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Note:

This edition is a shortened version of an article with 3 parts, published in the German ,UKW-Berichte*
journal and named “Simulations in the RF range using LTspice".

Herein is shown that SPICE can be used to simulate nearly every circuit property in the time and in the
frequency domain and also in the RF range, including nonlinear simulations.

This issue shall be a teaching for ,Do it Yourself* in form of a cooperation between the author and the
reader. So start your PC and begin -- but you should already have studied part 1 of this tutorial to
know how to handle LTspice.
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1. Why SPICE for the RF range?

That is what you ask yourself when you have looked at or worked with good, but cheap or free S Parameter
Simulation Programs (like PUFF or Ansoft Designer SV). But the answer is very simple:

If a SPICE simulation of a RF circuit delivers the same results as an S Parameter simulation at the same
operating point then there are unbelievable possibilities:

The SPICE model now represents exactly the partand it s measured S Parameters. So you are allowed to
vary currents or voltages in your circuit without a n S Parameter file from the manufacturer, you can use
other signal forms at the input, you can overdrive the stage — in any case will SPICE produce the correct
solution in the time domain or in the frequency dom ain, including all details of a new DC operating po  int.
And you can easily search for the optimum by parame ter sweeps.

But be aware, that even by this fact an S Parameter  simulation will never obsolete . This form of simulation
is based on a collection of EXACTLY MEASURED VALUES during production and this will always be the
reference! SPICE is always working with a model which shall represent the properties of the part (and sometimes
this representation is not perfect at all). And for some special RF parts (like microstrip transmission lines) there
don’t exist any special models and you have to modify and to adapt the general model for a transmission line with
losses for your purpose — as well as possible.

So the special procedures to simulate the properties of RF circuits are demonstrated at an interesting example.
Let's go.

2. The object: a 137MHz converter for the reception ~ of NOAA weather satellite
signals

A part of this project was published in an earlier edition of the “UKW-Berichte” journal [1]
(,Puff-Einsteigerprojekt. Rauscharmer Vorverstarker fur 137MHz bzw. 145MHz". Edition 4/1998, page 245) and
described a low noise preamplifier using the Dual Gate MOSFET BF998 in the 136...138MHz frequency range.
Published are the simulation and the measured prototype results, so SPICE can now demonstrate its strength in
comparison.

The rest of the converter is not
too complicated: the LNA is
LNA Mixer SMD3C IF-BPF followed by a Double
fo=138MHz/B =2MHz 10MHz....2GHz Balanced Mixer SMD3C (in a
milled alumina case) and a
IF Out 100 MHz IF band pass filter,
C also in a separated milled
50 Ohm alumina case.
Frequency conversion down
Gain: min. 20dB to 88...102MHz is realized by
an extern 37MHz signal
LO In generator in the radio shack.
Amplification and
demodulation are done by a
high class car radio with

RF In &
N\
50 Ohm ~

(el

perfect shielding.



3. Low noise preamplifier using the Dual Gate MOSFE T BF998

This is the original schematic as published.
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3.1. Creating a symbol for the BF998

H

BF298 SPICE MODEL OCTOBER 1993 PHILIPS SEMICONDUCTORS

* ELVEL OFE o143 (R
w [1,: SOURCE; 2.: DRAIM; 3.: GaTE 2: 4.: Gate 1: |
.SUBCRT Broos L 2 3 2
L10 110 [Ld0.12n
LZ0 2 20 fudo.1zw
L30 3 30 L0, 12N
L40 4 40 |ido.12wm Order of part
L11 10 11 L. 200 "
Lz1 20 21 | Cmgon connections
L31 3031 L
L4l 40 41 L
13 10 30 C
14 10 40 |c is!
cl4 10 40 |cp. Delete this!
C24 20 40 . onsp
o1l 42 11  ZEMER
D1z 42 41 ZEMER
D21 32 11 ZEMER
D22 32 31 ZEMER
RS 10 12 =100
Mos1 61 41 11 12 GATEL L=1.l1E-6 w=1150E-&
MOS2 21 31 §1 12 GATEZ L=2.0E-§ w=1150E-6
.MODEL ZEMER D Bv=l0 CJo=1.2E-12 Rs=10
.MODEL GATEL

+ 4+ o+

.MODEL  GATEZ

MSUE=3ELS
ETA=0.06

+ 4+ +

.EMDS BF99E

MMOS LEVEL=3 UC=600 WwTO=-0.250 NFS5=300E9 TOx=42E-9

MSUB=3E15 wMAX=140E3 R5=2.0 RD=2.0 xJ1=200E-9 THETA=0.11
ETA=0.06 KAPPA=Z LD=0.1E-5
CGE50=0.3E-9 CGDO=0.3E-9 CBD=0.5E-12 CBS5=0.53E-12

MMOS LEVEL=3 UC=600 WwTO=-0.250 NFS5=300E9 TOx=42E-9

WMaX=100E3 R5=2.0 RD=2.0 x1=Z00E-% THETA=0.11
KAaPPA=2 LD=0,1E-G
CGE50=0.3E-9 CGDO=0.3E-9 CBD=0.5E-12 CBS5=0.53E-12

Noise matching at the
input is realized by a
capacitive voltage divider.
At the output a second
order band pass filter is
used for selection and
matching to 50 . The
coupling element
between the two resonant
circuits at the output is an
interdigital capacitor with
0.5pF.

The voltage gain of the
stage is approx. 20dB
and the noise figure NF
below 1dB

At first we need the SPICE
model of the BF998 from
the Internet (...enter “bf998
spice model“ for the
search!) and the result is
shown beside.

The file looks like very nice
and the connections are
numbered correctly, but
there is a serious bug:

SPICE does not accept
any additional comment
or explanation when
entering model part
values. So please delete
these and save the result
as “BF998.lib" in the lib /
sub folder of LTspice!

Now let us create a symbol
for a Dual Gate MOSFET.
Change to the “File” menu
and select “New Symbol .
All the tools to draw a
symbol can be found under
“DRAW”.



Port 4: "Bulk" \o

Port 2: '_'Gat_e"

e

Port 1: "Drain”

Before starting pick up the symbol
“nmos4.asy " in the library (path:
LLTspicelV \lib \ sym“) and put it on
the screen. At once you know the
dimensions if you want to draw
yourself a completely new symbol.
If you prefer this, press F5 and then
left click on the symbol to delete it.
Leave this function again by
pressing “ESC” and then draw the
complete new MOSFET.

Nnnn

%%NMOSﬁ

Much easier is to modify the

. " "
Port 3: "Source
o . [z ]x]
T File Edit Herarchy Draw Wiew Tools Window Help
P d 5 ] o8 Ha® 284 A& 2o
T BF998 | T Untitled

Pin/Port Properties

position of

O NONE Not Visile]

et
fiset: 5 Py

(64, 1)

[0 LTty _tu- .. | 5 pantshop o - BK.05

77 Start

F&j LTspice 1v - [BFo98]

D )BF998

BF998.lib

existing symbol, to rename it and
save it as ,BF998.asy"“. But some
information is necessary:

Example for properties and

1) The small red circles mark the
ends of lines. They are drawing
helps AND catching points for
connections when applying this part
in a schematic.

port 2 (= Drain)

2) The part connections (hamed
“ports”) are little squares with a red
circle in the centre. They cannot be
drawn because there are special
functions for this purpose.

So open “Edit” and search for “Add
Pin / Port “. Left clicking opens the
property menu and in the picture
can be seen what you have to
enter: the name of the connection,

the Port / Pin number due to the SPICE model and the position in relation to the symbol drawing (here: Left /

Offset =5). The pin numbering for the BF998 is:

Source = Port 1/ Drain=Port 2/ Gate2 =Port3/Gat el=

Port 4. At last close the menu for this port and connect it to the symbol by drawing a line.

3) If you want to move something on the screen, press F7 and left click on the part sambol. This will at once hang
on the cursor and can be moved to the new position. Left click and then leave this function by selecting “ESC”.

>

Symbol Attribute Editor

Symbol Type: | Block L3

attribute value

Prefis *

Spicebodel BF338.lib
Walue BF333
Walue? BF338

SpiceLine

Spicelines

Dezcription M-Channel Dual Gate MOSFET
hModelFile

| “dgate_ MOSFET.asy”

Save at first this new created symbol at “SpicelV / lib / sym" as
for tasks in the future.

Then open “EDIT” and select “Attributes / Edit Attributes  “to
enter the part properties in the left list. It is a little tricky because
at first you have to click on the desired line and then enter the
value in the empty line ABOVE this list.  But the entry will only

be saved if you afterwards click on another line in the list....

Now we are near to the end. Open once more “EDIT” but now
“Attribute / Attribute Window  “. So you can enter additional
information which will appear together with the symbol. Another
list appears and so please left click on “VALUE” and confirm with
OK. Suddenly “BF998” is placed beside the symbol. Now repeat
the procedure and activate the SPICE model name “BF998.lib “
to be visible together with the symbol. Save the complete symbol
as BF998.asy in the lib / sub folder of LTspice

All is successfully finished -- congratulations!



3.2. SPICE simulation of the S Parameters for a dra  in current of 10mA
3.2.1. Setting this operating point

From the Internet you can only get the S parameters for two Drain current values: 5mA and 10mA. So the first
task is to simulate the S Parameters for 10mA and to compare the result with the given S parameter file.

F2i L Tspice IV - [s-par -test_01] [AEEH]

4 Bl Edt Herarchy Uew Smuate Tocls Window Help S8 . . .

BE T 40 Q0QR Bl SB% 4R0H 08 LYPI43TDV00 da So draw at first this schematic to check
A spartest 01 |} s-partest 01

the operating point whether it is the
same as given in the S parameter file
(Io =10mA / Ups = 5V / Ugzs = 3,5V).

" " V2
R2 RS R1 Resistor, capacitor and ground symbol
9k 41MEG 50 can be found in the menu bar. But for
5.5 the voltage source f open the

component library by this button (= at
the right hand side of the diode symbol
button, but marked by an AND gate.
Then you find “voltage” in the list and
you can place two of them on the

D BF998

BF998.lib

V1 100p R4 = screen.
_ 680k
Rser=50 The new BF998 symbol can also be
AC10 <

found in the list and finally connect all
together using the “WIRE” function (=
button with pencil).

"7 Start

Programming of the voltage sources is very simple: click right on the symbol and then on “Advanced” to open the
property menu.

For source V1 enter an amplitude value of “1” and a phase of “0” under “Sma
forget to enter 50  for the source resistor to prepare an S parameter s
Source V2 is the supply voltage with a DC value of 5.5V.

To change a resistor’s or capacitor’s value, click right on the symbol and enter the new value.

Now a little explanation is necessary: Drain resistor R1 serves as “output termination for the twoport with 50 ",
but all other resistors are used to set the correct operating point (Ip = 10mA / Ups = 5V / Ugzs = 3,5V). Gate 2 is
grounded for AC by capacitor C2 and C1 is used to separate the source resistance of 50 and the voltage divider
at Gate 1, consisting of R4 and R5.

Il Signal AC Analysis ". Do not
imulation.

Now we need the

—
-—— Operating Point —-—-— ) o simulation command for a
/ Supply Voltage DC analysis. Select
V(n001) : 5.5 voltage “Simulate " and “Edit
"’Engggz : g-ggm"" "Ditage - UDS Simulation cmd* , then
(1l : . voltage “ “
W (n005) : 0.089731z2 voltage \ a?]((i 3]% (E)Onr:']maF:]rdesspOVl\jI”
1V[nDDf—1:l : 4.48656e-016 wvoltage .
I(C2): 3.52e-016 device_current UGZS hang on the cursor and
I{ciy: 8.97312e-018 deviee current can be placed in the
I(RS): 1.31958e-007 device current schematic.
I(Rd): 1.31958e-007 deviece current
iti:: : g'ggggz SEV?CE—C““E“E Start the simulation and
H . eVI1Ce CUrren - - -
I(Rl): 0.00993461 device:c:urrent Drain Currrent _you Wl” get this list
LIVE): -0.0102047  device current including every current
I(Vl): £.97312e-018  device current / and voltage of the
Arxiulzly: -0.00998461 subckt current schematic.
Ixful:2): 0.00998461 subckt_current
Ixful:3): 3.89684e-012 subckt_current \ But there is another way
Ixful:d): £.938052-014 subckt current

Source Currrent

current or the voltage for this point in the lower left corner of the screen.

with fewer efforts: close
this list and move the
cursor to an interesting
connection in the circuit.
At once you find the

If you now compare the marked voltage and current values with the conditions of the given S parameter file:
everything is OK and we can start the S parameter simulation.



3.2.2. Simulating the S Parameters at this Operatin g Point

T —— IX| Select “Simulate “, then “Edit Simulation cmd “ and “AC
Analysis “. Use a decade sweep, a start frequency of
Transient | AC Andlysis | DC sweep | Noie | DC Transfer | DC op prit 100MHz, a stop frequency of 1100MHz and 401 points
per decade.
Compute the small signal AC behavior of the circuit inearized about its DC aperating Add a SPICE-Directive to calculate the S parameters and
ERit select first “Edit“ and “SPICE Directive “. Now enter:
Type of Swesp:
Mumber of points per decade: |E . n et I (R 1) Vl
Start Frequency: Thi
is means:
Stop Fiequency: Notige “ net” invokes the network simulation.
Angaben
9 “I(R1)" is the voltage at the output termination
Syntaw: ac <oct, dec. line <Mpaintss <StatFreqe <EndFregs resistance R1 = 50
e gl il -
Simulationskommando! V1" relates this output voltage to the input voltag e

[ Coeel | C & ] source which delivers the incident wave.

The directive “.op” of the last chapter is now automatically switched off and the simulation can be started.

The diagram in the waveform viewer is still empty. So right click on it, select “ADD TRACE” and then the four S
parameters S11/S21/S12/S22. At last click on OK.

Now move the cursor over the scaling of the horizontal axis and left click to set a linear axis scaling from 100MHz
to 1100MHz with a tick of 100MHz.

In the same manner the vertical axis scaling can be set as follows: +20db to -80dB with a tick of 10dB

If you don’t want to see the phase information, move the cursor over the scaling of the right vertical axis and click
left. Then you can select “Don’t plot Phase “.

S11[v1)

S21 S22
./

-60d
0.1GHz 0.2GHz 0.3GHz 0.4GHz 0.56GHz 0.6GHz 0.7GHz 0.8GHz 0.9GHz 1.0GHz 1.1GHZ

This is the success, but the result should be compared with other S parameter simulations.



| . . .
| gl:ggrggws small signal semiconductors /Dc Operatlng
1 4 o] ot TN Tt mdin Tt ool - o1 POint
tjvos = 5 v VGE2E = 3.5 W 10 = 10 ma |
| Ly gy = {11 L | FEtII"L,IEI.I"}ir 1951

# G@HZ S MA R 50
If s11 521 s1z S22
I GHZ P& AMNG P& ANG P& ANG P& ANG

0,050 0.9957 -4.0 2.230 174.5 0.0009 B9.0 0.9923 -2.1
0.060 0.9951 -4.8 2.225 173.2 0.0011 85.1 0.99%15 -2.5
0.070 0.9988 -5.6 2.218 172.0 (0.0013 85.9 0.99%7 -3.0
0,080 0.9974 -6.4 2.221 170.8  0.00L5 B4.8 0.997 -3.4
0.090 0.99a69 7.2 2.228 1a%.a 0.001a B3.6 0.99%914 -3.7
0.100 0.9968 -8.0 2.232 1as.4 0.001l8 H3.1 0.9908 -4.1
0.150 0.9%18 -12.0 2.212 162.4 0.0026 7E.56 0.9895 -G6.2
0.200 0.9849 -15.9 2.211 156.5 (0.0035 74.5  0.9885 -8.4
0.250 0.976% -19.8 2.190 150.5 0.0043 7l.2 0.9848 -10.4
0.300 0.9680 -Z3.8 2.159 144.6 0.0050 a7.6 0.9806 -12.4
0.400 0.9451 -31.2 2.095 133.1 0.0082 a0, 8 0.9749 -16.4
0.500 0.91%9 -33.4 2.021 122.1 0.0072 4.4 0.9681 -20.3
0.600 0.8%5 -45.4 1.945 111.6 0.0077 483.8 0.9608 -24.0
0.700 0.8688 -52.Z2 1.861 1o0d.1 0.0079 45.5 0.9527 -27.7
0.800 0.838 -59.0 1.7a9 91.2 0.0088 29,9 0.9%405 -51.4
0.900 0.80BS -85.2 1.6%94 Hl.7 0.0084 20,6 0.9315 -35.2
1.000 0.7824 -71.5 1.622 F2.3 0.0079 26.6 0.9230 -38.9
1.200 (0.7256 -8B4.0 1.467 53.0 0.0089 21.1 0.9071 -4&6.59
1.400 0.665%7 -95.2 1.309 325.4  0.0081 4.9 0.8855 -54.1
1.500 0.64604 -100.7 1.243 26,9 0.0043 -5.0 0.878L -57.8
1.600 0.6265 -105.1 1.187 18.5 0.0034 -19.2 0.8724 -8l.8&
1.800 0.5887 -115.0 1.086 1.2 0.0029 -75.7 0.8643 -69.0
2.000 0.5588 -124.4 1.001 -16.9 0.0084 -122.3 0.845%1 -77.0
|

1f Fmin  Gammaopt rn/50

I GHz B MAG ANG -

0. 010 3.00 0.80 1 3.40

0. 050 1.30 0.80 3 2.00

0,100 0.80 0.80 4] 1.40

0.200 0.70 0.80 12 1.10

0.450 1.00 0.78 27 1.00

0. 800 1.75 0.73 43 0.98

0. 900 2.00 0.71 53 0.94

1.100 2.35 0.83 3] 0. 84

I

I SIEMENS AG  Semiconductor Group, Munich

At first a look at the S
Parameter file as found in
the Internet and saved in a
folder on your PC (for a
Drain current of 10mA):

And this is a S parameter simulation using the famous “PUFF* Microwave CAD software

zd
fd
er

F3 :

S parameters fr
f=137MHz

‘ S2P file for a Drain|

el
u

drtis ¥ current of 10mA

50.000
1.691
3.380

h 1.520

s 300.000

[ 195.000

Tab microstrip

Compared to the LTspice result there are only few and not very serious differencies (especially when regarding
S12). Congratulations to the author and creator of the SPICE model!



Let us now compare the exact simulation results for a frequency of 137MHz and so compare a Time Domain
simulation versus a S parameter simulation in the frequency domain in a table. (To get the exact results a cursor
was used):

S parameter LTSpice PUFF
S11 -0,085dB -0,06dB
S21 +7,95dB +6,91dB
S12 -58dB -52dB
S22 -0,05dB -0,09dB

Who now starts to worry about the differencies should remember: the S parameter file comes from Siemens, the
SPICE model comes from PHILIPS. And we did not yet discuss any influence of tolerances of the part properties.
This means that the LTspice S parameter simulation is absolutely believable.

3.3. LTspice Simulation of the complete 137MHz LNA

3.3.1. Choosing and setting the operating point
At first a really hard work: drawing the schematic for the simulation by using the circuit diagram as found in the
publication.

c11 R4 R7 L4
| V1
|
%7 10pF 10k a7 470nH
R5
820 9v
10k
R6
c4
4 11.8pFT
2nF
c9
BF998.lib — C6
o s 15.6pF
L3
16.2pF L1 R o 100nH§
100nH - c7 R1
39| 2nF 61pF 50

AC10
Rser=50

V2 c3
29.?pF;E
Al v

s Calculation of the DC operating point

You must not forget to add a series resistance of 1 at every coil with 100nH to represent a quality factor Q = 60
at 137MHz. einzutragen (therefore left click on the inductor symbol). Then we simulate the DC operating point and
get these result values:

UDS = 8,1V / uG2s =4V / IS =ID = 5mA

But these are exactly the conditions given in the S2 p file for a Drain current of 5mA in the BF998 when
you search in the Internet!



3.3.2. S Parameter Simulation of the LNA
This is easy:

a) Select “Edit Simulation Command “ and write it for a decade sweep from 120 to 160MHz with 4001
points per decade:

.ac dec 4001 120MEG 160MEG
b) Write a SPICE directive for an S parameter simulation:
.net [(R1) V2

R1 =50 is the output termination of the stage. V2 is the input voltage source with the properties
“AC Amplitude AC =1 “ “AC-Phase = 0", source resistance = 50

Now simulate and don’t show the phase. Use a linear frequency axis from 120MHz to 160MHz with a  tick of
4MHz.
The amplitude range at the vertical axis should be +30d B to -80dB with a tick of 10dB

Fei L Tspice IV. - LNA_OB EEX]
File Wiew Plot Settings  Simulation  Tools  Window Help
e @ T A QoK Ed H2® sBoHh O ]

€ LN 08| 3 LNA_DB

- olx)

511[v2)

SERNramn

139MHz

ACTO

Fiser=50

.ac dec 4001 120MEG 160MEG
net I[R1] w2

-80d
120MHz 125MHz 130MHz 135MHz 140MHz 145MHz 150MHz 155MHz 160MHZ]

@ Bilder

This is the result and on the following page you find the original result publication from the article in the UKW
Berichte journal (issue 1/ 1999).
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UKW-BERICHTE 1/1999 k

For this simulation the ARRL Radio Designer was
used. The simulated S21 value was

RRL Radio Designer 1.

File: cAarriihfuy1.ckt i “22 5dB at 137MHz"

v MS21 [dB] HFWW1

.00 5 and this is 2.5dB less but the LTspice simulation.
2250 -

20.00 - o N .

1750 _ I . (The value of 22.5dB was confirmed by

1600 e - measurements).

12,50 T N}

1,°;° ¥ x= gemessen ) The measured centre frequency was 138MHz
500 S (SPICE says: 139MHz.)

250

0.00

Freq [MHz]

Bild 21: i i ion und

& Ansoft Designer SV - [LNA_01

dow  Help

2m WK YESBRBENGY 0SS EE sy 0B rE L ¢

~ So let us test the result with one of

Twoport als BF998 mit the best (and free!) modern S
5mA Ruhestrom parameter simulation programs: the
Bross 5 Ansoft Designer SV.

16.2)

S parameter file for Ip = 5mA....

29.7pF
100nH
Q=60
47k
11.8pF
100nH
Q=60

100nH
Q=60

PNUN=1
RZ=500hm
1Z=00hm

o 61w 1. v J B 1 This is the drawn schematic with an

£ | B
1 [New Page a
Projsct [Components] ¢ [ & &

E
ol

Click to enter first eormer of rectandle ‘
i3 Start % Bider = =

& Ansoft Designer SV - [XY Plot 1]

...and this is the result of the S
parameter simulation.

LT LR
22 Nov 2009 Ansoﬁf:or;.aoration 07:47:10 dB(SM)Wi NOW It |S rea”y |nterest|ng to Compare
Circuit1 NWA1
all:
30.00 pz—
- Ty 200 — sie1a) _
g i Ansoft calculates a gain of 23dB at
T ; == 138MHz(= 1MHz less than SPICE).
o - S
m A v The rest of the data doesn't differ
S | e very much.
1080 -+
o | The little differenc of the centre
-60.04 4 AALL . .
[ [ P9V frequency is not a serious problem:
100 ) )
|/’ for this purpose RF coils have cores
Rt 130,00 ;4[;&:‘01] 150,00 16000 Wh|Ch can be turned_ »
8 ||| Ixv: 161.14MHz 30.83

11



3.3.3. Noise figure simulation
To get a feeling for the values which can be expected, study the different datasheets for the noise figure value at
a Drain current of 10mA (you will find published values of NF in dB only for this current).

The results are: 0.6dB (Siemens), 0.7dB (Philips) and finally 1dB (Vish  ay). This seems to become an
interesting story!

But at first we must modify the schematic and write a SPICE command:

o4 Tspice IV - [LNA_03]

‘L/\ Flle Edit Hierarchy Wiew 3Simulate Tools ‘Window Help = :l"
BE T A0 Qcar k! H%% 4® MﬁéL@#B?D@@@ da o

2nF
= Set a label:
118pFT47§ 100nH |, C "out"

'™ 0.5pF
D BF998
BF998.lib
s 15.6pF
L1 Cc1 Lﬁ
R2 100n
100nH 39 |anF
61pF
NS
An _EXternaI source .noise V(out) V2 dec 4001 120MEG 160MEG
resistance must be SPICE command

used! for noise simulation

———

- e
s Start [0 Bider " LT spice_1v_Heu - bic... Faj LTspice Iv - [Lia_03] [ paint Shop Pro [ @@ ansoft Designer S¥ -... DE @00 % 1 0&:00
:

The internal resistance of source V2 must be set to a value of zero and replaced by the external resistor R9 =
50

At the output termination R1 a label ,out* must be used (the symbol can be found beside the ground symbol in
the menu bar).

Select “Simulate” and “Edit Simulation Command *“. Then write the following command for a noise simulation
with a decade sweep from 120MHz to 160MHz (4001 points per decade):

noise  Vut) Vv2 dec 4001 120MEG 160MEG
Now simulate and measure at R1 by left clicking on the connection. What you now get to see is the “Spectral
Noise Density” at the output. If you are interested in the value of the Spectral Noise Densitty at the input: click on
the connection between V2 and R9.

But for the calculation of the Noise Figure NF more effort is necessary. Please invoke a text editor and write the
following line on an empty sheet:

func  NF(50) 10*logl0(V(inoise)*V(inoise)/(4*k*3 00*50))

12



Save this file as plot.defs in the LTspice folder and restart LTspice
By this way the program knows this new function “NF(50)” to plot the noise figure of a 50 system at a
temperatureof 300K using the unit “dB”.

E And now:

B Add Traces to Plot

Only lizk traces matching

a) Simulate.

Aeailable data: [#] &sterizks match colons

b) After the simulation the wave form viewer
presents an empty diagram. Right click
on it and open the “Add Trace” menu.
Enter “NF(50)” in the empty line and
press OK. The result is the desired noise

First enter "NF(50)", figure NF in dB.
then press OK

(inoize) gain
W)

W12

W13

anaise)

]

ZEZEZEZEESE
LRIDHOED R

But it is a pity that in this case no units can be
added to the vertical axis..

F&i LTspice IV - LNA_03 EEX
Eile Miew PElotSettings Simulation Tools Window Help

B B T F Aok B BR% i2oH O3 £

4 e 03| £ Lha 03

= LNA_03
NF(50)

NF = 0.64dB
at f = 139MHz

125MHz 130MHz 135MHz 140MHz 145MHz 150MHz 155MHz

B
RS G2
0 16.28F
u o =
00nH
" 33 2r|F -

ac10 23 ?pF

Click o manually enker Horizantal Axis s

u' Start. r—.Eii\dEr I M. e | Shop Pro T as gner 5 -... DE 4!':;'“; L 0&:10

Please compare the result to the NF values given in the different datasheets at the top of this chapter. A very nice
result, indeed...
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3.3.4. Stability Control

Good RF simulation software must have this option -- e. g. by calculating the stability factor “k” which is based on
the S parameters.

The S parameter simulation for the LNA is already done and so we have to write a function for this purpose.

In the literature [2] we find the following formula:

2

1- |811|2 - |822|2 +|811 ’ S22 - S12 ' SZl

k =
2 |812|' |821|

So let us open the file “.plot.defs” (...do you rememeber: we had to create it to calculate the noise figure...) and
transfer the formula to a form which can be understood by LTspice.

Caution:
The letter “k” is already reserved by SPICE for oth er purposes! So we use “klinear*.

This is the formula transfer result and it must be saved in the file “plot.defs “, which is located in the LTspice
folder:

func  klinear(S11,521,512,522)

{(1-abs(S11(v2))*abs(S11(v2))-abs(S22(v2))*(S22(v2) )+abs(S11(v2)*S22(v2)-
S12(v2)*S21(v2))*abs(S11(v2)*S22(v2)-S12(v2)*S21(v2 )))/(2*abs(S12(v2))*abs(S21(v2)))}

But do not forget the program restart after saving this file.
Then simulate again the S parameters and right click on the wave form viewer. Select ,Add Plot Pane “to get a
new empty diagram.

Bl Add Traces to Plot _
.

Orly lizt traces matching

Aztenisks match colons

Available data:

Wn0oT] H21 (w2 IIL3) S21[&) 1[I0

Y[n00Z] HZ2[wz] IfL4] 522[v2) IMU1:G1]

Y[n003] IC1) I[LE) ¥11[v2) [:U1:G2) . .

Vin0od] IiC2) IR 1] Y12iv2] I4[01-5] Blght click on(ie more and select
VinOOS) 123 IR2] Y21z ADD TRACE". Enter

" (nOOE) I[C4) I[A3] Ye2lvz)

WnOO7F) 1[CH) I[R4] Yinlv] JKlinear(S11,S21,S12,522)"

" [nO0gS) I[CE) I[R5] Youl[v2]

W[n00g] I[C7) I[RE] Z11jwz) ' :

VT 0] IIC8) R7] Z1202) in the empty field and press OK.
Yind11] 19 RS Z21[w2)

Y[n012) I[C10) I[¥1] Z22[w2)

W (n013) IIC11) IN¥2] Zinv2)

H11jvZ) I[L1] 511[v2] Zautvz]

H12[+2) IIL2] S120w2) frequency

Exprezsion(z] to add:

Klinear511,521.512,522)

ButoH ange
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Change the vertical axis settings fromk=0to k=5
and you get a minimum value of k = 1.5 at 139MHz.

(Use the option “plot curves with thick lines”.
Therefore select the “Control Panel* = the button with
the hammer. Go to “Waveforms” and you'll find what
you want).

Using the Ansoft Designer SV for this calculation yo u the nearly the similar curve but with a minimum
value of k = 1.0 at 139MHz.

(For practical application: in this case add a little series inductor of 1.5....2nH to the Source to improve the
stability factor to 1.5...2).

3.3.5. Simulation in the time domain using a 137MHz input signal

All our simulations were done in the frequency domain and S parameters could be easier calculated by the
mentioned special RF CAD program.

But the most important feature of SPICE is the time domain calculation. So let us test the power by applying a
Sine signal (f = 137MHz, peak value = 30mV) to the input and show the RF voltages in the circuit.

You need a sine voltage source (f= 137MHz, peak value = 30mV ) and the following simulation command for the
first 200ns using a maximum time step of 0.1ns

fran 0 200ns O 0O.1n

Delete all other directives and commands from the screen.

Control Panel

b Operation Caution:
B Wetist Options Press the “Control Panel Button® (=

& Compression | # Save De button with the hammer) and select
: “SPICE". Always use “Gear” as
Default Integration Method 104 ration Method -- otherwise you get
serious problems when simulating RF
circuits!

But that is not the end:

[ Moopiter Check this setting as often as possible,
[] Skip Gmin Stepping Decause LTspice changes sometimes
without any announcement when
modifying the circuit or part values or settings or simulation
commands...
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F&j LTspice IV - LNA_0Z

Eile Wiew Plot Settings Simulation  Tools  Window Help

HE @3 7 F ook Bl HRR tR2oHw O i)
30m¥-

B

DmV:

-S0mV-

F100mY:
T1¥
ll]V

BY-

SINE{0 30mV 137TMEG) tran 0 200ns 0 0.1ns 250mY-
. 150mVy-
Drain voltage s0my

—5[ImV-I

LLESTTY

Output voltage at R1

F250mY-
Ons 20ns 40ns 60Ons B80ns 100ns 120ns 140ns 160ns 180ns 200ns

Click b manually enter Horizantal Axis Limiks

1g Start r- Paint Shop Pro J& LTspice Iv - LNA,_02 r& Bilder_Teil_2

These are the four RF signals which can be measured in the circuit. But be aware that the input voltage on top of
the diagram is not the incident wave. Shown is the source voltage with twice the amplitude of the incindent wave.

3.3.6. IP3 point simulation

With the simulation of the “Third Order Intercept Point “ we get informations about the distortions when
increasing the input voltage level. At this IP3 point the distortions would theoretically have the same amplitude as
the applied input signal (...which is not possible in practice, because ca. 10dB earlier you run into “compression”
and amplitude limiting).

The IP3 point determination is done by applying two “inband input signals with same amplitudes”. There is only a
little frequency difference between them and they are located at the centre of the passhand.

The level must pe high enough to produce measurable intermodulation but no compression — in practice between
-30dBm and -10dBm (RMS values between 7mV and 70mV.

To simulate this intermodulation we connect two voltage sources at the input of the LNA in series and enter the
following properties:

Source V2 is a Sine wave with a peak value of 20mV and  a frequency of f = 137MHz.
Source V3 is a Sine wave with a peak value of 20mV and  a frequency of f = 137.5MHz.

Caution:
There are fundamental laws of the FFT (= Fast Fourier Transform) when calculating a frequency spectrum which
never must be injured or respected:

Simulation time in the Time Domain and frequency re  solution of the calculated
spectrum is bound by the relationship

Frequency resolution = 1 / (Simulation Time)

If you ask for a frequency resolution of 50 kHz, then the necessary simulation time can be calculated to
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-1 =203

fe. . =— =" =
Simulation SOkHZ

The “Maximum Time Step “is the time difference between two simulation points in the diagram and determines
the minimum sample frequency to

This frequency value must always be higher than twi ce the maximum spectral component in the
information (= Shannon law). Otherwise you get “Alia sing distortions” which cannot be filtered out or
eliminated. Always avoid this terrible case!

The highest frequency in the calculated and displayed spectrum is determined by this sampling frequency. But to
get a correct solution another law must not be injured, because the FFT uses a definte number of samples for the
necessary calculations. This “number of samples” must be entered by the user in the menu before the FFT
calculation is started (...and must always be a multiple of 2...).

But if you enter more samples tfor a FFT han calculated by LTspice during the Time Domain simulation, you get

problems (= inaccuracy, a huge noise floor, endless calculation time, spectral lines which don't exist in reality....).

So always be aware that the

Simulation Time

Number of simulated samples = - :
Maximum Time Step

is always higher than the number of samples used fo r the FFT ccalculation,.

The default sample number value when starting the FFT option is always 65 536. We use 131 072 samples --
this will give a greater dynamic range and a higher maximum displayed frequency at the result.

So let us produce a collection of 200 000 samplesdu etoa

Maximum Time Step = Simulation Time / 200 000 = 20us/2 00000 = 100ns

At last, add a SPICE directive to your schematic to sw itch off the data compression which will
automatically be applied by LTSpice to the Time Doma  in simulation results. Otherwise the number of
200 000 calculated samples is dramatically reduced and you get the mentioned problems (= number of
samples to calculate the FFT would be higher thant  he amount of “realistic” samples).

Select “Edit” and “Spice directive” to write : .options plotwinsize=0

and please check again wether “GEAR” is still active as integration method.

On the next page comes the schematic with commands and directives and the Time Domain simulation result.
In a simulation it is easy to connect two voltage sources in series for addition of the two input signals, but in
practice...see the information about the problems and procedures in [3].

In the diagram with the output voltage a “time slot for the FFT ” is marked, because you must avoid anything that
could have negative influence to a correct FFT result.

So the “switch on and run up time " of the circuit must be eliminated to get only “steady state informations ”
and the time slot is arranged between two “zero crossing points” of the curve.

17



-LNA_08_IP3_01

File Edit Hierarchy Wiew Smulate Tools Window Help

B d o F fueR B HEHa®

s BEM A8 L+

BR = Dl op

| 1, LNA 08 1P3 01 |32 Lhe_081P3 1|

LNA_08_IP3_01
. ||
Time slot for the FFTLL i = " ok i
=1.08ps......19.08us T -
||
I
2nF S
o [ Output voltage
11-BPF—P-7§ 100nH ”cs at R1
tran 0 20us 0 0.1ns D BF99s & Lonh
options plotwinsize=0 0
it £ i BF998.lib 15‘::_;‘_
Data / c2 ) s &p
compression z 100nH o
OFF c3 S T 61pF 50
" 29.TpFT 39 Enp
SINE(0 20mV 137.5MEG)| |SINE(0 20mV 137TMEG)

(7% paint shop Pro [ 8 Bider_Tell_z_nEU

72 Start

Fg LTspice 1v - LNA_08_...

[ L_El LTSpice_Teil_2 - Micr...

5.4F - IrFaniiew.

[E¥sid =

And now the FFT: right click on the diagram and select “VIEW”, then “FFT”

Al
Mumnber of data point zamples in time:; - 13072 l
N/

Ime range to include

. {3 Usze Extent of Simulation D ata

T
(%) Specify a time range

Binomial Smoothing done before FFT and windowing

Start Tirne:

End Tirme;

MHurmber of Points:

These are the necessary entries. But at
first enter the sample number of 131072
and afterwards specify the time range.
Otherwise the program does not accept
your wishes.

In the result diagram zoom the frequency range between 135...140MHz. You'll find the two input signals and the

Third Order Intermodulation Products which are 32dB down.
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F&j | Tspice IV - [LNA_0B_IP3,_01]

i:Ei\e Wiew Plot Settings  Simulation Tools  Window Help
HeE Jd o RO R BEd HRR sRoMm S8 )

4, (e _08_1P3 01 | ¥ Lua_ngPam | £ LMA_03 IP3 01

Input signals

IP3 products

: \)

135.0MHz 135.5MHz 136.0MHz 136.5MHz 137.0MHz 137.5MHz 136.0MHz 138.5MHz 139.0MHz 139.5MHz 140.0MHz|

Click. to manually enter Horizontal Axis Limits

-l.' Stanﬁ

Now calculate the IP3 value by the relation

IP3 in dBm = (Input signal level) + 0.5(Level difference to IP 3 products)

But you have the choice between the IP3 point referred to the input (IIP3) or referred to the output (OIP3). The
difference is the gain of the stage.

For the input side:
With a source voltage of 20mV (peak value) we get an RMS value of 14.14mV. So the incident wave has an
amplitude of 7.07mV and this gives a power level of

7,07mV
224mV

20 - log =-30dBm

The rest of the procedure is simple because the IIP3 will be:

IIP3 = -30dBm + 0.5(32db) = -30dBm + 16dB = -14dBm

With a voltage gain of ca. 23...24dB (See the simulation in the preceding chapters) we get

OIP3 = IlIP3 + (23...24dB) = -14dBm + (23...24db) =
+9dBm...+10dBm

Such values can also be found in downloaded Application Notes for LNA's using Dual Gate MOSFETS.

That is it with the LNA — | think it was a lot of work, but interesting. Let us now continue with the mixer stage.
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4. The Double Balanced Mixer (= ring modulator)

4.1. Fundamentals
This well known circuit is used to change the frequency of a signal without touching its information content — you
can realize a frequency conversion.

There are two inputs and one output:

a) The information which shall be converted is applied to the RF Input (= radio frequency input) with small
amplitude .

b) The frequency conversion is caused by applying a signal with a large amplitude to the LO Input (=
Local Oscillator Input).

c) Atthe IF output (= intermediate frequency output) we get the result of the frequency conversion.
Wichtig:

Note:
The two applied signals are multiplied in the circuit and mathematic delivers the formula for this process if cosine
signals are used:

coda)- codb)= %[cos(a +b)+coda - b)

Regarding the right hand side of the formula we get information about the form of the result::

At the IF output the two input signals have disappe ared. Instead of them we find the sum frequency and
the difference frequency!

If a symmetric square wave signal is used as LO signal (or if the peak value of a sine wave as LO signal is very
large -- let's say greater than 1..2V), then the following happens:

A symmetric square ware consists itself of the fundamental sine wave and “odd Harmonics” (= sine signals with
frequencies which are odd multiples of the fundamental frequency).

Now not only the fundamental wave but also every ha  rmonic is multiplied by the input RF signal and
every multiplication process produces a signal pair — consisting of sum frequency and difference
frequency.

The user will then use filters to suppress the undesired and to work only with the desired signals.

A DBM can be realized as an active or as
a passive circuit. On the left the passive
version can be seen. It uses four fast
Schottky diodes, connected to a ring, and
two transformers. Every transformer has

LO three windings to deliver two output
signals with the same amplitude but a
phase shift of 180 degrees.

RF

And so the multiplication process is
realized:

The positive half of the LO signal
switches on the two diodes D2 and D4

N
1

D1

||

N

D2

D3

A

NN

N

b/'4 which are connected in series. Otherwise

A

D1 and D3 will be switched on during the
negative half of the LO signal.

By this way the IF output signal comes
either from the lower secondary winding
of the RF transformer (when D2 and D4
IF are conducting) or from the upper winding
(when D1 and D3 are conducting. This
gives an alternating phase shift of 180 degrees at the IF port — caused by the LO signal.

(
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Advantages : every low distortion when fast switching. Due to the construction of the transformers and the quality
of the Schottky diodes usable to very high frequencies (...in special microstrip versions up to 50GHz.) Produced
in high quantities — this gives low price. Needs no supply voltage but correct 50 termination at every port.
Available with nearly every popular RF plug.

Disadvantages: the complete power for the diode switching must be delivered by the LO source. Very fast ON
and OFF switching speed necessary for low distortions at the IF port. No gain — but attenuation of ca. 6dB and as
a passive device a Noise Figure of this value (6dB).

4.2. Simulation of the DBM using LTspice

4.2.1. Simulation schematic

FEjLTspice IV - [DBM_01_137m.asc] _ (=] x|
A, Fle Edt Herarchy Wiew smulste Tools Window Help -8 x|

|BE P40 aCa &l ERE IBDENOE(L LD 3 YD D Cinilk “J“|
4, DBM_01_137mase | ¢ DBM_01_137mtt| 1 DBM_07_137rmaw |

k1L1L2L31 k2L4L5L61

L1 D1 D L5
100pH 100pH

D2
o
[SINE(0 100mV 137MEG 0) | L2 L6 | SINE(0 2V 37MEG 0) |
RF Signal b r1  [100WH LO Signal
|
.option pIotwinsizeE
.tran 0 20us 0 0.1ns 90 C\
) S IF
Simdlation Time = 20ps Output Data Compression
Maximum Time Step = 0.1ns OFF
i start. lm 8§ Paint Shop Pro | @LTSD\EE_Tewl_Z‘du:-Mlcrml |5 Bilder_Tei_2 | B« By= a7 e@ M o7

All needed parts can be found in the LTspice library. The name for the Schottky diode symbol is “schottky”. But
some information is necessary for the transformers:

We use three separated inductors which are “magnetically coupled”. Select the symbol “ind2” with a little circle to
mark the polarity of the inductor’s voltage. A value of 100uH for the inductance will do the job down to frequencies
near 1MHz.

Note:
You must write a SPICE directive for the magnetic coupling factor of the three windings for each transformer. For
the left this would be the line

k1l L1 L2 L3 1

for a coupling of 100% and the command for the right transformer is similar.

A sine signal with a peak value of 100mV and a frequency of 137MHz is applied to the RF input (like in practice
when the antenna signal comes already amplified by more but 20dB from the LNA). A sine signal with a peak
value of 2V is used as LO signal for fast switching of the diodes at a frequency of 37MHz. This will give a
frequency difference of 100MHz which later must be filtered out as IF signal.

Please use a label “IF-out” for the IF output and terminate it by 50 .
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4.2.2. Simulation of the DBM properties

Simulation time is 20us and this gives a frequency resolution of 1 / 20us = 50kHz in the FFT spectrum. With a
maximum time step of 0.1 ns we get a minimum of 20pus / 0.1ns = 200 000 calculated samples and so it is
possible to choose the default value of 131 072 values for the FFT.

(For specialists: increasing the number of samples gives a higher maximum frequency in the simulated
spectrum and a higher dynamic range. But the simulation time and the volume of the result file will also increase.
Decrease will the noise floor which is quantization noise due to the Analog to Digital Conversion principle and
another part which comes from LTspice itself. We have entered the maximum time step and this is equal to the
minimum sampling frequency. But at “difficult corners of the curve” LTspice will increase the sampling rate to get
a better result — and that is Frequency Modulation! If this happens regularly during the simulation of the curve it
causes additional lines in the spectrum. And if it does not happen regularly, then we find additional noise FM).

The data compression must be switched off again by .option plotwinsize=0 and the simulation can be

started.

SIS
¥ Fie View Plot Settings Smulation  Tools Mindow  Help =131 x|

B2 (T (F0 a0oR B ERE | {RBHOD |/ -0 =3 080D o i

+, DEM_G2.ase ¥ DBM_D2raw |

| Cursor1 27.03ns = 1 period Cursor 2
5 of the LO si 5

EHere the LO signal 2 = Here the LO signal g

is positive = no is negative = phaseji
- _0Z.raw
change of the RF P
Vii_out]
signal phase ! L Vet [225mE
Cursor
Vii_out)
Horz: | 3.378570s Vet [-14.005nY
Diff (Cursor2 - Cursort) |
: : Horz: | 27.0333ns Vet [-16.2686n
-BmV: i i
L ' ' Freq:[36.9914MHz lope: [-0.601739
-10mV: AV
3.344)s 3.348)1s 3.352)1s 3.356)15 3.360s 3.364)5 3.368)15 3.372)s 3.376)1s 3.380ps 3.384)15 3.388)s 3.392)15
x=3.38174ps y=-7.99mV ,—
i start| & squirrelial 1 4.9a - Muzi‘..l 7 Bilder_Teil_2 | 1 LT5pice_Tai_2.doc - M\cr”.l AT LTspice I¥ - [DBM_02.... 88 Paint Shop Pro BB |« =[P 0922

At this screenshot the principle of the DBM can clearly be seen. But do not forget to check the “GEAR” adjustment
for the integration method before starting....
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FZjLTspice 1¥ - [DBM_01_137m.fft] =leixi

¥ File Yiew FlotSettings Smulstion Tools Window Help _81 x|
(= = N QO oK Bl BB fEh A8S %
4, DBM_M_137masc $o7 DBM_O1_137m i R: DEM_01_137mraw |

V(if_ouf]

137MHz - 37MHz = 100MHz 137MHz + 37MHz = 174MHz

This was the LO signal ....and this was the RF
at 37MHz... signal at 137MHz!

! MW hlhnml“nﬂm.ﬂ“lllhli.m‘ AMJWI nm

OMHz
X =86.368MHz y =-98.571d8

i start| | £7 LTspice I¥ - [DBM_01... 88 Paint Shop Pro ‘ LTSpice_Tel_2.dac - Mict... | ) Bilder_Tel_2 | B «Eo= L & M oo

This is the result for a FFT with 131072 samples and a frequency range from 0....400MHz. Sum and difference
frequency can easily be identified.

LO signal and RF signal are attenuated but should be completely suppressed. There exist also many new and
unexpected lines, caused by the nonlinear region of the diodes when switching OFF and ON. At the zero crossing
points of the LO signal the IF output signal will completely be missing for a short time, due to the threshold voltage
of 0.3...0.4V for a Schottky diode — and this causes distortion.

S

¥/ e Yien PlotSettings Smulation Tools Window Help =181
E N QOQR(EDERE thE#H OHE 2
$% DBM_01_137m t | 32 DM_01_137maw |

4, DBM_01_137m.asc

With a linear
presentation it is
easy to determine
the conversion loss.

RMS value of RMS value of

the difference the sum frequency For the sum .

frequency = 21m =20.8mV frequency we find an
RMS value of

20.8mV, for the
difference frequency
an RMS value of
21mV.

Now it is possible to
calculate the
conversion loss for
the 100MHZ signal:

0.00MHz 50.00MHz 100.00MHz 150.00MHz 200.00MHz 250.00MHz 300.00MHz 350MHz

x=393.361MHz ¥ = 13.836mY

) start| [17 LTspice 1v_ [DBM_01... 88, Paint shop Pro -[eid_33.. | ] L15pice Tel z.doc -Micr...| (3 Bider Tell 2

El«E0s A@E $8H o

The peak value of the source voltage in the simulation was 100mV; this gives an RMS value of 70.7mV. The
incident wave is half of this value = 35.35mV and appears at 100MHz with an RMS value of 21mV. So the
conversion loss must be

a=20-log 35.35mV =4.5dB
21mV

In practice this value is higher due to transformer losses and we find very often 5.5....6dB.
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And the amplitude of the sum frequency decreases with increasing frequency values because also the Schottky
diodes show weakness at high frequencies.

Now let us have a look at the Intermodulation. We feed the input with the well known “In Band signals” with a
small frequency difference of 0.5MHz. The two signals are 137MHz and 137.5MHz, each with a peak value of
100mV.

mlTspite 1¥ - [DBM_02_137m.asc] =17 x|
4, Fle Edt Herarchy Yiew Simulate Tooks Window _Help =& x|
| P E T FNQC B HBRR BRBDEASS| LB DD D A op
4, DBM_02_137m ssc | ¥ Dom_o2_137mt] ¥ DEM_n2_137mrsn |
k1L1L2L31 k2L4L5L61
SINE(0 100mV 137MEG 0) L1 D1 D L5
100pH 100uH  SINE(0 2V 37MEG 0)
R3 D3 R2
£
C 50 100:;: DA L4 50 e
1
+| 100uH
D2
. S —
e L2 L6
100pH R1 100pH
ISINE(0 100mV 137.5MEG) | 50 ;%
< tran 0 20us 0 0.1ns > IF out @“ pIotwins@

Left-click to plat 1{L5). Right click ta dit.

i Start‘ ¥, Paint Shop Pro | B8] LTSpice_Teil_2.dac - Micr... | |} Bilder_Teil_2 ‘ AT LTspice I¥ - [DBM_0Z... BE |« ™[ 098
(=l50x]

¥ Fle View PlotSettings Smulstion Tods Window Help =181 x| A h h IP I

EEEIE Qe BdEBE L BO#OS P t the output the IP3 products

are 66dB down, but at first the
amplitude of the incident wave
must be calculated.

4 DBM_02_137masc dor DBM_OZ137mit |4 DEM_02_137mraw |

A peak value of 100mV gives
an RMS value of 70.7mV and
so the incident wave (with a
half of this value) is 35.35mV.
This gives a Power Level of

20 - log 35.35mV =-16dBm
224mV

and an IP3 point of

IP3 = (Input Level) +0,5- (IMLevel difference ) =-16dBm +0.5- 66dB = +17dBm

The Output IP3 value of the LNA was only +10dBm and so the LNA will earlier start with compression and
distortion than the mixer.
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5. Band pass filter at the DBM IF output

5.1. Notes

If we regard the simulated output spectrum of the DBM then a high quality band pass filter must be used to filter
out the desired IF and to suppress all undesired signals. The bandwidth (at a centre frequency of 100MHz) should
not exceed 5MHz and so a high quality factor of the used parts is necessary. A very good choice for this purpose
is the “Narrow Band Pass” (..Ansoft calls it “Coupled Resonator Filter”) with the following characteristics and
properties:

a) All used inductors have the same value (100nH at 100MHz is a good choice!).

b) The coupling capacitors are realized as “Microstip Interdigital Version” and so no discrete parts are
necessary and must be soldered.

¢) The bandwidth should be 5MHz but 10MHz beside the centre frequency a stop band attenuation of 70dB
should be possible.

d) The attenuation up to 1 GHz should be better than 70dB.
e) System resistance is 50 .

The design of such a filter is today very easy when using the free Microwave CAD software “Ansoft Designer SV”.
And these are specification for the filter to be designed:

Type of filter Chebychev BPF, Coupled Resonator Type

System resistance Z=50

Filter degree n=>5

Centre frequency 100MHz

Pass band ripple 0.3dB

Ripple cut-off frequency 5MHz

Capacitors SMD 0804 made from NPO

Inductors Neosid helix filter in a silver coated Alumina case. L = 100nH, Q = 80 at
100MHz)

Coupling capacitors Printed Interdigital version

PCB material Rogers R0O4003, thickness = 32MIL = 0.813mm, copper coating of 35um,
er=3,38

5.2. Filter design using the Ansoft Designer SV

At first congratulations to Ansoft for this excellent and free software. Not only the complete S parameter
simulation including hundreds of models is free — it exists also an excellent free filter calculator. The Interdigital
capacitors can also be found in the library.

Now start the program, select “Project” and then “Insert Filter Design”.

Enter the desired filter type (Band pass , coupled resonator , Chebychev , capacit  ively coupled ) and press
the “Q Factor” button (See next page) . Enter a Q factor of Q = 80 at 100MHz with linear relation between Q and
frequency (See next page ).
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Now continue and you
have to enter all filter
properties

Filter degree: 5
Ripple: 0.3dB

Centre frequency fo =
0.1GHz

Band width BW =
0.005GHz

Source resistor Rs =
50

Load resistor Ro = 50

Resonator L = 100nH

The both corner
frequencies are
automatically calculated
from the centre

frequency and the bandwidth. Click “Narrowband“ to see the S parameters S11 and S21for a lossless circuit.
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“

To include the losses in the calculation select “Settings ” and “Include Q factor losses in the response
terminate the calculation procedure. Now you get the S11 and S22 curves for the filter with losses. These inductor
losses cause an Insertion loss of 8dB.

Now let us test the opinion of LTspice to this lossy filter.
Draw the schematic and start an S parameter simulation in the same frequency range. Include the losses as a
series resistance of

R =2 -f-L=2 - 100MHz - 100nH
series Q 80

=0.758

at every coil.

The schematic and the simulation result can be found on the next page.
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Compared to the Ansoft calculation this result is really nice and OK.
The capacitance values have been rounded that (if necessary and possible) several SMD capacitors can be used
in parallel for the practical realization of the filter.

Here comes a look at the
finished filter in a milled
alumina case.

The Interdigital capacitors
can be well identified.

Every resonant circuit
consisting of the shielded
coil and 2 SMD capacitors is
arranged on a small “ground
island” which is connected
to the ground plane on the
under side of the PCB by a
lot of vias.
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6. Simulation of the complete converter circuit

6.1. Preparations

This is a lot of work, because the complete schematic (consisting of LNA, mixer and band pass filter) must be
drawn with the LTspice editor. It is the best to start with the LNA project, to save it under a new name and then tp
draw the rest.

For the output the label “IF_OUT" is used. To the RF input a sine wave with a peak value of 20mV and a
frequency of 137MHz is applied. As a LO signal also a sine wave (peak value = 2V, frequency = 37MHz) is used.
The supply voltage is +9V.

Simulation time is 20ps with a maximum time step of 0.1ns and this gives 200us / 0.1ns = 200 000 real smples, if
the data compression is switched OFF. But remember:

Do not forget to press the button with the hammer ( = Control Panel) and to check whether GEAR as
integration method is activated. Otherwise the simu lation will fail at these high frequencies, causing an
infinite simulation time, inaccurate curves or an a bort of the simulation.

Please repeat this check as often as possible — e.g. if you modify the circuit or if you add something new!

LTspice changes sometimes this option without any a nnouncement.

29



6.2. Gain at centre frequency

Please look at the output voltage curve at the label “IF_out” in the schematic (preceeding chapter) and you get a
peak value of 37,5mV. The peak value of the Rf source voltage was 20mmV corresponding to an incident wave
with a peak value of 10mV.

This gives an S21 value of the complete converter of 37,5mV /10mV = 3.75 (= 11,5dB).
But you should also estimate this value by a simple addition:
S21in dB = LNA gain — mixer attenuation — filtera  ttenuation = 25dB — 4.5dB — 8dB = 12.5dB.

The difference of 1dB is due to mismatching between the stages. But if you take into account the losses of the
non ideal transformers this difference will still increase by ca. 2...3dB.

6.3. Pass band curve simulation

6.3.1. Simulation using separate spectral lines
Not so easy because the AC sweep fails completely — because there is a frequency conversion caused by the
mixer in the circuit! So we think out another solution for the Time Domain.

We apply 5 different RF
input signal whose
frequencies are
distributed over the pass
band. The used
frequency values are 136,
136.5, 137, 137.5,
138MHz and the peak
value for every signal is
only ImV to avoid any
compression or
intermodulation.

Using a simulation time
of 20us and a
maximum time step of
0.1ns gives 20us /
0.1ns = 200 000 real
samples. So an FFT
with 131 072 samples
can be used. But how
the same procedure as
at every simulation:
switch off the data
compression and check
whether GEAR is
activated as Integration
method.

To get a true FFT result
a time slot is used
again to eliminate “the
time before steady
state”. And the time slot
reaches from zero
crossing to zero
crossing of the IF
output signal. This
gives a slot from

1.02ps to 19.02us =

19ps.
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Here we have the information about the pass band curve: the level difference is 1.5dB.
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6.3.2. Simulation using a Dirac pulse

This is a very modern technique enabled by the progress in Computer- , Storage and Communication Technique.
Let us apply it to our task of the pass band curve simulation and compare the results.

A Dirac pulse must be applied to the input of the converter. This is something crazy because its amplitude value is
in finite but the pulse length is immeasurable short. Important: the pulse area is “1” and constant  (e. g. =
1Volt x 1second or 1MegaVolt x 1pus etc.). Such a pulse has a constant spectral power density at every frequency
— up to infinite.

Applying such a pulse to the input corresponds to the usage of a sweep generator with constant output voltage
starting at Null and sweeping up to infinite.

In practice it is allowed to use an “approximated Dirac pulse” to get the same results in a system or a circuit. This
means that a pulse with a maximum pulse length of

1
cutoff frequency of the system

t =0,01

pulse

must be applied because its frequency spectrum is (nearly) constant over this frequency range.

And in a LTI system (= Linear and Time Invariant) it is allowed to reduce the amplitude down to a value which
does not damage the circuit (...it is not a good idea to use a pulse with 1us of pulse length and an amplitude of
1MegaVolt to feed the input of a transistor amplifier...). The form of the result curve (= impulse response ) at the
output will stay the same at reduced amplitude values. And by applying a mathematical method named
»Convolution“ to this curve we get the unknown freq uency response of the circuit or the system!

Practical example = the converter:
Let us test the properties of the converter up to 200 MHz. Then the Dirac pulse length must be less than
1% of 1 / 200MHz = 1% of 5ns = 50 picoseconds .

Rise time and fall time are equal and are chosen to 1...2% of the pulse length. Let us say: e.g. 1 picosecond .

A pulse amplitude value of 10V will not damage the input of the LNA but a start delay should be programmed. So
the pulse is applied when the complete converter has left its starting procedure and is in “steady state”.

Simulation for 20 ps gives a frequency resolution of 1 / 20us = 50kHz in the calculated spectrum and after a start
delay of 10us starts the pulse with a length of 50ps. With a maximum time step of 10 picoseconds to avoid that
the pulse is “overseen” by LTspice) the rest is simple: switch off the data compression, check the “GEAR”
adjustment — and run the simulation.

Caution:

The simulation will take a long time (= 20 minutes on the PC with 2GHz at the author) and produce a very big
result file with 1 Gigabyte! This is clear when reflecting that now 2 000000 samples and at every sample lots of
currents and voltages in the circuit must be calculated.

The Dirac pulse is realized by programming a PWL source (see the figure below). Data compression is switched
OFF and GEAR must be active as integration method.
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Now start the simulation and wait
to see this diagram.

The time slot for the FFT is chosen to 4ps...20us to ignore the “starting procedure”.

And a “Hamming window function” is used to smooth the abrupt changes at the start and the end of the time slot.
So simulation errors due to these “steps” are reduced.-
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Also the wide band attenuation is a pure joy. A really fascinating technique!

Now the FFT with
131 072 samples can
be applied and gives
an interesting result.

It is exactly the
same as with the
separated spectral
lines in the last
chapter!
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6.4. IP3 simulation

This is a little difficult because in the converter there are now two stages (= LNA and DBM) producing
intermodulation. A new publication [4] shows the different and complicated effects in this case caused by different
compression points and different distortion properties.

To get an overview to the distortion properties of the complete converter this way was used:

The IP3 simulation is started with very low input levels to get a level difference more but 60dB between the input
signals and the IP3 products. Then the input levels are increased in steps of 10dB and checked at the output how
long the output level difference decreases in steps of 20dB. Compression will start anywhere in the circuit as soon
as this law is injured.

Start with an input level of -60dBm — (this gives an RMS value of 0.224mV and a peak value of 0.3168mV for the
incident wave and a peak value of 2 x 0.3169mV = 0.6336mV for the source voltage) .

The used signal frequencies are 137MHz and 137,5MHz with a frequency difference of 500kHz.

Simulation time is 20ps and a maximum time step of 0.1ns is used. Do not forget to switch OFF the data
compression and to check the GEAR adjustment.

This is the well known IP3 simulation schematic using two voltage sources (connected in series) at the input.
Peak voltage values are 0.6336mV to give an incident wave of -60dBm .Signal frequencies are 137MHz and
137.5MHz, a time slot of 18us (= from 1.3us to 19.3us) is used.
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This is the result for input levels of -60dBm . A level
difference of 67dB between input signal and IP3 product
can be observed.

Now the simulation is repeated with input levels of
-50dBm.

The level difference decreases to only 45db and this
seems to be the border to the range of unexpected
behaviour (because the theoretical value should be 47dB)

But when using -40dBm at the input, curious affects
occur. The level difference falls to 33dB instead of
27dB but the IP3 products with higher order show
different attenuation at the left hand side compared to
the right hand side of the input signals.

And at an input level of -30dBm everything gets
crazy: the level difference suddenly remains constant
on the left hand side but increases on the right hand
side.

But now we know a little bit more about the allowable
maximum input voltages.
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6.5. Noise Figure of the complete converter

This is impossible to simulate with LTspice due to the frequency conversion by the mixer. SPICE can only handle
spectral noise density in the frequency domain. So we do not worry, have look at the existing formulae for this
purpose and calculate (like our fathers) the “Cascaded Noise Figure “:

I:total :F1+F2- 1+ FS- : +
c':‘1 G1'G‘2

But this is heavy work because we must not use the dB values!
Everything must be re-calculated to ratios and values......

Let us start with the LNA.

0,64
The simulated noise figure NF was 0.64dB. This gives F, =10 =1.16
25
And a gain of 25dB gives G, =10 =316
Now the calculation for the DBM.
The conversion loss for an ideal version would be 4.5dB.
ﬁ
So the power gain as ratio is: G, =101 =0.355
. _ _ 1 1

And the noise factor = the inverse of the power gain: F,=—=—--=2.82

G, 0.355
Finally the band pass filter with its loss of 8dB.

-8dB
Power gain : G, =101 =0.158
. : _ 1 1

Noise factor = the inverse of the power gain: F3 =—=———=6.3

G, 0.158
This gives:

F,-1 F .82 - 3- . .
Fo=F 21y 3 :1.16+282 1+ 6.3-1 :1.16+182+ 5.3
G, G,-G, 316  316-0.355 316 112.18

F. =116 +0,0058 +0,047 =1,21

total

So the noise figure will be: NF =10-1logl.21 =0.83dB,

And that is equal to a noise figure increase of 0.2dB compared to the LNA.

This value cannot be reached in practice due to the ignored transformer losses in the mixer stage and variations
of the MOSFET properties during production.

But we have a confirmation of the well known rule: the total noise of a receiver is determined by the noise of the
first stage and its gain.
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