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Abstract

The aim of this project is to build the radio for sensor networks in low throughput
applications. Robust communication and low power consumption are the main challenges
in building such networks. Wideband modulation provides this robustness by spreading
the spectrum of an information signal over a wide frequency spectrum using a broadband
reference signal. Broadband spreading is hampered by long acquisition times, because
synchronization takes place under very low SNR conditions. By sending the reference
signal with the information signal, this problem is resolved. Since the reference signal
does not have to be regenerated at the receiver, pure noise can be used. Noise Modulation
techniques do not require coordination between the transmitter and the receiver. At the
receiver just a correlation is needed between the received information signal and the
received reference signal to reconstruct the information data. This attractive property of
the Noise Modulation concept may allow building really low power receivers with a
current consumption of less than 100 pA, compatible with energy harvesting (no
batteries). In this thesis, a brief description of the Noise Modulation in both the frequency
as well as in the time domain is presented. Especially the time analysis appears useful to
make various design choices on the system level like the choice of frequencies, type of
multiplier and type of baseband filtering. After that the focus is moved to the low power
receiver in CMOS, with focus on the design of the correlater. Since the noise contribution
of this correlater is very large, because it depends on the square value of its input signal,
the receiver will consume high current if a long distance radio-link is needed. Therefore
we had to review important parameters in our system, namely the transmitted power, the
radio range, the overdrive voltage of the correlater transistors and the current
consumption of the Front End, to make some rough decisions in order to meet the goal of
designing a low power receiver.
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Chapter 1 Introduction

Recently, a lot of applications require the using of Ad hoc sensor networks, to measure
the physical properties of the environment (e.g. temperature, air pressure, humidity ...).
In those networks, there are two important challenges regarding the implementation of
their transceivers, namely robust communication and low power consumption. The
concept of Noise Modulation is explained and motivated to be a potential solution.
Building a whole transceiver based on this concept is a big task because it requires deep
investigations into a lot of interesting aspects, on the system as well as on the circuit
level. Therefore, the focus of this thesis will be presented in the objective section. Finally,
the chapter ends with the organization of the thesis.

1.1 Background

Wireless distributed sensor networks consist of a collection of communicating nodes,
where each node incorporates:
e One or more sensors
e Processing capability in order to process sensor data and to accomplish local
control
e A radio to communicate information to/from neighboring nodes and eventually to
external users.
In the recent years, different communication concepts have been developed in sensor ad
hoc networks through intensive research. This research has highlighted the relevance of
the following specifications:

Cost: Each sensor embraces different complex functions. Those functions must be in
coherence with each other so that the total system works properly. Implementing those
complex sensors in very large numbers increases the cost. Fortunately, emerging CMOS
and MEMS technologies reduce the cost per sensor to adequate prices.

Power consumption: In ad hoc networks, each node has its own digital signal processing
capability. Consequently, there are two main contributions to the power per node, digital
part (DSP) and the analogue part (Radio).

Theoretically, the attenuation increases at least

Range transmission

quadratically with the distance between the Transmitter
transmitter and receiver —node. Therefore, using @
two hops of length L as shown in Figure 1 is L

better from the power consumption view of d“°pse"55

point, than using a single hop with length L.
Therefore, the transmitted power can be reduced
by using a multi-hop communication scheme. a O

2 hop Sensors

Figure 1: Multiple hope network
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Performance: The nodes are distributed in a harsh environment, where there are a lot of
interfering signals. In such an environment, Spectral Spreading transmission systems can
provide more robust communication than the conventional narrow band systems. By
spreading the spectrum of an information signal over a much wider band than the
information rate, the system provides attractive capabilities, namely, anti-jam capability,
interference (multipath path and other interference signals) rejection and a low
probability of intercept (LPI) capability. Moreover, spreading allows for multiple user
random access communication with selective addressing (e.g. via different code,
CDMA). Processing Gain (PG) measures how much spreading has been achieved and is
equal to PG = Bg/B, where B is the spread spectrum transmitted signal and B is the
bandwidth of the information signal. There are different ways to spread the information
signal for example: Direct Sequence (DS), frequency hoping, Time hoping and Hybrid
systems (Rappaport [6]).

In recent research, a lot of attention has been spent to reduce the power consumption in
the Spectral Spreading systems (special in DS systems), while retaining an adequate
performance. To explain why the power consumption is critical in wireless sensor
networks, the following example is presented.

A typical battery that is usually used in distributed nodes, for instance Lithium Thiony1
Chloride battery, has a capacity of 2000 mAh and a nominal voltage of 1.2 V. By
assuming that the battery lasts between 2 to 4 years per sensor, Table 1 shows the
maximum allowable current and power consumption.

Number of years Number of Current consumption Power consumption
hours [LA] [WW]
2 17 520 114 136.8
4 35040 57 68.4

Table 1: Power and current budget of a typical battery
However, in many application battery replacement is highly undesired and the use of an
energy harvesting techniques (e.g. solar cells). For compact systems with an area <lcm?,
typical energy harvesting devices produce a power in the range of 1-100 uW (IEEE [7]).

This research aims at the design of a low power transceiver for a power consumption
level compatible with energy harvesting or batteries with very long lifetime. The focus is
on ad hoc sensor networks in low throughput applications. In those applications, the
measured data, like temperature, moisture and gas, does not change fast. Accordingly, the
transmitter of the reporting node needs to be ON just for low “duty cycle”, while the
receiver of the listening node requires being ON most of the time.

1.2 Problem definition

From one side, the conventional Multiple Access (MA) techniques like FDMA, TDMA
and CDMA are not attractive because they require a lot of coordination between the
transmitters and the receivers; those techniques are based on an absolute frequency, time
and code sequence which must be known in the receiver.

From the other side, it is highly desired to exploit spectral spreading and increase the
processing gain to increase the communication robustness, but this will be at the cost of
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reducing the received SNR. Reducing the SNR makes it difficult to synchronize the
reference signal (i.e. the reference code in the DS technique) in the receiver with respect
to that in the transmitter. As a consequence, the transmitted power has to be increased.
The conventional Spread spectrum systems are not adequate in relation to this issue.
Therefore, additional power must be consumed in the synchronization operation to be
able to implement MA and to achieve higher processing gain.

1.3 Proposal solution

A particular WB transmission technique, called the Frequency Offset Division Multiple
Access (FODMA) has been studied in the Telecommunication Engineering Group at the
University of Twente, Shang [1], Balkema[2] and IEEE paper[3]. In FODMA or Noise
Modulation as depicted in Figure 2, the reference signal (X.ef) is a broadband noise which
is transmitted together with the modulated information data.

mod L demod
iData ;— '69 — —@* Basebandi

_______ y mmmmm———————

X Ao Ao

Figure 2: Noise Modulation schema
The clean reference signal is separated from the modulated information data by offset
frequency Am, so that the cross-correlation between those two signals is equal to zero (in
other words: the two signals will not disturb each other). At the receiver, the modulated
data and the reference signal are simply correlated to reconstruct the information data
without the need to regenerate and synchronous the carrier.

The channel definitions in FODMA are not based on absolute parameters but relative
parameters, namely frequency offset. Therefore, this technique does not require much
code coordination between the transmitter and the receiver. Hence the processing gain
can be increased further with this technique than the conventional WB techniques, while
retaining the same level of power consumption.

[3]



1.4 Objective

In this Master project, the focus concerns two major points:
1. Investigating the feasibility of an implementation of this transceiver in CMOS.
2. Specifying and designing the critical building blocks with a special emphasis to
low power consumption in the receiver.

1.5 Report survey

After a brief introduction was given in this chapter, chapter 2 begins with describing the
Noise Modulation system in frequency domain. Then a time analysis of the signal
processing is presented. Based on this time analysis the influence of a non integer ratio
between Aw and the bite rate the information data has been investigated. The chapter
ends with study the effect of the phase synchronization between the local oscillator in the
receiver and the local oscillator at the transmitter. Chapter 3 investigates different
subjects in relation to optimize the design of the transceiver’s blocks on the system level.
Chapter 4 concerns designing low power receivers.
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Chapter 2 Noise Modulation system

The aim of this chapter is to provide an understanding about the Noise Modulation
system. After a short introduction about the concept of Noise Modulation, the chapter
begins with the system description, where two types of communication systems are
explained, namely the baseband Noise Modulation transceiver and the Passband Noise
Modulation transceiver. After that a time analysis about the system operation is
presented. This analysis provides a new way to understand the signal processing, the
channel noise contribution and the effect of using a non integer ratio between the offset
frequency Aw and the bit rate, on the bit error rate (BER). Finally, the phase
synchronization of the local oscillator in the transmitter to that employed by the receiver
has been analyzed to show its influence on the communication performance.

2.1 Noise modulation concept

Shannon’s Channel Capacity theory indicates that the signal energy for communications
in the AWGN channel should be allocated equally over all frequencies in the band. The
signal that is able to achieve that is a sample function of white noise. In the Noise
Modulation system, the reference signal is a broad band noise that approximate the
Shannon signal. By spreading the spectrum of an information signal with this reference
signal, the modulated information will also become a broadband signal. Therefore, both
the reference and the modulated signal approximate the Shannon signal so that by using
the Noise Modulation concept, a higher capacity can be obtained in comparison to the
other spread spectrum techniques.

2.2 System description

Whereas, the theoretical analysis of the Noise modulation system is a complex process,
the system can still be analyzed with an intuitive way of understanding. Our intuitive
understanding is checked by the interpretation of some simple equations which has been
derived. The work of Shang [1] is also used to provide quantitative understanding about
the system performance.
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2.1.2 Baseband Noise Modulation transceiver

Figure 3 shows the baseband transceiver model. In this model, the transmitted signal is
located in the baseband. The information data m(?) has the form of polar NRZ'.

mod o \r demod
——————— bl (t) Bttt
1 bom) | Suslt) _ ¥ R |
Data -@ o\ T+ S0 Su) -@— | Baseband;

________

R Sl S
Reference ) Ao — Ao =

_______________

Figure 3: Baseband Noise Modulation transceiver
The wideband noise reference signal X,.(?) is generated by the transmitter and has a
Gaussian probability density function, with a mean value equal to zero. The power
spectral density of the reference signal is:
| -B,<f<B
X (f)= v < S <By Equation 2-1
ref .
0 otherwise

,with a mean power equal to2B,/. The modulation block spreads the power of the

information data over the reference signal to construct the S;,(¢) signal. The basic
principle of the Spreading and De-Spreading operation is explained in Figure 4. When the
modulated data and the reference signal are transmitted over a channel as shown in
Figure 4, the original information signal can be reconstructed by the following calculation
(Balkema [2]):

y(t) = (m(t) XX, (t))x X, (t) =m(t)x szef (t) Equation 2-2

mod ‘ ‘ demod LPF
_______ | A A —
iD at a% m(t) @ Suslt) _____ @7

________

_______________

Figure 4: Basic principle behind spreading and de-spreading
By writing X,..(?) as it Fourier series representation, one can see that the signal consists of
a series of cosine waves each with random phase shifts. By taking X,..(?) = cos(wt) gives:

J’(t): m (1) x cos 2((‘”): m (1) % %(1 + cos (26‘”)) Equation 2-3

When y(t) is low pass filtered only the desired information data remains.

As mentioned in the previous chapter, in order to send both the modulated data Sj,(?)
with the reference signal X,.«?) together without interfering each other, those signals have

! polar NRZ : polar Non Return to Zero, symbol 1 and 0 are represented by +1 and -1, respectively.
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to be separated by offset frequency Aw at the transmitter. At the receiver” the same shift
operation is done to retain the information data as shown in Figure 5. The Figure also
shows that this frequency shift in the transceiver is implemented by using an oscillator to
generate the offset frequency signal Xj,, and a multiplier.

[ ]
mod e o W
Sl g =~ - it i
fffffff oW VY Wy Ry TN
Data™ () : —— (= —
! A4 \/ Bl Sl ‘ |
,,,,,,,,,,,,,,, YN AN \ | \
i p: A Sl A N Szl ) N
Referenice:— 0 N i
T;XE:E“ i
Y Ao

Figure 5: Implementing the offset frequency in the Noise Modulation transceiver
At the transmitter, the Si,,(?) and the S,.(?) will not interfere with each other, because
their cross-correlation is equal to zero:
Aassuming: X, (¢)=cos(w,t) then:

RSref Sinfo (tﬂt + Z') = E[Sref (t)X S (t + Z')] = E[Xref (t)X Xg; (t)X mX Xref (t + T)]

info
= E[Xref(t)x sin(Aa) t+ ¢)>< mx Xref(t + r)]
=mxE[X (t)x X, (t+7)|]x E[sin(Aw t + ¢)|
=0

=0 Equation 2-4
Another function for the offset frequency at the transceiver is to implement the Multiple
Access by utilizing different frequency. The bandwidth of the reference signal By is much
larger than the offset frequency and the offset frequency is much larger than the
bandwidth of the information data B, hence By >> Aw >> B (later this point will be
explained). The frequency spectrum which has been drawn in Figure 5, is just to show the
concept of using the offset frequency. In order to have an advanced picture about the
frequency spectrum, the power spectral density expression of Sry(?) must be derived and
carefully analyzed. The spectral density is derived from the autocorrelation function. The
autocorrelation of S7(2) has been derived in Appendix 1 for Figure 6 (the role of block C
will be explained later) :

1
2 .
Ry s (2’ ) =CRy x, (2’ ) + 5 R Xy Xon (2’ ) COS(Aa) T ) Equation 2-5
mod <> demod
,,,,,,, (3] Z(), o
mit) Bins(t) ¥ T !
Data; ¢ S Su® [ | Baseband;
T].iei:feili‘gl:l?ciﬁj ref(D) Seslt) Skesnialt)
””””””””” | Txko I
| A ' Ao |

Figure 6: Noise Modulation transceiver

? After the antenna, there exist a filter with a bandwidth that is just wide enough to accommodate the
bandwidth of the transmitted signal.

[7]



Now one can find easily the power spectral density of the Sz.(2):

SSner (f)= J.RSTXSB (T)X e(_jm)d T Equation 2-6

Ss5, (/)=CSy « (f)+ S wx, (F+ fa )+ Sy v, (f=fa0) Equation 2.7
1
Let's assume that C = —
V2

Ss,.5. ()= =Sy X f) +-— S Xy Xy (f+ fa)+— SX X (f = faw) Equation 2-8

Power spectral of S ¢ (t) Power spectral of S ¢ (t)
The expression of Equation 2-8 shows that the spectral density of the transmitted signal
consists of three broadband signals as shown in Figure 7 (the purpose of drawing those
three signals in a stacked blocks above each other is to have a clear view, whereas in the
real picture they are overlapping on each other with Aw << By). Thus, the energy of
Xyef(t) 1s divided equally between S;,s,(2) and Sy..(2).

S5, M cs....0

1 T
. S, fpg)

f 1 Tr
> S I

Figure 7: Power spectral density of the transmitted signal St,(t)
The last point at the transmitter is to calculate the transmitted bit energy":

E =T, TSSTXSH (f)df  WhereT, is thebit time
—Tb[ [cs, ., <f>df+j S v, (f+12 )df+j Sy v, (=12 )dfj

=T,| C*2B,1 +lBXz +lBX1
2 2
=T, (C2 2+ I)BXZ Equation 2-9

For C:L
— E, =2T,B,l Equation 2-10

3 This derivation is analogue to what Shang did

[8]



For an ideal channel, the received signal Sg.(?) is equal to the transmitted signal Sr7.(z)

with a spectrum shown in Figure 7. The received signal Si.(z) will be shifted by a

Re

frequency £, which is equal to f,” under the condition of ideal phase synchronization

between the transmitter and the receiver. This shifting operation produces Sg.-snii(?). Then
a linear multiplier correlates between Sg.(?) and Sgcsnn(?) to produce two baseband
peaks, one peak exists around zero [Hz] and the other peak exists around 2Aw [Hz]. Both
peaks contain the same information data (i.e. two copies of the same information data).
To explain why the de-spreading operation produces those two peaks, let’s go throughout
the spectrum at the receiver:

The power spectral density of the signal Sg.snin(?) 1s expressed as follows:
R R
SSRX_SthRX_Sh,.ﬁ (f)= SSRXSRX (f+ anf) + SSRXSRX (f - anf)
— SFirst part (f) + SSecondpart (f) Equation 2-11

S Re—Shift'S Re—Shifi S Re—ShiftS Re—Shifi

This power spectrum is drawn in Figure 8:

SSRX— Shi ﬁSRx—S?u i (f )

8 s B s

VS, (4 )= S5emmt (1)

j S p— S x—hie
-

38 U= =850 ()

f

Aw | Aw

Figure 8: Power spectral density of the signal Sgy shir(t)

A linear multiplier between Sg«(?) and Skeswp(?) In time domain translates to a
convolution operation in frequency domain:

0

Y= )55 suesns S5y, (F =)V

00

_ .(Sslj:rstpan (V) n SSecondpart ( V))X SS . (f_ V) dv

< Shift S Re-Shift Sreshift S Re-Shift
—o0
o0
_ [ Firstpart _ .
= | S S st Seesi (V) X SS S (f v)dv Equation 2-12

—00

+ J‘ S Secondpart (V) x SSMSRX (f _ V) dV

N Rx—Shift SRx—Shift
00

[9]



The convolution operation of Equation 2-12 is graphically explained in Figure 9:

B\ () e ] ok
: § S siSn e

T ) . —+ B » Bl —+B +
_— 4 85,215 ) 1

| } S‘iccnndpm‘t (v)

A it par
_._- jsk )

Correlation

Correlation
'
- —

Tn
°=-d

|21
~——
L]

|
=

_.. .....
—
| — , [ L0 e (v)
4’- \ s pat
. | R IerE (v)

Correlation

- } S“"““dgfm_m v) r

! PV
v=0
Figure 9: De-spreading operation at the receiver
Thus, the results of the de-spreading process are two peaks. Figure 9 also shows that the
offset frequency Aw must be larger than the bandwidth of the information data B, so that

the two peaks does not interfere each other.

F 9

The energy of the peak, which is around the 0 [Hz] is two times the energy of the second
peak. By using a low pass filter as shown in Figure 10, the information data will be
reconstructed.

mod demod
_______ ®
} —! m(t) Smfu(t) ¥
i_[_)_z_l@_l @ ¢ ' STX(I; §,(D) @
"""""""" X At Sflt)
Reference %% f
X5 () Xaall

Figure 10: Noise Modulation transceiver
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In the real world, the channel adds noise. Shang explained how this thermal noise will
spread throw the receiver till it reaches the output of the low pass filter. The signal at the
output of the low pass filter Z(?) constructs from a baseband polar NRZ E{Z(t)} and a
noise ny(t):

Z(t) = E{Z(t)}+ n, () Equation 2-13
The quantification of the SNR at the output of the low pass filter is necessary to have an
intuitive measure for describing the quality of the output signal, and to measure the Bit
Error Rate (BER) of the system:

s - EZOL

nz

Shang made the derivation of the SNR of Equation 2-14 and found:

2
d B
B N, Equation 2-15

2
(802 +36+52]1 £ Jrz(gc2 +10+32ij+2(4€2 +4+12ij
C°)PG\ N, C°)N, C
Since the output signal E{Z(?)} is a baseband polar NRZ signal in Additive White
Gaussian Noise (AWGN), and assuming symbols 1 and -1 occur with equal probability,
one can find that BER of the FODMA system working in the baseband is (Haykin [4]):

Equation 2-14

P, = ;—erfc ( SNTRJ Equation 2-16

Where erfc is the complimentary error function:
2 5 2
erfclx)=—= |expl—y~ )d
elx) /_ﬂ_:[o pl-»")dy

Differentiating the denominator of Equation 2-15 with respect to C and PG, gives the
following two conditions in order to maximize the BER:
C=C =0.77 Equation 2-17

optimum

8C*+36C*+5 E,
8C*+8C*+2 N,

PG =PG,,um = \/ Equation 2-18

- E
——== PG =P Gopiimm = 1'75N_b Equation 2-19
o
Then the BER is:
1 Eb .
P .. . =—erfc| [0.083 — Equation 2-20
2 N,

[11]



Shang also explained that the communication performance is slightly degraded when the
value of C = [ and keeping the condition of Equation 2-18 to be still satisfied:

C=1 Equation 2-21
— <L s PG=PG =1.65 £ Equation 2-22
- optimum ~— - ° q
o

This makes the BER to be:

P = lerfc 0.079 £y Equation 2-23
2 N,

Equation 2-18 shows that for a given E,/Ny, the processing gain should be as close to
Gopiimum for the low error rate. This means that PG should be adaptively optimized to
different values of E,/No For example, if 15 dB < E/Np < 20 dB, then G = 20 dB should
be the best choice as shown in Figure 11.

'G=10dB
optimal
case

l'll\-!-'.-li im [dB]

obability

PG=15dB

PG=20dB

0 10 15 20 25
Eb/No [dB]

Figure 11: Single user performance transmitted in baseband when C=1
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2.2.2 Passband Noise Modulation transceiver

In the RF application, the transmitted signal must be shifted to the RF domain as shown
in Figure 12.

wF K1 demod
”””” 7 mit) %X““'F"q(!) S, (1) N P —
i . m ’_‘ info b : !
Dt ® €] e S0 [ [ Bascband
Referencei—= Sl S al)
_______________ §X©j =k
Ao+ @, 'A@ |

Figure 12: Passband Noise Modulation transceiver
The Passband transceiver is almost the same as a baseband transceiver, except that both
the modulated information data and the reference signal are up-converted to the passband,
by a cosine wave with a carrier frequency of wz, where wy >> By >> Aw >> B. The
concept of the noise modulation does not change because the same operation is done in
the RF domain in stead of the baseband domain.

The output signal E{Z(t)} is again a baseband polar NRZ signal in AWGN, and assuming
symbols 1 and -1 occur with equal probability, one can find that BER of the FODMA
system working in the baseband is (Haykin [4]):

1 SNR
P, = —erfc _—

Equation 2-24

Shang made the derivation for the SNR:

A 700

nz

= Equation 2-25
4 2 2 2 v 2 a
Cl45C?e1) 1 (E, e +21) £ [ +21)ZPG
2C PG| N, c’® N, 2C
Differentiating the denominator of Equation 2-25 with respect to C and PG, gives the
following two conditions in order to maximize the BER:

— — Equation 2-26
C = Copt[mum =1 aation
Eb
PG =PG,pm = 1.32N— Equation 2-27
o

[13]



Then the BER is:

o

P .. = lerfc 0.054 i Equation 2-28
€ mimnimum 2 N

For a fixed bandwidth system with limited output power, the energy per bit can be
controlled by changing the processing gain. The performance for various PG is plotted in
Figure 13. It can be seen that for lower E,/No, a lower PG is better.

{0

PG=10dB

Pe

optimal
case

Y Ol1 erTor

optimum [dB

GP,

PG=15dB

PG=20dB
»

- . s = P !
0 2 10 ) 20 25

Eb/No [dB]
Figure 13: Single user performance transmitted in passband when C=1

Finally, by comparing Equation 2-23 with Equation 2-28, one can see that the link
performance of the FODMA system in the baseband is better than the Passband. This is
because with the same E;/No, less power of the transmitted signal for the system working
in the Passband is de-spread to the baseband in the receiver in compare with that working
in the baseband (Shang [1]).

[14]



2.3 Time analysis

Visualizing the system operation in time domain leads to gain deep view into the concept
of Noise Modulation. Let’s assume, first that the ratio between the bit rate (R,"*) and the
offset frequency (Ry/Aw) is an integer for instance, R, = IMHz and Aw = 2 MHz (Next
section deals with the situation where

Sues® T \r

the ratio of (Ry/Aw) in not integer) and,
second that the offset frequency signal ‘Dataj—2® 1)

. . . S0
at the receiver is synchronized to the T b
Sref(t]

offset ~ frequency signal at the .y 4
transmitter. Reference ?
For the transmitter in Figure 14, the

signals are visually analyzed in time Ao |

domain. Figure 14: Noise Modulation transmitter
As depicted in Figure 15, Siy(?) %0 w1
contains a Gaussian distributed random

part, which is the reference signal X,(?) | F M
and a deterministic part, which is the 'j W’h
Al

bit 1:
AS'info (t) = )(rej(t) X m(t)

Figure 15: Siys(t) = Xief(t) X m(t)  where: m(t) =1

As depicted in Figure 16, S,./(?) consists %ot 1o e
of a Gaussian distributed random part A

Xrof(t) and a deterministic part, which is wwww !'W ><
the offset frequency X" (¢) signal: . il w

S, (1) = X, ()% X (0)

Figure 16: Se(t) = Xe(t) X X 41 (t )

The transmitted signal S7(?) as shown X0 X0 e e
in Figure 17 contains a Gaussian 1 |

distributed random part X,..,(t) and a W 'Ihl
deterministic part X" (¢) + m(2). il W’

The deterministic part shapes the 152 3 4 |
random part so that the energy of the | { 1
random part is distributed around the

two peaks of the deterministic part. | . .
Thus, there are two active regions I
inside a bit time namely, the 1 and 3" Figure 17: Sy(t) = Sio(t) + Srer(t)  Where: m(t) = 1
region.

* Ry: bit rate. In this thesis, the number of symbols are equal to the number of bits therefore R, = B.

[15]



For an ideal channel (noiseless), the received
signal is equal to the transmitted signal. The O
receiver of Figure 18 multiplies the received

signal with the shifted version of the received 5=

signal to produce y(?) as shown in Figure 19. The

deterministic part of y(#) gathers the energy of the Bl
random part in the 1* and 3™ -quarter of the bit X5
time. Thus, the integration operation of the Ao

baseband filter is active just in those two regions. . . . .
Figure 18: Noise Modulation receiver
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Figure 19: Receiver signal analysis
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The same analysis can be applied when the bit is zero as shown in Figure 21, Figure 22,

¥y
¢ ;Basebandi

Figure 23 and Figure 24.

_______ m(t) Siapt)
{Data Q) S Sgald) !
. Sree(D) SR Shi
Reference} == f el
1 XEe® xR
Ao | Ao |
Figure 20: Noise Modulation transceiver
T mf=-1 Xodl) f“‘ X;m {‘} ~,
=07 =07 " 7 fel7 el
0
! I "
AT A 1 Bel0 [F 3
5 JI'E ! :
i '-_I. J- 1 ._.’
(v '\u.-
Figure 21: Sypo(t) = Xye(t) X m(t) . ' i
where m(t) = .1 Figure 22: S,.(t) = X,et) x X 1" (¢)
T
Xref(t) XAr (I) + m(‘) Where: m(t) =.1
tis
267 o477 i Be 07 Bel7 1s
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Figure 23: St,(t) = Sinto(t) + Sier(t) where m(t) = -1
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As shown in Figure 24, the deterministic part of the signal y(?) gathers the energy of the
random part in the 2" and the 4™ -quarter of the bit time. Thus, the integration operation
of the filter is active just in those two regions.

Xre £ (t)

‘h\” i H. \‘ Ht"h ‘ ts
Al

Xre f (t)

i il H‘ l‘ H\Hh ‘ ts
Wi

2
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Tr . =
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i Y ey
3 5 JR
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Tr Re
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Figure 24: Receiver signal analysis
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In the previous analysis, the role of the X% (¢) in reconstructing the bit at the receiver is
implicitly presented. To explain this role, let’s write the equation of y(2):

_ Tx Rc
y(t) = ref ) (X + m(t))z XXy, Equation 2-29
(—
Random positive samples Deterministic Signal

The deterministic part contains two Offset frequencies, one is generated at the transmitter
and the other is generated at the receiver. Now let’s draw the deterministic part of the

signal y(2):

p P
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Figure 25: Receiver signal analysis for m(t) = 1 Figure 26: Receiver signal analysis for m(t) = -1

The signal (X7 (:)+m(r)) is positive and concentrated in the 1" and 3" quarter for the

situation where Bit 1 is sent, and the 2™ and 4™ quarter for the situation where Bit 0 is
sent, as shown in Figure 25 and Figure 26. The X% (¢) at the receiver determines if the

signal (XAT; (£)+ m(t))2 must stay positive or flip to become negative. This way of analysis
is practical to study the influence of the phase synchronization of X (t) at the receiver

to that X" (¢) at the transmitter.

[19]



2.1.3 Channel noise contribution

In this section, the previous time analysis is extended to include the contribution of the
AWGN channel noise. As mentioned before the channel noise process n(?) is modeled as
an Additive, White and Gaussian Noise, whose mean power spectral is zero and whose
power spectral density is constant. Assuming that there is no attenuation in the channel,
the received signal is equal to the transmitted signal plus the channel noise n(z):

2(t) = (S 1)+ n())x (S, (£)+ (1)) X 35 (¢)
= (S (O)+n()) X2 (e)
= S ()X 5 (6)+ 2n(0) S, (1) X o (1) + m* () X N (¢)

Channel noise contribution
= Sa ()X (1) +2n(0) X, O )+ m(@)) X (1) + > ()X (¢) Equation 2-30

Channel noise contribution

Assuming X (¢)= X" (¢)
P(0) =S (X5 (0)+2n(0) X, ()X 2 (O)+ m() )X X5 (0)+ () X 5 ()

Channel noise contribution

= szef (l‘)(Xfac; (t)+m(t))2 X (t) Equation 2-31

Deterministic Signal

+20(0) X,y (DX )+ m))X (1) +n>(6) X5 (0)

Deterministic Signal Deterministic Signal

Channel noise contribution

The dot-dashed red line in Figure | (<E2() men)” X5
27 gathers the positive energy of Fo o (e o) 2O
X2, (t) in the 1% and 3" region.
The two grey peaks is multiplied
by the random part: 2n(t)X.(?),
which consist of positive and _/ L
negative samples. The results of P ) — — B
this multiplication are positive and igure 27: Deterministic parts of Equation 2-31 (m(t) = 1)
negative samples, which they will ! PRE2 () ) R
be concentrated in the 1% and 3™
region, where also the desired |~ . /-/T',.'__:_ B-W
signal exists. The negative samples e R ot
distort the desired signal, hence ; "
they distort the detection operation.  -|. N o J

Figure 28: Deterministic parts of Equation 2-31 (m(t) =-1)
The positive samples of n”(#) are multiplied by two cycles of X}° (t), which consist of

two positive and negative peaks. The results are 4 regions, namely two regions of positive
samples and two regions of negative samples. The baseband filter will average those
samples. If the energy of the channel noise n(tz) is low, then the contribution of

(X (t) can be neglected. Figure 28 shows the deterministic parts of Equation 2-31
for the situation when bit 0 has been sent.

e

(s (e mace) ™ =2 i)
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2.2.3 Non-Integer ratio of Ao en R, Frequency offset

All the explinations and the examples that are till now presented, assume an integer ratio
between Ao en R, Carefully inspecting Equation 2-31 and Figure 27, one can recognize
the appearance of an inhomogeneous distribution of the signal and the noise per bit, if the
ratio between Ao en R, becomes non-integer as shown in the example of Figure 29,
where Ao = 2.5 MHz and Ry, = 1 M samples/s. In this example, two bit times must be

drawn so that the X ¢ (¢) complete its cycle.

R (Xi; (t) —+ m(t)) : =X (t )
(322e (1) + ma) XL (t)

— XIi(1)

5 Zglos

o T, apfor CEn gt OF ey
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Figure 29: Bias issue for Ao =2.5 MHz , Rb =1 M samples/s
This inhomogeneous distribution of the signal and the noise per bit causes different
probability in detecting the zero and one -bits in each pattern, namely 00, 01, 11 and 10.
Thus, it degrades the performance of the system as it is shown later.

> Ry: bit rate. In this thesis, the number of symbols are equal to the number of bits therefore R, = B.

[21]



The distribution can be made
homogeneous by letting the filter
of Figure 20 to integrate from 0 to
4/5 Ty, as shown in Figure 30.

A Simulink model as explained in
Appendix 2 for the Noise
Modulation system is built to
inspect the effect of the bias issue
on the BER. The results of our
model are shown in Figure 31.

oo

o1

11

10

[ (S BT
(SN §3 N

Hanie)

W)t

ity ) e

Figure 30: Solving the bias.issue for Ao =2.5 MHz
, Rp,=1 M samples/s

As you can observe in Figure 31 that when there exists a non-integer ratio between Aw en
Ry (Aw = 2.5 MHz, R, =1 M samples/s) then the BER performance degrades, if the filter
integrates over the whole bit time as shown by Curve 2. Using the solution depicted in
Figure 30 improves the BER as shown by Curve 3. However even this solution is not
enough to improve the BER to that degree shown by Curve 1, where there exist an integer
ratio between Aw en R, (Ao = 2 MHz, R, = 1 M samples/s). This is because of an
inefficient use of one bit time interval.
Thus, choosing an integer ratio between Aw® en Ry, provides the maximum performance,

due to the maximum utilizing of one bit time interval.

1c”

A Curve 1: Ay = 2 MHz
o Curve 2: A = 2.5 MHz with bias

Curve 3: Ad = 2.5 MHz without bias

a

E,/M, (dB)

s

Figure 31: The effect of the bias issue on the performance
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2.4 Frequency synchronization

In the ideal case, the receiver needs to be coherent in the sense that it requires two forms
of synchronization for its operation:
1. Phase synchronization, which ensures that the local oscillator in the receiver is
locked in phase with respect to that employed in the transmitter.
2. Timing synchronization, which ensures proper timing of the decision-making
operation in the receiver with respect to the sampling instants (i.e. switching
between bits 1 and 0)

The phase synchronization problem decreases | e (X (1) mE)) X (1) |

the bit energy at the input of the filter. This «  ~ ™~

can be explained by inspecting Equation 2-29, | /
which is rewritten as follows: A !

(t)= X0 (X () + m()] x X (@

Random positive samples Deterministic Signal

i
:

As mentioned that X (f) represents a | e ml e e

positive samples and that the deterministic | N
part decide if those samples must stay positive |/ :

or convert to become negative samples so that |/ Bt .-

the filter will produce bit 1 or bit 0, * o~

respectively. In Figure 32, the deterministic | =
part of the equation above are plotted for - ey R A s
different phase differences ¢ between the '
local oscillators in the receiver and the

transmitter: |

X (t)= 'n(Aa) 1)
X (t)=sin(Awt+ @)

Figure 32 shows that the area under the '

deterministic signal for one bit time Ty, isa | % 7
cosine function of ¢. This is the same results ./ - -
as what Chang found: SN ay
1 T A ™ el I i
E {Z (l )}N{)tSynchronized =E {Z (t )}Synchronized X COS(¢) "-,‘ ',-" I
.
60 o Eel el BERET )

Figure 32: Phase synchronization problem
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The conventional way to solve the phase synchronization problem is to use the 1Q Costas
loop as shown in Figure 33 . However, the Costas loop is just able to solve phase
differences less than 45°.

.| Threshold

Detector ma6
¥t Z (1)

|

Dl—j:]

r

\|i cos(A(u)t—n—@)
- . Loop =
iy vCo |<— 4—®

< Rx(t) - Filtexr

sin(A(_o r+ @ )

T Zot

S

o | "

Figure 33: Costas loop receiver

Solving the phase synchronization issue in the analogue domain requires extra
components to process the received signal. Mostly, the signal processing in digital
domain, where flexible and accurate phase correction algorithms can be -easily
implemented, requires less energy than in analogue domain. Therefore, we suggest
solving the synchronization issues in the digital domain as shown in Figure 34, where the
IQ structure provides information about the complex plan of the received signal. The
Analogue to Digital Converter (ADC) component samples the 1Q signal and converter it
to the digital domain.

3

o Zy (t)
f ADC
o
‘t KALMWD_
Sg. () - i ,é(}:! _ :
—oo0”
g Z o)
I - ADC
A ea) T

Figure 34: 1Q receiver

[24]



Chapter 3 : System Design Optimization

After understanding the operation and the signal processing of the Noise Modulation
system, this chapter optimizes the design choices at the system level. This optimization is
necessary to characterize the system components. The chapter begins with studying the
possibility of using Switch Mixers instead of Linear Multipliers to reduce the noise figure
of the system. The next section is about the optimum design for the baseband filter in
order to achieve a maximum BER performance. Then, the de-spreading block will be
introduced and a simpler implementation of it will be explained. The chapter ends with
the final schematic of the Noise Modulation system.

3.1 Multiplier vs. Mixer

Switch Mixers are preferable to Linear Multipliers because of their higher gain and lower
noise contribution. Figure 35 shows four Linear Multipliers of 1, 2, 3 and 4. The aim of
this section is to search the possibility to replace Linear Multipliers of 1, 2 and 3 with
Switch Mixers. The 4™ Multiplier is necessary to be as linear as possible, because it is
responsible about the de-spreading process at the receiver, hence it has a critical influence
on the quality of the detection operation.

********

Figure 35: Noise Modulation transceiver
The linear Multiplier of 1 can easily be replaced by a Switch Mixer, because the data m(t)
is a series of 1 and -1 signals (i.e. a polar NRZ signal). However the replacing of Linear

Multipliers of 2 and 3 with Switch Mixers demands that the old X7/ ()= A;’nexsin(Aa) t)
and X%(¢)= Aﬁ;exsm(Aa) t) must become square signals, with a frequency of Aw and
amplitude of 47 and A%

Square Square >

respectively as shown in Figure 37 and Figure 39.

e mil)=-1 T
Xl X.\ul[‘)

Figure 36: Sinfo(t) = Xref(t) X m(t) Ficure 37: S..{t) = X...{(t) x XTr t
e igure 37: Syu(®) = X)) % X 11, (7)
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Figure 36, Figure 37, Figure 38 and Figure 39 present the time analysis.
X0 X grm (! ) +m(t) Where: m(t) = -1
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Figure 38: S1y(t) = Sinto(t) + Srer(t)
Where m(t) =-1
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Figure 39: Receiver signal analysis
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The interesting point appears when comparing regions 1 and 3 in the deterministic part of
y(t) between Figure 24 and Figure 39. Figure 39 shows that the deterministic part of y(?)
is zero in those regions, while Figure 24 shows that the deterministic part of y(z) contains
a positive signal in those regions. This positive signal gathers the positive samples of

X fef( ) and produces undesired positive samples (Only the negative samples of y(t) are

useful for the detection of bit 0), hence they decrease the energy bit at the output of the

baseband filter.
Therefore, by using switched mixers, we may expect an improvement of the performance.

As shown in the figures below, the same time analysis has been done when bit 1 is sent.
Again one can observe that the whole energy are only concentrated in regions 1 and 3.

Xrefm uf)=1 | XW[I}

i i m\ >< ”' ' m >< ‘ I A A

! i &0 Gell7 Bed” Tl
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Figure 40: Siy(t) = Xier(t) X m(t) where m(t) = 1 Figure 41: S,(t) = Xye(t) X X AT; (t)
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Figure 42: Sty(t) = Sinto(t) + Sre(t) where m(t) =1
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[ x () +m(t)] Where: m(t) = 1
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Figure 43: Receiver signal analysis

The Simulink model of chapter 2 has been used to measure the BER for this new system,
where Linear Multipliers of 1,2, and 3 are replaced by Switch Mixers. The switch Mixer
is modeled by using a multiplier and an oscillator that produce a square signal with a
frequency of Aw and unity amplitude. An ideal square wave does not exist in the reality,
therefore a 6 level Fourier series version of the square signal is chosen (See Appendix 3).
In order to have a fair BER comparison between this new system and the old one, the
amount of power that those Switch Mixers produce must be equal to that produced by
Linear Multipliers. This is achieved as follows:

6 2
Ag, = Agp, = V2 % Z( B, J =139 [V] Equation 3-1
n=1 \/5
445, 445, . " o
where B, = = is the amplitude of the n™ element of the Fourier series of
nr nmw

the square signal, which has an amplitude of 4%, = 4%, =1

[28]



To complete the picture, the channel noise contribution must also be included. For this
purpose Equation 2-31 has been rewritten below:

Y0y = X2 OXE )+ mo)] X2 (0) Equation 3-2

Deterministic Signal
£20(0 X, OXE )+ mOIXE )+ n*@) XE()
H—/

Deterministic Signal Deterministic Signal

Channel noise contribution

Figure 44 plot the deterministic parts of f OLRCYr ) SR
Equation 3-2. The BER performance x @
depends on the SNR at the output of the 1 " BN “
baseband filter: |

1. The signal is represented by the ° ol

dash-dot red line in Figure 44 | %

and Figure 45. In Figure 44, the Figure 44: Deterministic parts of
area under this line in the 1% and  Equation 3-2 when Switch Mixers are used (m(t)=1)
3" region are approximately | /| A i i

(0 (4 micn ) X250

equal to that of Figure 45, while F
as mentioned before that regions | | , |
2 and 4 in Figure 44 do not have B
a negative effect on BER in
comparison to the signal of the
same regions in Figure 45.

ML)

Thus, the quality of the signal Figure 45: Deterministic parts of
will be improved by using Equation 3-2 when Linear Multipliers are used
Switch Mixers. (m(t)=1)

The noise is essentially represented by the grey curve in Figure 44 and Figure 45.
The area under the grey curve in the 1% and 3™ region on Figure 44 is
approximately equal to that of Figure 45. Interesting point is that the grey curve in
the 2™ and 4™ region in Figure 44 is zero, while those regions in Figure 45
contribute some noise. Thus, less channel noise contribution exists at y(t) by using
Switch Mixers.

Therefore, the SNR will be improved by using Switch Mixers, which means a better BER
performance. The Simulink model verifies our expectation as shown in Figure 46.

EER

BN, @8

Figure 46: Comparing the BER performance between using Linear Multipliers or Switch Mixers
The conclusion is that replacing the linear Multiplier with Switch Mixer will improve the
performance of the Noise Modulation system.
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3.2 Baseband Filter

This section investigates the optimum design for the baseband filter (See Figure 47) to
increase the bit energy with the assumption that the criterion of the phase synchronization
is satisfied.

]572;12; m® Surt) + 4 e i Baseband|
S Sral) i ; ‘ :
Sreslt)

Sry-snint)

Reference} 1‘
,,z4@5t> RESHO
Ao | | Ao | Filter

Figure 47: Noise Modulation transceiver, the linear Multiplier are replace by the Switch Mixers
The baseband filter integrates the energy for the duration of one bit time Ty,. The result of
the integration is compared to a threshold value so that a decision can made whether bit 1
or 0 has been sent. This block consists of three components:

* Integration and Dump (I&D): it creates a cumulative sum of the input signal,
while resetting the sum to zero according to a fixed schedule at the end of Ty,

* Sample and Hold (S/H): it acquires the output signal of I&D component when it
receives a trigger event before the resetting operation of I&D component. Then it
holds the output at the acquired input value until the next triggering event occurs.

» Comparator: it balances the
output of the S/H component to a

Reset for next
symbaol

threshold to make a decision Ii:it me—
about the transmitted bit. signal T iegrated output | Comparator  YTMPols
Figure 48 shows a simple example of this notse - Threshold
blOCk, where the working principle is Figure 48: An example of baseband filter uses I&D

presented. The shape of y(t) is approximated by two blocks for each bit as depicted in
Figure 49. The scenario of our example assumes that bit 1 and bit 0 have been sent.

------- (X (1) + men) X5 (1) m— = X0 (X0 mn) X ()
X% (1) Xilt)

‘- mir) = 1 - mit) = -1 - - mity = 1 - mit) = -1 -

o ln‘uumu\ﬁﬂ >< = J - = I—L“

- Tw e Tw - - Ty - T -

Figure 49: Approximate presentation of y(t)

As depicted in Figure 50, the integrated o L me 1
signal of I&D component will be sampled 3
at Ty. The comparator compares the sample
to the threshold signal, which is equal to - | e
Zero in our system. | [ 0
—— It
(@] S/H output
Tb Tb

Figure 50:Approximate presentation of z(t)

[30]



The optimum design for the baseband is the Matching6 Filter. The distribution of the
energy for bit 0 is different than that for bit 1 as shown in Figure 49. Consequently, the
impulse response of the optimum filter must match the shape of the input signal for bit 1
and bit 0 as depicted in Figure 51. As a result, the matching Filter has an impulse
response of a block with unity amplitude and a width of Ty, which is a Sinc function in

For bit 1

For bit 0

| Figure 51: Impulse response of the Matching Filter
the frequency domain. The output of the Matching Filter is the convolution between its
impulse response hgpr(t) and its input signal y(t) (See Figure 49):

Z(l‘) = .[y(p)hBBF (t - p)dp Equation 3-3

The result of the convolution operation is m® = -1
depicted in Figure 52. The S/H acquires a
sample at Ty, for each bit. Both bits 1 and
0 will have the same bit energy because
the amplitudes of those two samples are | i

equal. By replacing I&D component with | — éﬂ(t)

the Matching Filter in our Simulink © SH owtput

Tb Tb
model, the BER performance does not Figure 52: Approximate presentation of z(t), when

change as shown in Figure 53. Matching Filter is used
: - 4 TSR e |
—l

BER
[=)

Figure 53: Comparing BER performances for different baseband Filter implementations
The conclusion is that I&D Filter is in fact the Matching filter for our system and can be
replaced by a low pass filter + sampling at the proper times (determination of this proper
sampling is done in the digital domain).

6 Matching Filter theory states that in order to optimize the detection operation, the impulse response of the
matching filter must be similar to the shape of the known input signal for the duration of T,
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3.3 De-Spreading Block

The de-spreading block as shown in Figure 54 has the responsibility of de-spreading the
received broadband signal at the antenna.

¥(®) Z(h

Dat Surll) Comparator —vBaseband
________ Sl S0 Matching Filter
iReference

Figure 54: Noise Modulation transceiver
Since multiplication is a commutative operation, the receiver in Figure 54 can be drawn
in more convenient form as given in Figure 55 (Massachusetts [5]).

¥

| Buscbund

Matching Filter | “ '

Figure 55: Noise Modulation transceiver
Although that our system uses the mentioned Switch Mixers, but it is interesting to
redraw Figure 9 for our new system so that we get an approximate picture about the
spectrum of signals p(?) and y(?). This is done in Figure 56.

—E—

o —

Correlation

No Correlation

Ss,s, ()

i
v I 0
Figure 56: De-spreading operation at the Square component
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The spectrum of p(?) will be concentrated at 4w with a bandwidth of B. Multipling p(?)
with X (z‘), which applies the frequency offset 4w to the receiver, results in the
spectrum shown in Figure 57, which is exactly equal to the spectrum of y(t) in Figure 9.

Ss,s, ()
4

]

Re Re Re
—2f;0§ Jan Sao 2 ag

Figure 57: Spectrum of y(t)

Finally, the new schema for the de-spreading block is very useful for the work of chapter
4, where the RF specifications are distributed on each component. This is because in the
new schema, the De-Spreading block consists of two components in series, whereas in
the schema of Figure 54, the block is a complex structure, where you can not separately
specify the influence of the NF of the Switch Mixer and the linear multiplier on the whole
Front End specification.
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3.4 Total schematic of the Noise Modulation system

In summary of the system analysis, Figure 58 presents the total schema for the Noise
modulation system:

1. At the transmitter, a power amplifier is needed to amplify the power to the
required level, which is 0 dBm.

2. At the receiver, a Front End RF Filter is needed to filter the out of band signals as
mentioned previously. The bandwidth of this filter is equal to the bandwidth of
the broadband signal Srx(?), /00MHz around 2.4 GHz.

3. Three from four Linear Multipliers can be replaced by Switch Mixers. This
improves the NF of the system, which means that there is no need to spend extra
power consumption to raise the desired signal above the noise.

4. The de-spreading block can be implemented in a more convenient way by using a
square component and a Switch Mixer in place of using a Linear Multiplier and a
Switch Mixer.

5. Finally, I&D is the matching filter for our system. It can be replaced by a low
pass filter + sampling at the proper times (determination of this proper sampling
is done in the digital domain).

Sl ¥ "
S’ T De-Spreading Block
RT Filter — (- )2 —{Basebandi

pit Matching Filter [ *

Figure 58: Total schema of the Passband Noise Modulation
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Chapter 4 Receiver requirements & Optimization

After optimizing the design choices on the system level, it is the time to map the system
requirements to block requirements of the receiver. This is necessary to specify some
important requirements for the receiver integration on a chip, and also to estimate the
required power consumption. The chapter begins to calculate the required voltage gain
and the noise figure (NF) of the receiver. After designing the squarer component, those
gain and NF are distributed over receiver’s components. Finally, the chapter ends with a
discussion.

4.1 System requirements (NF and Gain)

The fundamental blocks, which are necessary for the signal processing operation in the
receiver, are plotted in Figure 59. The Front End components, namely RF Filter, Squarer

block, Switch Mixer and the S o0 v
Baseband filter, needs to amplify the \t T )
received signal at the antenna to an RF Filter 2 _Baseband ‘
: : () Tter -AD(
appropriate level above the noise so { iy . Filter
Ady

that the ADC can process it.
Therefore it is necessary to specify
the required voltage gain and NF for Front End

the receiver. . . . .
Figure 59: Noise Modulation transceiver

In our derivations, an ideal case is assumed, where the transmitting and receiving
antennas are in a free space without boundaries or obstructions. The received signal
power at the antenna is given by Rappaport [6]:

_PG,G A
(4rfd’L
This equation is known Fiis Free space equation, where:
Pr: Transmitted signal power
G : Antenna gain (transmitter and receiver side)

do : is a distance of 1m between the transmitter and the receiver
L : The system loss

e Equation 4-1

A : Signal length, which i lto A=c/ =— =125 mm
ignal wave length, which is equal to S e > 4 Gl

For isotropic’ antennas and no system loss, the ratio between transmitted signal power
and received signal power is called Path Loss (PL(dy)):

2
PL (do ) = P_T = % Equation 4-2
P, A

’ For isotropic antennas the antenna gain is equal to one.
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By using the Log-distance Path Loss Model [6], Equation 4-2 can be extended to
calculate PL for higher distances than just 1m:

PL =PL(d0)+10nlog[dij

o

4rd, ) d
:IOlog( 7 )+10n10g(d—J Equation 4-3

o

where n depends on the specific propagation environment. As an example for an urban
area cellar radio n is in the range 2.7 to 3.5. For our calculation #n is assumed to equal to
3. In addition to that the chosen distance range (d) will be from 1m to 25m. This range is
a good start to investigate the feasibility of designing our receiver in CMOS technology.
For this range, PL varies from 40 dB to 82 dB. The desired transmitted signal power is
specified by Py = 0 dBm. Thus, the received signal power is in the range -40 dBm (2.22
mV) to-82 dBm (17.8 uV).

From one side, the signal with -40 dBm is the

maximum signal that can be expected at the X
antenna. The Front End amplifies this signal 30 Q\[:}; Recelver
to a level, which is in some radio receivers ~ Front End
below the full scale of the ADC with few W > 4] r

dB’s. Leaving those dB’s below the full scale
can serve as margin for power from other
nearby strong signals. However, our system Rantema | Ry,
does not need this margin due to that the

received signal is a spread® spectrum signal.

Therefore, the Front End amplifies the signal -
with -40 dBm to the level of the full scale -40dBm—— " G
(Vmax) of the ADC. In most typical ADC, the DR
full scale is around 300 mV. Consequently,

the required voltage gain is: [SNRum
111.4dB

RFEnut RAD C

v i

max - full scale
of AID converter

Ryeusitivity g
G V | 82aBm LG
FE Y

\/0001 *50 *10 Prmax 110 ‘dB Puise toor G an - quantization
=42.5dB

FE noise

Figure 60: Mapping the applied signal level
into the AD Converter

From the other hand, the signal with -82 dBm is the minimum signal level that the system
can detect with achieving an acceptable signal to noise ratio (SNR) as shown in Figure 60.
The acceptable SNR is related to a desired BER. For our system the desired BER must be
less or equal than 10, which according to Chang [1] the required SNR must be larger or
equal to 11.4 dB:

BER<0? — SNR>11.4dB.

¥ Spread spectrum communication system has a high immunity against the interference signals. This is
because of that those interference signals are not correlated with the spread spectrum signal. Thus, by the
de-spreading operation at the receiver those signals are almost “filtered”.
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Py consinviry SPECITIES the maximum allowed NF for the Front End [8]:
NF; < Py iy [dBM] + 174 [dbm/Hz] — 101og(B)[dB] - SNR,;, [dB]  Equation 4-4
where:

SNRi» : the minimum signal to noise ratio that achieves the desired BER. In our system,
this SNR,.i» 1s equal to /1.4 dB as shown in Figure 60.

With Prsensitiviey = -82 dBm, SNR,i,=11.4 dB and B=1 MHz, the maximum allowed NF
must be 20.5 dB.

The noise floor of the ADC needs to be below the noise floor of the front-end, so that the
ADC noise does not contribute in an observable way to the overall NF of the receiver. As
the ADC noise begins to contribute to the floor of the receiver, nonlinearities can
adversely impact receiver performance, especially when it comes to signal power
estimation. Therefore, the ADC noise floor should be as small as reasonable by tuning its
sample frequency and number of needed bits.

Thus, the Front End requirements for the front End are as follows:

» Grp=425dB

= NF=205dB
For achieving the mentioned voltage gain and NF, the receiver architecture needs Low
noise amplifiers at the RF side (before the Switch Mixer) and/or amplifier at the
Baseband side. However it is not possible to make any decision about the receiver
architecture without first investigating the design of the Square block. This is the subject
of the next section.

4.2 Squarer Block

As mention previously, the Square component is responsible for the dispreading
operation, which makes it to be the core of our receiver. Therefore the main criteria in
designing this block must be high performance:
1. High performance: The desired output signal must be a lot larger than the
distortion, which is generated by the Squarer block.
2. High conversion gain
3. Low power consumption, as the emphasis inside this project is to design low
power receiver using the Noise Modulation concept.

Optimum design choice

We want to implement the square function using a CMOS process with MOSFET
transistors. A MOSFET transistor has three operating regions, namely the Saturation,
Triode and Subthreshold-region. Each operation region provides the possibility to realize
the square function as follows:
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Saturation Multiplier
The basic condition for a transistor to operate in the triode region isVg — Vo <V .
The drain current has the following equation:

I, = g(VGS Vo )2 Equation 4-5

Where /3= 1,Cor -
By adding the desired RF signal to the gate voltage:V, , =V, +V,., the drain current

becomes:

I, = g((VG +Vir )_ Vi )2

- g(VG?T L2V +VE)

g 14

= ? (VGzT + 2V i Vir )+ ? VRzF Equation 4-6

Where V, =V, =V,
Although the drain current contains the squaring term V. /2, the circuit still needs to
cancel the first two terms from Equation 4-6.

Linear (Triode) Multiplier
The basic condition to operate in the triode region is Vo —Vy, =V, . The drain

current has the following equation:

1
1 D~ :B (VGS - VTH )VDS - EV[?S Equation 4-7

By makingV, ¢ =V,,., the drain current becomes:

1
[D = :B (VGS _VTH )VRF _EVRZF

=p (VGS Vo )VRF - gVRZF Equation 4-8

The drain current contains the desired squarer term V. /2, but again the circuit still
needs to cancel the first two terms from Equation 4-8.
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Subthreshold Multiplier
A transistor operates in Subthreshold region hasV ;g = V', . The drain current has the

following equation:
VGS
]D — ]Oeﬁ Equation 4-9
Where ¢ >1 is a nonlinearity factor and V1 =kT/q =25 mV
By makingV, =V, + V., the drain current becomes:

Vg +Vrr Yo Ver Ver.
ID — ]oe gr _ Ioem e’ = ]OeCVT Equation 4-10
H_/
I

Taking the Taylor expansion for e*around x = 0:
Equation 4-11

for Equation 4-10 gives:
_ 2 .
Ip=a,+aVe +a, V. +..... Equation 4-12

As it can be observed that the drain current contains the desired square elementa,Vy,,
1

o ___ -
2
2 (¢v;)
In this situation, the circuit needs to cancel a lot of elements from Equation 4-12 that
distorts the desired output signal.

where a, =

The optimum selection between those three choices will be based on our criteria:

1. The performance of the 1* and the 2™ choice are better than the 3™ choice,
because their drain current contains less distortion terms. The distortion terms in
Equation 4-6 and Equation 4-8 are additive, hence it is easier to cancel them in
comparison to those in Equation 4-12, because of the exponential character of
Equation 4-10.

2. All the three choices can have higher conversion gain, for example by increasing
the width of the transistor.

3. The 2™ choice consumes no DC current in compare to the 1% one. Consequently,
the 2™ choice satisfies all our targets as summarized in Table 2:

Saturation Linear Subthreshold
Unwanted distortion Good Good Bad
terms
Power consumption Bad Good Medium
Conversion gain Good Good Good

Table 2: Optimum choice to design the Square Multiplier
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Component Design
Although the previous section proposes the triode operation region as the optimum choice
for building the Square component, there are still terms that must be canceled from
Equation 4-8. Figure 61 shows the implementation of Equation 4-8 on a circuit level. The
2.4 GHz RF voltage signal is supplied to terminals (a) and (b) of the MOSFET

Vee - __—1 ¢

1
oo —

- -
a 1 b
VrE

Figure 61: Begin concept to build the Square component
transistor. The source terminal alternates between terminals (b) and (a) as the input
voltage signal alternates between positive and negative, respectively:

Vee >0 — 1, =1, — Terminal (b) is the Source

0.01

Toue

Ver <0 — 1, =—I, — Terminal (a) is the Source

Where Ip: the drain current
Let’s take the scenario whenV,,. > 0:

l,,=1,=1,= IB(VGS — Vi )VDS - gVDZS Equation 4-13

= &(VGS Vi )ﬁ@ - gVRzF

o RF Curre? S — .
quare curren
To cancel the RF current from Equation 4-13, the differential structure is used as it is
depicted in Figure 62, where Vi, =V —Vzr, - The terminals (b1) and (a2) are the source

terminal for the top and bottom transistor, respectively.

Vir | Vo
1 I inl |—|
0.0044 -
0.002 ‘k al — bl
tis
o Te10 e 310 e 5
-0.002 -
-0.004 Toue
0.004 N, > ;P —_—
0.002 )
tre E —_
o Te-10 2eA0 3510 ] -
0002 a2 = b2
-0.0044 L J et I
fin2 [ I
V,

Figure 62: Canceling the nonlinear terms in the output of the Square component
The equation of the top transistor is:

B
L, =1, = ﬁ(VGSI Vi )VDSI _?VDle
A
= ﬁ(VGSl - VTH )VRFI - ?VR2FI

= ﬂ(VG - VTH )VRFI - gVRZFI
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B

= ﬂVGTVRFl - E VR2F1 Equation 4-14

The equation of the bottom transistor is:

p
]mz = ]DZ = ﬂ(VGsz _VTH )VDS2 _?VD282

= ﬂ(VGsz - VTH )(_ VRFZ)_ g(_ VRF2)2
= ﬁ(VG - Vsz Vi )(_ VRF2)_§VR2F2

s -
=BV =V N=Vips )+ BV oV ier — ?VRZF2 Equation 4-15

As Vg, =V, then:
14

1112 ﬂVGT( RF2)+ﬁVR2FZ VRZFZ
= PVer ( RF2 ) g Vies + BV e Equation 4-16
Finally: [out = Iinl - Iin2
VoV =L Vir (= Vips ) - ﬂVZ Ve i
L. =1 BVerVir w1 |~ | BVar RF 2 w2 T BVrs Equation 4-17

But Vi, = Ve then:

B
Iout = [ﬂVGTVRFI =V

p
RF1:| |:IBVRF1 _?VRZFI + ﬂVRzFl

= —ﬂVRZF | Equation 4-18
The previous derivations show that the squarer circuit redrawn in Figure 63 produces
partly symmetrical terms which stay inside the loop of the Square component, while the
asymmetrical current terms flow outside the loop from the output terminal to the negative
RF-input.
v

. I G
\'er
0.004+ |

ml
0.002
tis
0 Te 10 2671 36710 P Gr Y ert 7V2
-0.002
-0.0049 Tout
m2

0.002

0.0049 B
pVGI'(_ VRFl)_?VRZFZ

BV

o Te10 2e/i0 310 4e71
0,002

-0.004+

——
I V,

G

Figure 63: The current flow for the first section of the RF signal period
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Till now the operation of the Square component has been analyzed for the first section of

the RF signal period. For the second section, similar analysis can be derived to proof the
V,

; __ 1 °
Ver1 Tima

0.0044

0.002

BV

o Te 10 26’1 3610 s
-0.002

-0.004+ IOllI

0.0044

0.002

-

o Te 10 28/i0 36-10 461
0,002

-0.0049 -t | SE—

G

Figure 64: The current flow for the second section of the RF signal period
results shown in Figure 64. Consequently, in each section of the RF signal period, only
one transistor will provide the desired current to the output terminal. In addition, this
same transistor that provides the desired current will also generate an extra current due to
the bulk effect. This extra current belongs to the group of asymmetrical currents.
Therefore it flows towards the output. Fortunately, it is much smaller than the desired
square current:

Square current _ ! (%1/(2(1% Y +42o, )] Equation 4-19

Bulk effect current distortion V.,

Where: @, = k—Tln[hJ [V]
g \n

N_, :Dopping concentration of the substrate

sub

v : body effect coefficient [W ]

Equation 4-19 has been derived in Appendix 4. For example a 0.5 um transistor has
20, =09Vand y =045 (V)" :
Square current

Ver =5 mV then =3.76x10°

Bulk effect current distortion

Hence, the bulk effects can be neglected in our analysis.
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The differential input voltage Vzr; and Vzm is actually the balance side of a BalUn
(BalUn with a centre tap) or the output terminal of a LNA ( in case, the receiver needs the
utility of a LNA). In either situation, both Vzz; and Vg, will have their own internal
impedance. For simplicity, let’s assume that they are two resistances R/ and R2 as shown

A 1 °
Ver1 Ry Lin1

0.0047

0.002

-0.002

-0.004

0.0044

=

H

:
||}—}

0.002

-0.002

-0.004

Figure 65: Square component
in Figure 65. The existence of those internal resistances complicates the analysis of the
output current. For the first section of the RF signal period as shown in Figure 65:

B

IinIZIDIZﬂ(VGSI_VTH )VDSI_?VDZSI
I
:ﬂVGTVDm_?VDZM
But Vg =Vir —VR1 :
B
Iinl = IBVGT (VRFI - VR, )_ T(VRFI - VRI)z
)] B
= _TVRZI - ﬂVRl (VGT - VRFI)_TV;FI + ﬂVGTVRFl
And Vy, =1,,R1:
I ——ﬁ(l R -pU, R ) Ve -V )—EVZ + pV oV
nl = 5 Gt in 1441 GT RF 1 5 LRI er” rF1

= |:_ gRlz}Iiil - [ﬂRl(VGT - VRFI)]‘[inl - {%szm - IBVGT VRF1:|

= l:%Rl2:|liil + [1 + IBRI(VGT - VRFI)]IIMI + l:%V;Fl - IBVGT VRF1:| = O
Solving this equation with respect to /,,, results in:
2
J = B [1 + ﬁRl (VGT B VRFl )] + \/1 B 2ﬁR1VRFl + 2IBR1VGT + (IBRlVGT) Equation 4-20

inl ﬂRlz
The same analysis will be done for 7/, , :

B
L,=1p = ﬂ(VGSZ Vi )VDSZ _?Vz)zsz

b
= ﬂ(VG - Vsz - VTH )VDS2 - ?VD2S2

B
= ﬂVGTVDsz - IBVS2VDSZ - ?VDzsz
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But V,, =V,
I,,=BV,V Vo, )V By _py_ v v By
m2—ﬂ GT DSZ_ﬂ(_ DSZ) DS2_7 DSZ_ﬂ GT DS2+ﬁ DS2_7 DS 2
A
= ﬂVGTVDSZ + 7V02s2

But Vg, = —Vies = Vi, -

[inl = ﬁVGT (_ VRFZ - VR2 )+ %(_ VRFZ - VRZ

B B
= TVRZZ - ﬂVRZ (VGT - VRF2)+ ?VRZFz - IBVGTVRFZ
And Vy, =1,,R,:
B B
[mz = T(Iianz)z - :B(Imsz)(VGT - VRF2)+ ?VRZFZ - :BVGTVRFz
B B
= [7R22 1512 - [ﬂRZ(VGT - VRFZ)]]inZ + TVR2FZ - :BVGTVRFz

A A
:>|:_7R22 Iii2+[1+ﬂR2(VGT_VRF2)]][V:2+ _TVR2F2+ﬂVGTVRF2 =0

Solving this equation with respect to 7, , results in:

[1 + :BRZ(VGT — VRFZ )]$ \/1 B 2ﬂR2VRF2 + zﬂRZVGT + (:BRzVGT )2 Equation 4-21

in2 IBRZZ
Finally, the output current becomes:
]out = 1[r11 - [in2
- _ [1 + ﬂRl(VGT — VRFI)]+ \/1 — 2ﬂR1VRF1 + zﬂRlVGT + (ﬂRlVGT )2
BR?
_ [1 + ﬁR2(VGT — Ve 2)]_ \/1 —2BR,)V s + 2RV + (ﬂRZVGT )2
BR;

To have a simple expression, let’s assume that R, = R, = Rgand V., = =V, then the
output current is:
=2 2Ry V2R iy + 2R+ ARV 1+ 2R s + 2B+ BRI r ] ion 4.2

I out — mz
S

The same analysis and results hold for the second section of the RF signal period. Maple’
program has been used to compute the limiting value of 7,,; as Rs approaches zero:

. 5 .
lim Rs—0 (I out ) = _ﬂ VRFI Equation 4-23

As expected that the result is equal to Equation 4-18. Although this may be an indication
that Equation 4-22 is correct, but it is difficult to recognize how the output current is still
a square function of Vgg;. Taking the Taylor expansion for the square roots in Equation
4-22 shows the following result (See Appendix 5 for the derivation):

s >

1 ot — V Equation 4-24
t (1 + PRV )3 o !

? Maple is a software for exploring and applying mathematics
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Comparing Equation 4-24 to Equation 4-18, shows that the existence of Ry will reduce
the output current of the Square component by factor of (l+ PRV 1 )3. In fact, the

existence of Rg will also bring Vgr to the picture, where small Vgr increases the
transconductance. To plot this equation, let’s take the following example:

Transistor :0.35 gm with z,C,, =178.65 uA/V? Veer Vw2
W =75 umand L =0.35 gm = =383 mA/V’ e
Ry =35Q,V, =1V, oy "
Vie1 = 5x10° sin(2afyt), where fop =24GHz = 4
The output current is plotted in Figure 66. - o - s
Obviously, the shown output current is a square e
function of the input signal:
Input voltage signal = Asin(@,,?) “seard
2
=1, o ( A sin(a)RFt))2 - A_(l _ cos(2a)RFt)) Figure 66: The output current of the
2 Square component (Theory)

The peak value of the output current is 289 nA.

Cadence/SpectraRF has been used to verify our theory, where Model 11 of a 0.35 pm
transistor with a gate oxide thickness equal to 6.5 nm have been used to build the Square
component. The same values of the previous example have been used in our simulation
circuit. The simulation results are depicted in Figure 67. As you can observe that the peak
value of the output current is 321.64 nA, which is almost equal to our theory result.

Figure 67: The output current of the Square component (Cadence simulation)
The simulation plot shows a high performance with respect to unwanted spectral
components of the Squarer. To check this point in an accurate way, the Discreet Fourier
Transform (DFT) of the output current has been plotted in Figure 68. It shows that the
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Figure 68: The frequency spectrum of the output current (Cadence simulation)
ratio between the desired and undesired signal is approximately 80 dB.
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Hence, the Square component achieves a high performance and consumes almost zero
power. Actually, there is a very small DC leakage current that is supplied from V. The
leakage current crosses the gate oxide and flows towards the drain and the source of the
transistors. This current limits the sensitivity of our component to process small input
signals and its value depends on the gate oxide thickness and the gate-voltage. Hence,
increasing the gate oxide thickness will increase the sensitivity. In the simulation of our
previous example (gate oxide thickness is equal to 6.5 nm), the smallest input signal is
around 100 pV that the Square component can still process without having distortions
from this leakage current. The simulation also shows that decreasing the thickness to 2
nm will reduce the sensitivity to 500 uV and the leakage current is around 200 pA
(Cadence simulation).

Optimum W to Maximizing the output current

Let’s now investigate the optimum transistor’s width (/) to maximize the output current
for a specific Rs value, hence maximizing the conversion gain. Optimizing the
transistor’s width i1s the same as optimizing f, because f is a function of W
(f=uC, W/L). The optimization procedure begins with differentiating the output

current (see Equation 4-24) with respect to § and equating the result to zero:
dl

—d;” =0  From this equation the optimum £ is derived:
= 5 I 1 Equation 4-25
L= o = quation 4-
Tout 2 RS VGT Lout C

2R 'unLiOX Vor

Substituting Equation 4-25 in Equation 4-24 gives:
4 1 2

out —maxmimu RF1
27 RV,

The derivation of Equation 4-25 has been done with the Maple program. For our previous
example, the optimum W must be 76.2 pum for Ry = 35 Q as shown in Figure 69. This
result is verified with the cadence simulation as depicted in Figure 70. Ho(1,.,) is the DC
component of the simulated output current, which is half of /,,. The dependency of 7,
on f in the numerator and denominator of Equation 4-24 is also proved by observing
Figure 70. Thus, our theory predicts the optimum W accurately.

W] = H (L) (03]

Equation 4-26

el del  GedS  BedS 00001 0DOM0NZ 000014 000016 000018 00003

Towt 4]

3007 (76 2 pm, 250nA)

Figure 69: The optimum W to maximize I, Figure 70: The optimum W to maximize I,
(Theory) (Cadence)
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Noise Figure calculations
After investigating the optimum W to maximize the output current for a specific Rg, the
next interesting investigation is to derive the optimum W to minimize the noise figure for
a specific Rs. The physical meaning of the Noise Figure (NF) is a measure of how much
the Signal to Noise Ratio (SNR) degrades as the signal passes through a component:

SNR,

F=—" Equation 4-27
SNR

As you know that our MOSFET transistors operate as resistor (R,,) in the triode region:
1 1

. IB VGS ﬁ VGT
Thus, the transistors can be replaced by R,, as shown in Figure 71. Consequently, there

out

Equation 4-28

are four resistors, which means four sources of thermal noise, where Vj, =4kTR, and

V2 =4kTR,,:

v T Ve
Rt Lin1 Ry =Rg
— e O Sm—
0.002 - "'ml 2 Ron
trs 4 v
o RClll
1e10 26’1 32710 1
-0.002
-0.0047 Toue
0.004] ‘RFZ =
0.002
trs —
0 16710 2670 36710 2871 5
-0.002 Vinz Viton Ron
-0.0044 7"7 — —
I = .
in2 Ry = Rg -
-1 v,

Figure 71: Square component including the noise sources
In our previous analysis it is shown that for each half of the RF signal period, only one of
the transistors will operate to deliver the desired output current. This means that:

» R, .
Vipy —— 5 Equation 4-29
SNR, = —o R _ Ve
mn _2 R 2
on VRS‘
"R, +R ‘
However both top and bottom branch contribute noise to the output signal /,,,:
2 2
SNR = Lo = Lo Equation 4-30

(Rl + Ron )2 (RZ + Ron )2 (RS + Ron )2

Substituting Equation 4-29 and Equation 4-30 in Equation 4-27 results in:

2
VRF 1
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2 L 12 2
NF = Vipl 2[ VRS + VRan \J 1 — 2( VRFIJ RS +Ran

VR2$ (RS + Ron )2 E ]OM RS (RS + Ron )2
2
2
-9 Viri 1 -9 Vir 1
Iout RS (RS + Rtm) — ﬂ V2 RS (RS + Ron )
(1+ ﬂRSVGT )3 o
6
=2 (1 * PRV ey ) ! Equation 4-31

(ﬂ VRFI )2 RS (RS + Ron )

MF [dB]

( SmVv, S5.1 dB )

Equation 4-31 indicates an inverse relation between

NF and Vzr; as shown in Figure 72. This is really \\\\ Comv. 322 am)
different than the conventional form of the NF for 5
different types of components like amplifiers, where =

the NF only depends on the internal elements like — =~ =% =8 " o o
gm and internal resistances. Figure 72: NF vs Vgg

To verify our analysis, the circuit shown in Figure 73 has been used, where
Ver = Vi1 —Vars - The combination of an ideal transformer, 2Rs and Vgr in Figure 73

replaces the combination of Ry, R, Vrr; and Vgg> in Figure 71.
v
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Figure 73: The used schematic to simulate the NF in cadence
This ideal transformer does not contribute any noise to our circuit. The results of the
simulation are shown in Figure 74, where the inverse relation between the NF and Vzp; is
very clear.

| for WRF= 1 rv “ ME for VEF =10 mv

10l 102 10% 104 10% 10" 107 10® 102 1olc
aq (Hz)

Figure 74: Cadence simulation results

[48]



The measured points in Figure 74 are at 2 MHz, which is equal to the offset frequency
Aw, where our desired signal with bandwidth equal to 2B (B = 1 MHz) exists as
mentioned at the end of Chapter 3. You can also observe the 1/f noise, for which its
corner frequency increases with increasing Vgzr;. For our system, there is no need to be
worry strongly about the 1/f noise because its boundary is much smaller than the region
where the desired signal exists. In Table 3, a comparison between our theory and the
simulation results for different V’zr has been shown:

NF [dB]
VRF [mV] Theory Simulation
0.1 95.1 94.85
1 75.1 74.85
10 55.1 54.89
100 35.1 35.33

Table 3 NF comparison between the theory and the cadence simulation
Observing Equation 4-31 and Equation 2-24 shows that minimizing Vgr will improve
both NF and the conversion gain of our Square component.

Optimum W to minimizing the NF

Now that we are confident about the NF equation, it is important to investigate the
optimum W for a specific Rg to minimize the NF. The optimization procedure again
begins with differentiating NF (see Equation 4-31) with respect to f and equating the
result to zero:

aNE 0 From this equation the optimum £ is derived: £, !

dp T 4RV,

1
= Wypmin = uc,. Equation 4-33
4RS nLOX VGT

Equation 4-32

Which also means Ry, = 4Rs. Substituting Equation 4-32 in Equation 4-31 gives:

- :2(l+ﬂRSVGT)6 1 5 (1+1/4) 1
minimum 2 2
(ﬂ Viri ) Ry (RS +R,, ) 1 e SRA%
4RV
6 2 2
2 5 V V
= —16(—) [iJ = 24.4(ij Equation 4-34

5 4 Viri Ve

The derivation of Equation 4-32 has been done with the Maple program. For our example
of page 45, the optimum W must be NF L)

38.1 um for Ry = 35 Q as shown in 84
Figure 75. Equation 4-34 says that 52

once the matching condition for 50
minimizing NF is satisfied then =
NFminimum only depends on Vgr and = _
VrEl. ] (38.1 um, 54.2 dB ) i

52

50

|
W [m] 16’05  Z2e053e05 5005 Be05 283

Figure 75: The optimum W to maximize NF (Theory)
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Now, the question is: which optimum W is the best choice for our design? As you can
observe in Figure 76, for W =W,, . the output current will be reduced by more than

min

13% compared to the output current forW =W, . . On the other hand as shown in

Lt Max

Figure 77, choosing W =W,  increases the NF by less than 2%. Thus, the best choice

ut Max

m
2e05 Se-05 Je-3 283

i

! 644

i
-Se03 W ooptinum g2

for max Iout
|

-1e-07 3 [=1)
W ooptim
for min NF 554
-1.5e07

i

]

i

i

i

i B61
; """"""""""""""""""""""" ¥ (76.2um. 53.2 dB )
i

]

]

]

54 : !
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Figure 76: I,,, Comparison to choose W Figure 77: NF Comparison to choose W

The Squarer based on triode transistors still needs an extra component as shown in Figure
78, because of the following reasons:

= The output terminal of the Squarer component needs to be a virtual ground. If this
condition is not satisfied and there is some resistance at the output gate, then there
will be a voltage drop across this resistance. As a consequence, the voltage drop
across Rg and the transistor will decrease, hence /,,; decreases.

» The next block in the Front End chain is a Switch Mixer with a voltage as input
signal. Therefore, the Square component needs an IV converter so that the desired
information which is in /,,, can be further processed.

* As you know that the transconductance of the Squarer component is GT = 1,,/Vi.
The existence of the IV converter will increase the gain of the whole Square block
by factor OfR[VZ AVSQ_IV = Iom R]V /Vm

”

v, . —_—]
RF1 y Iim Ry=Rg Vint

—

'\"so-n'
NI*:SQ_“_

Figure 78: Square Block
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The whole combination of the Square component and the IV converter will be called The
Squarer Block. Before using the specifications of the Squarer Block in the mentioned
mapping procedure, it is necessary to see the effect of adding the IV converter on the NF’
of the Squarer component (NFsp). In Figure 79, the expected noise sources inside our

block are plotted. V7’

n—OpAmp

is the noise of the operation amplifier. Its value depends

inversely on the transconductance (g,,) of its input transistors. A typical value for V,
is around 1nV/\Hz.

\er llﬂl l{l=]‘s \‘lnl

—OpAmp

il =" R
w10 Zo E? i Ron
% /
e ; Lo
) — =] Vin (——

Vir e . -

(PXT E] "_l_'
0,00 Rou Ry
2.004 Y >

AVgaov
N I“‘?\O -

Figure 79: Square component with the IV converter
The input signal to noise ratio is equal to that SNR;, of Equation 4-29:

2 Ron
Vi LR 0
SNR. = on S — Rl Equation 4-35
in —2 Ron VRZ
N Ran + RS 5
The output noise is the supper position of the all noise sources referred to output:
2
SNR out — — — &uz‘RIV)
VR2 + VR2 VR22 + VRZ : .2 .2 | 2R ’
1 0"2 + 0”2 RIV + VR , + anop T
(Rl + Ron ) (RZ + Ron ) " RS + Ran
I,R, )
= V_2 V_2 ( o IV) 2 Equation 4-36
+ — 77— 2R
P Ry Rw |R2 4 V2 +p? w
{(RS + R(m )2} w Ry, n—OpAmp RS + Ron
Then:
2 1,2 2
Ve +Vy — 2R
2 & ROHZ R[2 14 + I/R2 + Vnz—OpAmp T
V2 (RS + Ron ) " RS + Ron
_ __RF1
NF, so-1v T 5 B
VRS (]outRlV )
The NF equation has been processed in Appendix 6 to produce the following result:
- 2
R, v —OpAmp Ry
Equation 4-37
9 R 1 Ve (Rs
NFgy jp =NFgy + ——35—+—— %
16 Avyg 4 Av s

where NFsg 1s the NF of the Squarer component.
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The NF equation can further be simplified to the basic parameters (see Appendix 6):

NF — (1 + ﬂRS VGT )6 1 %L + 1 + i I/112—0_[71417117 L
o ﬂ2 VR2F'1 3 RSZ' RSRIV 9 VR2 R;
R

But: SRV, = R—S = 212 =0.5 — optimum W to maximize L,y.
on S
1
RonVGT 2RSVGT

6 2
NFy ) - (1+0.5) 2( 1 jz 1,1 +§K1ﬁ_pAmpL2
( 1 j VRFl 3 R RyR,, 9 VRZS R

2RV o

81V V|3, 9R Vioum ,
4 VRF1 2 4 R, VRZS Equation 4-38

The 1* term in Equation 4-38 is the NFsp. Despite that the existence of the IV converter
will increase NFsp by two extra terms, however the 2" term can still be reduced by
increasing R;y and the 3™ term can only be reduced by designing operation amplifier (Op
Amp) with very low noise figure, but of course this must not cost high power
consumption inside the Op Amp. Finally, you can observe that decreasing Vg7 helps to
improve NF and Avsp.ry.

And: g =

Conclusion:
= The optimum W for of Square component transistors is
W ppiimum = W1 max =1/ [2RS @VGTJ . This condition gives: R,,=2Rs
* The gain of the Square block is (See Appendix 7 for the derivation):
Avgy = [0”;/ Ry = % BR,, Ve Equation 4-39

m

» The Square block also has a high NF, which inversely depends on the input

signal:

2

NFg, = 81[ Var j 3 9 Rs +@ Equation 4-40
4\ Viry 2 4 R, VRZS

»  Decreasing Vgr helps to improves NF and the voltage gain of the Square block.

[52]



4.3 Mapping system requirement to block requirements

As calculated previously , the Front End section requires to have Grg = 42.5 dB and NF g
= 20.5 dB for a distance range (d) between I/m to 25m. The Squarer block has a very
large NF. Consequently, it is necessary to utilize an LNA in our receiver as shown in

Front End
S0 p(t) v(t)
Baseband
RSV
NFe g
Geg

Figure 80: Receiver of the Noise Modulation
Figure 80. A powerful tool used to illustrate the effect of each stage in a cascade upon
the signal and noise is the “level diagram” as shown in Table 4. Using the excel sheet is
the easiest way to apply the level diagram (See Appendix 9). Note that in addition to the
parameters of each stage, inter stage quantities are indicated so as to represent the levels
at the interface between consecutive stages. For detailed information about building such
level diagram, we refer to Razavi [8]. In Appendix 8, a summarized version is presented

about this subject.

NIy
Gyg
500 | Fensitivie SNRynin
a 2 | b ¢ 2 1 d .| e Baseband| f o
RF Filter LNA (-)-1v Mixer Filter ADC
NF, NF, NF NE NF;
Ap, Ap, AP3 Ap, Ap5
Av Awy Avy Ay, Avy
Rﬂumum RFEin Raurl Rmz Romz RIV Rim RDIIH Rms FE out RAD(‘
in3 Rollr3
Stage Gain (dB)
Voltage : Av 4 51.4 12 -4 2
Power :Ap -2 42.3 114 -10 -4
Input resistance R;, 50 50 200 50 50 200
Ouput resistance R, 50 50 100 50 50 50
Input voltage . . .
division _ R, 0.5 ' 0.5 2/3 ' 0.5 ' 0.5 0.8
Ruut + Rin . . N -
Inter Stage Voltage i i -2 i 46 i 52 i 42 [ 42 i
Gain (V) e e s s e | e
Stage NF (dB) i 2 i 8 P 604 10 i 4 i
NF contribution of all 204 18.4 | 60.4 | 14 i 4 i 0 i
later stages (dB) : ! : : : : :

Table 4: Level diagram calculations for the Frond End with LNA

The shown parameters namely, Av, Ap and NF, for the RF Filter, Mixer and Baseband
Filter are typical values. Rggj, needs to be matched to Rapeenna, SO that no reflections occur
at Regin. On chip there is no need to match the input impedance of a stage with the output
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impedance of the preceding stage, because dimensions inside the chip is less than tenth of
A = 125 mm, which is the wave length of 2.4 GHz. R;,;3 and R, are the input and output
impedance of differential terminalsm, where R;,;; = 2 R, as mentioned previously
(Ron=2Ry5). Therefore, the input voltage division at point C is 2/3. The ADC has high
input impedance; a typical value is 200 Q. As this thesis is the early stage of designing a
complete transceiver for Noise Modulation concept, we assign 50 € as a neutral value to
the rest of input and output impedances of the blocks of our Front End. Changing those
parameters does not change the picture in a dramatic way that we need to be concern
about it. The transistor that is used to build the Squarer component is the 0.35 um CMOS

with 1 C,, =178.65 ,uA/V2 and Vg = 0.6327 V and Vs is equal to /V. What is

important to recognize, is the dependency of NF’;, Av; and Ap; on the input voltage of the
Squarer block. This puts a heavy weight on the gain of the LNA so that the required NFrg
can be achieved for d = 25m. Ry has a large impact on the Gz but it does not have a
significant effect on NFpg. With Ry =250 kQ, Rs = 50Q (R, = 1002 — Wiransisior = 33

um), Vo= InV/NHz and Av,= 51.4 dB (370 times), the following specifications can

be achieved: Grg=42 and NFpr=20.4 as shown in Table 4. Thus, very large gain is
demanded from the LNA, hence very large current consumption.

If the distance between the transmitter and the receiver decreases below 25m, then 4vsp.;
will increase, because Vzr; will increase. As a consequence of that, with fixed Av,=51.4
dB and Ry =250 kQ the signal at the input terminals of ADC (See Figure 60) will be
larger than V.., hence wasting information. Therefore our receiver needs a block to
control Ggg. This block can do that by controlling 4v; so that the LNA does not waste
extra not needed energy.

Designing a Low Noise Amplifier with a voltage gain of 5/ dB needs to use a lot of
stages, where each stage typically consumes power more than /mMWW. Decreasing the
maximum distance between the Transmitter and the receiver will increase the required
NFrg, which means that our Front End is allowed to contribute more noise to the signal.
As a consequence of that the needed LNA gain can be reduced, hence decreasing its
current consumption. Therefore it is interesting to investigate the following two points:

1. What is the relation between the distance (d) and the current consumption of the

Front End, when the LNA exist?
2. What is the situation, when the LNA is removed?

10 Rin3 =2 Ron and Rauz‘Z =2 RS
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Distance (d) vs. current consumption at the Front End

This section describes the relation between the current consumption of the Front End and
the distance (d), when a LNA is used with acceptable voltage gain 5...20dB. The LNA
and the Squarer block are the two fundamental blocks that play the major role in relation
to the Front End noise figure. Therefore the Friis equation can be simplified to just
include those two blocks as follows'":

NF, SO-1v -1 .

NFFE = NFLNA 4 Equation 4-41
P rna

NFing, Aprng and Aviny are all functions of the LNA current consumption (/;n4). The

interesting point is that NFsp.;r 1s not just a function of the Op Amp current (/pp4mp) but

also (Izn4). This is due to that Iy, controls the amount of the input voltage of the Squarer

block, hence controlling NFso.; (See Equation 4-40). Thus:

Ny 1o Topimms Tt )= NFsg iy Loy Five )1
NF, (d ) — NF. ( Ji ) 4 501V X" Opdmp> " LNA ~ 0 s0-1v \ opamp > 14
" e APy, (1 LNA ) Ap (I LNA )

The last step has been done because NF;y4 with a typical range of 2 to 6 dB is much less
than the second part.

In our derivations, some rough assumptions will be taken to present coarse estimations of
the power consumption in the OpAmp and in the LNA, as follows:

Equation 4-42

By the OpAmp, we assume that its input transistor has the major noise contribution,

therefore the relation between /o4y and V, is:

—OpAmp
4kT 21,
2 OpAm
Vn—OpAmp = and gmepAmp = V —
m _OpAmp GT _OpAmp
Therefore:
2kTV,
OpAmp — —ZGT*OpAmp Equation 4-43
Vn—OpAmp
Equation 4-43 can be further simplified if V, ., 1s replaced by its equivalent resistance
(R, _opamp )» Where VnZ—Op amp = 46TR, ., - Then:
VGT OpAm
1 OpAmp — 2R — Equation 4-44
n—OpAmp
Replacing V, ,,,, With R, , . allows to present Equation 4-40 in easier way:

2 —
R
NFso 1y :g(hj §+2£+M}

4\ Ve ) |2 4R, Ry
‘I3 R
~ E(hj i + n—OpAmp :| Equation 4-45
4 VRFI L 2 RS

The last step has been done because with Ry =250 kQ and Ry = 50€, the ratio of Ry/R;y
can be neglected.

" The NF parameters in Friis equation is not in dB.
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For the LNA, we assume that its input transistor has a major influence on the voltage gain
as follows:

21,
Av g = &, va X R,y and Em na =7,
Ver i
Therefore:
2R
Avyy, = AT Equation 4-46
GT _LNA

In Appendix 10, Equation 4-4, Equation 4-45, Equation 4-43 and Equation 4-46 have
been used in Equation 4-42 to derive the following equation:

2n

d=|51x10° 2 PT2 1 2NA Equation 4-47
KTBxSNR., Vor | | 2x107
+

OpAmp

For: A1 =125mm, B=1MHz,V_, =67mV and SNR . =13.8 >11.4dB:

6
2714
PTILNA

d=1910x —
2x10
+7

Equation 4-48

OpAmp

Plotting Equation 4-48 for Pr = I mW:
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Figure 81: d vs. current consumptions, /,,, and /,
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As example, let’s assume that the current consumption of both LNA and the Op Amp is
2.5 mA (See Figure 82 and Figure 83). Then by fixing I;na and increasing lopamp With 1
mA, the distance can just be increased by 2.3%, while fixing Iopamp and increasing Ijna
with 1 mA, the distance can be increased by 25.2%, hence approximately 10 times than
the previous situation.

35 T T 32 T

T RN

' H ooz |
L 0n0s | L IR S
) Vvizzes [y

Increasing percent of distance %
Increasing percent of distance %

0s i i
2

25 3 3.‘5 :‘1 4.‘5 5 122 2.‘5 3‘ 3‘5 :‘1 4.‘5 5
10pAmp (M) ILNGA, ()
Figure 82: Increase in radio range for ImA Figure 83: Increase in radio range for 1ImA
additional current of Io,smp, €xpressed as a additional current of I, 5, expressed as a

percentage of the range for the original current.  percentage of the range for the original current.

Conclusion:
It is more efficient to increase the current consumption of the LNA than increasing the
current consumption of the Op Amp.
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Removing the LNA from the Front End

In the situation when the LNA is removed, the Transmitted power must be increased in
order to increase the reachable distance between the Transmitter and the Receiver. This is
because by increasing Pr, the needed NFy increases and also the NF' of the Squarer block
decreases. Vgr is another important factor in reducing NFsp.;y as mentioned previously.
By reducing Vg7 and increasing Py, the reachable distance (d) can be increased as shown

in Figure 84 . For this figure, the current consumption of the Op Amp is 2.3 mA.

24
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8
16

12
1o

PT (dBm)

LR N R =

12
14

Transmitted power vs. Distance for different values of VGT

//
=

——WGT =367 mv

—=—VGT = 267 mv
VGT =167 my
VGET =87 my

——WGET =17 mv

Distance (m)

If the current consumption of the Op Amp is reduced then the transmitted power must be

Figure 84: Transmitted power vs. Distance (d) for different Vgr

increased as shown in Figure 85. For this figure Vgr =17 mV.

PT (dBm)

I~

Tranemitted power vs. Op Amp current consumption for distances 2.5m and 5m

50 75 100 125 150 =0 S00 =
Op Amp cUFrent consumption [UA}

Figure 85: Transmitted power vs. Ippamp for distances 2.5m and S m
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Chapter 5 Conclusions

The goal of our project was to build a low power sensor network for low throughput
applications. Accordingly, the transmitter of the reporting node needs to be ON just for
low “duty cycle”, while the receiver of the listening node requires being ON most of the
time. This is because the listening node does not know when a message will be sent.
Thus, the power consumption at the receiver has been our major concern in this project.

In Noise Modulation systems, the information data is spread by a reference signal, which
is a broadband noise signal with bandwidth of 100 MHz around 2.4 GHz (ISM frequency
band). The modulated data is transmitted together with the reference signal on the same
band, therefore there is no need to regenerate and synchronize the phase of the reference
signal at the receiver. This attractive property gives the motivation to utilize the Noise
Modulation in building low power receivers in CMOS technology.

To gain an intuitive understanding about the transceiver operation, a time analysis of the
signal processing was presented. Based on this time analysis, the following design
choices have been made and a Simulink model has verified our understanding:

1. The ratio between 4w and the bit rate (R,) must be integer to maximize the
communication performance, BER.

2. Three linear multipliers are replaced by Switch Mixers: Switch mixers are
preferable to linear multipliers because mixers have higher gain and lower noise
contribution.

3. The I&D filter is in fact the matching filter for our system and can be replaced by
a low pass filter + sampling at the proper times (determination of this proper
sampling is done in the digital domain).

4. The 4™ linear multiplier is replaced by a Squarer block.

After finishing the design choices at the system level for our transceiver, we moved our
concern to the receiver design with the emphasis on low power consumption. First, we
calculated the link budget requirements, NFrz = 20.5 dB and Ggz = 42.5 dB, which is
needed to achieve a distance between the Transmitter and the Receiver of approximately
Im to 25m. Then those requirements needed to be mapped to the block specifications at
the Receiver. The most critical receiver block was the squarer performing the correlation.
The main criteria to design this block was low power consumption and high functionality
(correlation). According to those criteria, CMOS that works in the linear (Triode) region
is the optimum choice. A differential CMOS structure was designed to remove the
unwanted distortions from the output terminals. However, the output terminal needed to
see a (virtual) ground. Consequently, an IV converter is used. The IV converter contains
an Operation Amplifier that contributes noise to the whole Squarer block. The amount of
the noise contribution depends inversely with the current consumption of this Operation
Amplifier, Iopamp = 0.5 mA = ANF = 7 dB and Iopamp = 2 mA > ANF = 3 dB. Finally,
the voltage gain and the noise figure of the whole Squarer block were derived. The NF of
this block depends inversely on the square of its input signal. For an input voltage of 3.5
mV a NF = 60 dB is found at Ippamp = 2.3 mA.
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With such NF performance, the receiver definitely needs a LNA to achieve a sensitivity
for d=25 m. Such LNA must provide a voltage gain of around 50 dB (370 times), which
means very large current consumption, 10...20 mA. Therefore, we had to review the
important parameters in our system. The mentioned dependency brought our attention to
the following parameters:

1. d: distance between the Transmitter and the Receiver.

2. Pq: the transmitted power.

3. Avina: Voltage gain of the LNA which depends on its current consumption Iy na.

4 ‘/n2 OpAmp *

current consumption IopAmp

5. Vgr: the derive voltage of the differential transistors of the Squarer block.

The last two parameters can help in decreasing the noise figure of the Squarer block.

: the noise contribution of the Operation Amplifier, which depends on its

Based on the effect of those parameters on the noise figure of our Front End, Two
important points were investigated:
1. What is the situation, when the LNA is removed?
Result: Even by decreasing Vgr to 17 mV, Pr still must be larger than 8§ dBm (6
mW) to achieve a distance of Sm.
2. What is the relation between the distance (d) and the current consumption at the
Front End, when the LNA exist?
Result: This relation shows that it is much more efficient to increase the current
consumption of the LNA than to increase the current consumption of the Op
Amp. This is due to the fact that increasing the current consumption of the LNA
increases the voltage gain of the LNA as well as it reduces the noise figure of the
Squarer block in an efficient way. Increasing Pr helps to decrease the current
consumption of LNA.

In conclusion: It is clear that in order to achieve a low power receiver, where the power
consumption of the Op Amp must be less than 100 pA, then the LNA must be removed.
This puts a heavy weight on the transmitted power Pr. Increasing the current
consumption of the OP Amp does not help that much in reducing Pr:

D=25m D=5m
Py (dBm) Topamp (MA) Pr (dBm) Lopamp (MA)
5 100 14 100
5 75 14 75
6 50 15 50
8 25 17 25
10 10 19 10

Table 5: Transmitted power vs. IOpAmp for distances 2.5m and 5 m
Therefore, in order to reduce the current consumption of the receiver below 100 pA the
transmitted power must be higher than 14 dB to achieve a radio range of Sm. Decreasing
the radio range to 2.5m relaxes the Pr.
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Appendixes:

1. The power spectral density of St,(t)

In order to calculate the power spectral density of Stx(t), its autocorrelation must be
calculated first (the derivation is done for Figure 6. The role of block C will be explained
later):

E[Sy ()% Sy (t + )] = E[(S, oo (0)+ Sy ()} % (S,up(t + 7)+ Sy £+ )]
= E[{X  (O)x X (0)+ C*mx X, (¢)}
X 42D XIS (4 )4 CEm X, 4
= E[Xref (t)x Xref(t + z-)]x E[cos(Aa) t+ ¢)c0s(Aa) (t + r)+ ¢)]
Ry (0157)
+Cxmx E[X (t)X . (t +7)]x E[cos(Awt + ¢)]
+ Cxmx ELX ()X . (t + )% E[cos(Ao (1 + )+ 6]

=0

+C*xm?x E[Xref(t)Xref (t + z')]

= % Ry x, (t,t + T)cos(Aa) z') +C’m’°R XX, (t,t + 2')

But: Ry (t,t + T) =Ry x, (T), because X, is a wide stationary processand m” =1:

1
E[STX (t)x St (t + T)] = CZRX,efXW/ (T)"' ERXW/X,(,/ (T)COS(ACO 7)
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2. Simulink Model for the Noise Modulation

The reason to build a Simulink model for the baseband Noise Modulation is to verify our
expectations about the signal processing of our system. Figure 86 illustrates the
simulation model structure. The information signal m(?) is generated at the output of the
Unipolar to Bipolar Converter block. A noise samples with a length of 7;/Ts , where T is
the sampling frequency, are generated in the workspace and let’s call it X.pi Its
bandwidth has been fixed to be equal to By = 50 MHz. The reference signal X,.(?) is
made to be a repetitive source of X,.p;.. The reason behind building X,.4?) in that way is to
hold the energy bit (£5) constant for each bit so that AWGN block will just control the
amount of the channel noise contribution (Np) in the E»/No parameter. The Sine Wave
block, which applies the frequency offset 4w to the system, is connected to both the
multiplier in the transmitter and the receiver. In that way, the phase synchronization has
been satisfied. The combination of the Integrate and Dump (I&D) block, the Discrete
Pulse Generator (DPG) block and the Sample (S/H) and Hold block presents the
integrator (baseband filter) of Figure 20. The output signal of S/H block is then sent to the
IF block to be compared to the threshold of aero, and the receiver chooses bit 1 or 0
accordingly. The values of the Transmitted block and the Received block are put into and
compared by the Error Rate Calculation block. The Bit Error Rate (BER) of the
transmission system will then be calculated and shown in the Display block.

MMMMM |2 _p SRx—Shn&(t)

Sas) 5
{_’_, ' i

Transmitter Channel Receiver

Urer_Dats | T 0957457457 18503
I
E

Emor R
et )
.

ccccccccccc

Figure 86: Baseband Noise Modulation Simulink Model
Matlab has a handy tool called “bertool”. This tool sweeps E»/Np for a range that we can
specify it and record BER for each E,/No. Then, it automatically produces the plot of
BER vs. E/Np. As an example:

6
PG =10log 2x | =1010g 210" | 17 48
B 1x

And Aw=2MHz
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In Figure 87, you can observe that the results of our Simulink Model coincide
approximately with the analytical work of Shang.

w1 T ]
— BER: Shang analytical results | |
o BER: Simulation results -]
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Figure 87: Comparing between the simulation results and the analytical work of Shang
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3. Fourier series of a square signal

The Fourier series of the square wave (See Figure 88) is given in Equation 0-1.

+ASquar@
tis
- ASquar@ -
» 1/ A -
Figure 88: Square signal
= 44 3 T
ZM xcos| nAwt—n—=| Whenn =odd number Equation 0-1
XAa)(t): n=1 nw 2

0 When n =odd number
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4. Bulk effect derivation of the Square component
1, = |:ﬁVGTVRF1 g VR2Fl:| - |:ﬁVGT (_ VRFZ)_ EVRze + ﬂVR21’2:|

| OV W =B | B0 N V) B
= ﬂ(VG =~ Voo )VRFI + ﬂ(VG ~Vn, )(Vsz)_ ﬂVR2F2
But: Vipy = Vg
Lo = BV =V Warr = B =V )V ar = BV g
= =PV Verr + BV Varr = ﬁVRZFI
= =BV Verr + BV iV ar1r = BV e

Therefore:
L ==BViyoViri + IB(VThO + 7(\/|2CD + VSBZ \/|2CDF|»VRF1 - ﬂVRZFI
kT . [N,
Where @, = p —In ( n’b] [V] N,,, : Dopping concentration of the substrate
y : body effect coefficient [\/V ]
But: V, =Vim

= =BV Ve +ﬁ( Vo +7(\/|2(DF +VRF2|_\/|2(D |» Ve :BVRZFl
= By (\/|2CDF _VRF1| _\/|2(DF|)VRF1 _ﬂVRzFl

= ﬂ7\/|2q)p - VRF1|VRF1 _ﬁ7\/|2q)p Vieer — ﬂVRzFl

As you know that the Taylor expansion of a square root at x =0 is:

\/1+x=1+lx—lx2+ ......
2 8
But: 2(1) F > VRFI

Therefore:
L =By 2O p = Vi Vipy = By 2O Vi, — ﬁVRZFl

14
:ﬂ7\/2®F 1+(_2g1J re1 — BY FVRFl_ﬂVRZFI
i v, \
= Pr20, [14——[—2(1;%)—%(—2:;%J } w1~ Py e Ve = BV e
F

1 1 2 1 1 2
=By 29 Vi) — = By — Vier = < By ——= RFl o4 Vet — BV ar1
2 20, 8 I( )3

/4 1 3
ﬁ( + 2(1) J RF1 ﬂ?’ /—(2 F)3 RF1

Squarc current Bulf effect current distortion
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S. Taylor expansion of I,

In the equation of the output current, there are two square roots:

-2- 2ﬂRSVGT + \/1 - 2ﬂRSVRF1 + 2ﬂRSVGT + (IBRSVGT )2 + \/1 + 2IBRSVRF1 + 2IBRSVGT + (ﬂRSVGT )2

out

As you know that the Taylor expansion of a square root at x = 0 is:

V1+x :1+%x—éx2 +ot

Therefore:

BR;

\/1 = 2RV +2BRV o + (ﬂRSVGT )2 = \/

And:

Constant

= \/1 +2RVr + (ﬁRSVGT )2 1+ 1[

—28R.V
14+ 28RV oy +(BRV ¢, ) \/1 + S”RE1
1 + 2ﬂRSVGT + (ﬁRSVGT )2

B Z/BRS VRFI

= \/1 +2PR Ve + (ﬁRSVGT )2 1 _l(

2 1+ 2ﬁ]eSI/GT + (ﬁRSVGT

2R3V ki

1
)2 ] B 8(1 + 2ﬂRSVGT + (ﬂRSVGT )2

2
- 2ﬂRS VRFI J

2RV g

21+ 2RV, + (ﬂRs Vir

\/ 1+ 2ﬂRs Ve + 2ﬂRSVGT + (ﬂRs Ver )2 = \/

Then:

=1+28R Y,

1+ 2ﬂRSVGT + (ﬂRSVGT )2 \/1

zﬂR VRFI

Constant

= U 2R Y, +(BRV gy ) | 14 [

1+ 28RV r + (BRV 47 )

2RV e

1 2
)ZJ_8(1+2/3RSVGT +(ﬂRSVGT)2J

+(BR Y, )

201+ 28RV + ﬂR VGT

2
2
1+ 28RV + (BRV ) J

1 [ 2RV ir
8

- 1 2RV
21+ 2RV o +(BRV o)

i)
i)

\/1 - ZﬂRS I/RFl + 2IB]{S‘I/GT + (IBRSVGT )2 + \/1 + 2ﬂRS I/RFl + 2ﬂRSVGT + (ﬂRSVGT)2

Filling this result in I,y results:

—2—2BRV o + Al + 28RV o + (BRV oy V| 2 - (

1

= \/ 14+20RV ;r + (ﬂRS Vor )2

1

2
1 2RV ki
8\ 1+ 28RV, + (ﬂRs Ver )2

2
2 _1 2ﬂRSI/RF1
4\ 14+28R V., +(BRV |

2RV i

4

1+ 2ﬂRSVGT + (ﬂRSVGT )ZJ ]

BR

~2- 2RV + 241+ 28RV, + BRIV )

B

2
VRF 1

BR

—2—2,BRSVGT+2W_ B

(1 +2BR Vi + (IBRSVGT )2)%

-7y
L+ SRV 61 )

— ((1 + ﬂRSVGT )2)E

2
3 VRFI
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6. NF derivation for the Squarer Block

ViV 2R, )
2 —— RIZV +VRZI , V2 — v
2 | L (Rg+R, ) Ry+R,
NF = £
0s-1v 2
Ve (L Ry )
72 2 2
_ VRZFI 1 Ve, *Vr, R2 4 Lrrl Vari 1 p2 4 lee Viri 1 2 ( 2R, J
2 2 v 0 Ry, 2 n—Op
VRS (I outR ) (RS +Ron) VRS (I outR ) VRS (I outR ) RS + Ran
2 BT 2
_ (VRFIJ 1 + 1 ﬁ 1 Vnz;Op [ Ry J
Iout RS (RS + Ron) (IoutR j RS (IoutR JZ VRZS RS + Ron
VRFl VRFl

From here, we can go in two ways with NF derivation. The firs one is to highlight the
effect of Avsp.;y and NFsp on the total NF of the whole Square block:

2 T 2
v
NFQS—IV — 2( VRF]] 1 + 1 : RIV +4 1 : n-Op ( RIV J
Iout RS (RS + Ron ) (loutR J RS (loutR j VRZS RS + Ran
VRFI VRFI

2 P 2
— 2 VRFI 1 + 1 RIV + 4 1 V RIV
[out RS (RS + Ron ) ? RS ? R2 R + R(m
IoutRlV IautRlV
VRF VRF
2 2
2 2
VRFI 1 + 1 V44 1 Vn Op RIV
Iout RS (RS + Ran ) ? RS ’ VRZS R + R
IautRlV IautRlV
1 R, +R 1, R +R,
2 in Ron 2 in R,m
But R, is equal to 2R
2 P 2
— 2( RFIJ 1 + 1 Ru/ + 1 Vn Op (RIV J
[out RS (RS + Ron ) 2 IautR g RS 2 IoutR VRZY RS
Vi 3 Vi

2 2

R, anop (R”’j
ve R
= NFQS + — 0 Rs L 7k, > a
16 AvQS w4 AvQS W
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The second one is to highlight the effect of fundamental parameters, namely
B, Ry, Ry, Ver, Ve and V.2, on the total NF of the whole Square block:

2 2 2
V.
NFQS—IV — 2( VRFl j 1 + 1 : R]V +4 1 : LZOp [ RIV J
I RS (RS + Ron) (IOUZRIV J RS (loutRlV ) VRS RS + Ron

out
VRF 1 VRF 1

But R isequal to 2R

2 2 2T
_2[ Va1 L_,_ Viri 1 +i Ve Vn;op 1
3U1 R§ 1 RgR, 9\ 1 VR2 RS2

out out out

2 2 2 5
_z((leSVGTY ! jL{(HﬂRSVGTY ! J ! +ﬂ((l+ﬂRSVGT)3 ! j View 1
ﬂ VRF 1 RSZ‘ ﬂ VRF 1 RSRIV 9 IB VRF 1 V]gzy RSZ‘

zg(1+ﬁRSVGT)1[ 1 j+(l+ﬂRSVGT)6 ! [ ! }ﬂ(uﬁRSVGT)G[ 1 JV_L
VRZF 1 ﬂ ? RSR[V VR2F1 9 ﬁ ? VRZFI VRzS R;

3 B R
(1+ﬁRSVGT)6[ 1 ]2L+ L 4Vl 1
ﬁl VR2F1 3 R; RSRIV 9 VRZS R52‘
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7. Voltage gain derivation for the Squarer Block

IR, p 1 5
Av = —ou = R,V
SQ-1v Vin (1+ﬂR VGT )3 RFI ( j[l RS j3 ﬂ 1w " RF1
+ 9
R
1 3 8
= 3 IB w RzFl = 4 27 ﬂRlV VRFl = ﬂRlV VRFl

)
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8. Sensitivity equation vs. Friis NF equation

In this Appendix, the sensitivity and the Friis equations will be explored to show the
relation between the sensitivity of an RF receiver and its block specifications. This way
of understanding has been applied in our level diagram in Chapter 4.

The NF of the Front End is:

SNRln Rzg /PRantenna

SNRout SNRout
Where P, denotes the input signal power measured at R, and P,

sig Rantenna

NF,, = Equation 0-2

1s the source

resistance noise power measured on R,,. , both per unit bandwidth. It follows that:
P, =P .NF,; .SNRout

sig Rantenna
The overall signal power is distributed across the channel bandwidth, B, the two side of
the equation above must be integrated over the bandwidth to obtain the total mean square
power. Thus: NFE,,.

Psigm = P pionma-NF g SNRout.B Py ensitivity SNR ymin
This equation equation predicts the
sensitivity as the minimum input
signal that yields value for the output “ " 4] r
SNR. Changing the notation slightly
and expressing the quantities in dB
or dBm, we have:

50 0]

Ryr, Rabnc
Ranten.ua RFE in

Figure 89: Receiver diagram (Top view)

+10log(B) Equation 0-3

+NF| . +SNR

Wehe P, . is the minimum input level that achieves SNR

l}’l min

in,min dBm — * Rantenna min

dBm/ Hz dBm

.. and does not depend on the
gain of the system. Thus, NF,, of Equation 0-3 has a reference at point d (see Figure 89).
Now, let’s assume that the Frond End consists of three blocks as shown in Figure 90.

NFFE
500 Psensitivity SNR“ﬁn
‘ 1
a Block 1 |—2 Block 2 < Block 3 — ADC
Avy Av, A\3

anrenna FE in outl R mltz FE out

Figure 90: Receiver blocks diagram
Taking point d as a reference means that NF, = 0. Therefore [8]:

NF, -1
NF, = NF, + —%— = NF, Equation 0-4
Ap;,
Where Ap,is the available power gain and is equal to [8]:
Ap = ( Ris j Av32 Rz Equation 0-5
Rm3 + Rout2 RFEout

Where Av, is the unloaded voltage gain of the 3" block.
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Let’s return back to NF chain:

NF, = NF, + NF ~1 Equation 0-6
Ap,
NF, -1
= NF, + > Equation 0-7
Ap,
And:
NF = NF + NF, -1 Equation 0-8
a 1
Ap,
(NFZ + Nf = ]—1
— NF, + P2 b
Ap,
NF, NF,-1
= NFi + o ——— Equation 0-9
Ap,  ApAp,

Equation 0-9 is simply the Friis equation of the Frond End NF, NF,, and combining it
with Equation 0-3 gives almost'? the needed picture about our the Front End. We

"2 To complete the picture it is necessary to include ITP; calculation. In our system, the NF is the only
serious concern.
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10. Distance (d) vs. current consumption derivation
The noise figure of the Squarer block is:

2 2
NF _ g VGT 3_{_ Rn—OpAmp — 81 Vi 34_ RnfOpAmp
4 (Ve ) |2 R Ver 2 R

2 2
=81 Vﬂ i+ ian—OpAmp =81 Vﬂ 3 1+ z Rn—OpAmp
Ve ) |2 23 R Ve ) 2| 3 R
But Vi is:

21
Vie =VeAviy, =V; (gmLNA Ry ) =V (¢RLNA ]
GT _ OpAmp

=V ZR—LNA Iy = (IOOOJV Y
VGT _ OpAmp 3

Where we assume that V., =300mV and R, =50Q

And R, OpAmp
R _ VGTﬁOpAmp _ 300x107 1 =150x107" 1
n—OpAm,
pAmp 2 [OpAmp 2 OpAmp ]OpAmP

Substituting V. and R, ,,,,, n the equation of NFy, ,, gives:

2
R
NFgy =81 Vor | 3 1+ZM
Ve ) 2 3 R

) (150x 107 1}
=81 Vor 32 Lopany

2
1000 203 Ry
((3JVR[ LNA j

_ 81x3 V2 {1+2150x10_3 1 } 3’ V2 {Hleo-
(1000)2 x2 (VRILNA )2 3 SOIOPAmp 1000 x2 (V ]LNA) [OpAmp
3
But as you know that:

P, =P, —-PL(d)
y2 V2 4\
10log(—=~—) = 10log(——~L—)—10lo d"
8Gox0.00r ~ 0e5g 0000 g[[ﬂ.j J

2 2
p2 =V—T2=Vf[ij ln
(47[) o 4 ) d
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And the noise figure of the Front End is:

Vr
50x0.001
2 2
LIS z
A _ 50x0.001 (A 1 Vi
4z ) 50x0.001xkTBxSNR . d"

Frp = = 2
KTBxSNR..  (4r
7 ankTBXSNKnm

The Friis equation for two blocks, namely LNA and the Squarer block is:

NFSQ—IV (]OpAmp’ILNA )_1 - NFSQ—IV (IOpAmp’ILNA )_1

AP na (I LNA ) N Apna ([ LNA )
NF, SO-1v ([ Opdmp > 1 LNA ) -1

NFFE(d) = NFLNA([LNA)+

NF,.(d)~
FE Ap s (I LNA )
Now let’s substitute the equation of NF,, V, , NFy, ,, and Av,,, in the Friis equation:
37 Ve H2><10‘3 0
[ijz 1 V_T2 =4 1000 x2 (VRILNA )2 [OpAmp
47) 50%0.001xkTBxSNR,,, d" ((IOOOJ jz
T4 ILNA
3
4x3" V2 - 2x107°
1000 x2 V2172, L oty
(1000)2 P
T LNA
_2x3 Vg 1|, 2x107
1000* v; I}, Loty
_ 2x3 Ve, 1 +2><10-3
1000* VZ[;LT 1 lfNA IOpAmp
"\4r) da"
9 2 2 -3
_ 2x34(4_7rj p VGZT 41 14 2%10
1000*\ 4 VI, L oty
[ 2x10”
A ) ) 1+
( A ] 1000 |20 N R
4z ) 50x0.001x2x3°xkTBxSNR . V7, d*" I
d* R Y
(,1]“ 1000 v, 2x107
47) 50%0.001x2x 3" xkTBXSNR o Vor | oy
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o _( A T 1000°* 2

4z

50%0.001x2x3° x kTBx SNR_._ V.2, {H 2%1073

OpAmp }

I
Then :
2\ 1000* v I,
=2z 50x0.001x2x3° x kTBx SNR_. V., 1+2X10_3}
10pAmp
1
I
A 4 50)(10005 PT2 [2NA
"1 \4x) 2x3°<kTBxSNR_. V2, 1+2><10—3}
IOpAmp
Thus :
o
4 P2 ]4
d=|51x10° A L S
KTBXSNRy, Ver [ 210 }
IOpAmp
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