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ABSTRACT

Underwater communication finds applications in oxgaaphic data collection, pollution
monitoring, offshore exploration, disaster prevemti assisted navigation, tactical
surveillance, and mine reconnaissance. The enatdoigology for these applications is
acoustic wireless networking. A major challengetfer deployment of UW-ASNSs is the
development of a Multiple Access technique and naddhn technique tailored for the

underwater environment and this is what my thesaliabout.

The title of my thesis is “Implementation of CDMAZD System for UWA
communication using SIMULINK”. In this, designind anderwater system is done by
using CDMA2000 technology for multiple access. Tineerwater CDMA2000 system is
designed using MATLAB SIMULINK Tools. It consistsf warious sections which
perform different functions. Firstly, on the trariter side, there are two major blocks
named encoder and transmitter block which includ®recorrection, security and
spreading techniques. Transmitted signal is aftebte rayleigh fading channel and on
the receiver end, there are again two major bloekeiver block and decoder. These
blocks include delay compensation, channel compemsaSignal to noise ratio
optimizing, despreading and error correction teghes. All these major blocks are

subdivided into various functional blocks whichfoem these operations.

The aim of the thesis is to design a system whsctapable of efficient transmission as
underwater communication is effected by many factdhe main focus of this system is
to estimate the delay in the channel and to appipgr channel estimation. For this,
proper techniques are used in the design. Alortg Wiat CDMA2000 system itself

provide many advantages like robustness to frequselective fading, compensates for
the effect of multipath by exploiting Rake filteet the receiver, multiple access

capability, protection against multipath interfezenprivacy, interference rejection.



The performance of the system is evaluated by warialculations and comparisons.
Major performance determining factors are bit enate of Underwater CDMA2000
system after the receiver section as well of thmplete system which comes out to be
0.0236 after receiver section on the receiver sideé 0.002909 of complete system |,
checking the synchronization between the signalratsmitter and receiver side by
making use of delay estimation technique and bypaoing the signal at different level
of implementation, verifying the effect of the chah on the signal after applying
compensation techniques by comparing the signahowit including channel in the
system with the signal retrieved from the systereraincluding channel and after
applying channel compensation techniques and congpthe signals taken before and

after channel compensation.
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CHAPTER 1
INTRODUCTION

1.2 Need of Underwater Acoustic Network
During the last few decades, the growing intereghe conditions and resources of the
oceans has driven many researchers to investigierdiability of the underwater
acoustic (UWA) channel as a communication mediuhis Thannel is one of the most
complex and hostile environments to be encountdoedthe transmission of data.
Underwater sensor networks are envisioned to eragdgkcations for oceanographic data
collection, pollution monitoring, offshore exploi@t, disaster prevention, seismic
monitoring, equipment monitoring, assisted navatiand tactical surveillance
applications. Multiple Unmanned or Autonomous Undier Vehicles (UUVs, AUVS),
equipped with underwater sensors, will also fingllation in exploration of natural
undersea resources and gathering of scientific idatallaborative monitoring missions.
To make these applications viable, there is a neexhable underwater communications
among underwater devices. Underwater sensor naags/ehicles must possess self-
configuration capabilities, i.e., they must be alde coordinate their operation by
exchanging configuration, location and movemenonmiation, and to relay monitored
data to an onshore station [3].
Wireless underwater acoustic networking is the Bngbtechnology for these
applications. Underwater Acoustic Sensor Netwotdg/{ASNs) consist of a variable
number of sensors and vehicles that are deployqektiorm collaborative monitoring
tasks over a given volume of mater. To achieve dbjsctive, sensors and vehicles self-
organize in an autonomous network, which can attagtie characteristics of the ocean
environment.
The above described features enable a broad rahggppdications for underwater
acoustic networks:
» Ocean Sampling Networks Networks of sensors and AUVs, such as the
Odysseyclass AUVs, can perform synoptic, coopegadiyaptive sampling of the 3D

coastal ocean environment.



Environmental Monitoring. UW-ASN can perform pollution monitoring (chemical,
biological, and nuclear). For example, it may bsegilole to detail the chemical slurry
of antibiotics, estrogen-type hormones and inselgsc to monitor streams, rivers,
lakes, and ocean baysdter quality in-situ analys)g2]. In addition, UWASNSs can
perform ocean current and wind monitoring, and dgalal monitoring such as
tracking of fish or micro-organisms. Also, UW-ASNan improve weather forecast ,
detect climate change, and understand and prdeiceffect of human activities on
marine ecosystems.

Undersea Explorations.Underwater sensor networks can help detecting wader
oilfields or reservoirs, determine routes for layinndersea cables, and assist in
exploration for valuable minerals.

Disaster Prevention.Sensor networks that measure seismic activity fremote
locations can providésunamiwarnings to coastal areas [3], or study the effefts
submarine earthquakese@quakes

Seismic Monitoring. Frequent seismic monitoring is of great importamceolil
extraction from underwater fields to asses’ fiekerfprmance. Underwater sensor
networks would allow reservoir management appraache

Equipment Monitoring. Sensor networks would enable remote control and
temporary monitoring of expensive equipment immityaafter the deployment, to
assess deployment failures in the initial operatioto detect problems.

Assisted Navigation.Sensors can be used to identify hazards on theede&drate
dangerous rocks or shoals in shallow waters, mggowsitions, submerged wrecks,
and to perform bathymetry profiling.

Distributed Tactical Surveillance. AUVs and fixed underwater sensors can
collaboratively monitor areas for surveillance, amcaissance, targeting, and
intrusion detectiorsystems. A 3D underwater sensor network is used ftactical
surveillance system that is able to detect andsiflasubmarines, Small Delivery
Vehicles (SDVs) and divers based on the sensed fdata mechanical, adiation,
magnetic, and acoustic microsensors. With respetttitional radar/sonar systems,

underwater sensor networks can reach a higher anguand enable detection and



classification of low signature targets by also boring measures from different
types of sensors.

» Mine ReconnaissanceThe simultaneous operation of multiple AUVs watoustic
and optical sensors can be used to perform rapidogmental assessment and detect

mine-like objects[1].

1.2 Factor effecting Underwater Acoustic Communicabn
The factors that influence acoustic communicatemes
1. High delay and delay variance

— The propagation speed in the UW-A channel is fivgeoss of magnitude lower
than in the radio channel. This large propagatielaylcan reduce the throughput
of the system considerably.

— The high delay variance is even more harmful fdicieint protocol design, as it
prevents from accurately estimating the Round Tiipe (RTT), which is the key
parameter for many common communication protocols.

2. Doppler spread

—The Doppler frequency spread can be significattVt-A channels [5], causing a
degradation in the performance of digital commutndees: transmissions at a high
data rate cause many adjacent symbols to intederhe receiver, requiring
sophisticated signal processing to deal with theeggted ISI.

—The Doppler spreading generates a simple frequdramyslation, which is
relatively easy for a receiver to compensate fod a continuous spreading of
frequencies, which constitutes a non-shifted sigmddich is more difficult to
compensate for.

—If a channel has a Doppler spread with bandwid#m8 a signal has symbol
duration T, then there are approximately Bicorrelated samples of its complex
envelope. When BTs much less than unity, the channel is said tarmerspread
and the effects of the Doppler fading can be igdovéhile, if greater than unity,
it is said to beverspread6].



3. Path loss

— Attenuation.Is mainly provoked by absorption caused by the eosion of
acoustic energy into heat. The attenuation is &sosed by scattering and
reverberation (on rough ocean surface and bottoefi)action, and dispersion
(due to the displacement of the reflection poiniseal by wind on the surface).
Water depth plays a key role in determining theratation.

— Geometric Spreadingdrhis refers to the spreading of sound energy st of
the expansion of the wavefronts. It increases thehpropagation distance and is
independent of frequency. There are two commonskifdgeometric spreading:
spherical (omni-directional point source), which charactesizdeep water
communications, andylindrical (horizontal radiation only), which characterizes
shallow water communications.

4. Noise

— Man made noiseThis is mainly caused by machinery noise (pumpducgon
gears, power plants), and shipping activity (hwauling, animal life on hull,
cavitation), especially in areas encumbered witlviieressel traffic.

— Ambient Noisels related to hydrodynamics (movement of waterudirlg tides,
current, storms, wind, and rain), and to seismit lainlogical phenomena.

In [7], boat noise and snapping shrimps havenbeend to be the primary
sources of noise in shallow water by means of nreasent experiments on the
ocean bottom.

5. Multi-path

— Multi-path propagation may be responsible for seva@gradation of the acoustic
communication signal, since it generates Inter Syiririierference (I1SI).

— The multi-path geometry depends on the link comgjan. Vertical channels are
characterized by little time dispersion, whereasizontal channels may have
extremely long multi-path spreads.

— The extent of the spreading is a strong functiodegth and the distance between
transmitter and receiver.

To overcome these effects, different types of maiilih and multiple access techniques

are used which are discussed in successive sections



1.3 Underwater Modulation Techniques

Various types of modulation techniques are usedifoierwater acoustic communication.
The use of a modulation technique depends on thkcapon for which it is used and the
environment it is operated.

The detail of all modulating techniques are diseddseneath.

Frequency Shift Keying (FSK) modulation, sincedtigs on energy detection and thus
does not require phase tracking, which is a vefficdlt task mainly because of the
Doppler-spread in the UW-A channel. In FSK modolatischemes developed for
underwater, the multi-path effects are suppressednberting time guards between
successive pulses to ensure that the reverberatosed by the rough ocean surface and
bottom, vanishes before each subsequent pulseésveel. Dynamic frequency guards
can also be used between frequency tones to ald@ptoimmunication to the Doppler
spreading of the channel.

Although non-coherent modulation schemes are cteraed by high power efficiency,
their low bandwidth efficiencynakes them unsuitable for high data rate multi-user
networks. Hence, coherent modulatimechniques have been developed for long-range,
high-throughput systems. fullgoherent modulation techniques, such as Phase Shift
Keying (PSK) and Quadrature Amplitude ModulatiomA(®), are used more frequently
because of the availability of powerful digital pessing. Channel equalization
techniques are exploited to leverage the effecthef Inter Symbol Interference (ISI),
instead of trying to avoid or suppress it. Deciskaedback Equalizers (DFE) tracks the
complex, relatively slowly varying channel resporsel thus provide high throughput
when the channel is slowly varying[4].

Differential Phase Shift Keying (DPSK) serves as iai@rmediate solution between
incoherent and fully coherent systems in termsasfdwidth efficiency. DPSK encodes
information relative to the previous symbol rathigasin to an arbitrary fixed reference in
the signal phase and may be referred to as a Ipad@herent modulation. While this
strategy substantially alleviates carrier phasekirg requirements, the penalty is an

increased error probability over PSK at an equiviadiata rate[8].



Another promising solution for underwater commutiaras is the Orthogonal Frequency
Division Multiplexing (OFDM) spread spectrum techue, which is particularly efficient

when noise is spread over a large portion of tleél@ve bandwidth. OFDM is frequently

referred to as multi-carrier modulation becaust&rahsmits signals over multiple sub-
carriers simultaneously. In particular, sub-cagi@rhich experience higher Signal-to-
Noise Ratio (SNR), are allotted with a higher numbe bits, whereas less bits are
allotted to sub-carriers experiencing attenuatidmctv requires channel estimation. Since
the symbol duration for each individual carrier reeses, OFDM systems perform

robustly in severe multi-path environments, andex@a high spectral efficiency[4].

1.4 Underwater Multiple Access Techniques

Underwater multiple access techniques poses additichallenges because of the
peculiarities of the underwater channel, in patéicdimited bandwidth, and high and

variable delay.

» Frequency Division Multiple Access (FDMA)is not suitable for UW-ASNs due to

the narrow bandwidth in UW-A channels and the vidbdity of limited band systems to

fading and multi-path.

» Time Division Multiple Access (TDMA) shows a limited bandwidth efficiency

because of the long time guards required in the A'dhannel. In fact, long time guards
must be designed to account for the large propawgatelay and delay variance of the
underwater channel, to minimize packet collisiors adjacent time slots. Moreover,
the variable delay makes it very challenging tdizeaa precise synchronization, with a
common timing reference, which is required for TDMA

> Carrier Sense Multiple Access (CSMA)prevents collisions with the ongoing
transmission at the transmitter side. To prevehisams at the receiver side, however, it
IS necessary to add a guard time between trangmgsslimensioned according to the
maximum propagation delay in the network. This nsakiee protocol dramatically

inefficient for UW-ASNs. The use of contention-bdséechniques that rely on

handshaking mechanisms such as RTS/CTS in shardadinmexccess is impractical in

underwater, for the following reasons:

R/

s large delays in the propagation of RTS/CTS comemkets lead to low throughput;



+« due to the high propagation delay of UW-A channelsen carrier sense is used, as
in 802.11, it is more likely that the channel bessasl idle while a transmission is
ongoing since the signal may not have reachedettever yet;

% the high variability of delay in handshaking paskmakes it impractical to predict
the start and finish time of the transmissions thieo stations. Thus, collisions are
highly likely to occur.

Moreover, the additional challenges in underwatenoels such as variable and high

propagation delays, and very limited available adth, further complicate the medium

access problem in underwater environments|8].

» Code Division Multiple Access (CDMA) is quite robust to frequency selective

fading caused by underwater multi-paths, sinceistirjuishes simultaneous signals

transmitted by multiple devices by means of psemgise codes that are used for
spreading the user signal over the entire availbblel. This allows exploiting the time
diversity in the UW-A channel by leveraging Raleefis [9] at the receiver. These filters
are designed to match the pulse spreading, thee mliape, and the channel impulse
response, so as to compensate for the effect ai-path. CDMA allows reducing the
number of packet retransmissions, which resultdaareased battery consumption and
increased network throughput. Two code-divisioreagrspectrum access techniques are
compared in shallow water, namely Direct Sequenped&l Spectrum (DSSS) and

Frequency Hopping Spread Spectrum (FHSS). AlthobHISS is more prone to the

Doppler shift effect, since the transmission tagke in narrow bands, this scheme is

more robust to Multiple Access Interference (MAtah DSSS. Furthermore, although

FHSS is shown to lead to a higher bit error ragstBHSS, it results in simple receivers

and provides robustness to the near-far probleas gotentially simplifying the power

control functionality. One of the most attractivecass techniques in the recent
underwater literature combines multi carrier traissmon with the DSSS CDMA [5], as it
may offer higher spectral efficiency than its senglarrier counterpart and increase the
flexibility to support integrated high data ratephpations with different quality of
service requirements. The main idea is to spreath éata symbol in the frequency
domain by transmitting all the chips of a spreathisgl at the same time into a large

number of narrow sub channels. This way, high datia can be supported by increasing



the duration of each symbol, which drastically mkiISI. In conclusion, although the
high delay spread that characterizes the horizdintalin underwater channels makes it
difficult to maintain synchronization among the tstas, especially when orthogonal

code techniques are used [9], CDMA is a promisingjtiple access technique for

underwater acoustic networks, particularly in shallwater where multi-paths and

Doppler-spreading play a key role in the commuincaperformance. In [6], a protocol

is proposed for networks with AUVs. The proposeldesce is based on organizing the
network in multiple clusters, each composed of @&l vehicles. Inside each cluster,
TDMA is used with long band guards, to overcome dffect of propagation delay in

underwater. In this case, TDMA is not highly inei@int since vehicles in the same
cluster are close to one another. Hence, the efiéqbiropagation delay is limited.

Interference among different clusters is avoide@s$signing different spreading codes to
different clusters[10].

As clear from the above detail that CDMA systerbest for underwater communication,

so i am dealing with CDMA system for underwater coumication in my thesis.

1.5 Objective of Thesis

The title of my thesis is “Implementation of CDMARD System for UWA
Communication using SIMULINK”. In this, | have dgeaed CDMA2000 system for
underwater communication using MATLAB SIMULINK Tl It consists of various
sections which perform different functions. Firsthn the transmitter side, there are two
major blocks named encoder and transmitter. Theretis a rayleigh fading channel and
on the receiver end, there are two major blockeivec and decoder. All these major
blocks are subdivided into various functional blecketail of all these blocks and sub-
bocks is covered in chapter 4 with the output bfred blocks. The major challenges and
the final objectives of my thesis are discussefbiows.

A major challenge for the deployment of UW-ASNsthe development of a Multiple
Access technique tailored for the underwater emvirent. In particular, an underwater
multiple access technique should provide high nekwitroughput, variable delay

estimation, channel compensation and low energyswoption, in face of the harsh



characteristics of the underwater propagation nmmediwhile guaranteeing fairness

among competing nodes.

The major objective of my thesis are

» To calculate the bit error rate of Underwater CDNOAQ system after the receiver

section as well of the complete system considetiegmaximum probability of error

that may occur.

» To check the synchronization between the signalassmitter and receiver side by

making use of delay estimation on the receives sicturately.

» To verify the effect of the channel on the signéiera applying compensation

techniques.

» To compare the signals taken before and after é&lasompensation verifying that

channel estimation technique is implemented cdgrect

» Add power control technique so that power can lidrotied for further transmission.

To achieve these objectives, | prefer to go for GEXA00 system. Code Division

Multiple Access (CDMA)2000 is the most promisingypital layer and multiple access

technique for UW-ASNs. The reasons for choosingré explained below by applying

direct sequence spread-spectrum techniques.

>

Variable Delay Estimator:- As underwater channel add variable delay to the
transmitted signal, so a section is added whittutztes the delay for each frame
of the transmitted signal. Then delay the locakbyperated PN and walsh code by
the same delay to bring the received signal andadba&lly generated signals in
synchronization and signal can be retrieved easily.

Channel Estimation-Channel estimation is done in rake receiver sacivhich
compensate for the effect of channel on the signal.

CDMA is robust to frequency-selective fading,

CDMA compensates for the effect of multipath by lexprg Rake filters at the
receiver,

Multiple Access Capability -- If multiple users transmit a spread-spectrugmai

at the same time, the receiver will still be albedistinguish between the users

provided each user has a unique code that hadiaentty low cross-correlation



with the other codes. Correlating the received aigmth a code signal from a
certain user will then only despread the signahaf user, while the other spread-
spectrum signals will remain spread over a largediaédth. Thus, within the
information bandwidth the power of the desired usdt be larger than the
interfering power provided there are not too mamteriferers, and the desired
signal can be extracted. At the receiver only tiggad of required user data is
"despread" and the data recovered.

Protection Against Multipath Interference -- In a radio channel there is not just
one path between a transmitter and receiver. Duefliections (and refractions) a
signal will be received from a number of differgudths. The signals of the
different paths are all copies of the same trariedhisignal but with different
amplitudes, phases, delays, and arrival anglesingdtiese signals at the receiver
will be constructive at some of the frequencies dadtructive at others. In the
time domain, this results in a dispersed signate&g-spectrum modulation can
combat this multipath interference; however, they wawhich this is achieved
depends very much on the type of modulation used.

Privacy -- The transmitted signal can only be despreadthedlata recovered if
the code is known to the receiver.

Interference Rejection -- Cross-correlating the code signal with a nabamd
signal will spread the power of the narrowband aigtinereby reducing the
interfering power in the information bandwidth. Thpread-spectrum signal (Ss)
receives a narrowband interference (i). At the ikezethe SS signal is "despread”
while the interference signal is spread, makinggpear as background noise
compared to the despread signal.

Anti-Jamming Capability, Especially Narrowband Jamming -- This is more
or less the same as interference rejection exbepinterference is now willfully
inflicted on the system. It is this property, tdgat with the next one, that makes
spread-spectrum modulation attractive for militapplications.

Low Probability of Interception (LPI) -- Because of its low power density, the

spread-spectrum signal is difficult to detect antéricept by a hostile listener.
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Thus,UWCDMA2000 manages to simultaneously achiéneethree objectives in deep
water communications, which are not severely adfgédity multipath. In shallow water
communications, which may be heavily affected bytipath, it dynamically finds the

optimal trade-off among these objectives.
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CHAPTER 2
LITERATURE SURVEY

2.1 History

The underwater and general ocean environment iswdrneh poses somewhat of a
predicament for any kind of engineering undertakifigis quandary is further amplified
when the undertaking is of an electronic naturas Th perhaps one of the reasons why
the underwater communications applications arechenmarket which has been vastly
overlooked over recent times. Perhaps another mefmothis situation would be the
obvious limitations of this market, being only meded to commercial and recreational
divers as users. As a result of this limitationplagations to date that have been
developed for this purpose have been extremelylycastd targeted primarily at
professional commercial divers and the military.

Unfortunately, the transmission of radio waves amater is extremely limited. The
reason for this being that water appears to hasestfect of "shorting out" radio wave
signals. Unlike in air, RF transmissions are sdyeimapeded when traveling through
water creating an effect similar to placing a Ga&lio antenna down flat on the hood of a
car instead of vertical, and trying to transmitdio signal. The metal car hood shorts out
the radio signal. Another possibility examined Wl use of acoustic the nominal value
for speed of sound in seawater is nominally 1508 ab/about 13 degrees centigrade. At
salinity level of 35 parts per thousand, depth Qemseand temperature O degrees, speed
of sound is 1449.3 m/s. Speed of sound in air minally 344m/s at 25 degrees, this
speed drops to 334 at 0 degrees. The temperatpemndency is second order given that
other parameters are constant. A prime examplésadffectiveness is in nature as it is
used by dolphins and whales, as well as severatrosipecies of marine life to
communicate over vast distance as well as in neigaAnother advantage of the use of
sound waves is that they are unaffected by murkurid water, transmission is equally
good in fresh or salt water[6].

Underwater acoustic communications are mainly erited by path loss, noise, multi-
path, Doppler spread, and high and variable prdpagadelay. All these factors

determine the temporal and spatial variability loé tacoustic channel, and make the
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available bandwidth of the UnderWater Acoustic cl@n(UW-A) limited and
dramatically dependent on both range and frequebhayg-range systems that operate
over several tens of kilometers may have a bantéiveflionly a few kHz, while a short-
range system operating over several tens of metayshave more than a hundred kHz of
bandwidth. In both cases these factors lead todiwate [11], in the order of tens of
kbit/s for existing devices.
Underwater acoustic communication links can besdiasl according to their range as
very long, long, medium, short, and very shiks [11]. Table 1.1 shows typical
bandwidths of the underwater channel for differesmiges. Acoustic links are also
roughly classified as vertical and horizontal, adawgy to the direction of the sound ray
with respect to the ocean bottom. Their propagatioaracteristics differ considerably,
especially with respect to time dispersion, multtip spreads, and delay variance.
Shallow water refers to water with depth lower ti&8®m, while deep water is used for
deeper oceans.

Table 2.1Available Bandwidth for different ranges in UW chah[11]

Range[Km] Bandwidth[KHz]
Very Long 1000 <1
Long 10-100 2-5
Medium 1-10 10
Short 0.1-1 20-50
Very Short <0.1 >100

2.2 Communication Architectures

In this section, the communication architecturesimderwater acoustic sensor networks
are described.The network topology is in generarwial factor in determining the
energy consumption, the capacity, and the reltgbdf a network. Hence, the network
topology should be carefully engineered and poptegenent topology optimization
should be performed, when possible[16].

Underwater monitoring missions can be extremelyeasjve because of the high cost of
underwater devices. Hence, it is important thatdéployed network be highly reliable,
So as to avoid failure of monitoring missions dodailure of single or multiple devices.
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For example, it is crucial to avoid designing tregwork topology with single points of
failure, which could compromise the overall funaoily of the network. The network
capacity is also influenced by the network topoldgiyce the capacity of the underwater
channel is severely limited, it is very importaotarganize the network topology in such

a way that no communication bottleneck is introdlide].

2.2.1 Two-dimensional Underwater Sensor Networks

Reference architecture for two-dimensional undeswattworks is shown in Fig.2.1. A

group of sensor nodes are anchored to the bottameodcean with deep ocean anchors.
Underwater sensor nodes are interconnected to onmave underwater gateways

(uwgateways) by means of wireless acoustic links-dateways, as shown in Fig. 2.1,

are network devices in charge of relaying data frim@ ocean bottom network to a

surface station.To achieve this objective, uw-gatyswvare equipped with two acoustic

transceivers, namely a vertical and a horizongaddceiver.

b
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Figure 2.1 Architecture for 2D underwater sensor networi[1

The horizontal transceiver is used by the uw-gayeteacommunicate with the sensor

nodes to:
) send commands and configuration data to the se(ilsergateway to sensors);
i) collect monitored data (sensors to uw-gateway). Vdréical link is used by the

uw- ateways to relay data to a surface station.
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In deep water applications, vertical transceiverssinbe long range transceivers as the
ocean can be as deep as 10km. The surface stati@yuipped with an acoustic
transceiver that is able to handle multiple paraitlenmunications with the deployed uw-
gateways. It is also endowed with a long range RB/a satellite transmitter to
communicate with the onshore sink (os-sink) antldoa surface sink (s-sink). Sensors
can be connected to uw-gateways via direct linkghoough multi-hop paths. In the
former case, each sensor directly sends the gatldat to the selected uw-gateway.
However, in UW-ASNS, the power necessary to trahsmaly decay with powers greater
than two of the distance [18], and the uw-gateway rhe far from the sensor node.
Consequently, although direct link connection is simplest way to network sensors, it
may not be the most energy efficient solution. kemnore, direct links are very likely to
reduce the network throughput because of increasedstic interference caused by the

high transmission power[15].

2.2.2 Three-dimensional Underwater Sensor Networks

Three dimensional underwater networks are usecktectiand observe phenomena that
can not be adequately observed by means of ocdtonbeensor nodes, i.e., to perform
cooperative sampling of the 3D ocean environmemtthree-dimensional underwater
networks, sensor nodes float at different depthsliserve a given phenomenon. One
possible solution would be to attach each uw-sensde to a surface buoy, by means of
wires whose length can be regulated so as to attjestepth of each sensor node [15].
However, although this solution allows easy anatkjdieployment of the sensor network,
multiple floating buoys may obstruct ships naviggtion the surface, or they can be
easily detected and deactivated by enemies inamjlgettings.

For these reasons, a different approach can beduwoa sensor devices to the bottom of
the ocean. In this architecture, depicted in Fig, 2ach sensor is anchored to the ocean
bottom and equipped with a floating buoy that canimiflated by a pump. The buoy
pushes the sensor towards the ocean surface. Tite dé the sensor can then be
regulated by adjusting the length of the wire tbatnects the sensor to the anchor, by

means of an electronically controlled engine tleatdes on the sensor.
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Figure 2.2: Architecturefor 3D underwatersensometworks[13]

2.2.3 Sensor Networks with Autonomous Underwater \fecles
AUVs can function without tethers, cables, or reencontrol, and therefore they have a
multitude of applications in oceanography, envirental monitoring, and underwater
resource study. Previous experimental work has shtve feasibility of relatively
inexpensive AUV submarines equipped with multiphelerwater sensors that can reach
any depth in the ocean. Hence, they can be usedhi@nce the capabilities of underwater
sensor networks in many ways. Figure 2.3 showsraebe architecture for 3D
underwater sensor networks with AUVs[14].
The integration and enhancement of fixed sensowargs with AUVs is an almost
unexplored research area that requires new neteamidination algorithms such as:
% Adaptive sampling. This includes control strategies to command the il@ob
vehicles to places where their data will be mosfuls This approach is also
known as adaptive sampling and has been proposgibieering monitoring

missions. For example, the density of sensor nodede adaptively increased in
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a given area when a higher sampling rate is nedded given monitored
phenomenon.

s Self-Configuration. This includes control procedures to automaticalbtedt
connectivity holes caused by node failures or cehimpairment and request the
intervention of an AUV. Furthermore, AUVs can eitlee used for installation
and maintenance of the sensor network infrastracturto deploy new sensors.

They can also be used as temporary relay nodestore connectivity. One of
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Figure2.3: Architecture for 3D underwater sensor networks whthvs[13]

the design objectives of AUVs is to make them aylocal intelligence, and be less
dependent on communications from online shores [13]

In general, control strategies are needed for remmus coordination, obstacle
avoidance, and steering strategies. Solar eneiggreg allow increasing the lifetime
of AUVs, i.e., it is not necessary to recover aechiarge the vehicle on a daily basis.
Hence, solar powered AUVs can acquire continuotarnmation for periods of time

of the order of months [14].
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Several types of AUVs exist as experimental plat®rfor underwater experiments.
Some of them resemble small-scale submarines. ©#rersimpler devices that do not
encompass such sophisticated capabilities. For pbeandrifters and glidersare
oceanographic instruments often used in underwateiorations. Drifter underwater
vehicles drift with local current and have the @pilo move vertically through the water
column, and are used for taking measurements aepdepths [17]. Underwater gliders
[12] are battery powered autonomous underwatercieshithat use hydraulic pumps to
vary their volume by a few hundred cubic centimetergenerate the buoyancy changes
that power their forward gliding. When they emeaoyethe surface, Global Positioning
System (GPS) is used to locate the vehicle. Thisrnmation can be relayed to the
onshore station while operators can interact bgisgncontrol information to the gliders.
These long durations are possible because glidex® mery slowly, typically 25 cm/s.
The proposed framework allows preserving the symmett the group of gliders. The
group is constrained to maintain a uniform disttidno as needed, but is free to spin and

possibly wiggle with current.

Table 2.2:Evolution of modulation technique[18]

TYPE YEAR RATE[kbps]  BANDWIDTH[kHz] RANGE[km]
FSK 1984 1.2 5 3s

PSK 1989 500 125 0.06d
FSK 1991 1.25 10 2d

PSK 1993 0.3-0.5 0.3-1 200d-90d
PSK 1994 0.02 20 0.9s

FSK 1997 0.6-2.4 5 10d-5s
DPSK 1997 20 10 1d

PSK 1998 1.67-6.7 2-10 4d-2s
16-QAM 2001 40 10 0.3s

The subscripts d and s stand for deep and shallmerw

With respect to Table 2.2, it is worth noticingttlearly phase-coherent systems achieved

higher bandwidth efficiencies (bit rate/occupiedndbaidth) than their incoherent
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counterparts, but they did not outperform incohemandulation schemes yet. In fact,
coherent systems had lower performance than ineahesystems for long-haul
transmissions on horizontal channels until ISI cengation via decision-feedback
equalizers for optimal channel estimation was inmaeted [18].

2.3 CDMA Evolution

The wireless communications era was born in th€®49This system supports a variable
number of users in 1.25MHz wide channels usingctlisequence spread spectrum.
While the analog AMPS system requires that theadige at least 18dB above the co-
channel interference to provide acceptable calliyy@ZCDMA systems can operate at
much larger interference levels because of thehlerni@nt interference resistance
properties. The ability of CDMA to operate with auch smaller signal-to-noise ratio
(SNR) than conventional narrowband FM techniquésasl CDMA systems to use the
same set of frequencies in every cell, which presid large improvement in capacity.
CDMA is a spread spectrum technology, which me#ias it spreads the information
contained in a particular signal of interest ovemach greater bandwidth than the
original signal. The codes are shared by both tbbile station and the base station, and
are called pseudo-random code sequences. Sinceigacts separated by a unique code,
all users can share the same frequency band (cdmgdio spectrum).

CDMA uses unique spreading codes to spread thebbadedata before transmission.
The signal is transmitted in a channel, which iWwenoise level. The receiver then uses
a correlator to despread the wanted signal, whscpassed through a narrow bandpass
filter. Unwanted signals will not be despread anl mot pass through the filter. Codes
take the form of a carefully designed one/zero seqge produced at a much higher rate
than that of the baseband data. The rate of adipge@ode is referred to as chip rate
rather than bit rate. CDMA (Code-Division Multipkeccess) refers to any of several
protocols used in so-called second-generation @) third-generation (3G) wireless
communications. As the term implies, CDMA is a foaihmultiplexing, which allows
numerous signals to occupy a single transmissianrml, optimizing the use of available
bandwidth. CDMA employs analog-to-digital conversipADC) in combination with
spread spectrum technology. Audio input is firggittied into binary elements. The
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frequency of the transmitted signal is then madeaiy according to a defined pattern
(code), so it can be intercepted only by a recembiose frequency response is
programmed with the same code, so it follows eyaelbng with the transmitter
frequency. There are trillions of possible frequesequencing codes, which enhance
privacy and makes cloning difficult[19].

The original CDMA standard, also known as CDMA Caral still common in cellular
telephones in the U.S., offers a transmission spéexhly up to 14.4 Kbps in its single
channel form and up to 115 Kbps in an eight-chafomeh. CDMA2000 and wideband
CDMA deliver data many times faster than the cotieeal 2G technology system 3G
CDMA2000 standard was created to support IS-95  utiool.

Table 2.3Emerging 3G Data Communication Standards.[20]

Technology | Channel Duplex | Infrastructure Requires new| Requires new
BW change required | spectrum handsets
W-CDMA 5 MHz FDD Completely new Yes Yes
base station
CDMA 1.25 MHz FDD New software inNo Yes
2000 1xRTT backbone and new

channel cards at

base station

CDMA 1.25 MHz FDD Software andNo Yes
2000 1xEV digital card

upgrade
CDMA 3.75 MHz FDD Backbone May be Yes
2000 3xRTT modifications and

new channel cards

at base station
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2.4 Underwater CDMA literature survey

There has been intensive research on multiple saquedocols for ad hoc and wireless
terrestrial sensor networks in the last decadsvever, due to the different nature of the
underwater environment and applications, existieigestrial multiple access protocol
solutions are unsuitable for this environment. &ctf channel access control in UW-
ASNs poses additional challenges due to the petidmof the underwater channel, in
particular limited bandwidth, very high and varilgropagation delays, high bit error
rates, temporary losses of connectivity, channgmasetry, and heavy multipath and
fading phenomena. For a thorough discussion onethgons why several multiple access
techniques widely employed in terrestrial sensdawoeks such as TDMA, FDMA, and
CSMA, are not suitable for the underwater environtj®]. Since CDMA is the most
promising physical layer and multiple access tegha@ifor UW-ASNSs. In fact, CDMA is
i) robust to frequency-selective fading, ii) compates for the effect of multipath by
exploiting Rake filters [21] at the receiver, anylallows receivers to distinguish among
signals simultaneously transmitted by multiple desi For these reasons, CDMA
increases channel reuse and reduces packet retsaimm, which results in decreased
energy consumption and increased network throughpuf23], two spread-spectrum
physical layer techniques, namely Direct Sequenpeed Spectrum (DSSS) and
Frequency Hopping Spread Spectrum (FHSS), are ocmupdor shallow water
communications. While in DSSS data is spread tamae the mutual interference, in
FHSS different simultaneous communications useendfit hopping sequences and
transmit on different frequency bands. Interesyng®3] shows that in the underwater
environment FHSS leads to a higher bit error ragan tDSSS. Another attractive access
technique combines DSSS CDMA with multi-carriensmissions [24], which may offer
higher spectral efficiency than its single-cargeunterpart. This way, high data rate can
be 124 supported by increasing the duration of egatbol, which reduces Inter Symbol
Interference (ISI). However, multi-carrier transgi®s may not be suitable for low-end
sensors because of their high complexity. Therefioi@cus on single-carrier CDMA to
keep the complexity of resource-limited sensordcaivers low. Remarkably, the above
papers [23][24] merely consider CDMA from a phgditayer perspective, i.e., they
analyze the suitability of different forms of CDM#ased transmission techniques with
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respect to the challenges raised by the underveagamnel. Even they contribution is to
develop a dynamic multiple access protocol for UWNS that efficiently shares the
scarce underwater channel bandwidth by fully legeg the CDMA medium access
properties. In [22], a solution for underwater natke with AUVS was devised. The
scheme is based on organizing the network in meltgusters, each composed of
adjacent vehicles.

Interference among different clusters is minimizgd assigning orthogonal spreading
codes to different clusters. Inside each clustedMA is used with long band guards to
overcome the effect of the propagation delay. Swekicles in the same cluster are
assumed to be close to one another, the negatiget eff the very high underwater
propagation delay is limited. The proposed solytibowever, assumes a clustered
network architecture and proximity among nodes withe same cluster, while we seek
a more general and flexible solution suitable fiffiecent network sizes and architectures.
In [16], Slotted FAMA, a protocol based on a chdraweess discipline called Floor
Acquisition Multiple Access (FAMA) is proposed.dbmbines both carrier sensing (CS)
and a dialogue between the source and receiver faridata transmission. During the
initial dialogue, control packets are exchangedvbeh the source node and the intended
destination node to avoid multiple transmissionstls same time. Time slotting
eliminates the asynchronous nature of the protandlthe need for long control packets,
thus providing energy savings. However, guard tistesuld be inserted in the time slot
to account for any system clock drift. In additidmecause of the high underwater
acoustic propagation delay, the handshaking mésimamay lead to low system
throughput, and the CS scheme may sense the chatmelhile a transmission is still
taking place, thus causing packet collisions.

In [23], the impact of the large propagation detaythe throughput of selected classical
multiple access protocols and their variants slyaed, and PCAP, Propagation-delay-
tolerant Collision Avoidance Protocol, is introddcéts objective is to fix the time spent
on setting up links for data frames, and to avalliistons by scheduling the activity of

Sensors.
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Although PCAP offers higher throughput than widesed conventional protocols for
wireless networks, it does not provide a flexibleluson for applications with
heterogeneous requirements.

A distributed CSMA-based energy-efficient multigecess protocol for the underwater
environment was recently proposed in [20]. Its otiye is to save energy based on sleep
periods with low duty cycles. The solution is tiedthe assumption that nodes follow
sleep periods, and is aimed at efficiently organgzhe sleep schedules.

| m interested in implementing a complete CDMA208@stem for underwater
communication because it has additional featuresoaspared to CDMA-one. Along
with this | m also aiming at the point of propercaeery of signal by adding some
features to CDMA2000 system such as delay estimagad channel estimation
technique. In addition to it CDMA2000 system hasitself many features like rake
receiver which helps in maximizing signal to noraéo, low interference , privacy and
many other features which are helpful in desigrangetter underwater communication

system.
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CHAPTER 3
CDMAZ2000 SYSTEM

3.1 Introduction to Spread Spectrum System
Third Generation (3G) is the term used for CDMA20§Btem to describe the latest

generation of communication services which prowadeanced communications quality

and high-speed data connectivity The Internatiohelecommunication Union (ITU),
working with industry standards bodies from arotimel world, has defined the technical
requirements and standards as well as the useeofram for 3G systems under the IMT-
2000 (International Mobile Telecommunications-20pfgram.

Five radio interface modes for IMT-2000 standardeqommendation 1457). Three of
the five approved standards (CDMA200Q TD-SCDMA, WCDMA) are based on
CDMA. CDMA2000 is also known by its ITU name, IMTBQ0 CDMA Multi-Carrier
(MC).

CDMAZ2000 builds on the inherent advantages of CDkA&hnologies and introduces
other enhancements, such as Orthogonal Frequendgsidi Multiplexing (OFDM and
OFDMA), advanced control and signaling mechanismm®proved interference
management techniques, end-to-end Quality of Sen(iQoS), and new antenna
techniques such as Multiple Inputs Multiple Outp@kdIMO) and Space Division
Multiple Access (SDMA) to increase data throughgates and quality of service, while
significantly improving network capacity and redugidelivery cost[25].

Key features of CDMA2000 are:

- Leading performance: CDMA2000 performance in terms of data-speeds,evoic
capacity and latencies continue to outperform immercial deployments other
comparable technologies

- Efficient use of spectrum: CDMA2000 technologies offer the highest voice
capacity and data throughput using the least amolispectrum, lowering the
cost of delivery for operators and delivering sugrecustomer experience for the
end users

« Support for advanced mobile services:CDMA2000 1xEV-DO enables the

delivery of a broad range of advanced servicedh sischigh-performance VolP,
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push-to-talk, video telephony, multimedia messagimgilticasting and multi-
playing online gaming with richly rendered 3D gragsh

« All-IP — CDMA2000 technologies are compatible with and ready to support
network convergence. Today, CDMA2000 operators hlaae deployed IP-based
services enjoy more flexibility and higher bandwidificiencies, which translate
into greater control and significant cost savings

« Devices selectionCDMA2000 offers the broadest selection of deviced laas a
significant cost advantage compared to other 3Gn@ogies to meet the diverse
market needs around the world

« Seamless evolution path CDMA2000 has a solid and long-term evolutionhpat
which is built on the principle of backward andviard compatibility, in-band
migration, and support of hybrid network configiovas

« Flexibility: CDMA2000 systems have been designed for urbanetisas/ remote
rural areas for fixed wireless, wireless local Iq@gLL), limited mobility and full
mobilility applications in multiple spectrum bandscluding 450 MHz, 800
MHz, 1700 MHz, 1900Mhz and 2100 MHz [26].

CDMA2000 system has two basic characteristicsedl&t frequency spectrum:

» Centre frequency

» Bandwidth.
The bandwidth occupied by a conventional transmiissistem is directly related to that
of the original information waveform and to thergar modulation scheme. If Amplitude
Modulation is used, a bandwidth of twice the siie¢he baseband signal is required,
whereas single side band amplitude modulation aeduéncy modulation require a
transmission bandwidth comparable to the bandwoaéithe baseband signal[28]. The FM
bandwidth depends on the frequency deviation agppbethe carrier and the information
signal and is calculated using Carson’s rule

Ber = 2(AF + ) (3.1)

Two the most important characterstics of spreadtap® systems are the following
s Transmission bandwidth much larger than the banitvofithe baseband data signal.

+« Transmitted bandwidth dependent on the rate oftide employed for spreading.
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Spread spectrum systems are based on the Harten8h law that calculates the
asymptotic transmission capacity in a channel idisted by Additive White Gaussian
Noise(AWGN)
Csh=B x log (1+SNR) (3.2)
Where 6  asymptotic channel transmission capacitypis b
B channel bandwidtiHn

SNR signal-to-noise ratio.

3.2 Direct Sequence Spread Spectrum CDMA2000 Tecluue

This is categorized by two of the most widely useethods of direct sequence spread
spectrum (DS-SS) and frequency-hopping spread rspectFH-SS). In both of these
methods, a pseudorandom code sequence is utilazedptead or map the signal
information over a wide bandwidth. DS-SS is usednderwater communication, so it is
discussed in the following section.

A direct sequence spread spectrum (DS-SS) systezadgpthe base band data bi directly
multiplying the baseband data pulses with the psewaise sequence that is produced by
a pseudo-noise code generator. A single pulserabslyof the PN waveform is called a
chip. This system is one of the most widely usedatisequence implementations.
Synchronised data symbols, which may be informabas or binary channel code
symbols, are added in modulo-2 fashion to the chgfsre being phase modulated[26].
A coherent or differencial coherent phase- shiftilkg(PSK) demodulation may be used
in the-receiveilhe BPSK modulated data, is spread after multipboa by a
pseudorandomPN) sequence with a bandwidth much greater thaninfiormation

signal. The transmitted sigrglk) can be expressed as

X(t) = 4/2p b(t) a(t) exp(jwt) e (3.3)
wherea(t) is the spreading PN sequence with chips of Zdupétion and code length of

N= % . The signal spectrum at various stages of trarsamss shown in Figure 3.1

c

[27].
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As an information signal is multiplied by the PNgaence, its energy is spread over a
wide bandwidth while the total signal energy remsatonstant. If the spreading ratio is
large enough, the spread signal appears as vergdagr noise[26].

The received signaAt) is expressed as

Y(t) = h(t) x(t-4,) + n(t)

where h(t) represents the propagation channel impulse regpancluding multipath
fading, shadowing, and path losg;is the channel propagation delay; amt) is zero
mean additive white Gaussian no{@&VGN) with a two-sided power spectral density of
NO/2.

Substituting forx(t) from (1.7) yields:

y(t) =h(t)/2p b(t - J,)a(t - &,) expljw(t - &, +n(t) (3.5)
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The received signay(t) of (3.5) is multiplied by a delayed replica ofetlspreading

sequence(t - 5d) , where5d is a local estimate of the propagation defgy.

d(t)=y2p h(t) b(t-d,) at—a,) at-4,) expl(iw(t - J,)] +b(t—d;) n(t) (3.6)

The despreading of signg(t) is realized if &,can be estimated at the receiver to be

equal tog, , in which casea(t — 3d)a(t — 9;) = 1. Noise power remains unchanged[29].

3.3 Spreading and dispreading of DS CDMA2000 system

Direct sequence CDMA systems do not change theredntquency over time as
hopping systems do. At the modulator output, olestee-OR logic circuit, the data has
the same transmission rate as the code. In CDM#fesys codes are assigned to each
user to allow distinguishing them from each otffer.de-spread a given channel, the two
cods generated by the transmitter and by the recenust be synchronized. The de-
spreading is done through the multiplication of theeived signal by the code associated
with the desired channel.

f Power
Power
user #1
Sigral . eI
f {Hz) Pseudo-Noise 1 f(Hz)
“ Power
User #2 ﬁ Fower & Power
nal o o o
so _ — S /; T
f (Hz) Pseaudo-Moise 2 f{Hz) % o %
»
‘:‘ Power Total Pseudo-
Noise
s Power
User
Signal e —————
_— '"j‘L_‘ b — —— »
f (Hz) Pseudo-Noise 3 f {Hz)
& Power
i -
Environment + f (Hz}
Thermal Noise

Figure 3.2 Spectrum spreading in DS-CDMA2000 system[26]
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3.4 Walsh codes used in CDMA2000 system
The spreading procedure consists of two separaapns:

» channelization

» scrambling.
Channelization uses orthogonal codes and scrambigeg PN codes. Channelization
occurs before scrambling in the transmitter boththe uplink and the downlink.
Channelization transforms each data symbol intotipial chips. This ratio (humber of
chips/symbol) is called the spreading factor (SMus, it is this procedure that actually
expands the signal bandwidth. Data symbols orl el Q branches are combined with
the channelization code. Channelization codes &tgogonal codes (more precisely,
orthogonal variable spreading factor [OVSF] codes)eaning that in an ideal
environment they don't interfere with each othenweéver, orthogonality requires that
the codes be time synchronized. Therefore, it camuged in the downlink to separate
different users within one cell, but in the uplioRly to separate the different services of
one user. It cannot be used to separate diffengintkuusers in a surface station, as all
underwater sensor nodes are unsynchronized in ttmes, their codes cannot be
orthogonal (unless the system in question empldys TDD mode with uplink
synchronization). Also, orthogonal signals cannet used as such between surface

stations in the downlink because there is onlyratéild number of orthogonal codes[30].
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These codes correspond to the rows of a speciarsquatrix known as the Hadamard
matrix. For a set of Walsh codes of lengtithere consists af rows to form am x n

Walsh code square matrix. The first row of this miatontains a string of all zeros with
each of the subsequent rows containing differentlsoations of bit 0's and 1's. Every
row is orthogonal and has an equal occurrencehbtinary bits. This matrix is defined

recursively as follows:

, . W, W
77 =10 177 = n n
Ii 1 [ ] Ii'— n |:I:]'rn I:]'rn:|
wheren is a power of 2 indicating the various dimensiohthe matrix anch Wdenotes
the logical NOT operation on all bits in that matThe three matrices W2, W4 and W8,

show the Walsh function for dimension 2, 4 andspegtively.

00000000
01010101

00 0 0] 00110011

00 Cforot 01100110
W=y Weloory] Moooo01110
011 0] 01011010
00111100

Each row in the 64 by 64 Walsh matrix correspormlsatchannel number. Channel
number 0 is mapped to the first row of the Walslrixawhich is the all zeros code. This
channel is also known as the pilot channel ands&luo train and estimate the impulse
response of the underwater communication channel[31

Note that the spreading codes must be time aligogéerwise, the orthogonality is lost.
The downlink transmissions from separate surfaadiosts are not orthogonal. A UE
must first identify the right surface station tramssion according to the scrambling code,
and then from that signal extract its own data gi$he orthogonal channelization code.
Thus, in the real world the downlink environment risver purely orthogonal and
interference free. Intracell interference existxduse of multipath reflections and
intercell interference from asynchronous baseatatiFrom the asynchronous nature of

the system follows inter-surface-station nonorthadivy[32].
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3.5 PN Codes used in CDMA2000 system

The orthogonal codes alone cannot handle the Spgeddnction in the interface. As
explained earlier, they can only be used when figeats applying them are time
synchronous. Clearly this is not the case betwesmdchronous sensor nodes in the
uplink direction. If orthogonal spreading codesngavere used in the uplink, then they
could easily cancel each other. Moreover, the dmknsignals are only orthogonal
within one base station. But even in this casdagonality is partially lost with channel
distortions.

The surface station’s orthogonality decreases asaxge out toward to the sensor nodes
in water. Therefore, something else is needed. dleesthese problems, the system
employs pseudorandom codes. They are used in thendepart of the spreading
procedure, which is called the scrambling stagehénscrambling procedure, the signal,
which is already spread to its full bandwidth watt orthogonal spreading code, is further
combined (XORed) with a pseudorandom scramblingecdthese pseudorandom codes
have good autocorrelation properties. There arkomsl of scrambling codes available in
the uplink, so no special code management is needade-synchronization and
orthogonal signals would reduce the interference¢ha uplink direction because fully
orthogonal signals do not cause any interferendd wach other. In the downlink
direction, pseudorandom scrambling codes are usetkduce the inter-base-station
interference. There are 512 different primary sdiamg codes possible in the downlink.
The primary scrambling codes are divided into 6dlecgroups, each consisting of 8
codes. Dividing the 512 possible primary scrambbogdes into only 64 small groups of
codes can speed up the synchronization procedyre[33

The specifications also define secondary scrambtiodes. Each primary scrambling
code has a set of 16 secondary scrambling codesy Thn be employed while
transmitting channels that do not need to be receby everyone in the cell. However,
they should be used sparingly because channelsntiied with secondary scrambling
codes are not orthogonal to channels that userthragy scrambling code. One possible
application could be in sectored cells, where s@pasectors do not have to be

orthogonal to each other.
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PN sequence is also known as Maximal Length Sequ@vitS). The term pseudo-noise
is used because these sequences are neither celgnpleterministic nor truly random.
The most common MLS consists of a shift registerkimg according to a specific logic
that provides a feedback path, which combinesttite 8f two stages of the shift register.
The length of the MLS generated by a Linear Feekli&ift Register (LFSR) circuit is
given by the following expression

L = 2N -1 chips
Where N is number of shift registers usethaagenerator circuit.

X0 x1 x2 | x3 x4 R
Clock 1 1 1 1
Offset Mask
"AND" Function ® § l ® } l ® Ir_| ® v—l
! v v r

{ Mod-2 sum (Exclusive-OR Function - "XOR") J

| same MLS with specific offset

:

Figure 3.4 : 4-stage-register MLS generator with offset mas#t emod-2 sum[33]

A polynomial expression can be associated with eseh of shift registers. These
expressions are primitive, that is, their only soate ‘1’ and
P(X) =& X"+ a1 X" s a2 X" B X ana X

Where gis the existence of feedback path.

3.5.1 Short PN Sequence

CDMA short PN sequences are based on two distincddvgenerated by a circuit with
15 shift-register stages arranged to produce th@ifmg polynomials

PN-I: PX) =R+ xB+ X+ +x +x° +1

PN-Q: P(xX) =X+ x2+xM+x0+x8 + x + ¢+ 3 +1

Each of the circuits generates 32767 chips longieses (2 -1), composed of 16384

‘1I’'s and 16383 ‘0’s. However, an external circuiserts an additional chip ‘0’ into each
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sequence after reading a set of 14 consecutivelish happens only once on a complete
set of 32767 chips[32].

3.5.2 Long PN Sequence

The long code is a 4398046511103 chips long MtS() generated by a 42-stage shift-

register circuit described by the following polyniain

P(X):X42+X35+X33+X31+X27+X26+X25+X22+X21+X19+X18+Xl7+X16+XlO+X7+
XX+ X+ +x+1

The transmission rate of this sequence is 1.2288Mtpe starting point of the sequence

is the first ‘1’ after all 41 consecutive ‘O’s.

3.6 Quasi-Orthogonal Function
CDMAZ2000 system allows variable Walsh length, CDMIAR-1X systems use Walsh
codes upto length 128 and CDMA2000-3X upto lendif. Zhe limitation on Walshcode
length may cause limitationsto the system due tvaitability of walsh codes, especially
when dealing with high data rates. Therefore, CDMI@® standards propose the use of
an additional function, referred to as Quasi Ortma Function(QOF), to enhance
system capacity. The QOFs are specially employe@nwhiransmit Diversity(TD)
techniques are used, such as Space Time spreadig(S
QOFs consists of the multiplication of the walskle® by a QOF mask, which is a vector
of binary symbols. The resulting codes are notyfalithogonal to the original walsh
cods, but the masks selected by the standardpm®ad in terms of minimizing the
correlation(non-orthogonality). QOF has a length266 chips, while walsh codes can
have variable lengths. This implies that dependinghe walsh code, a single QOF may
be applied into more than one code sequence.
QOFs are applied to the system in two steps:

> The first is known as QQfgn

» Second is Walsh.
The QOFK;ign changes the polarity of the symbols: when the Q@€hip is ‘1’ the walsh
code symbols is inverted: when the Q@fchip is '0’, walsh code symbols remains the

same. The QOF set 0 corresponds to the originahaade vector.
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The Walsh,: corresponds to a symbol phase modification, catian. Rotation is only
enabled when the Walghchip is ‘1’. To perform the rotation,the QOF mplies the
walsh code vector by ‘" where ‘" is a complex ialrle that corresponds to a 90 phase

rotation. If Walshy chip is ‘0’ , the walsh code symbol remain the sfg4].
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Figure 3.5 :Quasi-orthogonal function implementation[34]
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CHAPTER 4
IMPLEMENTATION OF UNDERWATER
CDMAZ2000 SYSTEM

In this chapter, implementation of CDMA2000 system W communication is done

using MATLAB SIMULINK Tools. It consists of variousections which perform
different functions. Initially, 172 bits per 20msetata i.e 8600 bps is given as
information to the CDMA2000 system. Firstly, itpassed through encoder section that
increases its data rate to 384 bits per 20mset9.8. Kbps. After that power control are
added to the data in transmitter section. Alonghwthis scrambling and spreading
operations are performed in this transmitter sactibresults in a transmission data rate
of 1.2288Mbps. This data is transmitted in the fainframes of 24 bits having duration
of 1.042msec. This transmitted data is attenuateddyleigh fading channel. The
distorted data is received at the receiver sides fliist section on the receiver side is
receiver block. It performs the function of chanmelmpensation, delay estimation,
channel diversity compensation, synchronization aptmizes signal to noise ratio.
Despreading and descrambling is done on recovetedAfter that the power control
bits are extracted from the received signals wlaghused to adjust the power level of
the retransmitted signal. The data rate after vecedection is again 384 bits per 20msec
i.e 19.2Kbps. Then decoder section performs funcéactly opposite to the functions
performed in encoder on the transmitter side. T Hlata rate retrieved is 172bps same
as the data rate of the input data on the transmnsttle. The comparison of the data on
transmitter and receiver side at various stageBisfsystem will give the bit error rate of
that section. In Chapter 5, various graphs are showletermine the performance of the

system.

4.1 DESIGN OF UNDERWATER CDMA2000 SYSTEM
The design of full fledged Underwater CDMA2000 systis shownin figure 4.1. It

consists of many sub blocks which are discussel@tail in this chapter.
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Figure 4.1Design of underwater CDMA2000 system

*All Data rates mentioned in design diagrams ares pier frame

4.2 BINARY GENERATOR

The source of binary generation is Bernoulli binggnerator. The Bernoulli Binary
Generator block generates random binary numbersywsiBernoulli distribution. The
Bernoulli distribution with parameter p producesazith probability p and one with
probability 1-p. The Bernoulli distribution has nme@alue 1-p and variance p(1-p). The
Probability of a zero parameter specifies p, anmdblmany real number between zero and
one.

Attributes of Output Signal

The output signal can be a frame-based matrixpgplgabased row or column vector, or
a sample-based one-dimensional array. These désibare controlled by the Frame-
based outputs, Samples per frame, and Interprebrvparameters as 1-D parameters.
See Signal Attribute Parameters for Random Soumtedsing the Communications

Block set for more details. The number of elemémntbe Initial seed and Probability of a
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zero parameters becomes the number of columngramee-based output or the number
of elements in a sample-based vector output. Alse,shape (row or column) of the
Initial seed and Probability of a zero parametersomes the shape of a sample-based
two-dimensional output signal. Figure 4.2 shows #wirce block parameters for

Bernoulli binary generator [35].

2] source Block Parameters: Binary Generator, @

Bemoulli Binary Generator

Generate a Bemoulli random binary number.
Ta generate a vector autput, specify the probability a5 a vectar.

Pararneters
Probability of a zero:
Initial seed: 12234
Sarmple time: | 20e-31 /172
Frame-based outputs
Samples per frame; 172

Output data twpe: | double -

[ ok ][ Cancel ][ Help ]

Figure 4.2 Source block parameters for Bernoulli binary gexer

Output:-It generates a binary sequence at a rate of 132rbOmsec in one frame. This
means that it is generating a data rate of 86001 BD) bps constituting of total 50

frames.

4.3 ENCODER

The next block is encoder. It performs various apens on the input data for error

correction and for reducing bit error rate. Figdrg shows the design of encoder.
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Figure 4.3 Design of encoder
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4.3.1 Cyclic Redundancy Check
The first function performed in encoder is to agdlic redundancy check (CRC) bits.
The CRC algorithm accepts a binary data frame esponding to a polynomial M, and
appends a checksum of r bits, corresponding tdympmial C. The concatenation of the
input frame and the checksum then correspondset@ahynomial T = M*X + C, since
multiplying by X corresponds to shifting the input frame r bitghe left. The algorithm
chooses the checksum C so that T is divisible pyedefined polynomial P of degree r,
called the generator polynomial. The algorithm diégg T by P, and sets the checksum
equal to the binary vector corresponding to theaieder. That is, if T = Q*P + R, where
R is a polynomial of degree less than r, the chatks the binary vector corresponding
to R. If necessary, the algorithm pretends zerabhéochecksum so that it has length r.
The General CRC Generator block which implementttiiesmission phase of the CRC
algorithm, do the following:
* Left shift the input data frame by r bits and deithe corresponding polynomial by P.
» Set the checksum equal to the binary vector oftlengcorresponding to the remainder
from step 1.

* Append the checksum to the input data frame. Thaltres the output frame[36].

Example :- Suppose the input frame is [1 1 0 00}, torresponding to the polynomial M

=x% +x° + ¥ + x, and the generator polynomial is P :+xx* + 1, of degree r = 3. By

polynomial division, M*x = (X + X + x)*P + x. The remainder is R = x, so that the

checksum is then [0 1 0]'. An extra O is added hanleft to make the checksum have

length 3. The General CRC Generator block genematelc redundancy code (CRC)

bits for each input data frame and appends thethddrame. The polynomial can be

represented in one of these ways:

» As a binary row vector containing the coefficiemslescending order of powers. For
example, [1 1 0 1] represents the polynomfatx@ + 1.

» As an integer row vector containing the powers @izero terms in the polynomial,
in descending order. For example, [3 2 0] represte polynomial %+ x* + 1.

The initial state of the internal shift registersigecified by the Initial states parameter.

For example, the default initial state of [0] igpaxded to a row vector of all zeros. The
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number of checksums that the block calculates &a@henput frame can be specified by
the Checksums per frame parameter. The Checksunfisapee value must evenly divide
the size of the input frame. If the size of theunframe is m and the degree of the
generator polynomial is r, the output frame has siz+ k * r[35].

Example:-Suppose the size of the input frame is the@, degree of the generator
polynomial is 3, Initial states are [0], and Chagks per frame is 2. The block divides
each input frame into two sub frames of size 5a&nokends a checksum of size 3 to each
sub frame, as shown below. The initial states ateshown in this example, because an
initial state of [0] does not affect the outputteé CRC algorithm. The output frame then
has size 5+ 3 +5 + 3 = 16[37].

[ ‘1] Tronsmithed codeword
S
L] First half of messoge word o
Messoge word 1 o
17 L0 ] 1
o 1] 1
1 1 First checksum 1
L1} - 0 L1}
1 1
1 (1] 1
1 1 1
o 1 Second half of messoge word o
0 o 0
- — | o ] 1
_ - [1]
! 0
(1] } Sacond dhecks um L
L 0

=] Function Block Parameters: Add FQI E|
General CRC Generator [mask] [link]

Generate CRLC bits according to the generator polynomial and append them to the
input data frames. The generator polynomial must be specified as a binary vector or a
descending ordered palynonial, to indicate the connection points.

The initial ztates parameter must be a binary zcalar or wector of length equal to the
degree of the polynomial.

The input must be a binary frame-based column wectar,

FParameters
Generator palynomial:
[12111038410
Initial states:
11
Checksums per frame:

1

[ QK ” Cancel ] ’ Help ] Lpply

Figure 4.4 Function block parameters of general CRC generator
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Output-As the degree of generator polynomial is 12, 3dits are append at the end of
every frame. The total size of the frame become&g1I/2+12) bits and the total data rate
becomes 9200(184 X 50) bps.

4.3.2 Encoder Tail Bit
Encoder tail bits append tail bits at the end @rg\frame according to the parameters set
in the source block parameter.

31 Function Block Parameters: Encoder Tail Bits g|
Zerm Fad [maszk] [link)

Append or prepend zeros to the input along specified dimenszions,  Truncation will
ocewr if the specified number of output rows and/ar columns iz lezs than the
comezponding input signal dimensions.

Farameters

Pad signal at: v
Pad along: | Column: w
Mumber of output roves: | Uzer-specified w

Specified number of output roves:
172+12+8

Action when tuncation occurs: | None At

[ 1] l [ Cancel ] [ Help ] Apply

Figure 4.5: Function block parameters of Encoder tail bits

Output- As the row size is set to 192(172+12+8), so tota tail bits are added at the
end of every frame. The total data rate now becd688(192 X 50)bps.

4.3.3 Convolutional Encoder

The Convolutional Encoder block encodes a sequehbaary input vectors to produce
a sequence of binary output vectors. This blockpracess multiple symbols at a time. If
the encoder takes k input bit streams (that is,reaaive 2k possible input symbols), this
block's input vector length is L*k for some posdiinteger L. Similarly, if the encoder
produces n output bit streams (that is, can prodrcgossible output symbols), this
block's output vector length is L*n.

The input can be a sample-based vector with Ler & frame-based column vector with

any positive integer for L. To define the convabui@l encoder, use the Trellis structure
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parameter. This parameter is a MATLAB structure séhformat is described in Trellis
Description of a Convolutional Encoder in the Conmigations Toolbox documentation.
This parameter field of the encoder can be spekifig using poly2trellis command
within the Trellis structure field which uses caastt length, generator polynomials, and
possibly feedback connection polynomials. For edamfo use an encoder with a
constraint length of 7, code generator polynonoéls71 and 133 (in octal numbers), and
a feedback connection of 171 (in octal), set thellir structure parameter to
poly2trellis(7,[171 133],171) [35].
The encoder registers begin in the all-zeros stAtepolynomial description of a
convolutional encoder has either two or three camepts, depending on whether the
encoder is a feedforward or feedback type [36].
In case of Feedback connection polynomials

Constraint Lengths:- The constraint lengths of the encoder form d@arewhose length

is the number of inputs in the encoder diagram. @laments of this vector indicate the

number of bits stored in each shift register, idoig the current input bits.

/ \ First output
N —

A

Input >

\ 4

=/ \ Second output >
NI

Figure 4.6: order-3 convolutional encoder[35]

In the figure above, the constraint length is thieés a scalar because the encoder has
one input stream, and its value is one plus thelraurof shift registers for that input.
Generator Polynomials-If the encoder diagram has k inputs and n oufptmsn the
code generator matrix is a k-by-n matrix. The eletria the ith row and jth column
indicates how the ith input contributes to thegthput.

In other situations, the (i,j) entry in the matcan be described as follows:
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1. Build a binary number representation by ipi@@ 1 in each spot where a connection
line from the shift register feeds into the ad@er a 0 elsewhere. The leftmost spot
in the binary number represents the current inputjle the rightmost spot
represents the oldest input that still remainfienghift register.

2. Convert this binary representation into an locepresentation by considering
consecutive triplets of bits, starting from thehtigost bit. The rightmost bit in each
triplet is the least significant. If the numberlofs is not a multiple of three, then
place zero bits at the left end as necessary.dkample, interpret 1101010 as 001
101 010 and convert it to 152.)

The binary numbers corresponding to the upper aneér adders in the figure 4.6 are

011 and 110, respectively. These binary numbers@ue/alent to the octal numbers 3

and 6, respectively. Thus the generator polynomarix is [3 6] [35].

Feedback Connection Polynomialsin feedback encoder, then a vector of feedback

connection polynomials is needed. The length &f Weictor is the number of inputs in the

encoder diagram. The elements of this vector inditae feedback connection for each

input, using an octal format. First build a binarymber representation as in step 1

above. Then convert the binary representation amactal representation as in step 2

above. If the encoder has a feedback configuratiahis also systematic, then the code

generator and feedback connection parameters pondsg to the systematic bits must

have the same values [35].

Saconﬂﬂutput=

Figure 4.7: Order-5 convolutional encoder[35]
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In the figure 4.7, this encoder has a constramgtle of 5, a generator polynomial matrix
of [22 21], and a feedback connection polynomiaR®fThe first generator polynomial

matches the feedback connection polynomial becdueskrst output corresponds to the

=1 Function Block Parameters: Convolutional Encoder X |

Convalutional Encoder [mask] [link]
Convolutionally encode binary data. Use the poly2trelis function to create a rellis
uzing the constraint length, code generator [octal] and feedback connection [octal).

Select the "Terminate treliz by appending bits" operation mode to terminate the heliis
at the all-zern state by appending tail bitz at the end of each input frame. Check the
Functure code checkbox to puncture the encoded data for all other operation
modes.

Uze the istrellis function in MATLAB to check if a structure iz & walid trellis structure.

Paraneters

Trelis strocture:
paly2trelliz[7.]171 133])

Operation mode: | Truncated [reset every frame] w

[ Puncture code

( oK ][ Cancel H Help ] Apply

Figure 4.8 Function block parameters of convolutional enaode
systematic bits. The feedback polynomial is represskby the binary vector [1 0 1 1 0],
corresponding to the upper row of binary digitstive diagram. These digits indicate
connections from the outputs of the registers te #uder. Note that the initial 1
corresponds to the input bit. The octal represemtaif the binary number 10110 is 22.
The second generator polynomial is representedhbyhbinary vector [1 0 1 0 1],
corresponding to the lower row of binary digits time diagram. The octal number
corresponding to the binary number 10101 is 21.[37]
Output:- The convolutional encoder is of order 7 and has teedback paths having
feedback connection polynomials 171 and 133, kastoutput having rate double that of
the input rate. As the input data rate is 192 jpp#isframe, so output rate of convolutional
encoder is 384(192 X 2) bits per frame. The totahdate is 19200 bps(9600 X 2).

4.3.4 Repeat Block

The Repeat block upsamples each channel of tHeyNAl input to a rate L times higher
than the input sample rate by repeating each catigednput sample L times.

Output:- As the repetition count is 1 so the output is saasethat of the input
maintaining its input frame rate i.e. number ohieaof output should be same as that of
input which is 50 in count.
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=] Function Block Parameters: Repeat |

Repeat [mask] [link]
Repeat input zamples M times.
Parameters

Fiepetition count:
Initial conditions:
a

Frame-bazed mode: | Maintain input frame rate ~

[ 0K l [ Cancel l ’ Help ] Apply

Figure 4.9 Function block parameters of repeat

4.3.5 Puncture
The Puncture block creates an output vector by vémgoselected elements of the input
vector and preserving others. The input can balaorecomplex vector of length K. The
block determines which elements to remove or pwesey using the binary Puncture
vector parameter:
< If Puncture vector(k) = 0, then the kth elementtlod input vector does not
become part of the output vector.
% If Puncture vector(k) = 1, then the kth elementhaf input vector is preserved in
the output vector.
Here, k is between 1 and K. The preserved elenmagpysar in the output vector in the
same order in which they appear in the input vector
If the Puncture vector parameter is the six-elementor [1; O; 1; 1; 1; 0], then the block:
» Removes the second and sixth elements from thepgrbsix input elements.
» Sends the first, third, fourth, and fifth elemetatigshe output vector [35].

L=] Function Block Parameters: Puncture E|
Puncture [mask] [link)

Output the elements which corespond to 1's in the binary Puncture wector.

For sample-baszed inputs, the length of the input must equal the length of the
Puncture wectar.

For frame-baszed inputs, if the length of the Puncture vector iz less than the length of
the input signal. the block repeats the Puncture wectar pattern ta cover all input
elemerts.

Farameters

Puncture wectar:

[1]

[ Ok l[ Cancel ] [ Help ] Apply

Figure 4.10: Function Block Parameters of puncture
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Output:-As puncture vector is set to 1 so no removal &f isitdone, so output is same as

that of the input.

4.3.6 Interleaver

The General Block Interleaver block rearrangesediieenents of its input vector without
repeating or omitting any elements. The interlegyintended to improve reliability of
coded transmitted signals, rearranging the bitstrassion order. In case of burst errors
during transmission, this avoids error that damangey consecutive bits, which could
affect detection and de-coding capabilities. Theaathge of this process is spreading of
burst error, which can be caused by fading, fomela. With interleaving, errors are
spread throughout several blocks and also withisiragle block, providing more

efficiency in error detection and correction [36].

IZ1 Function Block Parameters: General Block Interleaver, @

General Block Interleaver [maszk] (link)
Reorder the elements of the input vectar. y = ulElements]. The length of Elements
must match the input signal width.

Parameters

Elements:

[384:-1:1

I 0K l [ Cancel ] [ Help ] Apply

Figure 4.11:Function block parameters of general block intavier
Output:-The element set in function block reverse the oodesccurrence of the bits in
the frame. So, the final output data rate of theoder is 384 bits per frame or 19200 bps.

4.4 POWER CONTROL SUBCHANNEL

This block generates the power control bits. Thegracontrol sub-channel is transmitted
every 1.25 ms in the forward traffic channel (80ps) This sub-channel carries
commands for the sensor node to increase or decteasmission power on the reverse
channel. One bit'0’ transmitted by PCSCh indicatiest the sensor node underwater
needs to increase its transmission power, wherdaslaindicates that the underwater
sensor node needs to reduce the power. During.Btens period between the PCSChs

transmission, the surface station or surface sedtgmates the level received in the
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reverse traffic channel. The surface stations hiseinformation to determine the power
control bit,’0’ or ‘1", to be transmitted in thedSCh assigned to each underwater sensor

node. This process consists of closed loop powatraloscheme [40].

double To double
—h— %
1 Frame
Cuti
Constant

Frame Conversion
Figure 4.12: Design of power control subchannel
It consists of a power control bit generation seurnhich generates bits at a rate 800 bps

as shown in source block parameters in figure 4lh8.ouput is converted into frame by
passing it through frame conversion block as shiomiigure 4.12.

=1 Source Block Parameters: Constant @
Conztant

Output the constant specified by the 'Constant walue' parameter. IF 'Constant value' iz
a vector and ‘|nterpret vector parameters az 1-0° iz on, treat the constant value az a
1-D array. Otherwize. output a matriz with the same dimensions as the constant

walue.
kA ity Signal Data Types
Consgtant walue:
Interpret vector parameters as 1-0
Sanpling maode: | Sample based

Sample tinme:
14800

I ak. H Cancel ” Help l

Figure 4.13: Source block parameters for constant data sousc@dwer control

subchannel

Output:- This block generate power control bits in formadfame at 800 bps rate[37].

4.5 TRANSMITTER SECTION

Transmission section has two input

> First input is the output of the encoder havingadate 384 bits per frame (19200
bps)

» Second input is power control subchannel having date 800 bps
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double [24x1]
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Lang Code Scrambling
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Figure 4.14:design of transmitter section

In1 ot

Spreading block

double (¢ [128x1] » @

4.5.1 Long Code Scrambling and Power Control Mappig
In this section, long code scrambling is done. Alavith this power bits are inserted in

transmitted data. Figure 4.15 shows the desighisfsection.

double [34a1

In1
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PH Sequence
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Long Code Serambling

o double 5411
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Outt
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double [24x1]
Rat] ™
qouble | PO dout
Bipolar
P Cantrol Converter
ouer Lot Power SubChannel
Gain
doible [1536x1] . double [24x1] plini Ot dafible

Generator

Long Code Genarator
1.2288Mceps

¢B4

Decimatort

T5aeel] T

Fower Control Bit Pozition

Fower Contral
SubChannel
Inzertion

Figure 4.15: Design of Long code scrambling and power contrapping

4.5.1.1 Long code sequence generator
The PN Sequence Generator block generates a segudnpseudorandom binary

numbers. A pseudonoise sequence can be used irewmlqugandom scrambler and

descrambler. It can also be used in a direct-semgugpread-spectrum system.
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The PN Sequence Generator block uses a shift eedsigenerate sequences, as shown
in figure 4.16.

All r registers in the generator update their valaeeach time step according to the value
of the incoming arrow to the shift register. Thelag perform addition modulo 2. The
shift register is described by the Generator Patyiab parameter, which is a primitive
binary polynomial in z, gz' +g.1 2™ +g.» 22 +...+@. The coefficient gis 1 if there is a
connection from the kth register, as labeled ingheceding diagram, to the adder. The
leading term gand the constant termy gf the Generator Polynomial parameter must be 1
because the polynomial must be primitive.

Generator polynomial parameter can be specifienbusither of these formats:

« A vector that lists the coefficients of the polyniamin descending order of
powers. The first and last entries must be 1. N the length of this vector is
one more than the degree of the generator polyriomia

¢ A vector containing the exponents of z for the r@nzterms of the polynomial

in descending order of powers. The last entry roa<d [38].

(N (N N,
N

A

d
<«

T

Output

Figure 4.16:Long code generator[38]
For example, [L1 000001 0 1] and [8 2 0] repnéshe same polynomial, p(z) &« Z
+ 1.The Initial states parameter is a vector sgewfthe initial values of the registers.
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The Initial states parameter must satisfy thederaai
> All elements of the Initial state vector must bedsy numbers.
» The length of the Initial state vector must equs degree of the generator
polynomial.
For example, the following table indicates two sa@tparameter values that correspond
to a generator polynomial of p(z) £ Z + 1 [40].

Table 4.1 Possible format for parameters[40]

‘Quantity ‘Example 1 ‘Example 2
Generator gl =[10000010 1] gz = [8 2 0]
polynomial

Degree of 8, which is lengthgl) -1 =]

generator

polynormial

Initial states [10000 0 10] [100000 10]

=] Source Block Parameters: Long Code Generator, 1.2288Mcps E|
FM Sequence Generatar [mask] [link)]

Generate a preudonoize [PM] sequence uzing a linear feedback. zhift register whoze
configuration iz specified by the Generator polpnomial parameter.

The generator polpnomial parameter values represzent the shift regizter connections.
Enter these values az either a binary wector or a descending ordered polyhonial o
indicate the connection points.

For the binany vector representation the first and lazt elements of the wector must be
1. For the descending ordered polynomial representation the last element of the
wector must be O,

The initial states parameter iz a binary vector that repregents the starting state of the
zhift register.

The ghift parameter iz a gcalar integer that produces an offzet in the PH sequence.
Bz a result, the block outputs the sequence from a future instant in time. Alkernativelp, B
ane can specify the mazk parameter as a binary vector corresponding to the same
zhift,

Farameters

Generator polpnomial:

211918171610 F
Initial states:

(1]

Shift [aor mask]:

u]

Sample time:
1/1.2288e6

Frame-based outputs
Samples per frame:

4724

[] Reset on nonzera input

Output data tppe: | double b

[ Ok, ] [ Cancel l ’ Help ]

Figure 1.17: Source block parameters for long code generator
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The Shift parameter shifts the starting point o thutput sequence. With the default
setting for this parameter, the only connectioraliesng the arrow labeled gnwhich
corresponds to a shift of 0.
The parameter can be specified in either of twoswvay

> An integer representing the length of the shift

» A binary vector, called the mask vector, whose tleng equal to the degree of the

generator polynomial [39].

Output:- As shown in Source block parameters, a 42-stageg lcode generator is used
and it generates a Pseudo noise sequence ataf 28800 Mbps. The output data is

in form of frame with 64 X 24 samples per frame arghifts.

4.5.1.2 Long code scrambling

Long code scrambling consists of modulo-2 addiganlusive ‘OR’ circuit) of the input
data and a binary value determined by the long apeleerator after decimation(one
decimated LC chip out of every 64 chips).The sciarglprocess provide encryption and
security of data. This is because by masking the sdeijuence by different values,
different codes can be generated, which can be tsédentify a specific underwater

sensor node as each underwater sensor node basiitsode with a specified mask.

Unipalarto

double [*8dn1 1 double [24x4] Bipolar double [24«1] wl 1
> [3Be1] [2et] Cometar [2et]
0 double » I doi

boal Outt
olean

[ ]

[24n1] >

it doubfe [24x1]

a double [15:36x1 iz

In2

Long Code Serambling

Figure 4.18:Design of long code scrambling
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doubl [I1] 4 | bl (121 P Converter

(1536 T lﬂ? z

Figure 4.19: Design of Long code scramblingl

4.5.1.2.1 Operation of long code scramblingl

In Long code scramblingl , first PN sequence isrdated by 128 bits resulting in output
of rate 9600bps(12 bits per frame). This outpwpplied over two paths and interlaced
with one path having one chip delay. The Interladeck accepts two inputs that have
the same vector size, complexity, and sample titnproduces one output vector by
alternating elements from the first input (labef@dor odd) and from the second input
(labeled E for even). As a result, the output vestee is twice that of either input. The
output vector has the same complexity and sample @f the inputs. This results in an
output of rate 19200bps (24 bits per frame). Eadmeé is of duration 1.25ms

(24/19200).

The output of interlacer is passed through a uniptd bipolar conversion block with

negative polarity as shown in figure 4.20. In negapolarity, ‘0’ bit is converted to 1

=1 Function Block Parameters: Linipolar to Bipolar Converter @

Unipolar to Bipolar Convverter [mazk) [link)

Conwvert a unipolar gignal in the range [0, #-1]. where M iz the M-ary number, into a
bipolar zignal.

FPararneters

bd-ary number:

Paolarity: | Wegative “
Output data type: | Same az input AV

[ Ok H Cancel ] [ Help ] Apply

Figure 4.20: Function block parameters of unipolar and bipotanverter
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and ‘1’ bit is converted to -1. This is done torgaout the modulo-2 addition of the data.
Finally the data is passed through a buffer whiehegate a frame of size 24 bits. This

data constitute the PN code sequence which istossatamble the data input.

4.5.1.2.2 Operation performed by long code scramioig block

In this block, data input is framed into 24 bitrfra and then unipolar to bipolar
conversion is done to carry out modulo-2 additidrdata with PN sequence in Long
code scramblingl block. After this the input datahe scrambled data is being mapped
to the output by using a switch. If enable inpuswitch is 1, then input data without any
scrambling is transferred to output; otherwise autp scrambled data[42].

Output:- Output data can be scrambled data or data wittmrambling, depending upon
enable signal , having a data rate of 24 bits pané i.e. a frame of 1.25ms duration.
Total data rate is 19200bps.

4.5.1.3 Power control bit position

The insertion position of the power control bitghin its power control group(PCG)of
1.25ms is not fixed and needs to be defined irmmé-by-frame basis in a process called
power control bit randomization. In this sectiofN Bequence is used to determine the

position where power bit is inserted in 24 bit feam

. double 3411 ) Select double [3x1] o | Bitto Integer | double double To double
R otz il ™ Conwerter Sample ’ -
In1 Clutd

position zelection Bit to Integer Frame Status
Conwerter

’ double

Constant
Figure 4.21 Design of power control bit position block
Operation: - After decimating the Long code sequence by 64,system generates a
sequence with Pseudo-random behavior at a rat®.@f Kbps. At every 1.25 ms, this
sequence provides 24 chips used for describingdiséion of the power bit. The last 3
chips of the decimated PN sequence, corresponditiget PCG immediately before the

one being processed, determine the position gboeer control bit[35].
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Figure 4.22:Power estimation and power control bit randomizatprocess[34]

In Figure 4.22, the scrambling bitgsplyo,b,1,b,0 are 1011’ or 11 in decimal notation. In

this case, the power control bit is inserted initpms 11, replacing data symbols 11 and
12 in power control group 8 [34].

After selecting rows, binary data is converted idacimal notation by using binary to
integer converter. After this 1 is added to thegetr so as to start the power bit position

from 1 instead of 0. Then it is passed throughftame converter block set to sample
format.

=] Function Block Parameters: position selection E

b ultiport Selector [mazk] [link]

Output zpecified rows or columns to one or more output portz. The number of output
ports iz determined by the number of index wectors, each specified as a separate
wectar entry in a cell arap. Indices are 1-bazed and need not be unique.

Parameters

Indices to output:
124:-1:22}

Ireealid index: | Clip Index

[ ok J[ cecet J[ Hes | ammy

Figure 4.23 Function block parameters for position selection

53



Output:- This block generate the position where the powetrol bit is placed in the

frame of 1.25 ms. The rate of generation of powgpdsition is 800 bps.

4.5.1.4 Power control subchannel insertion
It is basically an assigning block operating in mxatnode. In this, output is assigned the
Value of U2 when row and column at the enable idm& occurs; otherwise output is

assigned the value of U1.

=] Function Block Parameters: Power Control SubChannel Inse... @

Azzignment

For vector input vpe:
If initializing output [ using input (U]
=1
Y[El=U2
If zpecifying required dimenzions for output(]:
E]= 11
For matrix input type:
If initializing output [ wusing input (UT):

TIR.Cl=U2
If specifying required dimensions for autput [7):

wR.Cl= U1
wihere
L1 = first input port, 12 = zecond input part, E = elements, B = rows, and C =
columns and E, R, and C may be specified either in the block's dialog or through an
external input port. If E or B and C are specified in the block's dialog box, the
dimenzions of output 7] are determined by input [UT]

Farameters
It type: | I, ~
Index mode| One-based ~
[ Use index as starting value
Source of row indices [R]:| External pvs
Source of column indices [C]: | Internal ~
Colurmnns [-1 for all columns]:
1
Output [7): | Initialize uszing input (1J71] ~

Sample time [-1 for inherited]:
-1

[ (].4 ” Cancel ] [ Help ] Apply

Figure 4.24:Function block parameters of power control subcteinnsertion block

Operation:- At Ul input data at the rate 24 bits per frameufation 1.25 ms is applied,
at U2 power control subchannel is applied at the tabit during 1.25 ms duration and
output of power control bit position is appliedeatable input line. Column selection is
made default to 1 and row is selected by powercbittrol bit position output. On
reaching the selected row, output bit is replace@dowver control subchannel else output
is same as data input [41].

Output:- Output is data bits with power bit insertion hayohata rate 24 bits per frame of
duration of 1.25 ms.
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4.5.2 Spreading Block

In this block data is spread by Quasi orthogonalcfion using walsh code and PN
sequence. Figure 4.25 shows the block diagram asi@athogonal function. Figure 4.26
shows the design of spreading block.

Cornplex Multiplier
QOF Builder
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Filter
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3
4
.

1 Codes
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P Q

o >®

1
1
.
1
1

Rotate 90°
when
enabled
(0., 4I,.)

Cos{2n.f_1)

Ii i
2, i Baseband

Filter

Sin(2n.f_n

PNg (PN-Q) —-

Figure 4.25 :Quasi-orthogonal function implementation[34]
Operation:-
I-Q mapping
Output of Long code scrambling and power controppmag block is passed through a
buffer of size 2 bits. The two adjacent bits areppel into I-Q format i.e. data is
modulated orthogonally. This results in data ra# bof the input data rate i.e. 9600 bps
(19200/2). Each frame of 1 symbol is repeated B84 resulting in data rate 1.228800
Mbps (9600 X 128). Then it is passed through advuwf size 128 to generate a frame of
size 128 symbols of duration 0.1042 ms (128/12283{%K).
Walsh Code
Walsh code generator generates walsh code at 4.228800 Mbps with 128 bits per
frame as specified by source block parametersgargi4.27.
QOF mask
QOF mask is set from workspace and then passeddghnenipolar to bipolar conversion

block and buffer of size 128 samples.
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PN-I and PN-Q orthogonal mapping

PN-I and PN-Q sequence are generated using Long gederator block by setting the
parameters as shown in Figure 4.28 and 4.29 regpelctPN-I and PN-Q undergoes
orthogonal modulation and generate the PN sequimc®uadrature Spreading of the

data [35].
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Figure 4.26 Design of spreading block
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=1 Source Block Parameters: Walsh Code Generator
Walzh Code Generator [mask] [link]

Generate a W alsh Code from an arthogonal set of codes.

The code index parameter is a scalar in the range [0, H-1] where M iz the code
length. It correzponds to the number of zero croszings in an output code of length M.
M musgt be an integer power of 2.

The output code is in a bipolar Format with 2 40, 1} ta {1, -1} element mapping.
Parameters

Code length:

Code index:

[10 |
Sample time:

[1/1.2288e6 |
Frame-based outputs

Samples per frame:
[128 |

Output data t_l..lpe:l double vl

[ Ok l [ Cancel ][ Help ]

Figure 4.27:Source block parameters for walsh code generator

=1 Source Block Parameters: PN Sequence Generator E|
FM Sequence Generator [mask] [link)]

Generate a pzeudonoize [FM] sequence using a linear feedback =hift register whoze
configuration iz specified by the Generator polynomial parameter.

The generator polynomial parameter values repregent the zhift register connections.
Enter these values as either a binary vector or a descending ordered polynomial to
indicate the connection points.

For the binary vector representation the first and last elements of the wector must be
1. For the descending ardered polynomial representation the last element of the
vector rust be 0.

The initial states parameter iz a binary vectar that reprezents the starting state of the
=hift register.

The =hift parameter iz a scalar integer that produces an offzet it the PH zequence.
Az aresult, the block outputs the sequence from a future instant in time. alternatively,
one can specify the mask parameter as a binary vector comesponding to the same
zhift.

Parameters

Generator polynomial:

Iritial states:

[[1 zeros(1.141] |
Shift [or maszk]:

4 |
Sample time:

[2/75(2™15)) |
Frame-baszed outputs

Samples per frame:

[2™15 |

[] Reszet an nonzera input

Output data tppe: | double v|

[ QK ” Cancel ] [ Help ]

Figure 4.28 Source block parameters for PN-I generator



=1 Source Block Parameters: PM Sequence Generatori EJ
FPM Seguence Generator [maszk] [link]

Generate a pzeudonoize [PH] sequence using a linear feedback zhift regizter whoze
configuration iz specified by the Generator polpnomial parameter.

The generator polynomial parameter values reprezent the shift register connections.
Enter theze values az either a binary wectar or a descending ordered palyhomial ta
indicate the connection points.

Far the binary wector representation the first and last elements of the wector must be
1. For the descending ordered polynomial representation the last element of the
vector must be 0.

The initial states parameter iz a binary vector that represents the starting state of the
zhift register.

The =hift parameter iz a scalar integer that produces an offset in the PM sequence.
Az arezult, the block outputs the sequence fram a future instant in time. Alternatively,
one can gpecify the mazk parameter as a binary wector corezponding to the zame
shift.

Parameters

Generator polynomial:
(15121110654 30

Initial states:
[1 zems=[1.14]]

Shift [or mazk]:
14

Sample time:

275 2™18))
Frame-based outputs
Samples per frame:

2"15

[] Reset on nonzera input

Output data type: | double e

[ Ok ] [ Cancel ] [ Help ]

Figure 4.29 Source block parameters for PN-Q sequence geoerat

Walsh code and QOF mask are multiplied to gendraeQOF sign. Then orthogonal
spreading is done by multiplying QOF sign with demjput. After this Walsh rotation is
done by multiplying orthogonal spread data withskalot code. Quadrature spreading is
done by multiplying walsh rotation data with PN sence [38].

In addition to Qausi orthogonal spreading, refeegpitot channel is added to the output.
Reference pilot channel is used at receiver engistonate the delay in channel and to
estimate the channel.

So, the final output of spreading block is

Out = data x PN_seq x walsh + Pilotref. x PN_seq .1
Output : - Spreaded output has a data rate of 1.228800 Nzzh frame has a size of
128 having duration of 0.1042 ms(128/1228800).

Out = data x PN_seq x walsh + Pilotref. x PN_seq .1
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4.6 CHANNEL MODEL
Channel is considered as slow underwater rayl@dm§ channel. Source block

parameters for rayleigh fading block are showrigare 4.30

: double (¢) [128x1] Rayleigh double (e) [128x1] ) -
I 11 * Fading 5 1t1
n u

Multipath Rawleigh
Fading Channel

Figure 4.30Q Design of Channel section

=] Function Block Parameters: Multipath Rayleigh Fading Chan... E]

Multipath R avleigh Fading Channel [maszk] [link]
Multipath B ayleigh Fading Channel for complex bazeband signals.

The number of paths equals the length of either the 'Delay vector' or 'Gain vector'
parameters.

To enable/disable channel visualization, double click on the block while the
simulation is running. You can also check the box "Open channel visualization at
stark of simulation" to enable the visualization.
Parameters

b axirnum D oppler shift [Hz):

Delay vector ()

oo

Gain vector [dB]:

oo

Maormalize gain wector ta 0 dB averall gain

Initial seed:

1]

[ Open channel visualization at start of simulation
[] Complex path gains part

[] Channel filer delay port

I Ok, H Cancel ” Help ] Apply

Figure 4.31:Source block parameters for rayleigh fading block

4.7 RECEIVER BLOCK

A CDMA receiver separates the signals by meansadreelator that uses the particular

binary sequence to despread the signal and coleatnergy of the desired signal. Other
users signals, whose spreading codes do not maiglseéquence, are not despread in
bandwidth and, as a result, contribute only toribesse. These signals represent a self-
interference generated by the system. The outptihefcorrelator is sent to a narrow-

bandwidth filter. The filter allows all of the desdl signal's energy to pass through, but
reduces the interfering signal's energy by theratithe bandwidth before the correlator
to the bandwidth after the correlator. This reduttgreatly improves the signal-to-
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interference ratio of the desired signal. Thisarasi also known as the processing gain.
The signal-to-noise ratio is determined by theorafithe desired signal power to the sum
of all of the other signal powers. It is enhancgdthee processing gain or the ratio of
spread bandwidth to baseband data rate [37].

Data out e )i

Qi double [2a1] ’ double [24:1] | inData? futl double [24x1
DOata _out1 P In2 Outz

double

.J_]_'—double Il L Adter corelation Symbol Demapping

In1

Buffer

Long Code DeScrambling
Fower Control Extracting

After derdtation

channel estimation

Rake Receiver

Figure 4.32:Design of receiver section

4.7.1 Rake Receiver

This block demolulate the data obtained at theiveceend. The block operates on data
using four fingers of a rake receiver and genertttesdemodulated symbols for each
finger. The demodulation process utilizes the cleamstimate or pilot signal for each

finger to demodulate the symbols for each finger.

Rake receiver is a radio receiver designed to evuhe effects of multipath fading. It

does this by using several "sub-receivers" eacayeel slightly in order to tune in to the

individual multipath components. Each componentiesoded independently, but at a

later stage combined in order to make the most afs¢he different transmission
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= T L | { o
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i q = ¥ wepper|
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Figure 4.33:Rake Receiver[33]
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characterstics of each transmission path. Thigdceery well result in higher signal to

noise ratio (or ENp) in a multipath environment than in a "clean” eamiment.

A receiver technique uses several baseband camrgl&d individually process several
signal multipath components. The correlator ous@re combined to achieve improved

communications reliability and performance[40].
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double Houble
o I double i) o (g2 |double o
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g phetip) data oun? double b, doutl After derotation
Rake Finger 4 » 5 )
fingerenable2 channel estimation
Houble
In data o double (2 o 2 |double
M data 1 ch est ] ] |uf
Pe{pilit_FN 1
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In dat 3e{ PH_ualsh data_out {ln . alib
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Figure 4.34:Design of Rake Receiver
The multipath channel through which radio wave graits wirelessly can be viewed as
the original transmitted wave plus many delayedeopf the original transmitted wave
but with different magnitude and time-of-arrival thie receiver. Since each multipath
component also contains the original informatianasthe receiver, if the magnitude and

time-of-arrival (phase) of each multipath componeat be known (through a process
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called channel estimation),then all the multipatmponents can be added coherently to
bring up the information reliability.

The rake receiver is so named because of its amasofyinction to a garden rake, each
finger collecting bit or symbol energy similarly bow tines on a rake collect leaves.

In particular, the rake receiver architecture aoan optimal combining of energy
received over paths with different. It avoids waancellation (fades) if delayed paths
arrive with phase differences and appropriatelygiveisignals coming in with different
signal-to-noise ratios [36].

4.7.1.1 Spreading codes
Spreading codes are again generated in this bldu&khwvorks as reference signals for
the estimation of delay in the channel and to edtnthe behavior of channel.

’ double ol sk double (&) o Repeat double (&) ! double (¢) [128:1] o
P Ut ¥ 128 e ] x double () [128x1
T [128x1]
DSP Real-Imag to [128x1] pi

w

lot_PN
Repeat oL
Constant Complex Fped Bufferd Froducts
Walsh Code | double [128:1] .._‘
G 1 1280 double [12811] o
Eneratet [12911]: * T« Ldoube )12 b s 0 ey —
ialsh Code (1] QOF sign [128¢ [1281] EEDMES double cm;i?]:
Generatar alsh ratation [128d] © L PN walsh
Buffer? Productd -
Unipalart
g e ma0n] ~EEE | e g bl [2041) | Waleh Code | doule [yt bl 2 12301
T | . TIE3600KT] Generator 2]
Comverer
Gaint
i Walsh rot
O0F mas Un|PoIarto Buffer
Bipolar
Comverterd
Unipolarto
PN Sequence |double [M76RAL | To double [3370801] Bigolar | double [31768x1]
L Ld 1
Generator [337881] Frame [32760d] Converter
PN Sequence Frame Conversion Unipolar to
Generator Bipolar —"“]
Converte  [32768kT] Re_| doutle (5) (12768 double (z) [128x i) jouble () [128x1] ..@
. In? = g T T
Real-Imag to PH_seq
Complex Buffar
Unipalart
PN Sequence |double f7eact] | To | double pomien) ';fp°0|a;r° doubl 27861
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Figure 4.35:Design of spreading code block
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In spreading codes, three coded output are gexerate
1. Pilot_PN :- It is the spreading of pilot signal BiX sequence
Pilot_PN = Pilot x PN_seq
2. PN_walsh :- It is the code generated by using Riliesiece, QOF sign and Walsh
rot.
PN_walsh = PN_seq x walsh
3. PN_seq:- It is PN sequence generated after appbyitipgonal modulation over
PN-I and PN-Q sequence as shown in figure 4.35.
The parameters of all the blocks for spreading cbhiiek are same as that of the
parameters of spreading block in transmission @ecti
Output:- Three output codes, each having chip rate of B@@8Ibps. Each output is in

form of frame of size 128 chips per frame. Eacimias of duration 0.1042 ms.

4.7.1.2 Delay estimation
In delay estimation block, delay is estimated fegrg frame received at the receiver side.
data received at receiver side is given by

Indata(receiver) = data x PN_seq x walsh + PilBt\k seq (with delay) (4.2)

Digital Clockt | 2:39

Subsystem?
double
double ) [128x1 PN ualsh  Data ref(1) double () [128x1] po[zRef FIN delay double | (R double —
Ll
PN_walsh Tz sDel pela
Find Delay
Sample
and Hold4
min | deuble In
Sample Qutt
and Hold2
. doubIeEc! 1281 B{PN seq  Datarefir) double () [128x1] BT TR oy double Wl o double
] Diel L
PH_seq T s e Dela
Find Delay2
double
2:3qbigital Clod
In data

@ double (¢) [12641]

Figure 4.36:Design of Delay estimation block
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Now for a frame of 128 chips, data value is corisfaither 1 or -1) as it undergoes
repetitions on transmitter side. Also pilot is dams as its value is set to 1. So, The In

data comes out to be

Indata(receiver) = (1,-1) x PN_seq x walsh + PN_seq 4.3)
This means the two possible In data at receiver feida frame are given by

Indata(1) = (1) x PN_seq x walsh + PN_seq(with gela ®.4
Indata(-1) =(-1) x PN_seq x walsh + PN_seq(withaggl ®.5

Now, to estimate the delay same sequence is gedeaateceiver side by using PN_seq

and PN_walsh outputs of spreading code block.

double (i) [128x1]

PH_walsh

.

double fzead] © | x double (o [128x1]

+

- double o) [12801]
. >
b

i

L ata refi1)

LsP [128x1
Constant?

double PR : W double () [128x1]
L

v

-4

E double (¢ [1 281
Fy [rata refi-1:

DEF
Constanti

@ double (o [128x01]

FH_=eq

Figure 4.37:Design of Subblock2

Subsystem2 block perform the function of generatbmeference In data without any

delay as shown in figure 4.37 .

Where
Dataref(1) = (1) x PN_seq x walsh + PN_seq(witiarlay) (4.6)
Dataref(-1) =(-1) x PN_seq x walsh + PN_seq(withielay) 4.7)

Now, the Indata and Dataref (1,-1) are compardthahdelay block. The outputs of find
delay block are the delay between Indata and Di§iawk). Then these outputs are
sampled at a rate of 0.1042 ms (128/1228800) sbithmovides one delay for each
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frame. These sampled delays are passed througmommiblock, which produces the
smaller delay at the output.

Output:- This output gives the value of delay for each faoh the received data at a
duration of .1042 ms.

4.7.1.3 Rake fingers

This block correlates the input signal over eacisWaode interval with the supplied PN
and Walsh code sequences to estimate the charmh¢hamlata from the received signal.
Using the known Walsh sequence for pilot symbdiss, block estimates the in-phase and
guadrature components of the channel. The inpushVaéquence, used to encode the
data symbols, is used to estimate the in-phasejaadrature components of the received
data[33].

Four rake fingers are used with different delayueaso as to compensate for the delay

due to any other channel distortion.
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Figure 4.38:Design of Rake Finger

65



4.7.1.3.1 Delayed code

First PN_walsh code and Pilot_PN codes generatesptsading code block are delayed
by the value specified by delay estimation bloclslaswn in figure 4.38. This is done to
bring the codes in synchronization with the Indata.

4.7.3.4.2 Data correlator
In this section distorted data is extracted fromaba. Distorted data has noise added to
data due to rayleigh fading.
double () [128:1]
@ Ticks d 4

In data Slgnal =h.[]28:l:]]

=

Comelation [14Ex1]

double (&)

cOutBits
125 | doube

Figure 4.39:Design of Data Correlator

.+

@ dauble (cmﬂ&ﬁ-l] doubla () [J281]

Chips U
P_malsh g [1281]

The operation performed in this block can be sumased

128 - @
Outbits =1_;8 > [Indata(n) x PN _walsh(n)]

n=1
Indatax PN _ walsh = [data(distorted) x PN_walsh + Pilot x PN_sedpX _walsh

= data(distaljte + cons.

128

So, Outhits :% 3" {[data(distorted)(n) + cons}
n=1

l 128

o8 > {[data(distorted)](n)} +cons.

Constant=1

128

So, Outhits :1—;8 3" {[data(distorted]|(n)

4.7.3.4.3 Pilot correlator
In this, Indata is correlated to Pilot_PN sequence

The operation performed in this block can be sumased

128 R
Outbits =1_.1;_8 > [Indata(n) x Pilot _ PN(n)]

n=1
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y double (¢ [128x1]
i } P 3 | double () [138x ’® double () 7
In data (1281 Comelation [128n1] . double (i
cOutBits
@ double (¢ [128x1] > double () [128x1] 125; double

Chipz i
Figure 4.40:Design of Pilot Correlator

-l

=|

: e
PSP e [1281]

Indatax Pilot _PN = [data(distorted) x PN_walsh + Pilot x PN_sedpiot PN

= data(distoifte Pilot + 1

128

So, Outbits %Z[data(distoted)x Pilot](n) +1
n=1

4.7.3.4.4 Channel estimation

double I double )

Ref
cRef

zhannezl
double (e g e double (clestimate :m
Output of jll

= chE=t

Pilot Comelator

Figure 4.41:Design of Channel estimator

The operation performed in this block can be sumased

Outbits = [data(n) x Pilot(n)]

128 -
datax Pilot = {1—;82[data(distoted)x Pilot](n) +1} x Pilot

n=1
128

=L [ data(distorted)(n) xPilot. + Pilot ]
128 &

As pilotis 1, so Pilot=-| and Pilot = -NEp=1
128

So, datax Pilot = 1—;8 3" [datadistated)(n) - ]
n=1

As data is constant for a frame 0128 chips, soréisultant signal is only distortion or
rayleigh fading channel function .

128
So, datax Pilot = 1—;8 3" [channel(n)- ]

n=1
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4.7.3.4.5 Rayleigh faded signal
The output of channel estimation block is applietkanspose function.

So, the output is given by

1 128 1 128
Out = -jE Z_;‘[channel(n) il = 128,21“ channel(n) -1
128
1282[1 channel(n)]
This output undergoes matrix multiplication withtput of data correlator and the output
is given by
128 128
Output = [1— z {[data(distorted)](n) } ] x j{@;[j channel(n) +1}

As data(distorted) = data x channel

128 128

So, Output = 17 Z data(n) x channe(n)} 1 x j (- 1){i Z[] channekn)]

128

Output = !Liz data(n) }
Output:- Output of rake receiver is undistorted data wittsymbol per frame. The total

data rate of the output is 9600 bps (1228800/128).

4.7.3.5 Rake combiner
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In2 u 4 double
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double () Feiu)
3 - _}n ekl
In3 I
Complexto

Real-lmag2 L
r=——1 double double [1xd] o R double
double (= felu) |:|D Ted] © S i’
O S T G| sum X st

— + '—b. 2
In4 Complexto hof atriz It atrize ¥
Real-Imag3 Concatenated Sum Product]
double

Constanti

Figure 4.42:Design of Rake Combiner
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The outputs of four rake receiver are combinedhis block as shown in figure 4.42.
Data is also separated into real and imaginarygraittwo outputs are there [36].
Output:- Output of receiver block has two output havingitlper frame. The output data
rate is 9600 bps.

4.7.4 Symbol Demapping
In this section, orthogonal demapping is done bmlmaing the two inputs (real and

imaginary part of the symbol).

@ double
@ double
In2

u]

double [2x1 -
. Interlacer [Fx1] .—C}'1

Outl

Yy r

Figure 4.43:Design of Symbol Demapping
Output:- Output of symbol demapping block has 2 bits pamie. As interlacing is done,
so the output data rate is double as that of thetine. 19200 bps (9600 x 2).

4.7.5 Long Code Descrambling and Power Control bit Extration
In this section, power control bit is extracted dinein descrambling of the data is carried

out.

i ot double . | Hard | double i

| Decisions

@ double [24¢1]

InData2

-

-

Display

PN Sequence | double [153x1) \l/ double [24x1] double double [24x1
B I In1 Outd I In} Outd
Generator EOME S ] v paer P
Lang Code Generatar Decimator Power Control Bit Position
1.2283Meps 1
Fauer Cantrol Ot Ot
SubChannel !
exdraction
I In
o

Long Code de-serambling

Figure 4.44:Design of LongCode Descrambling and Power Control bit Extraction
block

69



4.7.3.1 PN sequence generator

Same as that on transmitter side

4.7.3.2 Power control bit position

Same as that on transmitter side

4.7.5.3 Power control subchannel extraction
It is basically an assigning block operating in mxatode. In this, output is assigned the
value of U2 when row and column at the enable injmet occurs; otherwise output is

assigned the value of U1 [35].

@ double [241] - ! double [24x1]
1]
In1 Ll \u

Bufferz

In
[24x1] Select Out double ’ -1
' R o ! -

P Outt
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Unipalarto

double Bipolar double U2 s YiRC) Y double [24x1] > @

Converter Out?

L 3

Unipalarto
@ double Bipalar
Converter
In3

Ry

¥

Foumer Contral
SubChannel
extraction
Figure 4.45:Design of Power Control Subchannel Extraction block

Operation:- At Ul input data at the rate 24 bits per framewfation 1.25 ms is applied,
at U2, binary data source is applied at the rdig during 1.25 ms duration and output of
power control bit position is applied at enableunfine. Column selection is made
default to 1 and row is selected by power bit cantit position output. On reaching the
selected row, power control subchannel is repldnetinary data source else output is
same as data input.
One more output which display the position of poa@ntrol bit in the frame.
Output:- Output is data bits with power bit extraction hraydata rate 24 bits per frame

of duration of 1.25 ms.
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4.7.5.4 Long code descrambling

Long code de-scrambling consists of modulo-2 addiexclusive ‘OR’ circuit) of the

input data and a binary value determined by the loode generator after decimation

(one decimated LC chip out of every 64 chips) [38].
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Figure 4.46:Design of Long Code Descrambling

4.7.3.4.1 Operation of long code descrambling

double [24x

Bipolarto
Unipalar
Converter

double 24)(1 ’ @

Outl

Bipolarto
Unipalar
Converter

In Long code descrambling, first PN sequence isnd@ed by 128 bits resulting in

output of rate 9600bps (12 bits per frame). Thifgpouis applied over two paths and

interlaced with one path having one chip delay. Titerlacer block accepts two inputs

that have the same vector size, complexity, andpkarnime. It produces one output

vector by alternating elements from the first inflabeled O for odd) and from the

x]

[

=] Function Block Parameters: Unipolar, to Bipolar Converter

ripolar to Bipolar Corveerter [mazk] (link)

Convert a unipalar signal in the range [0, M-1], where M is the M-ary number, into a
hipalar zignal.

Parameters
td-ary number:
Palarity: | Heqgative w
Output data type: | Same az input w

I ]S l [ Caticel l [ Help l Apply

Figure 4.47 Function block parameters of unipolar and bipotamverter
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second input (labeled E for even) . As a resuklt, datput vector size is twice that of
either input. The output vector has the same caxitgland sample time of the inputs.
This results in an output of rate 19200bps (24 jpésframe). Each frame is of duration
1.25ms (24/19200) .

The output of interlacer is passed through a umiptd bipolar conversion block with
negative polarity as shown in figure 4.47. In negapolarity, ‘O’ bit is converted to 1
and ‘1’ bit is converted to -1. This is done torgasut the modulo-2 addition of the data.
Finally the data is passed through a buffer whiehegate a frame of size 24 bits. This
data constitute the PN code sequence which is tsetbscramble the data input by
mulplying the input data and PN sequence.

After this the input data without descrambling loe descrambled data is being mapped
to the output by using a switch. If enable inpuswitch is 1, then input data without any
descrambling is transferred to output; otherwisgwoliis descrambled data. Output data
is passed through a bipolar to unipolar converditotk with negative polarity set in

function block parameters of bipolar to unipolameersion block as shown in figure

4.48.
21 Function Block Parameters: Bipolar to Unipolar Converter @

Bipolar to Unipolar Converter [mask] [link]

Caonvert a bipalar zsignal into & unipalar signal in the range [0, M-1], where M iz the
td-ary number.

Parameters
td-any number:
Polarity: | Megative
Dutput data type: | Same az input

I ok H Cancel H Help l Apply

Figure 4.48 Function block parameters of bipolar to unipol@nverter
Output:- Output data is descrambled data having a dataofa?d bits per frame i.e. a
frame of 1.25ms duration. Total data rate is 19280b

4.8 DECODER

The next block is decoder. It performs various apens on the input data for error

correction and for reducing bit error rate. Figdré9 shows the design of decoder.
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Figure 4.49:Design of Decoder

4.8.4 General Block Deinterleaver

The General Block Deinterleaver block rearranges ¢éhements of its input vector
without repeating or omitting any elements. Theuingan be real or complex. If the input
contains N elements, then the Elements parametewvector of length N that indicates
the indices, in order, of the output elements taahe from the input vector. That is, for
each integer k between 1 and N,

Output(Elements(k)) = Input(k)

The Elements parameter must contain unique intdgergeen 1 and N.

If the input is frame-based, then both it and thentents parameter must be column
vectors.

To use this block as an inverse of the General IBlaterleaver block, same Elements
parameter are set in both blocks. In that casetvibéblocks are inverses in the sense that
applying the General Block Interleaver block folledv by the General Block
Deinterleaver block leaves data unchanged [37].

Output:- The element set in function block reverse the madeccurrence of the bits in

the frame. So, the final output data rate of theoder is 384 bits per frame or 19200 bps.

4.8.5 Depuncture

Same as puncture used on transmitter side

Output:-As depuncture vector is set to 1 so no removalddlit@n of bits is done, so
output is same as that of the input.

4.8.6 Derepeat
The Derepeat block resamples the discrete inpatrate 1/N times the input sample rate

by averaging N consecutive samples. This is onsiplesinverse of the Repeat block
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(Signal Processing Blockset). The positive intelges the Derepeat factor parameter in
the Derepeat dialog.

The Initial condition parameter prescribes elemehthie output when it is still too early
for the input data to show up in the output. If thenensions of the Initial condition
parameter match the output dimensions, then thanpeter represents the initial output
value. If Initial condition is a scalar, then ipresents the initial value of each element in
the output[40].

Operation

If the input is frame-based, then the block derepeach frame, treating distinct channels
independently. Each element of the output is thegaye of N consecutive elements along
a column of the input matrix. The Derepeat factoistrbe less than the frame size.

The Framing parameter determines how the blockstsljthe rate at the output to
accommodate the reduced number of samples. It i® $daintain input frame rate. This
means the block reduces the sampling rate by wsipgportionally smaller frame size
than the input. For derepetition by a factor ofthe output frame size is 1/N times the
input frame size, but the input and output framegaare equal. When you use this
option, the Initial condition parameter does noplgpand the block incurs no delay,
because the input data immediately shows up inotitput. For example, if a single-
channel input with 64 elements is derepeated lacef of 4, then the output contains 16
elements. The input and output frame periods analeq

Output:- As the repetition count is 1 so the output is samsethat of the input
maintaining its input frame rate i.e. number ofrigof output should be same as that of

input which is 50 in count.

4.8.4 Viterbi Decoder

This block uses the Viterbi algorithm to optimatigcode a frame of convolutionally

encoded information. The Viterbi algorithm searcti@sugh the trellis, as defined by the
encoder, for the most probable sequence and outpbetslecoded data along with the
metric for the final detected path. The decoderaigs in continuous and noncontinuous

operation modes.
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Continuous operation mode applies to the Sync aging channels. In this mode, the
decoder will not be initialized to an all-zero stdietween frames of input data. This
operation mode will not introduce any processintaylevhenever the frame length is a
multiple of the decode length. Otherwise, therd gl a processing delay of one frame.
Noncontinuous operation mode applies to the Traffiannel. In this mode, the decoder
initializes to an all-zero state value prior to ggesing each input frame. As a result, this
operation mode does not introduce any processitay ddote that in the noncontinuous
operation mode, the decoder starts the tracebaitieinero state. This means that the last

8 bits of the sequence being decoded must be 0 [35]

=1 Function Block Parameters: Yiterbi Decoder1 @

Witerbi Decoder

Uzesz the Viterbi algorithm to decode conwvalutionally encoded input data. Uze the
polpZtrelliz function to create a trellis uzing the constraint length, code generator
[octal] and feedback connection [octal).

Farameters

Trelliz structure: |[=f=] 17T i i B B Beied ||
[] Punctured code

Drecizion type: | Hard Decizion BT
[] Errar if quantized input walues are out of range

Traceback depth: |1

[] Enable erazures input port

Operation mode: | Continuous B
[] Enable rezet input port

Output data type: | double B

I ak, l [ Cancel ] [ Help ] Apply

Figure 4.50: Function block parameters for Viterbi Decoder
Output:- The Viterbi decoder is of order 7 and has two feetthpaths having feedback
connection polynomials 171 and 133, so it has dutawing rate half that of the input
rate. As the input data rate is 384 bits per fraseeputput rate of Viterbi decoder is
192(384/2) bits per frame. The total data ratesi3®bps (19200/ 2).

4.8.7 Decoder Tail Bits

Decoder tail bits remove tail bits from the encewéry frame according to the parameters
set in the source block parameter.

Output:- As the row size is set to 184(172+12), so totaB ¢dil bits are removed at the
end of every frame. The total data rate now becd@28¢ bps (184 X 50).
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5] Function Block Parameters: Encoder Tail Bits1 @

Zero Pad [maszk] [link]

Append or prepend zeros to the input along specified dimensions.  Truncation will
occur if the specified number of output rows and/or columns iz less than the
cornesponding input signal dimensions.

Farameters
Ref i v
Pad along: | Columns
Mumnber of output rowes: | U ser-specified

Specified number of output rows:
172+12

Action when tuncation occurs: | Mone v

[ oK l [ Cancel ] [ Help ] Apply

Figure 4.51: Function block parameters of Encoder tail bits

4.8.8 General CRC syndrome detector

The General CRC Syndrome Detector block computesksums for its entire input
frame. The block's second output is a vector wisage is the number of checksums, and
whose entries are 0O if the checksum computatioldyia zero value, and 1 otherwise.
The block'’s first output is the set of message waovith the checksums removed.

The block's parameter settings should agree witkethin the General CRC Generator
block.

The number of checksums the block calculates fah eaame is specified by the
Checksums per frame parameter. If the Checksum§agrae value is k, the size of the
input frame is n, and the degree of the generatbmpmial is r, then k must divide n -
k*r, which is the size of the message word [38].

Example:- Suppose the received codeword has sizeéh&6generator polynomial has
degree 3, Initial states is [0], and Checksumsfiaene is 2. The block computes the two
checksums of size 3, one from the first half of theeived codeword, and the other from
the second half of the received codeword, as shavthe figure 4.52. The initial states
are not shown in this example, because an init#é f [0] does not affect the output of
the CRC algorithm. The block concatenates the talvds of the message word as a
single vector of size 10 and outputs this vectooubh the first output port. The block
outputs a 2-by-1 binary frame vector whose entdepend on whether the computed
checksums are zero. The figure 4.52 shows an examplhich the first checksum is
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nonzero and the second checksum is zero. This atedicthat an error occurred in

transmitting the first half of the codeword [36].

Received codeword 1 1

- (] 0

0 0 First half of messoge word —o— 0

0 ' 1

1 0 o 0

1] 1 First chedksum 1 1

1 0 B nonzeng 1 1

0 1 1

1 " o

1 11 L 0

! . First output

0 1| % Secnd haf of message word

v "

: ‘ o]

0 1 Sewond chedksum [ 0 ] }____.—-——-' 0
L0 0 BIem | g Second oulput

[

Figure 4.52:Checksum calculation[36]

=] Function Block Parameters: Extract FQli1

General CRC Syndrome Detector [mask] [link]

E Detect ermors in the input data frames according to the generator polynomial. The
i generator polynomial must be specified az a binary wector or a descending ordered
polynomial, to indicate the connection points.

The first output iz the data frame with the CRC bitz removed and the second output
indicates if an error was detected in the data frame.

The initial states parameter must be a binary scalar or wector of length equal to the
degree of the polynomial.

The input must be a binary frame-baszed column vectar.

Parameters

Generator polynomial;
(12111098410

Initial gtates:
1
Checksumsz per frame:

1

[ Ok ” Cancel ” Help ] Apply

Figure 4.53:Function Block Parameters for CRC Syndrome Detector
The parameters are same as that for CRC generatoairtsmitter side
Output-As the degree of generator polynomial is 12, Bdiis are removed at the end of
every frame. The total size of the frame becomé&aad the total data rate becomes 8600
bps (172 X 50).

This is all about the design of underwater CDMA2@§8tem. This chapter completely
covers the implementation of underwater CDMA20086&tesy using MATLAB Simulink
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Tools. The function of every block is covered intailealong with the output data rate
after every block is also discussed. Along witrsthinction block parameters are also
shown. Now, in the next chapter, the performancthisfsystem is evaluated by carrying

out comparisons.
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CHAPTER 5
CONCLUSION AND FUTURE SCOPE

In this chapter, the simulation performance of thederwater communication using
CDMA technology, introduced in chapter 3, are pnésé. In the Performance
evaluation, main focus is on the delay varying ratnf the channel and secondly on the
channel estimation. The model of underwater CDMARG@s included the solution for
both these problems as discussed in chapter 1. pdréormance of underwater
CDMAZ2000 system is judged on the basis of the bibrerate at the different stages of
the system. This is done by comparing the signathentransmitter side to the receiver

side.

5.1 BER after Receiver Section

Jﬁ dauble 17241 o Lesls BT i
. 1721 Sdd]
Binary 17zl 53 . ] ol daufile [24¢1]
Bermoulli Binany Ot [ 3] In2
Genarator Encader -
[4] Power Contral Subchannel Transmitter
L
-}
Buffer!
Find Delayt double [24x1]
Displays sRet 1L ™ 00236
Ijl Find i Error Rate | goue (3)
- double de\aybe‘ay [24x1] Caleulation » _-ﬂ
sDel ) o Fic 772
Eror Rate Display1
Caleylation
Receiver
Decoder
Displ
plard Outt N ) sz 21
otz " doutle [ 1] " double 1] ‘
double
Buffer

Figure 5.1: Design of UWCDMAZ2000 with BER after Receiver secti
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Figure 5.1 is showing the bit error rate after tieeeiver stage. It is calculated by
comparing the signal before transmitter sectioriransmission side with the signal after
the receiver section on the receiver side as shovigure 5.1.

Error rate calculate block shows three outputs. firseoutput shows the bit error rate
having a value of 0.0236. Second output showsatad mumber of error samples i.e.64.
Third output is the total number of samples i.€l27Thus, the conclusion is that among

2712 samples, 64 samples have error having alitelror rate of 0.0236. The error in
the sample is due to the power control bit additorthe transmitter side and extraction
of the power control bit on the receiver side. Whalktracting the power bit, it is being
replaced by ‘1’ bit which may be ‘0’ or ‘1’ on tramitter side before placing power
control bit. As in a frame of 1.25 ms, one symbmloag 24 symbols in frame is replaced
by power control bit so maximum bit error rate @&nup to 0.0417(1/24).

One more block is used which is find delay blockisTblock calculates the delay
between the two signals. The output delay betwikernvto signals is zero.

10

g

Amplitude

0 02 0.4 0.6 0.8 1 12
Frame: 113 Time (ms)

_—

Figure 5.2: Signal before transmitter section in time domain
Figure 5.2 and 5.3 shows the signal before tratsnsection and after receiver section in
time domain for frame of size 24 bits and havirdpeation of 1.25 ms(24/19200).
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Amplitude
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Frame: 113 Tirne (ms)

Figure 5.3: Signal after receiver section

Magnitude-sguared, dB

] 1 2 3 4

5 3 7 8 9
Frame: 169 Frequency (kHz)

Figure 5.4: Signal before transmission section in frequenayaio

Figure 5.4 and 5.5 shows the signal before traensection and after receiver section in
frequency domain for frame of size 16 bits as FRd@ BFT is calculated only for powers
of 2. The frequency range is set from 04@ find the sampling frequency is 19200 Hz.
So, frequency ranges from 0 to 9.6 kHz(19200/Zhasvn in figure 5.4 and 5.5.
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Figure 5.5: Signal after receiver section in frequency domain

5.2 BER of Underwater CDMA2000 System

double [172x1] double [3541]

Bernoulli e In1 Out1
Binary [17Za1]
Bermaulli Binany
Generator Encoder
- C._r - l double [12801L I@
T30 el (7Ed] ™ [ZEd] ™
Time FFT
Wector Buffer Spectrum
Scope Scope
Find Delay1
Displayd L1721 . 002000
Find =7 [7aed] TEnar Rate double (3}
ot | Delay | [17201] o Caleulation i |
% >
[172x1] 1575
Eror Rate ;
Calculation Displayt
- C._r - l double [128x1L IM
ed] T | TPeed] © 12811
[ 1 Time [ ! [ ] FFT
Wector Bufferd Spectrum
Scope Scoped
Subsystemn
Display3 L Out!
- double [T72x1] [y L)
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Figure 5.6: Design of UWCDMAZ2000 with BER after Receiver secti
Figure 5.6 is showing the bit error rate at thepattof the Underwater CDMA2000
System. It is calculated by comparing the signahegated by Bernoulli’'s binary
generator on transmission side with the signal rAtthe decoder section on the receiver
side as shown in figure 5.6.
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Error rate calculate block shows three outputs. flits¢ output shows the bit error rate

having a value of 0.002909. Second output showsotiaé number of error samples i.e.4.

Third output is the total number of samples i.e/8.3Thus, the conclusion is that among

1375 samples, 4 samples have error having a tivtatrbr rate of 0.0029009.

One more block is used which is find delay blockisiblock calculate the delay between

the two signals. The output delay between the fgoads is one.

&

4

3

Amplitude

Amplitude

o 2 4 B 8 10 12 14 16 18 20
Frame: & Tire (sl

Figure 5.7: Signal generated by bernoulli’'s generator in tidemain

o 2 4 B 8 10 12 14 16 18 20

Figure 5.8: Signal retrieved on receiver side in time domain
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Figure 5.7 and 5.8 shows the signal generated tnoh#i's generator on transmitter side
and signal retrieved on receiver side in time donfiar frame of size 172 bits and having
a duration of 20 ms. Total number of 50 framestaresmitted in 1 sec. This results in a
total data rate of 8600 bits per sec (172 x 50).

Magnitude-squared, dB
: G

] 05 1 1.5 2 25 3 35 4
Frarme: 10 Freauency (kHz)

Figure 5.9: Signal generated by bernoulli’'s generator in freqay domain

Magnitude-squared, dB
: 5

05 1 15 2 25 3 35 4
Frame: 10 Frequency (kHz)

Figure 5.10: Signal retrieved on receiver side in frequency diom
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Figure 5.9 and 5.10 shows the signal generatedebyohlli’'s generator on transmitter
side and signal retrieved on receiver side in fezqy domain for frame of size 128 bits
as FFT and IFFT is calculated only for powers of Re frequency range is set from 0 to
f42 and the sampling frequency is 8600 Hz(172 x 50).frequency ranges from 0 to 4.3
kHz(8600/2) as shown in figure 5.9 and 5.10.

5.5 Comparison of signal with and without channel estnation

The signals before and after channel correlatiershown below. This is done by placing
Discrete time scatter plot scope block after th&a a@rrelator block whose output is a
faded signal and second discrete time scatterguope block is placed at the position
when channel effect is being removed from the digBath the positions are shown in
figure 5.11.
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Figure 5.11:Design of rake finger
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Scatter Plot

Quadrature Amplitude
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3 2 1 0 [ 2 3
In-phase Amplitude

Figure 5.12: Constellation diagram of faded signal
Figure 5.12 shows the distorted signal. As is shawnonstellation diagram, different
points are no longer showing quadrature phase shdiftulation. So, the signal is

distorted by channel.

Scatter Plot

Quadrature Amplitude
o

1}
Ir-phasze Amplitude

Figure 5.13: Constellation diagram of signal after channel cgation
Figure 5.13 shows the signal after channel compiemsae. effect of channel on the
signal is being removed. This can be easily vatifrem the constellation diagram shown

in figure as the different points are showing qa#agire phase shift modulation.
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5.4 Channel Estimation
The channel behavior with time is shown in thistisec This is shown by attaching a
time vector scope block on the channel estimatigput of rake receiver block as shown

in the figure 5.14.

Data_out FA2dle o] In1 =
double [2x1] o double [2d1] double [2ex1
" Out1 Tl T InDataZ Out1 T
Data _out! e ] In2 Qutz
double () [128x1 Buffer
(el ) U], | _
[128x1] Symbol Demapping
Int After corelation

Long Code DeScrambling

P ower Control Extracting
channel estimation double IB
Time

Rake Receiver
Wector

Scope

Figure 5.14: design of receiver section
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Figure 5.15:Impulse response of channel in time domain

Figure 5.15 shows the output of channel estimatiothe receiver side.
5.5 Position of power control bit

Figure 5.16 include a display block which shows plsition where power control bit is

inserted in the frame.
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Figure 5.16 Power Control Bit Position display

5.6 Comparison of signal retrieved with and withoutchannel fading

This comparison will show whether correct data lisamed at the output after channel
estimation. Signals at the rake combiner outpuheut including any channel in the
system are shown in figure 5.18 and 5.19. Sign#éih@trake combiner output including
channel in the system are shown in figure 5.20 fapnde 5.21. The similarity between

the figures shows that data is correctly retriezftdr channel estimation.
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Figure 5.17:Design of rake receiver
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Figure 5.18: Rake combiner first output without including chahim system
Figure no. 5.18, 5.19 and Figure 5.20, 5.21 shdwsoutput of rake combiner without
and with channel in the system respectively. Thigsees shows the signal for the period
of 0.1042msec(128/1228800) which is the time gedabone symbol. As the Quadrature
phase shift modulation is done, so one symbol @élry two bits as shown in figures

with a data rate of 19200 bps. The time period g bit is 0.1042/2 i.e. 0.0521msec
(1/19200).
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Figure 5.19: Rake combiner Second output without including aleéim system
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Figure 5.20: Rake combiner first output including channel isteyn
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Figure 5.21:Rake combiner second output including channeystesn
5.7 Transmitted signal with and without fading

Figure 5.22 shows the transmitted signal and Figu2& shows the transmitted signal

after rayleigh fading in frequency domain.
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Figure 5.24 shows the constellation diagram of ttaesmitted signal and Figure 5.25

shows the constellation diagram of transmitted aigfter rayleigh fading.

15

Magnitude-squared, dB

01 02 03 0.4 05 06
Frame: 135 Frequency (MHz)

Figure 5.22: Transmitted signal before fading in frequency dioma
As frequency range is set from 0 t2f, so the graph has a frequency range of 0 to
0.6144MHz(1228800/2).
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01 0z 03 04 05 0B
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Figure 5.23 Signal after fading in frequency domain
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On comparing Figure 5.22 and 5.23, it is clear tatnnel varies the amplitude of the

signal.

Scatter Plot

Quadrature Amplitude

3 2 -1 0 1 2 B
In-phase Amplitude

Figure 5.24:Constellation diagram of transmitted signal beféading

Figure 5.24 shows the constellation diagram of gmaitted signal before fading for
Quadrature phase shift modulation. So, the pointghe constellation diagram are at four

phase angles depending on the amplitude of realnaaginary parts. From figure 5.24, it
can be seen that the amplitude of the signalstﬁereD.?O?l(l{/E) or 1.7071. This is

more clear from the figure 5.25 and figure 5.26 chlshows the real and imaginary part
of the signal shown in constellation diagram. Hittltee amplitude is 0.7071 or 1.7071.
Amplitude equal to 0.7071 and 1.7071 are due tbhoganal spreading and quadrature
spreading in spreading code block on transmittig.si

92
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Figure 5.25:Real part of the transmitted signal before fading
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Figure 5.26:Imaginary part of transmitted signal before fading

Figure 5.25 and Figure 5.26 shows the frame of 2@ bits. The total data rate is
1.2288Mbps. The time period of one frame is 0.10=k(128/1228800) as is clear from
figure 5.25 and 5.26.
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Figure 5.27: Constellation diagram of signal after fading
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Figure 5.28:Real part of transmitted signal after fading
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Figure 5.29:Imaginary part of transmitted signal after fading

Figure 5.28 and Figure 5.29 shows the frame of 4i28 bits. The total data rate is
1.2288Mbps. The time period of one frame is 0.10=k(128/1228800) as is clear from
figure 5.28 and 5.29.

5.8 Comparison of signals at different stages ondnsmitter and receiver
side

In this section, signals at different stages amgmitter and receiver side of underwater
CDMAZ2000 system are shown. The comparison of teadishows the accuracy level of
the system.

Three comparisons are shown between the signadsneltafter CRC generator, encoder
tail bit block and Convolutional encoder on tranemniside and the signals before CRC
detector, tail bit block and viterbi decoder oneiger side respectively. For carrying out
the comparison, three vector scope blocks are glafter CRC generator, encoder tail bit
block and Convolutional encoder in encoder blockslswn in figure 5.30 and three
vector scope blocks are placed before CRC detettibhit block and viterbi decoder in

decoder block as shown in figure 5.31.
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Figure 5.32 Signal after CRC generator
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Figure 5.33:Signal before CRC detector on receiver side
Figure 5.32 and figure 5.33 show the signals &teC generator on transmitter side and

before CRC detector on receiver side respectiv@ty.comparing two signals, both are
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same with a delay of 1 bit. The signal shows en&af size 184 bits(172 data bits and
12 CRC bits). The total data rate is 9200bps witfaltof 50 frames transmitted per
second. So, the time period of one frame is 20M8d¢9200) as is clear from figure 5.32
and figure 5.33.

Amplitude
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Figure 5.34 Signal after tail bit addition on transmitter &d
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Figure 5.35: Signal before tail bit removal on receiver side
Figure 5.34 and figure 5.35 show the signals aéibit addition on transmitter side and
before tail bit removal on receiver side respedyiv®n comparing two signals, both are
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same with a delay of 1 bit. The signal shows a &arhsize 192 bits(172 data bits, 12
CRC bits and 8 tail bits). The total data rate 80@ps with total of 50 frames
transmitted per second. So, the time period offaarae is 20msec(192/9600) as is clear
from figure 5.34 and figure 5.35.
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Figure 5.36: Signal after convolutional encoder on transmitate
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Figure 5.37: Signal before viterbi decoder on receiver side
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Figure 5.36 and figure 5.37 show the signals aéiebit addition on transmitter side and
before tail bit removal on receiver side respedyiv®n comparing two signals, both are
same with a delay of 1 bit. The signal shows a &arhsize 384 bits(192 x 2). The total
data rate is 19200bps with total of 50 frames tratied per second. So, the time period
of one frame is 20msec(384/19200) as is clear figare 5.36 and figure 5.37.

Two comparisons are shown between the signals r@utaafter Long code scrambling
and power control subchannel insertion on tranemgide and the signals before Long
code descrambling and power bit subchannel extractn receiver side respectively. For
carrying out the comparison, two vector scope ldoeke placed after Long code
scrambling and power control subchannel insertitohdng code scrambling and power
control mapping block as shown in figure 5.38 awd t/ector scope blocks are placed
before Long code descrambling and power subchaerghction in Long code

descrambling and power control bit extraction blaskshown in figure 5.39.
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Figure 5.41Signal before Long code scrambling on receiver side

Figure 5.40 and figure 5.41 show the signals dfieg code scrambling on transmitter
side and before long code descrambling on recaider respectively. On comparing two

signals, both are same. The signal shows a franstzef24 bits. The total data rate is
19200bps with total of 800 power control group fesrransmitted per second. So, the
time period of one frame is 1.25msec(24/19200)saddar from figure 5.40 and figure

5.41.
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Figure 5.42Signal after power control sub channel insertiont@msmitter side
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Figure 5.43Signal before Power control sub channel extracborreceiver side
Figure 5.42 and figure 5.43 show the signals aftaver control subchannel insertion on
transmitter side and before power control subchlaxraction on receiver side
respectively. On comparing two signals, both araesarhe signal shows a frame of size
24 bits. The total data rate is 19200bps with tofaBOO power control group frames
transmitted per second. So, the time period of fomme is 1.25msec (24/19200) as is
clear from figure 5.42 and figure 5.43.

5.9 Conclusions

» Underwater CDMA2000 system has a bit error rate0 @236 after the receiver
section because of extraction of power controbhd replacing it by ‘1’ bit. As 1 bit
is added in 1.25 msec, so probability of maximunh dyror rate can be upto
0.0417(1/24).

» Synchronization between the signal at transmittel r@ceiver side shows that delay
estimation is performed accurately.

» Underwater CDMA2000 system has a bit error rat@.002809 at the output of the
system.

> Signals taken before and after channel compensatiows that channel estimation

technique is implemented correctly.
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> Display block shows the position of the power cohhit so that it can be used to set

the power level of the retransmitted signal.

» Comparison of signal taken with and without chanfagling shows that data is

retrieved correctly after channel and delay esimman the rake receiver block.

» Signals before and after channel fading are showntimne, frequency and

constellation formats. They show the effect of c¢teron the signal in all the three

formats.

5.9 Future Scope

To enable more compatible CDMA system specifictdijored for underwater acoustic

sensor networks,the following open research iseeed to be addressed:

% In case CDMA is adopted, which we strongly advocites necessary to design

X/

°e

7
*

access codes with high auto-correlation and lovsarrelation properties to
achieve minimum interference among users. This si@edbe achieved even
when the transmitting and receiving nodes are yrtlsronized.

Research on optimal data packet length is neededhaximize the network

efficiency.

It is necessary to design low-complexity encodard decoders to limit the

processing power required to implement FEC funetiites. The feasibility and

the energy-efficiency of non-convolutional errontol coding schemes should
be evaluated

Distributed protocols should be devised to redingedctivity of a device when
its battery is depleting without compromising netkvoperation.
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