third-order as far as the harmonic
balance simulation is concerned) or we can use the power levels at f2+/-LO (second-order as far as the harmonic
balance simulation is concerned) and at f1+f2+4/-LO (third-order as far as the harmonic balance simulation is
concerned). For computing IP3=TOI, we can use the power levels at f1+/-LO (second-order as far as the
harmonic balance simulation is concerned) and at 2 x f1-f24+/-LO (fourth-order as far as the harmonic balance
simulation is concerned) or we can use the power levels at f2+/-LO (second-order as far as the harmonic balance
simulation is concerned) and at 2 x f2-f14+/-LO (fourth-order as far as the harmonic balance simulation is
concerned).

When the RF port is excited with two tones, the down/up-converted sum/difference frequencies are present at
the IF port. What about the sum/difference frequencies themselves? The difference frequency can be very
important for a zero-IF down-converting mixer. The answer is that the sum/difference frequency level at the IF
port depends on SP21 and SOI. For SP21=0, the sum/difference frequency level is zero. For finite SP21 values,
the sum/difference frequency level depends on SOI. The sum/difference frequency level will be zero at zero input
power and will rise linearly with the expected 2:1 slope as the input power level is increased. Consequently, the
sum/difference frequency level gets more and more significant as the input power gets closer and closer to SOI.
At a high enough input power level, the sum/difference frequency level compresses. If SOI is excessively high,
the sum/difference frequency level remains low for all realistic input powers. The shape of the curve is
determined by SOI and can be scaled by varying SP21. The sum/difference frequency level will experience a
sharp increase when the mixer starts hard limiting, regardless of the SP21 and SOI values. For an explanation of
why this happens, see the "Modeling Basics" section of the Amplifier2 documentation. All this is also true at the
LO port, except that SP31 controls this level.

An S2D file typically consists of an ACDATA block containing small-signal information and a GCOMPi block
(i=1,...,7) containing compression information. For Mixer2, the ACDATA block is ignored and the S-parameters
specified on the Mixer2 component are used. Similarly, any NDATA blocks containing noise data are ignored by
Mixer2.

When an S2D file contains gain compression data at more than one frequency, the GainGompFreq must be set to
one of the frequencies in the S2D file to identify the data to be used. It is imperative that GainCompFreq be set
to one of the frequencies in the S2D file as no interpolation or extrapolation between gain compression data at
different frequencies can be performed.

When an S2D file has a power range that exceeds that of a simulation, a choice must be made for the power
range used for fitting. Assume an S2D file covers -30 dBm to 30 dBm but that a simulation is carried out from
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-10 dBm to 10 dBm. In this case, a choice must be made as to whether the polynomial fitting of S2D data is
done over the power range -30 dBm to 30 dBm or -10 dBm to 10 dBm. In the former case, the fitting may be
inaccurate as the polynomial must cover a large power range that could hold a lot of variations. This is
undesirable. However, the advantage of this approach is that the results we get when simulating from -10 dBm
to 10 dBm are a subset of what we would have gotten in that interval had we simulated from -30 dBm to 30
dBm. In the latter case, the fitting is much more accurate as the fitting is done over a much smaller power range
which presumably holds a lot less variation. This is desirable. However, the problem with this approach is that
the results between -10 dBm and 10 dBm will be different for a simulation done from -30 dBm and 30 dBm
rather than from -10 dBm and 10 dBm since the polynomial coefficients change as we change the power range of
the simulation. ADS does the former. It fits a polynomial to the whole S2D file, not just the subset for which the
simulation is carried out. To change the fitting in a power range, it is not enough to change the power range of
the simulation. To change the fitting, one must modify the S2D file. The S2D file power range, not the simulation
power range, dictates the fitting power range. This is relevant in the following where we shall discuss different
fittings in different power ranges.

14. A typical Pout (output power) vs. Pin (input power) curve consists of a linearly increasing region, a transition
region and a saturation region. Another way of thinking of this is that typical Pout-Pin vs. Pin curve consists of a
flat region, a transition region and a linearly decreasing region.

When the saturation region is made larger and larger, the fitting approach adopted by Mixer2 (polynomial fitting,
odd order terms, order dependent upon the number of data points in the S2D file, max order 9) will tend to
produce fitted curves which ring/oscillate more and more at higher powers. Mild ringing is often tolerable and
might not even be noticed but if the transition region becomes too large it can make the results useless. To
alleviate the problem, reduce the size of the saturation region to the minimum needed and leave no extra points
in the S2D file. If the results are still not satisfactory, make sure ClipDataFile is set to yes and reduce the
saturation region even more, relying on Mixer2 extrapolation. If the results are still not satisfactory, try breaking
the S2D file into two files and simulate the problem in two steps.

If fitted results do not accurately match the data in the S2D file and it is uncertain if this ringing problem is the
cause, the problem is very easy to exaggerate. Simply extend the GCOMP7 block of the S2D file with a large flat
region (more input powers, saturated output power, saturated output phase) and re-simulate. If the ringing
problem is the cause, the results should get worse.

15. The S2D file capability is a legacy from OmniSys. OmniSys used GComp1l-GComp7 data items for specifying gain
compression. Gain Compression Data for OmniSys and ADS summarizes the gain compression data for OmniSys
and ADS. Refer to OmniSys Parameter Information for OmniSys parameter information. GComp1-GComp6 can
be specified by using the corresponding ADS gain compression parameters and setting GainCompType=LIST or
they can be contained in an S2D format setting GainCompType=FILE.

OmniSys ADS

GComp1l: IP3 TOI

GComp2: 1dBc GainComp=1dB

GComp3: IP3, 1dBc TOI

GComp4: IP3, Ps, GCS TOI

GComp5: 1dBc, Ps, GCS GainComp=1dB

GComp6: IP3, 1dBc, Ps, GCS TOI

GComp7 GainCompType=FILE
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OmniSys Parameter Information

MixerWithLO (Mixer with Internal Local Oscillator)

Symbol

Available in ADS
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Parameters

Name

ZRef

DesiredIF

ConvGain

SP11

SpP22

NF

ReferTolnput

SOI
TOI
LO_Freq

Range of Usage

ZRef > 0

Advanced Design System 2008

Description

Reference impedance for
all ports

Desired mixer IF output
signal (used for Budget
analysis only)

Conversion gain, use X + j
Xy, polar(x,y),
dbpolar(x,y) for complex
value

Port 1 reflection, use x + j
Xy, polar(x,y),
dbpolar(x,y),
vswrpolar(x,y) for complex
value

Port 2 reflection, use x + j
Xy, polar(x,y),
dbpolar(x,y),
vswrpolar(x,y) for complex
value

Double sideband noise
figure

Specify gain compression
with respect to input or
output power of device:
OUTPUT=refer to output;
INPUT=refer to input

Second order intercept
Third order intercept

Mixer local oscillator
frequency

DesiredRF = 0 (RF plus LO), 1 (RF minus LO)

O SPijO > 0 (ij=11; 22)

NF = 0 dB
LO_Freq >0

Ohm

None

None

None

None

dB

None

dBm
dBm

GHz

75

Units

Default

50

RF plus LO

dbpolar(0,0)

polar(0,0)

polar(0,180)

OUTPUT

1000
1000
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Notes/Equations

1. MixerWithLO is a two port mixer model with internal oscillator.
2. This component is a schematic design that uses internal models for Mixer2 and I_1Tone. The schematic design is

shown here:
Fort L Fort
P1 e P2
Mum="1 Hers um=2
r— T y SideBand=B0OTH
Ll 1 :.- |-||"|.'-.-'.I-"-'.:"|"|. I__ I-II"I"-_-"'--.'III'l
|_1Tone R ) SP11=SP11
=002 R=7Ref SP77=SP22
Ff"&"]zl_':.'_Ff"E"] Molse=nc NF=NF dB
Z1=/Ref
L3=/Ref
501=501
TOI=TOI

See documentation for the internal components Mixer2 and I_1Tone for their usage detail.

4. The internal Mixer2 model has parameter SideBand=BOTH. This MixerWithLO outputs both the RF+LO and RF-LO
sidebands. However, there is no RF or LO leakage.

5. Internal to the Mixer2 model, the NF parameter is used to set the Mixer2 parameters for NFmin=NF, Sopt=0,
and Rn=max( ZRef/4 x (10 NF/10 -1), tinyreal), where tinyreal is an internal simulator value for the smallest
real value allowed.

6. For use with Budget Analysis, the DesiredRF parameter identifies which of the output sidebands is to be tracked

for Budget measurements.
7. Regarding SOI and TOI, the MixerWithLO must be output-matched in order to validate SOI and TOI.

w

By default, SOI and TOI are blank resulting in no nonlinearity. TOI may be set without setting SOI. However, if SOI is
set, then setting TOI is required. For more information about SOI and TOI, refer to the Mixer2 component

documentation.

1. Examples demonstrating this model use in a Budget analysis are located in the ADS Examples area at:
$HPEESOF_DIR/examples/Tutorial/RF_Budget_Examples_prj. See Budget_Mixer.dsn.

OpAmp (Operational Amplifier)
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Symbol

o
Available in ADS

Parameters

Name

Gain
CMR

Rout
RDiff
CDiff

RCom
CCom

SlewRate
10S

VOS

BW

Polel
Pole2

Pole3

Advanced Design System 2008

Description Units
Open loop DC gain of dB
amplifier
Common mode rejection dB
ratio
Output resistance Ohm

Differential input resistance  MOhm

Differential input F
capacitance

Common mode input MOhm
resistance

Common mode input F

capacitance

Signal slew rate V/sec
Input offset current A
Input offset voltage \
Gain bandwidth product MHz

(unity gain bandwidth)

Dominant pole frequency
(overides BW parameter)

Additional higher order pole
frequency

Additional higher order pole
frequency

77
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Pole4 Additional higher order pole
frequency
Pole5 Additional higher order pole
frequency
Zerol Feed forward zero
frequency
Inoise Input spectral noise current | A/sqrt(Hz) 0
Vnoise Input spectral noise V/sqrt(Hz) 0
voltage
VEE Negative supply voltage \Y 15
VCC Positive supply voltage \ 15
DeltaVEE Delta difference between \Y 0.3

saturated voltage and
negative supply voltage
(see note 4)

DeltavVCC Delta difference between Y 0.3
saturated voltage and
positive supply voltage
(see note 4)

Range of Usage

RDiff > 0

CDiff > 0

RCom > 0
CCom >0
by default:
CMR = o

Pole2 = o
Pole3 = o
Pole4 = oo
Pole5 = oo
Zerol = o0

Notes/Equations

1. The BW parameter is the GainBandwidth product, i.e. it is the frequency at which the gain is unity or 0 dB. Polel
is the basic amplifier pole and corresponds to the frequency where the gain starts sloping downward.
BW and Polel can be specified simultaneously; however, if both are entered, Polel will override BW, and Polel
must then be entered as BW/Gain. The Gain parameter is the open loop gain of the opamp and it must be
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converted out of dB only for use in setting Polel, i.e., Gain=10 Gain_dB/20 .

2. To match the phase shift from the data sheet, adjust the values of Pole2 through Pole5.

Zerol is used for operational amplifiers with feed-forward or lead-lag compensation networks.

4. Output voltage is generally less than the rail voltage (VCC and VEE). Use DeltaVCC and DeltaVEE to specify the
difference between the rail voltage and actual output voltage. For example, if VCC is +5V and the positive output
is +4.5V, set DeltaVCC to 0.5V.

5. This opamp is a nonlinear model. If your circuit cannot achieve convergence using this model, use the
OpAmpldeal linear model.

6. The relationship between input and output voltages is given in the equation:

Im x tanh(Vin/Im)=Vout/A0 - 10 x (Vclip-Vout) + d/dt (Vout x Taul/A0)
where

A0 is open loop DC gain

Vclip = Vout as long as it is not limiting

Im = SlewRate x Taul/A0

Taul=A0/2/n/BW when Pole1=0, otherwise Taul=1/2/n/BW

w

OpAmpldeal (Ideal Operational Amplifier)

Symbol

Available in ADS

Parameters

Name Description Units Default

Gain Complex Voltage Gain, use ' None 100000

X +j x vy, polar(x,y),
dbpolar(x,y)
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Z1 Input impedance, inverting
terminal
Z2 Input impedance,

non-inverting terminal

Z3 Output impedance
Z4 Leakage impedance,
inverting to non-inverting
terminal
Freq3db Frequency at which gain
magnitude is down by 3dB
Delay Time delay associated with = sec 0
gain

Range of Usage

by default:
Z1 = o0

Z2 = o0
Z3=0

Z4 = o0
Freq3db = o

Notes/Equations
1. ) —ji2nFDelay
Ve = (Vt-V 1Jain x C—F
l+j—-—
JPreq AdE

Ve = (V¥ -V 1 Gair(for £=0)

where F is the simulation frequency

1. OpAmpldeal is a noiseless component.
2. The recommendation is to use a Gain value no greater than 1e10, or 200 dB for practical purposes.

Equivalent Circuit
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VMult (Voltage Multiplier)

Symbol

X

Available in

Parameters

R1

R2

R3

L31

L32

ADS

Name

a
D
Description Units
Reference resistance for Ohm
port 1
Reference resistance for Ohm
port 2
Reference resistance for Ohm
port 3

Loss in dB, pin 1 to pin 3; dB
for linear analysis only

Loss in dB, pin 2 to pin 3; dB

81
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for linear analysis only

Linear Use linear analysis mode: None no
yes or no

Notes/Equations

1. VMult uses reference input and output impedances. Its output voltage is equal to the product of its two input
voltages.
2. If Linear is set to yes,
V. = AV +A5V,
3 =
R3
A31 and A32 are the L31 and L32 losses converted from dB to regular values.

If Linear is set to no, V3 is formed from V1 and V2 through an ideal mixing process; for information on this
process refer to the Ideal Mixer in the SDD Examples section in Chapter 5 in the User-Defined Models manual.

Filters for System Models

Introduction

The Filters - < filter type > and System - < device type > palettes contain two fundamentally different types of
behavioral system models.

Filters , System - Amps & Mixers , and System - Mod/Demod can be classified as tops-down system models that
support a tops-down system design flow where model behaviors are characterized by a small number of independent
parameters such as frequency, power and load. They are often referred to as parameter-based behavioral models .
System - Data Models can be classified as bottoms-up system models that support a bottoms-up verification flow
where model behaviors are extracted from a simulation (or measurement) of a transistor-level circuit. They are often
referred to as data-based behavioral models .

The parameter-based behavioral models typically provide superior speed relative to the data-based behavioral models
with both of these being vastly superior to a brute-force transistor-level simulation.

The data-based behavioral models typically provide superior accuracy relative to the parameter-based behavioral
models as they capture actual behaviors of implemented circuit components and not just design specifications.

The differences between parameter - and data-based behavioral models justify a palette emphasis on flow (all
data-based behavioral models grouped together) rather than functionality (all amplifiers, mixers, modulators,
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demodulators etc. grouped together).

The use model for parameter-based behavioral models is to simply set a series of parameters prior to using the
model. The use model for data-based behavioral models is described in Chapter 8, System Data Models.

Filter Categories

The filter component libraries contains filters in eight response categories: Butterworth, Chebyshev, Elliptic, Gaussian,
Bessel-Thompson, Raised-Cosine, Pole-Zero, and Polynomial. Lowpass, highpass, bandpass, and bandstop filters are
available in each category.

Butterworth, Chebyshev, and Elliptic filters have good selectivity but poor group delay flatness; Bessel-Thompson and
Gaussian filters have good delay flatness but poor selectivity. Raised-Cosine filters are uni-directional ideal Nyquist
filters for bandlimiting digital signals. Pole-Zero and Polynomial filters allow users to define arbitrary response shapes.

Except for the Raised-Cosine category, the filter S-parameters are calculated based on standard filter synthesis theory
[1]. S 21 and S 12 include losses specified by unloaded quality factor (Q u ) and insertion loss IL, where applicable.
The assumption is made that filter pole predistortion is used to preserve the specified frequency response in the
presence of losses [2]. However, S 11 and S 22 neglect losses, an approximation that causes little error for realizable
filters.

The basic nature of the response of a lowpass, highpass, bandpass, and bandstop filter is illustrated below. The
illustrations include certain filter parameter definitions: f pass , f stop , A pass , and A stop for lowpass/highpass
filters, and f center , BW pass , BW stop , A pass , and A stop for bandpass/bandstop filters. (Note that all filters do
not have all of these parameters.)

In addition to these filter parameters, Gaussian and Bessel filters (XXX_Gaussian and XXX_Bessel (XXX = LPF, HPF,
BPF, or BSF) have a group delay parameter GD pass . This parameter is motivated by the fact that a signal
experiences a delay when passing through a filter. Calculated as the negative of the derivative of the phase response
with respect to frequency, this delay (the group delay) will be frequency dependent for filters with a non-linear phase
response. In other words, the group delay at a given frequency specifies the delay experienced by a group of
sinusoidal components all having frequencies within a narrow interval around that frequency. A filter whose
time-domain impulse response is symmetric around t=0 must be subjected to a certain finite shift (the group delay) in
order to maintain (at least some resemblance of) causality when a transient simulator truncates its impulse response
below zero. Different time-frequency characteristics for different filters can lead to different requirements for this
group delay.

For LPF_Bessel and LPF_Gaussian, the group delay parameter GD pass is defined as the group delay at the passband
edge frequency relative to that at zero frequency (this is illustrated below). For highpass, bandpass, or bandstop
filters, the definition is the same except that the group delay at infinity (highpass) or at the center frequency
(bandpass, bandstop) is used as the reference. GD pass cannot drop below zero and cannot exceed one; its default
value is 0.9. The group delay value has a significant effect on filter order and therefore filter rejection. Larger GD pass
values will result in longer delays and larger filter orders; smaller GD pass values will result in smaller delays and
smaller filter orders. If your Gaussian or Bessel filter provides less out-of-band rejection than you expect, try
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increasing the GD pass parameter.

There are two ways of dealing with filter order, N:

e Leave the filter order at zero and specify the parameters characterizing the behavior of the filter, per the
illustrations below. Given these specifications, the program will calculate and report filter order N which meets
these specifications. Because N must be an integer, the calculated order N exceeds the specifications in most

cases. N is capped at the upper value of 15. For Chebyshev filters, the calculated filter order N must be an odd

number to ensure filter symmetry.

Alternatively, specify filter order N explicitly. If a non-zero N is specified, it will overwrite the filter specifications

The filter response is simply calculated based on the specified order N. As above, N must be an integer and will
be capped at 15. And, N must be odd for Chebyshev filters.
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Lowpass Filter Behavior at DC

At DC, a lowpass filter appears to reduce to a wire. During DC analysis, one would therefore intuitively expect the
S-matrix of a lowpass filter to reduce to S11=S22=1 and S12=5S21=0. Also, one would intuitively expect the input
and output voltages and currents to fulfill v2=v1 and i2=il. For Z1=Z2, both these expectations are met. However, if
Z1 and Z2 are unequal, there is simply no way to mathematically realize a meaningful filter that meets both
expectations. If it meets the expectations in the S-domain, it won't for voltages and currents and vice versa.

The ADS lowpass filters are implemented in the S-domain, not the voltage/current-domain. At DC, the lowpass filters
therefore reduce to a perfect [1 0;0 1] S-matrix regardless of the choice of reference impedance. The output voltage
and current, however, are given by v2=sqrt (Z2/Z1) x v1 and i2=sqrt(Z1/Z2) x il. This, as pointed out previously,
reduces to v2=v1 and i2=il only for Z1=Z2. These relations can easily be derived from power conservation and can

also be found from more rigorous S-parameter analysis.
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Symbol

Available in ADS and RFDE

Parameters

Fcenter

BWpass

Apass

GDpass

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Name

Advanced Design System 2008

Description
Passband center frequency

Passband edge-to-edge
width

Attenuation at stopband
edges

Group delay rolloff at
passband edge, 0 <
GDpass < 1

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter Order (if N > 0, it
overwrites GDpass)

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

Units
GHz
GHz

dB

None

None

dB

None

dB

None

Ohm

Ohm

°C

86

1.5
1.0

0.9

open

None

1e308

50

50

None

Default



Range of Usage

BWpass < Fcenter
0.01 < Apass < 3.0
0 < GDpass <1
1<N<15

Qu=1

Notes/Equations

1. Refer to Filter Categories.

Advanced Design System 2008

2. This component has no default artwork associated with it.

BPF_Butterworth (Bandpass Filter, Butterworth)

Symbol

Available in ADS and RFDE

Parameters

Name
Fcenter

BWpass

Apass

Description Units

Passband center frequency GHz

Passband edge-to-edge GHz
width
Attenuation at stopband dB

87

1.5
1.0

Default
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BWstop

Astop

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Range of Usage

1<N<15
BWpass < Fcenter
0.01 < Apass < 3.0

Qu=1

Notes/Equations

Advanced Design System 2008

edges

Stopband edge-to-edge
width

Attenuation at stopband
edges

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter Order (if N > O, it
overwrites GDpass)

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

GHz

dB

None

dB

None

dB

None

Ohm

Ohm

°C

88

1.2

20

open

None

1e308

50

50

None
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BPF_Chebyshev (Bandpass Filter, Chebyshev)

Symbol

Available in ADS and RFDE

Parameters
Name Description

Fcenter Passband center frequency

BWpass Passband edge-to-edge
width

Apass Attenuation at stopband
edges

Ripple Passband ripple

BWstop width measured from lower
to upper stopband edges

Astop attenuation at stopband
edges

StopType Stopband input impedance
type: OPEN or SHORT

MaxRej Maximum rejection level

N Filter Order (if N > 0, it
overwrites GDpass)

IL Passband insertion loss

Qu Unloaded quality factor for

resonators, default setting
is an infinite Qu and
expresses a dissipationless

Units
GHz
GHz

dB

dB
GHz

dB

None

dB

None

dB

None

89

1.5
1.0

1.2

20

open

None

1e308

Default
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resonant circuit.

Z1 Input port reference Ohm 50
impedance

Z2 Output port reference Ohm 50
impedance

Temp Temperature °C None

Range of Usage

BWpass < Fcenter
0.01 < Ripple < 3.0
1<N<15

Qu=1

Notes/Equations

1. Refer to Filter Categories.

2. This component has no default artwork associated with it.

BPF_Elliptic (Bandpass Filter, Elliptic)

Symbol

Available in ADS and RFDE
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Parameters

Name
Fcenter

BWpass

Ripple

BWstop

Astop

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Range of Usage

BWpass < Fcenter
0.01 < Ripple < 3.0

Astop > 0
1<N<15

Notes/Equations

Advanced Design System 2008

Description
Passband center frequency

Passband edge-to-edge
width

Passband ripple

Stopband edge-to-edge
width

Attenuation at stopband
edges

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter Order (if N > 0, it
overwrites GDpass)

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

GHz
GHz

dB
GHz

dB

None

dB

None

dB

None

Ohm

Ohm

°C

91

Units

1.5
1.0

1.2

20

open

None

1e308

50

50

None

Default
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1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

BPF_Gaussian (Bandpass Filter, Gaussian)

Symbol

1 T

e R

ff—)(U P

Available in ADS and RFDE

Parameters

Name
Fcenter

BWpass

Apass

GDpass

StopType

MaxRej
N

IL

Description
Passband center frequency

Passband edge-to-edge
width

Attenuation at stopband
edges

Group delay rolloff at
passband edge, 0 <
GDpass < 1

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter Order (if N > 0, it
overwrites GDpass)

Passband insertion loss

Units
GHz
GHz

dB

None

None

dB

None

dB

92

1.5
1.0

0.9

open

None

Default
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Qu Unloaded quality factor for = None
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit

Z1 Input port reference Ohm
impedance

Z2 Output port reference Ohm
impedance

Temp Temperature °C

Range of Usage

BWpass < Fcenter
0.01 < Apass < 3.0
0 < GDpass <1
1<N<=<15

Qu=1

Notes/Equations

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

BPF_PoleZero (Bandpass Filter, Pole Zero)

Symbol

93

1e308

50

50

None
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Available in ADS and RFDE

Parameters
Name Description Units Default

Numerator List of numerator None list(1)
coefficients

Denominator List of denominator None list(1,1.4,1)
coefficients

Gain Gain factor None 1.0

Fcenter Passband edge frequency GHz 1

BWpass Passband edge-to-edge GHz 1.0
width

StopType Stopband input impedance | None open
type: OPEN or SHORT

Z1 Input port reference Ohm 50
impedance

Z2 Output port reference Ohm 50
impedance

Notes/Equations

1. This is an S-domain filter.
2. Denominator and Numerator are a list of polynomial coefficients.
The transfer function for the filter is:

iy

s _ {ﬁ%ﬂj"ﬁl x3)+ (N, % 97,
s = Gain 5
Doy+i(D x8)+ (D, x87)...)
where
S =j x (Freq/Fo - F o /Freq)/(F high /F o — F o /F high)
and

Freq is the analysis frequency
Fhigh = Fcenter + 0.5 x BWpass
Fo = sqrt((Fcenter — 0.5 x BWpass) x (Fcenter + 0.5 x BWpass))
3. The following example demonstrates interpretation of simulation results with this component. From the
user-specified poles/zeros, we derive:
S21_Lowpass_Prototype= Gain*[(s-Z1)*...*(s-Zn)]/[(s-P1)*...(s-Pm)]
We then check to see if S21_Lowpass_Protope is > 1. If yes, we scale S21 by a another factor to make sure
S21_Max < 1. We then derive S11 (S22) from the following formula:
S112+S212=1
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In this example, when Gain is set > 0.471151, then S11 is derived as what you will expect. If Gain in your
example is < 0.471151, then S11 derived from the preceding equation, will be much higher that what you will
expect. In this situation, set Gain to be 0.1 so that S21 has a lot of insertion loss. But we assumed there is no
insertion loss in deriving S11.
There are other alternatives:
e Use S2P_Eqgn so that you can define the S21 and S11 polynomials however you want. You can define this as
follows:
s=j w, S21=Gain*(s-Z1)*...*(s-Zn)/(s-P1)*...*(s-Pn), S11=<your choice>
e Use BPF_Pole_Zero to model a lossless BPF, then use an attenuator to add insertion loss.

BPF_Polynomial (Bandpass Filter, Polynomial)

Symbol

Available in ADS and RFDE

Parameters
Name Description Units Default

Numerator List of numerator None list(1)
coefficients

Denominator List of denominator None list(1,1.4,1)
coefficients

Gain Gain factor None 1.0

Fcenter Passband center frequency GHz 1

BWpass Passband edge-to-edge GHz 1.0
width
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StopType Stopband input impedance ' None open
type: OPEN or SHORT

Z1 Input port reference Ohm 50
impedance

Z2 Output port reference Ohm 50
impedance

Notes/Equations

1.
2.

This is an S-domain filter.
Denominator and Numerator are a list of polynomial coefficients.
The transfer function for the filter is:

[N+ (N, x8)+ (N, % 8290
S, = Gain 5
B Do+ (D x8)+(D, x87)...)
where
S =j x (Freq/Fo — Fo /Freq)/(F high /F o — F o /F high)
and

Freq is the analysis frequency
Fhigh = Fcenter + 0.5 x BWpass
Fo = sqrt((Fcenter — 0.5 x BWpass) x (Fcenter + 0.5 x BWpass))

BPF_RaisedCos (Bandpass Filter, Raised-Cosine)

Symbol

Available in ADS and RFDE

96



Parameters

Name

Alpha

Fcenter

SymbolRate

DelaySymbols

Exponent

DutyCycle

SincE

Gain
Zout

WindowType

ImpMaxFreq

ImpDeltaFreq

ImpMaxPts

Other

Range of Usage

0<Alpha<1
DelaySymbols > 1

Advanced Design System 2008

Description

Rolloff factor defining
filter's excess bandwidth, 0
< Alpha =<1

Passband center frequency

Digital symbol rate defining
filter bandwidth

Number of symbols
delayed by filter

Exponent Factor ( 0 <
Exponent < 1), to provide
for Root Raised-Cosine
filter

Pulse duty cycle in percent,
used for sinc(x) correction

Flag to include the
Exponent factor on the
sinc(x) correction: yes or
no

Gain factor
Output impedance

Window type applied to
impulse response. 0=None,
1=Hann, 2=Hamming

Maximum frequency to
consider when calculating
impulse response

Impulse sample spacing in
frequency

Maximum number of points
in impulse response

Output string to netlist

None

GHz

kHz

None

None

None

None

None
Ohm

None

None

None

97

Units

0.35

1.5
24.3

0.5

no

1.0
50

None

None

Default
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Exponent < 1
DutyCycle < 100

IN 1A

Notes/Equations

1. Refer to Filter Categories.
2. This filter is unidirectional; input impedance is infinite; output impedance is specified by Zout.
3. Voltage gain is described by the following function.

, 2 tfrequen ey I-'.Dcﬂ ay S_}'m& oi:'l
Vo GainxGgy 77 \"SymbolRatc /
Vin Gcomp
where
G filt = 1.0 for Freq < 0.5 x (1 — Alpha)
x SymbolRate
= 0.0 for Freq = 0.5 x (1 + Alpha)
x SymbolRate
= [0.5 x (1 = sin[n x ( Freq —
SymbolRate /2)/
G comp =1.0 if DutyCycle =0
= [0.01 x DutyCycle x sinc(x)] if SincE = YES
Exponent
= [0.01 x DutyCycle x sinc(x)] if SincE = NO
Freq = abs ( Fcenter — frequency )
sinc(x) = sin(x)/x
X = 0.01 x DutyCycle x n x Freq /
SymbolRate

4. While Exponent can be any value, the standard value is 1.0 for the ideal raised-cosine filter response or 0.5 to
simulate the root raised-cosine filter response when present at both the receiving and transmitting channels.

5. In steady-state frequency-domain analyses, the ideal frequency-domain response described previously is used;
however, this ideal response has an infinite duration impulse response that must be approximated for
time-domain simulations in either Transient or Circuit Envelope. If DelaySymbols is set too small, then the
impulse response will be severely truncated and will not accuraely reflect the ideal frequency response.

Using a Hanning window (WindowType=1) a DelaySymbols parameter of 15 should result in equivalent frequency
domain sidelobes of —90dBc or smaller.

6. Accuracy of this model in Transient or Circuit Envelope can be further controlled through the ImpMaxFreq,
ImpDeltaFreq, and ImpMaxPts parameters.

7. The filter can include gain equalization to compensate for duty cycle roll-off. If DutyCycle = 0.0, then no
compensation will be applied. If SincE=YES, Exponent will be applied to the gain compensation term G comp .
The Exponent term is always present in the G filt term.

8. This component has no default artwork associated with it.
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BSF_Bessel (Bandstop Filter, Bessel-Thompson)

Symbol

Available in ADS and RFDE

Parameters

Name
Fcenter

BWpass

Apass

GDpass

StopType

MaxRej
N

Description Units
Stopband center frequency @ GHz

Passband edge-to-edge GHz
width

Attenuation at passband dB
edges

Group delay rolloff at None
passband edge, 0 <
GDpass < 1

Stopband input impedance | None
type: OPEN or SHORT

Maximum rejection level dB

Filter order (if N > 0, it None
overwrites GDpass); if not

given, it is calculated based

on BWpass, Apass and

GDpass

99

1.5
1.0

0.9

open

None

Default



IL
Qu

Z1

Z2

Temp

Range of Usage

BWpass < Fcenter
0.01 < Apass < 3.0
0 < GDpass <1
1<N<=<15

Notes/Equations

Advanced Design System 2008

Passband insertion loss dB 0

Unloaded quality factor for = None 1e308
resonators, default setting

is an infinite Qu and

expresses a dissipationless

resonant circuit.

Input port reference Ohm 50
impedance

Output port reference Ohm 50
impedance

Temperature °C None

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

BSF_Butterworth (Bandstop Filter, Butterworth)

Symbol

1 Ry
] /_><_/
_—

100
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Available in ADS and RFDE

Parameters

Name
Fcenter

BWstop

Astop

BWpass

Apass

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Range of Usage

BWpass < Fcenter
0.01 < Apass < 3.0

Advanced Design System 2008

Description
Stopband center frequency

Stopband edge-to-edge
width

Attenuation at stopband
edges

Passband edge-to-edge
width

Attenuation at passband
edges

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

Units
GHz
GHz

dB

GHz

dB

None

dB

None

dB

None

Ohm

Ohm

°C

101

1.5
1.0

20

1.2

open

None

1e308

50

50

None

Default
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Notes/Equations

1. Refer to Filter Categories.

2. This component has no default artwork associated with it.

BSF_Chebyshev (Bandstop Filter, Chebyshev)

Symbol
r’—“\‘_—FF_‘__
P . S
fd-'_\_\""\-\_h-\_ _,-";

Available in ADS and RFDE

Parameters
Name Description

Fcenter Stopband center frequency

BWstop Stopband edge-to-edge
width

Astop Attenuation at stopband
edges

Ripple Stopband ripple

BWpass Passband edge-to-edge
width

Apass Attenuation at passband

Units
GHz
GHz

dB

dB
GHz

dB

102

1.5
1.0

20

1.2

Default
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edges
StopType Stopband input impedance | None open
type: OPEN or SHORT
MaxRej Maximum rejection level dB None
N Filter order (if N > 0, it None 0

overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

IL Passband insertion loss dB 0

Qu Unloaded quality factor for = None 1e308
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Z1 Input port reference Ohm 50
impedance

Z2 Output port reference Ohm 50
impedance

Temp Temperature °C None

Range of Usage

BWpass < Fcenter
0.01 < Ripple < 3.0
1<N<15

Notes/Equations

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

BSF_Elliptic (Bandstop Filter, Elliptic)
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Symbol

Available in ADS and RFDE

Parameters

Fcenter

BWstop

Astop

Ripple

BWpass

Apass

StopType

MaxRej
N

IL
Qu

Z1

Name

Advanced Design System 2008

Description
Stopband center frequency

Stopband edge-to-edge
width

Attenuation at stopband
edges

Stopband ripple

Passband edge-to-edge
width

Attenuation at passband
edges

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference

Units
GHz
GHz

dB

dB
GHz

dB

None

dB

None

dB

None

Ohm
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1.5
1.0

20

1.2

open

None

1e308

50

Default
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impedance

Z2 Output port reference Ohm 50
impedance

Temp Temperature °C None

Range of Usage

BWpass < Fcenter
0.01 < Ripple < 3.0
1<N<15

Notes/Equations

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

BSF_Gaussian (Bandstop Filter, Gaussian)

Symbol

_— ,
|~
m

Available in ADS and RFDE

Parameters
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Name
Fcenter

BWpass

Apass

GDpass

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Range of Usage

BWpass < Fcenter

0.01 < Apass < 3.0

0 < GDpass <1
1<N<15

Notes/Equations

Advanced Design System 2008

Description
Stopband center frequency

Passband edge-to-edge
width

Attenuation at passband
edges

Group delay rolloff at
passband edge, 0 <
GDpass < 1

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

GHz
GHz

dB

None

None

dB

None

dB

None

Ohm

Ohm

°C
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Units

Default
1.5
1.0

0.9

open

None

1e308

50

50

None



1. Refer to Filter Categories.
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2. This component has no default artwork associated with it.

BSF_PoleZero (Bandstop Filter, Pole Zero)

Symbol

Available in ADS and RFDE

Parameters

Name

Numerator

Denominator

Gain
Fcenter

BWpass

StopType

Z1

Z2

Description Units
List of numerator None
coefficients
List of denominator None
coefficients
Gain factor None

Passband edge frequency GHz

Passband edge-to-edge GHz
width

Stopband input impedance | None
type: OPEN or SHORT

Input port reference Ohm
impedance
Output port reference Ohm
impedance

107

Default
list(1)

list(1,1.4,1)

1.0
1
1.0

open

50

50
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Notes/Equations

1. This is an S-domain filter.
2. Denominator and Numerator are lists of polynomial coefficients.
The transfer function for the filter is:
[N+ (N, x8)+(N,x S0
8, = Gum{ - -
- Do+ (D x 8)+(D,%x87) ../

where

S=-j x (Fo/Flow — Flow /F o )/(Freq/F o — F o /Freq)

and

Freq is the analysis frequency

F low = Fcenter — 0.5 x BWpass

F o = sqgrt((Fcenter - 0.5 x BWpass) x Fcenter + 0.5 x BWpass))
At least one Denominator coefficient must be supplied.

BSF_Polynomial (Bandstop Filter, Polynomial)

Symbol

"

Available in ADS and RFDE

Parameters
Name Description Units Default
Numerator List of numerator None list(1)
coefficients
Denominator List of denominator None list(1,1.4,1)
coefficients
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Gain Gain factor None 1.0

Fcenter Passband Edge Frequency GHz 1

BWpass Passband Edge-to-Edge GHz 1.0
Width

StopType Stopband input impedance | None open
type: OPEN or SHORT

Z1 Input port reference Ohm 50
impedance

Z2 Output port reference Ohm 50
impedance

Notes/Equations

1. This is an S-domain filter.
2. Denominator and Numerator are lists of polynomial coefficients.
The transfer function for the filter is:
[N+ (N, x8)+ (N,x87)..)
S, = Gum{ -
Do+ (D x 8)+(D,%x87)../

where

S=-j x (Fo/Flow — Flow /Fo)/(Freq/F o — F o /Freq)

and

Freq is the analysis frequency

F low = Fcenter — 0.5 x BWpass

F o = sgrt((Fcenter - 0.5 x BWpass) x Fcenter + 0.5 x BWpass))
At least one Denominator coefficient must be supplied.

BSF_RaisedCos (Bandstop Filter, Raised-Cosine)

Symbol
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Available in ADS and RFDE

Parameters

Name

Alpha

Fcenter

SymbolRate

DelaySymbols

Exponent

DutyCycle

SincE

Gain
Zout

WindowType

ImpMaxFreq

Advanced Design System 2008

Description

Rolloff factor defining filter
excess bandwidth, 0 <
Alpha <1

Passband center frequency

Digital symbol rate defining
filter bandwidth

Number of symbols
delayed by filter

Exponent factor ( 0 <
Exponent < 1), to provide
for Root Raised-Cosine
filter

Pulse duty cycle in percent,
used for sinc(x) correction

Flag to include the
Exponent factor on the
sinc(x) correction: yes or
no

Gain factor
Output impedance

Window type applied to
impulse response: 0=None,
1=Hann, 2=Hamming

Maximum frequency to
consider when calculating
impulse response

None

GHz

kHz

None

None

None

None

None
Ohm

None
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Units

0.35

1.5
24.3

0.5

no

1.0
50

Default
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ImpDeltaFreq Frequency sample spacing
when calculating impulse
response
ImpMaxPts Maximum number of points = None None

in impulse response

Other Output string to netlist None None

Range of Usage

0 <Alpha<1
DelaySymbols = 1

0 < Exponent < 1

0 < DutyCycle < 100

Notes/Equations

1. Refer to Filter Categories.
2. This filter is unidirectional; input impedance is infinite; output impedance is specified by Zout.
3. Voltage gain is described by the following function.

) _j2nfrequency I-’DCE aySymb ai:'l
VDH# _ Gﬂ.ln * Gf.';if - . S_}'mbOERRf-C 4
V.','n Gcomp
G filt = 0.0 for Freq < 0.5 x (1 — Alpha )
X SymbolRate
= 1.0 for Freq = 0.5 x (1 + Alpha)
x SymbolRate
= [0.5 x (1 + sin[n x ( Freq —
SymbolRate /2)/
G comp =1.0 if DutyCycle =0
= [0.01 x DutyCycle x sinc(x)] if SincE = YES
Exponent
= [0.01 x DutyCycle x sinc(x)] if SincE = NO
Freq = abs ( Fcenter — frequency )
sinc(x) = sin(x)/x
X = 0.01 x DutyCycle x n x Freq /
SymbolRate

4. While Exponent can be any value, the standard value is 1.0 for the ideal raised-cosine filter response or 0.5 to
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simulate the root raised-cosine filter response when present at both the receiving and transmitting channels.

5. In steady-state frequency-domain analyses, the ideal frequency-domain response described previously is used;
however, this ideal response has an infinite duration impulse response that must be approximated for
time-domain simulations in either Transient or Circuit Envelope. If DelaySymbols is set too small, then the
impulse response will be severely truncated and will not accurately reflect the ideal frequency response.

Using a Hanning window (WindowType=1) a DelaySymbols value of 15 should result in equivalent frequency
domain sidelobes of —90dBc or smaller.

6. Accuracy of this model in Transient or Circuit Envelope can be further controlled through the ImpMaxFreq,
ImpDeltaFreq, and ImpMaxPts parameters.

7. The filter can include gain equalization to compensate for duty cycle roll-off. If DutyCycle = 0.0, then no
compensation will be applied. If SincE=YES, Exponent will be applied to the gain compensation term, G comp .
The Exponent term is always present in the G filt term.

8. This component has no default artwork associated with it.

HPF_Bessel (Highpass Filter, Bessel-Thompson)

Symbol

Available in ADS and RFDE

Parameters
Name Description Units Default
Fpass Passband edge frequency GHz 1
Apass Attenuation at passband dB 3
edges
GDpass Group delay rolloff at None 0.9
passband edge, 0 <
GDpass < 1
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StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Range of Usage

Fpass > 0

0.01 < Apass < 3.0
0 < GDpass <1
1<N<15

Notes/Equations

Advanced Design System 2008

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on

None

dB

None

BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

HPF_Butterworth (Highpass Filter, Butterworth)

dB

None

Ohm

Ohm

°C
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open

None

1e308

50

50

None
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Symbol

Available in ADS and RFDE

Parameters

Name
Fpass

Apass

Fstop

Astop

StopType

MaxRej
N

IL
Qu

Z1

Z2

Advanced Design System 2008

Description
Passband edge frequency

Attenuation at passband
edges

Stopband edge frequency

Attenuation at stopband
edges

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Units
GHz
dB

GHz
dB

None

dB

None

dB

None

Ohm

Ohm
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0.8
20

open

None

1e308

50

50

Default
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°C None

Temp Temperature

Range of Usage

Fpass > 0
0.01 < Apass < 3.0
1<N<15

Notes/Equations

1. Refer to Filter Categories.

2. This component has no default artwork associated with it.

HPF_Chebyshev (Highpass Filter, Chebyshev)

Symbol

Available in ADS and RFDE

Parameters
Name Description Units Default

Fpass Passband edge frequency GHz 1

Apass Attenuation at passband dB 1
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Ripple
Fstop

Astop

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Range of Usage

Fpass > 0

0.01 < Ripple < 3.0
1<N<15

Notes/Equations

Advanced Design System 2008

edges
Stopband ripple
Stopband edge frequency

Attenuation at stopband
edges

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

dB
GHz
dB

None

dB

None

dB

None

Ohm

Ohm

°C
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0.8
20

open

None

1e308

50

50

None
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HPF_Elliptic (Highpass Filter, Elliptic)

Symbol

Available in ADS and RFDE

Parameters

Fpass
Ripple
Fstop

Astop

StopType

MaxRej
N

IL
Qu

Z1

Name

Description
Passband edge frequency
Stopband ripple
Stopband edge frequency

Attenuation at stopband
edges

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

GHz
dB
GHz
dB

None

dB

None

dB

None

Ohm
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Units

0.8
20

open

None

1e308

50

Default
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Z2 Output port reference Ohm 50
impedance
Temp Temperature °C None

Range of Usage

Fpass > 0
0.01 < Ripple < 3.0
Astop > 0

1<N<15
Notes/Equations

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

HPF_Gaussian (Highpass Filter, Gaussian)

Symbol
x’“‘»\__j

PR S )
T -

Available in ADS and RFDE

Parameters

Name Description Units Default
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Fpass

Apass

GDpass

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Range of Usage

Fpass > 0

0.01 < Apass < 3.0
0 < GDpass < 1
1<N<15

Notes/Equations

Advanced Design System 2008

Passband edge frequency

Attenuation at passband
edges

Group delay rolloff at
passband edge, 0 <
GDpass < 1

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

1. Refer to Filter Categories.
2. This component has no default artwork associated with it.

GHz
dB

None

None

dB

None

None

Ohm

Ohm

°C
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0.9

open

None

1e308

50

50

None
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HPF_PoleZero (Highpass Filter, Pole Zero)

Symbol

Available in ADS and RFDE

Parameters

Name

Numerator

Denominator

Gain
Fpass

StopType

Z1

Z2

Notes/Equations

Description Units
List of numerator None
coefficients
List of denominator None
coefficients
Gain factor None

Passband Edge Frequency GHz

Stopband input impedance | None
type: OPEN or SHORT

Input port reference Ohm
impedance
Output port reference Ohm
impedance
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Default

list(1)

list(1,1.4,1)

1.0
1

open

50

50
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1. This is an S-domain filter.
2. Denominator and Numerator are a list of polynomial coefficients.
The transfer function for the filter is:

s _ {ND+ (N, x8)+ (N,x8%)...)

5 = Gain =
Dy+(D,x8)+(D,x87)...)

where

S = —j(Fpass/Freq)

and

Freq is the analysis frequency

HPF_Polynomial (Highpass Filter, Polynomial)

Symbol

Available in ADS and RFDE

Parameters
Name Description Units

Numerator List of numerator None
coefficients

Denominator List of denominator None
coefficients

Gain Gain factor None

Fpass Passband edge frequency GHz

StopType Stopband input impedance | None
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Default
list(1)

list(1,1.4,1)

1.0
1

open



Advanced Design System 2008

type: OPEN or SHORT

Z1 Input port reference Ohm 50
impedance

Z2 Output port reference Ohm 50
impedance

Notes/Equations

1. This is an S-domain filter.
2. Denominator and Numerator are a list of polynomial coefficients.
The transfer function for the filter is:

[N+ (N x8)+ (N,x% S350
S, = Gumt -
Dy+(D, x8)+(D,x87)...)
where
S = —j(Fpass/Freq)
and

Freq is the analysis frequency

HPF_RaisedCos (Highpass Filter, Raised-Cosine)

Symbol

Available in ADS and RFDE

Parameters
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Name

Alpha

SymbolRate

DelaySymbols

Exponent

DutyCycle

SincE

Gain
Zout

WindowType

ImpMaxFreq

ImpDeltaFreq

ImpMaxPts

Other

Range of Usage

0 <Alpha =<1
DelaySymbols > 1
0 < Exponent <1

0 < DutyCycle < 100

Advanced Design System 2008

Description

Rolloff factor defining filter
excess bandwidth, 0 <
Alpha <1

Digital symbol rate defining
filter bandwidth

Number of symbols
delayed by filter

Exponent factor ( 0 <
Exponent < 1), to provide
for Root Raised-Cosine
filter

Pulse duty cycle in percent,
used for sinc(x) correction

Flag to include the
Exponent factor on the
sinc(x) correction: yes or
no

Gain factor
Output impedance

Window type applied to
impulse response: 0=None,
1=Hann, 2=Hamming

Maximum frequency to
consider when calculating
impulse response

Frequency sample spacing
when calculating impulse
response

Maximum number of points
in impulse response

Output string to netlist

None

kHz

None

None

None

None

None
Ohm

None

None

None
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Units

Default

0.35

24.3

0.5

no

1.0
50

None

None
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Notes/Equations

1. Refer to Filter Categories.

2. This filter is unidirectional; input impedance is infinite; output impedance is specified by Zout.

3. This filter is unidirectional; input impedance is infinite; output impedance is specified by Zout.

4. Voltage gain is described by the following function.

, 2 tfrequen ey I-'.Dcﬂ ay S_}'m& oi:'l
Vow GainxGgy, 77 \"SymbolRatc /
Vin Gcomp
where:
G filt = 0.0 for frequency < 0.5 x (1 —
Alpha ) x SymbolRate
= 1.0 for frequency = 0.5 x (1 +
Alpha ) x SymbolRate
= [0.5 x (1 + sin[n x ( frequency —
SymbolRate /2)/
G comp =1.0 if DutyCycle =0
= [0.01 x DutyCycle x sinc(x)] if SincE = YES
Exponent
= [0.01 x DutyCycle x sinc(x)] if SincE = NO
sinc(x) = sin(x)/x
X = 0.01 x DutyCycle x n x frequency
/ SymbolRate

5. While Exponent can be any value, the standard value is 1.0 for the ideal raised-cosine filter response or 0.5 to
simulate the root raised-cosine filter response when present at both the receiving and transmitting channels.

6. In steady-state frequency-domain analyses, the ideal frequency-domain response described previously is used;
however, this ideal response has an infinite duration impulse response that must be approximated for
time-domain simulations in either Transient or Circuit Envelope. If DelaySymbols is set too small, then the
impulse response will be severely truncated and will not accurately reflect the ideal frequency response.
Using a Hanning window (WindowType=1) a DelaySymbols value of 15 should result in equivalent frequency
domain sidelobes of —90dBc or smaller.

7. Accuracy of this model in Transient or Circuit Envelope can be further controlled through the ImpMaxFreq,
ImpDeltaFreq, and ImpMaxPts parameters.

8. The filter can include gain equalization to compensate for duty cycle roll-off. If DutyCycle = 0.0, then no
compensation will be applied. If SincE=YES, Exponent will be applied to the gain compensation term, G comp .
The Exponent term is always present in the G filt term.

9. This component has no default artwork associated with it.

LPF_Bessel (Lowpass Filter, Bessel-Thompson)
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Symbol

Available in ADS and RFDE

Parameters

Name
Fpass

Apass

GDpass

StopType

MaxRej
N

IL
Qu

Z1

Z2

Temp

Advanced Design System 2008

Description
Passband edge frequency

Attenuation at passband
edges

Group delay rolloff at
passband edge, 0 <
GDpass < 1

Stopband input impedance
type: OPEN or SHORT

Maximum rejection level

Filter order (if N > 0, it
overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

Passband insertion loss

Unloaded quality factor for
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Input port reference
impedance

Output port reference
impedance

Temperature

GHz
dB

None

None

dB

None

dB

None

Ohm

Ohm

°C
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Units

0.9

open

None

1e308

50

50

None

Default
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Range of Usage

Fpass > 0

0.01 < Apass < 3.0
0 < GDpass <1
1<N<15

Qu=1

Notes/Equations

1. Refer to Filter Categories.
2. For information on LPF behavior at DC, refer to Lowpass Filter Behavior at DC.

3. This component has no default artwork associated with it.

LPF_Butterworth (Lowpass Filter, Butterworth

Symbol
o~ -

" . o
'f_h\\,__ﬂ.f’

Available in ADS and RFDE

Parameters
Name Description Units Default
Fpass Passband edge frequency GHz 1
Apass Attenuation at passband dB 3
edges
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Fstop Stopband edge frequency GHz 1.2

Astop Attenuation at stopband dB 20
edges

StopType Stopband input impedance | None open
type: OPEN or SHORT

MaxRej Maximum rejection level dB None

N Filter order (if N > 0, it None 0

overwrites BWstop and
Astop)); if not given, it is
calculated based on
BWpass, Apass and GDpass

IL Passband insertion loss dB 0

Qu Unloaded quality factor for | None 1e308
resonators, default setting
is an infinite Qu and
expresses a dissipationless
resonant circuit.

Z1 Input port reference Ohm 50
impedance

Z2 Output port reference Ohm 50
impedance

Temp Temperature °C None

Range of Usage

Fpass > 0

0.01 < Apass < 3.0
1<N<15

Qu=1

Notes/Equations

1. Refer to Filter Categories.
2. For information on LPF behavior at DC, refer to Lowpass Filter Behavior at DC.

3. This component has no default artwork associated with it.
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LPF_Chebyshev (Lowpass Filter, Chebyshev)

Symbol

Available in ADS and RFDE

Parameters

Fpass

Apass

Ripple
Fstop

Astop

StopType

MaxRej
N

IL
Qu

Name

Description Units

Passband edge frequency GHz

Attenuation at passband dB
edges
Stopband ripple dB

stopband edge frequency GHz

Attenuation at stopband dB
edges

Stopband input impedance | None
type: OPEN or SHORT

Maximum rejection level dB

Filter order (if N > 0, it None
overwrites BWstop and

Astop)); if not given, it is
calculated based on

BWpass, Apass and GDpass

Passband insertion loss dB

Unloaded quality factor for = None
resonators, default setting

is an infinite Qu and

expresses a dissipationless
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1.2
20

open

None

1e308

Default
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resonant circuit.

Z1 Input port reference Ohm 50
impedance

Z2 Output port r