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Abstract 

The acoustic distributed Multi-Input-Multi-Output(MIMO) systems implemented 

as Alamouti Space-time coding is equipped in the Underwater Robot Swarms(URSs) 

used to enable a long range and high throughput communication system. However 

the acoustic transducers cannot provide real-time and accurate synchronization 

for the distributed transmitters due to the large delay of acoustic channels in 

the underwater environment. In addition, the narrow bandwidth of the acoustic 

transducers leads to the increase in synchronization time and errors. To overcome 

the aforementioned drawbacks, a M2I assisted acoustic distributed MIMO system 

is implemented . Since the M2I antenna has high propagation speed, there is a 

reduction in the time taken for synchronization. To quantitatively analyze the 

improvement of the system, we deduce the synchronization errors, Signal-to-Noise 

Ration(SNR) and the Bit error rate(BER) of the system. The Alamouti encoded 

system is finally implemented on a indoor tank testbed setup to validate the results . 

To make computations more feasible , Out-Of-Tree(OOT) modules are created on 

GNU-Radio to implement the Alamouti encoding and decoding blocks. 
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CHAPTER 1 

Introduction 

1.1 Background 

The Underwater world has always been more difficult to explore when compared 

to other communication mediums. There has been long-term research on efficient 

communication t echniques in such harsh and unpredictable environments. The 

underwater medium presents many challenges for digital communication. There is 

limited available bandwidth and high bit error rates caused by multipath, fading, 

and long propagation delay. The speed of sound is five orders of magnitude less 

than that of terrestrial radio , which can make it hard for underwater networks 

to synchronize, exchange data, update routes, and communicate efficiently. Due 

to the severity of multipath underwater , a receiving node might be at a point 

where there is little energy in the received signal making it hard to receive without 

errors . These spots of destructive multipath interference vary with time due to 

the movement of water and make it quite hard to even have a static network 

topology. Along with multipath, other unfavorable characteristics such as ambient 

noise, bubbles , surface scattering, and slow propagation speed make developing 
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Chapter 1. Introduction 1.1. Background 

underwater networks a difficult task. Furthermore, the ocean varies significantly 

both temporally and spatially, which makes it challenging to creat e a model 

of a "typical" underwater acoustic channel. Since there is no "typical" model, 

there is no single network architecture that works best in all situations. Therefore, 

depending on the current characteristics of the channel, there is a variable amount of 

bandwidth, various noise sources in different frequency bands, varying inter-symbol 

interference (ISI) depending on t he water depth, and many other characteristics 

under consideration. Even if the channel noise is known, attenuation still depends 

on both distance and frequency along with space and time varying multipath. 

Underwat er Wireless Communications(UWC) have presented new and distinct 

challenges. Its major applications include unmanned or Autonomous underwater 

vehicles is in exploring natural resources under the seabed , gathering scientific 

data , pollut ion, environmental monitoring and tactical surveillance. 

Several different types of communication strategies have been t est ed under 

these conditions of which Underwater Acoustic Communication(UAC) has been 

the most efficient method for communication. In an underwater environment , radio 

waves tend to propagat e longer distances through the conductive sea water , but 

the same can be achieved only at lower frequencies(30-300 Hz) [11]. Such systems 

will require extremely large antennas and high transmission power. On the other 

hand, Opt ical waves faces the problem of high scattering. A brief comparison of 

communication paradigms is given below : 

Paradigm Propagation Speed Data Rates Range 

MI 3.33 *107m/s Mbps 10-lO0m 

EM 3.33 *107m/s Mbps several m 

Acoustic 1500mls Kbps several Km 

Optical 3.33 *107m/s Mbps 10-lO0m 
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Chapter 1. Introduction 1.2. Related Work 

1.2 Related Work 

The performance of an Underwat er Acoustic Communication (UAC) system is 

limited due to the harsh propagation conditions in the UAC channel. MIMO 

technique can improve the reliability of the data transmission syst em , increase 

propagation speed , leads to increase in t ransmission range and reduce energy 

consumption. In [31] presents an implementation method of MIMO t echnique in 

the form of coding the Space-Time Block Code and its optimal case in the form 

of Alamouti coding. In many cases, UAC is implemented either using CDMA 

or OFDM modulation techniques due to several advantages they posses over 

other schemes . Multicarrier modulation in the form of OFDM is considered as a 

low complexity alternative to single-carrier broadband modulation for underwater 

acoustic communication. In [l], Alamouti Space-Time Coding(STC) is investigated 

in conjunction with OFDM for high-rate UAC over time-varying channels. In 

[2], a sparse learning via iterative minimization algorithm for enhanced channel 

estimation and reduced computational complexity is presented .In UAC , due to the 

lower sound velocity there is severe doppler effect in the complex variant UWA 

channel environment resulting in a Carrier Frequency Offset (CFO) at the received 

signal. The calculation of CFO can be done in many ways and in [30] a new scheme 

is proposed which can eliminate the phenomenon of ambiguous phase and tolerate 

quick random variations of CFO in the UWA channel. 

1.3 Software Defined Radio 

A Radio is any kind of device that t ransmits or receives signal wirelessly. These 

signals are electromagnetic waves of frequency range 30 hertz(Hz) to 300 giga

hertz(GHz) used to facilita te the t ransfer of informa tion. Traditional hardware 

based radio devices limit the cross-functionality and can only be modified through 

physical intervention by changing the hardware. Such changes that may occur 
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Chapter 1. Introduction 1.3. Software Defined Radio 

TX 

TX-RF Front 
Host PC Ehternet FPGA 

End 

RX 

RX-RF Front 
Host PC Ehternet FPGA 

End 

Figure 1.1: Block diagram of SDR 

to the system is usually expensive and also limits the flexibility of the system. 

On the other hand,Software Defined Radio(SDR) technology provides efficient 

and comparatively inexpensive solution to this problem, allowing multi-mode and 

multi-functional wireless devices that can be enhanced using upgrades or changes 

in the software. 

The SDR is a radio communication system where components that have been 

implemented in the hardware( ex: filters , mixers, modulators/demodulators etc)are 

instead implemented by means of software on a personal computer or embed

ded system. These systems include Field Programmable Gate Arrays(FPGA) , 

Digital Signal Processors(DSPs) , Programmable System on Chip(SoC), Analog 

to digital Converters(ADCs). Significant amount of signal processing is handed 

over o the general-purpose processor rather than being done in special purpose 

hardware. The major advantages of the SDR include the ability to reprogram, 

Multiband/Multimode level of operation, complete convergence of the digital 

networks and radio science. The basic block diagram of SDR is illustrated in 

Fig.(1.1). 
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CHAPTER 2 

GNU-Radio and SDR 

GNU Radio is a free software development toolkit that provides signal processing 

blocks to implement software-defined radio and signal-processing systems. It can 

be used along with external RF hardware to create software-defined radios, or 

without hardware in a simulation-like environment . 

The GNU Radio software provides the framework and tools to build and run 

software radio or just general signal-processing applications. The applications 

themselves are generally known as "flowgraphs", which are a series of signal 

processing blocks connected together, thus describing a data flow. As with all 

software-defined radio systems, reconfigurability is a key feat ure. Instead of using 

different radios designed for specific but disparat e purposes, a single, general

purpose, radio can be used as the radio front-end and the signal-processing 

software handles the processing specific to the radio application.These flowgraphs 

can be written in either C++ or Python programming language. The GNU Radio 

infrastructure is written entirely in C++, and many of the user tools are written in 

Python. There are several in-built signal processing blocks offered by the software, 

however if a block of specific functionality has to be implemented then it allows 
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Chapter 2. GNU-Radio and SDR 2.1. Universal Software Radio Peripheral 

the user to develop individual blocks using the Out of Tree (OOT) Modules. 

2.1 Universal Software Radio Peripheral 

USRP is a range of SDRs designed and sold by Ettus Research and its parent 

company National Instruments. The USRP Hardware Driver(UHD) is a user-space 

library that runs on a General Purpose Processor(GPP) and communicates with 

and controls all of the USRP device family. USRPs are transceivers, which means 

that they can transmit and receive RF signals. UHD provides the necessary control 

used to transport user waveform samples to and from USRP hardware as well as 

control various parameters of the radio. The USRPs are available in many form 

factors and configurations. Its main categories are: 

• Bus(B) Series - Connected to a host computer via a USB connection 

• Network(N) Series - Connected to a host computer via an Ethernet connection 

• High Performance(X) Series - Connection can be Ethernet or a x4 PCI

Express connection 

• Embedded(E) Series - Runs on stand-alone mode. 

The USRP N200/ N210 series is designed for RF Application from DC to 6 GHz. 

The RF capabilities of the USRP is determined by the installed RF-daughtercard. 

The USRP N210 provides high-bandwidth, high-dynamic range processing capa

bility. The expansion port of the USRP N210 allows it to be synchronized with 

multiple USRP N210 series and can be used in MIMO configuration. Its product 

architecture includes a Xlinx Spartan 3A-DSP 3400 FPGA, 100 MS/s dual ADC , 

400 MS/s dual DAC and Gigabit Ethernet connectivity to stream data to and 

from host processors. The internal constructin of the USRP N210 is in Fig(2.1) 
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Figure 2.1: Internal Architecture of USRP N210 

The following table provides a brief comparison of the characteristics provided 

by the daughtercards. In the tabular column shown below, "MIMO" means both 

time and sample clock alignment are possible with multiple USRP devices. "Time" 

means samples can be provided with known sample times , and "Phase" means the 

daughterboard local oscillator(LO) can generate a phase aligned LO. 

Daughtercard USRP N200/N210 Frequency Range 

SBX MIMO ,Time,Phase 400-4400 MHz 

WBX MIMO ,Time 50-2200 MHz 

XCVR2450 MIMO ,Time 2400-6000 MHz 

DBSRX2 MIMO ,Time 800-2300 MHz 

TVRX2 MIMO ,Time 50-860MHz 

Basic Tx/Rx MIMO ,Time,Phase l-250MHz 

LFRX/ LFTX MIMO ,Time,Phase 0-30MHz 
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Figure 2.2: LFTX Daughterboard Figure 2.3: LFRX Daughterboard 

For the following experiment , we use a LFRX/ LFTX daugt ercard since the MI 

system is operational at lower scale of the megahertz range and acoustic transduc

ers work at the kilohertz range making this a feasible and cost-efficient option.The 

LFTX daughtercard utilizes two high-speed operational amplifiers to allow trans

mission from 0-30 MHz. The LFTX is ideal for applications in the HF band, or for 

applications using an external front end to up-convert and amplify the intermediate 

signal. The outputs of the LFTX can be processed independently, or as a single 

I/ Q pair. The LFRX daughterboard is a low-cost daughterboard that provides 

direct access to the ADC inputs. The board can accept real-mode or quadrature 

signals from DC to 30 MHz. The LFRX is also ideal for applications using an 

external front end providing relatively clean signals within operable bandwidth. 

High-speed opamps couple each RF input to a single channel of the USRP device's 

ADC. The signals sampled by the ADC are manipulat ed in the FPGA, and can 

be processed as two real-mode signals, or a single I-Q pair.The LFRX does not 

include a local oscillator or downconverter. The LFTX/ RX are shown in Fig.(2.2) 

and Fig.(2.3) respectively. 
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CHAPTER 3 

Spacial Time Block Coding 

3.1 Introduction 

The basic attributes of wireless system are high signal quality, increased reliability, 

better power efficieny and bandwidth efficiency. Diversity is defined as the method 

to convey information through multiple instantiations of random fades . There are 

several forms of diversity namely Spatial Diversity, Time interleaving diversity and 

Frequency diversity. In scattering environments, the spatial diversity is the most 

practical, effective and thus widely used technique for minimizing the distortions 

caused due to multipath fading. The earliest form of spatial diversity is the delay 

diversity proposed in [4]. By viewing multiple- antenna diversity as independent 

information streams, more sophisticated coding schemes can be designed to obtain 

results closer to certain theoretical performance limits. One such approach is the 

space time coding scheme defined Siavash Alamouti ??. It introduces temporal 

and spatial correlation into the signals transmitted from different antennas without 

any increase in the transmission power or bandwidth. 
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Chapter 3. Spacial Time Block Coding 3.1. Introduction 

3.1.1 Transmit Diversity Scheme 

Realizing a transmit diversity scheme is more challenging than a receiver diversity, 

as it involves the design of several correlated signals from a single information signals 

without utilizing the Channel State Information(CSI). However , the transmit 

diversity must be coupled with effective receiver signal processing techniques that 

can extract the desired information from the distorted and noisy received signal. 

There are two main classes of multiple-antennas transmitter techniques : Closed

loop and Open-loop. The former uses a feedback channel to send CSI acquired 

a t the receiver to the t ransmitter to be used in the signal design whereas the 

latter does not require CSI. In open-loop transmit diversity, improvement in the 

performance of error can be done by error control coding techniques combined with 

modulation and t ransmit diversity. Space t ime coding is the design implemented 

by multiple antenna transmissions. 

3.1.2 Space Time Coded Systems 

The Space-Time coding is a powerful transmit diversity technique which is used 

widely due to the following reasons 

• Improves the downlink performance without the need for multiple receive 

antennas . 

• When combined with channel coding, a coding gain is achieved along with 

the spatial diversity gain. 

• There is no need of CSI at the transmitter. 

• Proved to be robust against non-ideal channel conditions such as Doppler 

effect , Channel estimation errors etc. 
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3.2 Space-Time Block coding(STBC) 

STBC is a technique used in wireless communications to t ransmit multiple copies of 

a data stream across multiple transmitter antennas to exploit the various received 

versions of the data and therefore increases data reliability.The transmitted signal 

tends to traverse through potent ially difficult environments undergoing scattering, 

reflection, absorption and so on that corrupts the signal such that some of the 

received copies of the dat a stream will be better than the others . Hence at the 

receiving end the correct decoding of signals can take place by space-time coding 

t he signal in an opt imal way so as to extract maximum information from each of 

t he received stream. 

An STBC is usually represented in the matrix form . Each row represents one 

antenna 's t ransmissions over t ime and each represents the number of antennas. 

(3.1) 

Where, X i j is the modulat ed symbol to be t ransmitted in time slot i from 

antenna j. There are T time slots, nr t ransmit antennas and nR receive antennas. 

The code rate of an STBC measures how many symbols per t ime slot it transmits 

on average over the course of one block. If a block encodes k symbols, the code-rate 

is : r = k/T. The choice of r depends on the t rade-off between dat a rat e and 

diversity gain. 

3.2.1 Alamouti Spatial Time block coding 

A very popular STBC transmit diversity technique is t he Alamout i code [5] . It 

provides full transmit diversity for systems with two transmit antennas. Fig.(3.1) 
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(4).pdf 
Txl 
X 1 ~ [x1 -x2*] 

Information Source Modulator Alamouti Encoder Tx2 
x2 ~[x2 x1*] 

Figure 3.1: Alamouti Encoder block diagram 

shows the block diagram of the Alamouti space-time encoder.In the following 

experiment I have implemented a BPSK Modulation scheme, the encoder takes a 

block of two modulated symbols x l and x2 in each encoding operation and maps 

them to the transmit antennas defined by the following generator matrix where the 

row represents the time slot for each transmitting antenna and along the column 

is the number of antennas 

(3.2) 

From the above equation, it is evident that the number of transmit antennas 

is 2 and hence the code rate is r = 2/2 = l.It proves that there is no change in 

data rate when this type of transmit diversity scheme is applied. This attribute of 

the Alamouti code is due to the orthogonal design of the STBC. Fig.(3.1). The 

encoder outputs are transmitted in two consecutive transmission periods from two 

transmit antennas. During the first time slot , x 1 and x2 are transmitted from 

antennas 1 and 2 respectively. In the second time slot, signals - x2and xi are 

transmitted from 1 and 2. It is evident that the encoding is done both in time 

and space domain.The key feature of the alamouti scheme is that it 's transmit 

sequences from the two transmit antennas are orthogonal, since its inner product 

is zero .From eqn.3.1 consider individual columns, it represents the information 

transmitted in the first time slot across two antennas. 

12 
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At the receiver antenna , the received signals over two consecutive symbol 

periods, denoted by r1 and r2 for time t and T + t(Where T is the symbol duration) 

respectively can be given as: 

(3 .3) 

Where h1 and h2 are t he channel coefficients from the two antennas, N1 and N2 

is the white addit ive gaussian noise at time samples t and t + T . The coefficients 

h1 and h 2 are recovered at the receiving end and will be used as the channel state 

information(CSI) .Assuming that all the signals are equiprobable in the modulation 

constellation, a maximum likelihood decoder chooses a pair of signals from this 

constellation to minimize the distance metric as shown in Fig.(3 .2) . The method 

of maximum likelihood is based on the likelihood function. 

(3 .4) 
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TX l TX2 

Channel Estimator Signal Combiner 

A A 

X i,X 2 

Maximum Likelihood detector 

A 

X 2 

Figure 3.2: Alamout i Decoder block diagram 
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CHAPTER 4 

Enabling Underwater Acoustic Cooperative 

MIMO systems by Metmaterial-Enhanced 

Magnetic Induction (M 21) 

4.1 System Overview 

The M2I assisted acoustic communication aims to establish a long range and high 

throughput links between the robot swarm and the surface station by addressing 

the unreliable, harsh underwater environment. The syst em overview and the 

scheduling process of the underwater cooperative MIMO is discussed . 

As shown in Fig( 4.1) a Base station(BS) is located on the water surface for data 

acquisition. A robot swarm acting as a wireless sensor network is deployed in the 

underwat er environment for detection and exploitation tasks . In order for the 

t ransmitting nodes to initiate the process of beamforming or space-time coding a 

broadcast signal is sent from the BS such that each node can estimate its channel 

with respect to the BS . At this point a mast er node is chosen at random and 

intra-communication among the nodes occur such that information bits along with 

15 



Chapter 4. Enabling Underwater Acoustic Cooperative MIMO systems by 
Metmaterial-Enhanced Magnetic Induction (M2I) 4.2. Synchronization 

[;] 
,,',,,,,/_,,· ..:... . 

.,, '- >- >- ·-•, ', /........ 

;71.i~ -
...... 

(al Br<Bt:asl (Beiml) trooi theBase staton kx dlannel eslinalioo 
(b) Master-Slave Syrdnooizalkxl (el Beamlorrm11 mJS!M:sips to !he lm! slalkXl 

Figure 4.1: The system architecture of the M2I-acoustic cooperative MIMO. 

the CSI and time stamp is transmitted to the slave nodes to attain synchronization 

among the transmitting nodes using the M2I system which is further explained in 

the next section. Finally, the acoustic transmitters either beamform or space time 

code the required signal to the BS thereby increasing the range and throughput of 

the system and also reducing the energy of each transmitting antenna. 

4.2 Synchronization 

To enable the underwater cooperative MIMO systems, there is a need for the dis

tributed transmitters to be synchronized in the underwater environment. Synchro

nization strategies for such systems can be classified into open-loop synchronization 

and closed-loop synchronization. In case of the closed loop synchronization, there 

is a need for feedback in the system to analyze the LO characteristics of the trans

mitters as well as the channel state information based upon which synchronization 

can be achieved. 

However, due to the large delay of the acoustic channel between the nodes 

the closed loop synchronization based on the feedback mechanism is not effective 

in the underwater scenario using acoustic transducers . Thus, we use open loop 

synchronization which are unconditionally more stable and have a fast dynamic 

response. One such method is the master slave synchronization based on the inter 

16 
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CSI and lime 
StamMaster Node 

Time stamp Slave Node 1 

• 
• 
• 

Slave Node N 

Time ~ 

Figure 4.2: The polling operation during master-slave synchronization of underwa
ter cooperative MIMO systems. 

node communication among transmitters. A master node is chosen at random 

among the transmitters and other nodes act as slaves abiding to the local oscillator 

of the master. Thus each slave node visits the master one after the other with 

a time stamp, in return the master node sends a packet containing information 

regarding the CSI and the time stamp as shown in Fig.(4.2). Based on this 

information the slave adhere to the LO of the master node. The Meta-material 

induced Magnetic Induction antennas have very tiny delay when compared to the 

acoustic transducers and thus for intra-node communication, the M2I systems can 

be used. As a result, the synchronization time can be reduced and therefore there 

is a significant increase in the system accuracy. 

17 



Chapter 4. Enabling Underwater Acoustic Cooperative MIMO systems by 
Metmaterial-Enhanced Magnetic Induction (M2I) 4.2. Synchronization 

4.2.1 Magnetic lnduction(MI) communication 

The majority of work on underwater communication is mainly focused on Acoustic 

communication. The concept of magnetic induction as a possible communication 

paradigm for underwater communication and also the advantages of using such a 

system for synchronization purposes is discussed in this section. 

Underwater MI communications rely on t he time varying magnetic field to convey 

information. MI based communication exhibit several advantages over acoustic 

communication such as , negligible signal propagation delay, constant channel 

response, higher data rate . The main disadvantage of these systems is attenuation 

of magnetic fields in the near field thereby reducing the transmission distance. 

To overcome the aforementioned drawback of the MI systems a meta materia l

enhanced magnetic induction(M2I) communication mechanism is utilized , where a 

MI coil antenna is enclosed by a meta material shell that enhances the magnetic 

fields around the MI transceivers . 

4.2.2 Synchronization errors 

There are two types of synchronization errors that may arise in the system leading 

to degradation of the signal. 

(A) Frequency error : Considering the difference of the independent local oscillators 

in the transmitters nodes, the average relative clock drift of the n-th slave node to 

the master node during the time l'!.T can be given as: 

( 4.1) 
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where an (t) is the time-varying drift defined as the ratio of oscillator frequencies: 

(4.2) 

The subscript n = 2, 3, ... , N indicates the slave nodes . The subscript 1 indicat es 

the master node. For a certain transmitting node, the operating frequency f s,i (t) 

is proportional to its hardware oscillator: 

f s,i (t) = k · f c,i (t) 'vi = 1, 2, ... N, (4.3) 

where k is the frequency multiplier. The frequency of the beacon signal generated 

by the master node is f s,1· After receiving the beacon signal at the slave node n , 

the frequency is estimated according to the local oscillator of the slave node: 

l s,1 ,n = an f s,1 + Es ,n , ( 4.4) 

where Es ,n is the error of the frequency estimation. Obviously, the frequency 

estimated by the slave node n f s,1,n is different from the transmitting frequency 

f s,l due to the relative clock drift and the estimation error. Meanwhile, the slave 

node is told by the mast er node that the frequency of the beacon signal is f s,1 · 

Therefore, the difference of the frequency can be expressed as : 

l s,1 - ! s,1 = (an - l)fs,1 + Es ,n· (4.5) 

The frequency offset at the slave node n for the frequency synchronization can be 

determined as : 

Af _ f s,1 - f s,1 (- l)f + Es ,n 
D c,n - k = an - c,1 T· (4.6) 
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According to (4.6) , the optimal frequency offset is (an - 1)f c,1 · Due to the 

estimation error Es ,n, the frequency cannot be perfectly synchronized and the error 

can be defined as: 

(4.7) 

(B) Timing error : With the increase in the clock drift caused due to different 

local oscilla tors, there is a gradual decrease in the accuracy of both time and 

frequency synchronization. Once the master node generates its time stamp for 

slave node n , the two systems are bound to st art a t the same time but due to a 

relative clock drift the transmitters would not start at the same time resulting in 

signal interfering destructively at the receiver.According to the polling operation 

mentioned previously, the duration of the time slot for the n-th node is calculated 

by: 

(4.8) 

where L n ,1 and L1 ,n is the length of the packet delivered from the slave node 

to the master node and that from the master node to the slave node, respectively. 

B is the bandwidth. d1 ,n is the distance between the master node and the slave 

node n. c is the propagation speed of the signals. Due to the larger bandwidth 

and propagation speed of the M2I over the acoustic channel, the duration of each 

time slot can be reduced if the M2I communication is utilized. 

The total drifting time for the slave node n is computed from the time that the 

master node generates the time stamp for node n to the earliest signal transmission 

time tBF · Considering the time of the mast er node as the reference, the time 
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Figure 4.3: The frequency synchronization error 

synchronization error of slave node n can be derived according to ( 4.3) and ( 4.8) : 

(4.9) 

The frequency and time synchronization errors are then evaluated for the system. 

The operating frequency is set at 10 KHz for acoustic-assisted synchronization and 

10 MHz for M2I assisted synchronization. The frequency of the crystal oscillator 

is 100 KHz. The total number of transmitting nodes is set to 10. The maximum 

distance between the slave and the master is set at 20 metres . The packet length 

L n,1 = 100 bits and L1 ,n = 200 bits. The bandwidth is set to be 10 KHz for acoustic 

channels and 20 KHz for M2I channels . As shown in Fig. 4.3 , the frequency error 

is evaluated by considering the variation of the frequency estimation errors. Since 

the M2I-assist ed synchronization uses higher frequency to synchronize the local 

hardware clock with lower frequency, the error will be much lower than that of pure 

acoustic-based synchronization. As shown in Fig. 4.4, the time synchronization 

error by considering acoustic communications is extremely high since the delay 
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Figure 4.4: The time synchronization error 

of the acoustic signals enlarges the drifting time. Shown as the blue curve, the 

time synchronization error can be reduced significantly once the M2I-assisted 

synchronization is used. 

Effective Communicat ion Time 

To maintain the communication, the SNR is required to be greater than the 

threshold 77. Once the SNR is about to be lower than the threshold, another round 

of synchronization is required . The effective communication time is defined as 

the duration between two adjacent rounds of synchronization that can be used to 

transmit useful information. Therefore, the effective communication time for the 

beamforming and space-time coding tsF,SNR, tsTBC,SNR according to the SNR 

is constrained by: 

tsp SNR = min t 
' t (4.10) 

s.t . SNRsF,,(t) < 77 , 
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t sTBC SNR = min t , t 
(4.11) 

s.t. SN RsrBc ,c(t) < T/· 

Since the channel model is assumed to be quasi-static, the effective communication 

time cannot be greater than the coherence time(Tc): 

( 4.12) 

where fd is the Doppler shift and a is the Doppler scaling factor. For the underwater 

cooperative MIMO syst em , the transmitters have to redo the synchronization 

and CSI estimation if either the SN R < T/ or the effective communication time 

oversteps the coherence time. Therefore, the effective communication time by 

considering both the SNR and the coherence time can be obtained by: 

tBF = argmin{tBF ,SNR , Tc}, ( 4.13) 

and 

t srBc = argmin{tsrBC,SNR, Tc}- (4.14) 

The effective communication time in (4.13) and (4.14) is evaluated in Fig. 4.5 and 

Fig. 4.6. The threshold of minimum SNR T/ = 25 dB . In this evaluation, the number 

of transmitting nodes increases from 2 to 20. For each number of transmitting 

nodes, we randomly deploy the slave nodes for 100 times and calculate the average 

effective communication time. The effective communication time increases with 

the number of t ransmitting nodes increases since the total t ransmitting power is 

larger if more nodes are used. However , the effective communication time does not 

increase monotonically since it takes more time to synchronize more nodes . As a 

result , the synchronization error becomes larger. Moreover, the randomness of the 

nodes' deployment also influences the effective communication time. The result 
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Figure 4.5: The effective communication time of beamforming. 
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Figure 4.6: The effective communication time of space-t ime coding. 

shows that the cooperative MIMO system can have more effect ive communicat ion 

time if the M2I-assisted synchronization is used . 
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CHAPTER 5 

Implementation of Alamouti Space Time 

coding assisted by M 21 Synchronization 

As mentioned earlier , Alamouti STBC is the first space-time block code scheme 

that provides a full transmit diversity scheme for a system with two transmit and 

M receive antennas . The receiver decoding is provided by determining channel 

estimation matrix. An Alamouti STC with 2 transmitters and 1 Receiver is shown 

in Fig.(5.1). Based on this concept a cooperative MIMO syst em as defined in 

Chapter(4) is implemented using the USRP N210 and the GNU-radio companion 

software. 

We have implemented a BPSK modulated alamouti-STC system by developing 

Out-of -Tree(OOT) Modules since the GNU-radio software by default does not 

have any alamouti encoding or decoding blocks. The Encoder block possesses a set 

of pilot symbols which is a random number of l 's and O's of a fixed length which 

is used to calculate the CSI at the receiver based upon which the transmitted 

dat a can be decoded. Also, when a pilot is being transmitted from acoustic 

t ransmitter 1, the transmitter 2 remains silent. The similar operation is followed 
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Y1 =h1X1 + h2X2 + N1 

Y 2 =h1x1 * -h2x2* +N2 

Figure 5.1: 2xl Alamouti-STC 

when transmissions occur from the second antenna. This is done so as to improve 

the efficiency in estimating the channel at the receiver. 

The Binary Phase-shift Keying(BPSK) modulated data stream which acts as the 

input to the alamouti encoder is then encoded such that its output is transmitted 

in different time slots. The encoded streams are further interpolated and pulse 

shaped using a Root Raised Cosine(RRC) fi lter to band limit the signal and are 

transmitted across TXl and TX2 respectively. These individual data streams 

propagate across the complex underwater channel and are received at the base 

station . The band limited signals are then down sampled and pulse shaped using a 

matched filter. The decoding block initially estimates the channel that the signals 

have propagated through based on which the data stream is decoded. 

26 



Chapter 5. Implementation of Alamouti Space Time coding assisted by M2I 
Synchronization 5.1. GNU-Radio block Implementation 

2 

1.5 i·········l·········l·········f········t········1········l·········f·········f . ~ra , 
_________ .J _________ .1 _________ L _________L ________ J _________ J _________ 1_ _________ L1 I I I I I I I I I 

I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 

G) I I I I I I I I I 
I I I I I I I I I
----------1----------1----------1----------1-----------1----------1---------t----------1-... 0.5 

I I I I I I I I I:::, I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 

.. 
Ill... 0 :---------7---------~ --------~---------~---------i--------- ~ --------r---------~ 

"Cl I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I:::, I I I I I I I I I 

Ill 
----------1---------~---------1----------1-----------1----------1--------- ... ---------1--0 .5 

' I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 

0 

I I I I I I I I I-1 ---------,---------T---------r---------r---------.---------,---------r---------r 
I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 
----------i----------1---------- ► ---------1------------1----------1---------~--------- ►-1.5 

I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I I 
I I I I I I I I t 
I I I I I I I I I 
I I I I I I I I I-2 ---------,----------r---------r---------r---------.---------,---------r---------r 

-2 -1.5 -1 -0 .5 0 0.5 1 1.5 2 
In-phase 

Figure 5.2: BPSK Constellation diagram 

5.1 GNU-Radio block Implementation 

5.1.1 Transmitter 

BPSK Modulation block 

BPSK is a digital modulation scheme that conveys information by changing the 

phase of a reference signal. On the constellation diagram this is usually two distinct 

points positioned with uniform angular spacing around a circle to provide maximum 

phase separation between adjacent points such that they can be transmitted with 

the same energy. This modulation technique is regarded to be very robust . It is 

used in OFDM and OFDMA to modulate the pilot subcarriers used for channel 

estimation and equalization. As we know different channels are used for specific 

data transmission in cellular systems. The constellation diagram of a BPSK signal 

is shown in Fig.(5.2) 
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S1(t) =A*cos(2*Pi*fc*t) 
(5 .1) 

S2(t) = A *Cos(2 *Pi* f c *t +pi) 

The resulting transmitted signal for one bit time is given in eqn. (5 .1 ) where S1(t) 

represent binary 1, and S2 (t) represents binary 0. 

Alamouti Encoder 

The Alamouti encoder consists STBC Encoder as well as pilot signals(Random 

number generator) that are concatenated to the data streams and act as channel 

coefficients. The frame that is transmitted from each transmitter is shown in 

Fig(5 .3) . It indicates that when TX 1 is transmitting its pilot signal, TX 2 remains 

silent and its the same the other way around. In this way, different pilot signals 

are transmitted across the different transmitters at the same instant of time and 

channel estimation at the receiver with respect to the different transmitters are 

individually calculated. 

In some cases for easy detection of the start of a packet, a preamble(Ex: A Gold 

Sequence) can be added on to the frame as a header. When the frame is correlated 

at the receiving end along with pre-defined preamble a sharp peak can be noticed 

indicating the start of the packet . However , for simplicity purposes we have not 

used a preamble in this case. 

RRC Filter 

The RRC Filter also known as the Squared Root Raised cosine(SRRC) filter is 

used in digital communication system to reduce the Intersymbol Interference(ISI). 

Half of this filtering is done on the transmit side and the other half is done at 

the receive side where the channel response if accurately estimated , can be taken 

into account so that the overall response is Raised-cosine filter. The RRC filter 

is mainly characterized by two values : 1) Roll-Off Factor(/J), 2) Reciprocal of 
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Pilot Signal 2 TX l Pilot Signal 1 Encoded Data Stream 
(Zeros) 

Pilot Signal 1 
TX2 Pilot Signal 2 Encoded Data Stream 

(Zeros) 

Length~l 28 Symbols Length~S 12 Symbols 

Figure 5.3: The frame that is being transmitted from TXl and TX2 
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Figure 5.4: Transmitting blocks on GNU-Radio 

Symbol Rate. The overall transmitter blocks for the system is shown in Fig.(5.4) 

5.1.2 Receiver 

Matched Filter 

A matched filter is obtained by correlating a known delayed signal with an unknown 

signal to detect the presence of the template in the unknown signal. It is an optimal 

linear filter used for maximizing the SNR. The combination of both RRC filters 

becomes a raised cosine and thus fulfills the Nyquist criterion. Furthermore, since 
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Figure 5.5: Receiving blocks on GNU-Radio 

the fi lters are real-valued and symmetric, the RRC is its own matched filter. 

Alamouti Decoder 

Initially at the decoder , the sta te of the receiving end is set to accept the 1st 

pilot sequence based on which channel estimations are summed up over the entire 

length of the Symbol. When Pilot 1 is received the state is changed to Pilot 2 and 

the same procedure is carried out. Hence the mean of the entire pilot symbols 

is calculated and presented as the estimat ed channel to further decode the data 

streams. To improve the decoding accuracy a maximum likelihood detector is used. 

The decoded stream is then demodulated to obtain the original stream of data. 

The File sink blocks are used to calculat e the Bit Error Rate(BER) versus the 

Signal-To-Noise Ratio(SNR) of the received signals. 
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TJ<-8 ' 
Figure 5.6: The Acoustic transducers Figure 5.7: M2I tri-directional antenna 

5.2 Experimental Analysis of the proposed method 

The capability of the proposed system to work under the Alamouti-STC system is 

practically demonstrated in an indoor , lab controlled tank environment using a 

software-defined test bed setup. This software defined acoustic modems are built 

in-house and they consist 2 transmitters (Mt= 2) and 1 Receiver(Mr = 1) . To 

consider the master-slave synchronization among the transmitting nodes, there 

are M2I antennas at each transmitter. 

Fig.(5 .7) depicts the M2I antennas used for the master-slave synchronization 

and Fig.(5.6) depicts the setup for the two transmitting acoustic antennas which 

are controlled through a Gigabit Ethernet switch by a single host-PC. Both the 

transmitters are based on the USRP N210 platform which is equipped with LFTX 

daughter-cards of range DC-30 MHz. The daughter-cards are connected to linear 

wideband power-amplifiers BenthowaveBII-5002 that can support a bandwidth of 

up to 300 KHz and provide a maximum power output of 192 dB . The amplified 

signal is passed across the acoustic transducers namely the Teledyne RESON 

TC4013 which are deployed underwater. At the receiver , the signal is bandpass 

filtered by a voltage preamplifier(PreAmp) , the Teledyne VP2000, and then down 

converted to baseband by the circuitry of the LFRX daughter-card. This pre-

amplifier has the ability to compress the noise outside the desired frequency band 
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Figure 5.8: The complete experimental setup 

with user define adjustable low pass, high pass filters. It also provides a manual 

gain adjustment of the range O to 50 dB. The receiving acoustic transducer also is 

the Teledyne TC4013 . 

The baseband processing of the transmitter and receiver signals are performed 

on the GNU-Radio software. In the tank experiment we consider a packet that is 

BPSK modulated which are then filtered and interpolated using a RRC filter and 

finally converted to analog waveforms by the digital-to-analog converter(DAC) of 

the USRP-based acoustic modem. The length of the packet at both the transmitters 

is 512 information bits. The channel estimation and timing recovery conducted at 

the receiver is by the pilot symbols Pl and P2 each of length 64 bits. 

The experiment is performed in a water tank of dimensions 8ft x 2.5ft x 2 ft , TXl 

and TX2 are transmitted with the same power at a sampling rate of 200 KHz and 

centre frequency of 100 KHz with a symbol rate of 50 KHZ. The RRC filter is 

set at a roll-off factor of 0.35 and duration of symbol is 20µs. Initially the two 
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transmitters are set at a distance of 5 inches from the receiver and 6 inches from 

each other. Due to the small size of the tank there was severe multipath effects at 

some points due to the the proximity to the glass surface. 

5.2.1 Master-Slave Synchronization 

As we mentioned earlier , to synchronize the transmitters an open-loop synchro

nization namely master-slave synchronization [20] is implemented with the help 

of the M2I antennas . We use the tri-directional coil antennas enclosed within 

a metamat erial shell. However , due to certain channel ambiguities, there will 

exist a Timing offset as well as Carrier Frequency offset among the transmitting 

nodes leading to corruption of the data streams. In this system , we have made a 

comparison among using the M2I system versus the pure acoustic based syst em 

for synchronization and their results have been compared alongside a completely 

synchronized system achieved with the help of a MIMO cable. 

In order to support MIMO communications, there are three options available to 

support carrier and timing synchronization among USRPs, namely : 

• A MIMO Cable 

• Using a external 10 MHz carrier reference clock and pulse-per-second(PPS) 

timing synchronization signal. 

• Using a GPS Disciplined Oscillator(GPSDO) . 

Using a GPSDO in the underwater scenario is not a feasible option and hence we 

do not consider that procedure. Since we are using only two USRPS to perform the 

Master-Slave Synchronization, in this case we use a MIMO Cable which provides 

us the result of a transmitting system being completely synchronized . It is however 

worth noting that a major drawback in the USRP is its instability of the internal 

clock as it retunes the frequency after each transmission and this results in random 
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Figure 5.9: MIMO cable connected in the shared-Ethernet mode 

changes of the oscillator frequency. This phenomenon is a result of the carrier 

generator design , to overcome such a condition we have utilized a MIMO Cable at 

all times during the experimentation. 

The MIMO cable allows two USRP devices to share reference clock, time synchro

nization and the Ethernet interface. One of the devices will synchronize its clock 

and time references to the other USRP with the help of the MIMO cable. This de

vice will be referred to as the slave, and the other device as the master.The USRPs 

used are in a shared Ethernet mode, where only one device in the configuration 

can be attached to the Ethernet . In this mode, 

• Clock reference, time reference, and data are communicated over the MIMO 

cable. 

• Master and slave must have different IPv4 addresses in the same subnet. 

Frequency of error estimation 

To calculate the estimation of frequency error induced by different systems, a 

frame consisting of a PN-Sequence repeated twice separated from each other by 
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Figure 5.10: Calculating the estimation error of the syst em 

a guard interval is transmitted across the MI transmitter in the presence of the 

MIMO cable such that the system is synchronized. Initially, a direct connection is 

made between the two USRPs and the frequency offset estimation error is close 

to zero since its a perfectly synchronized syst em. Hence keeping this value as 

the virtual zero , we compute the error with respect to the MI as well as acoustic 

system. The frequency offset error is estimated as follows : 

• Extract the frame containing the P N-sequence from the received signal. 

• Multiply the first 128 samples of PN-sequnece with the conjugat e of the 

remaining 128 samples 

• Estimate the angle of each multiplication. 

• Take the average of all the angle vectors and divide it with 2*pi. 

This provides the estimation error for the system. The process of frequency error 

estimation and Alamouti-STC is done under two cycles. At the first instant , the 

estimation error is noted. This error is then added onto the carrier frequency of 

t he slave node and readings have been noted. This procedure has been carried 

out using the MI as well as the acoustic system to present a comparative study 

between their synchronization capabilities. 
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Figure 5.11: Semilogy graph of SNR vs BER 

5.3 Experimental Result 

Experiments were conducted in the tank testbed setup with the power-amplifiers 

at the transmitters being powered at 15V each and the Pre-amplifier has a power 

source of 12V. The sampling rate is set at 200 KHz, center frequency of 100 KHz, 

symbol rate at 50 KHz. In the RRC filter the signal is up-sampled by 4 times 

and down-sampled by the same in the matched filter. The SNR was varied by 

moving the transmitters and receivers away from each other at a uniform rate and 

appropriate readings were taken. 

A graph of BER versus SNR is plotted to measure the performance of Alamouti 

Space-time code considering the frequency estimation error induced by the system. 
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Conclusion and Future Scope 

Underwater acoustic communication has attracted tremendous interest in recent 

years due to their promising application in both commercial and military scenarios. 

This acoustic signal propagation has challenging characteristics of severe multipath, 

limited bandwidth as well as distortion in the time and frequency domain. In 

this thesis we have studied synchronization capabilities of the M2I system in a 

master-slave mode and compared it alongside a system synchronized with acoustic 

transducers, also the efficiency of a system working in a distributed-MIMO fashion 

by implementing the Alamouti-STC for a 2xl system is experimentally imple

mented. A detailed discussion of the hardware imperfections of the USRP-N210 

have also been discussed. Finally, we can conclude that compared to pure acoustic 

communications, the hybrid M2I-acoustic communication enables more robust 

underwater MIMO systems due to smaller channel delay and larger bandwidth. 

In summary, the aim of implementing an Alamouti MIMO system in the under

water environment and verifying the theoretical prediction has been accomplished 

and according to experiment results, the system precision is better when a Hybrid 
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syst em is used comprising of the M2I assist ed synchronization and the acoustic 

transducers. to satisfy the practical application. The framework designed in 

this project may have great space for future ext ension and can be implemented 

with different modulation methods and find a way to further increase the data 

rate. Hopefully it will help to develop more complex data packet structure and 

transmission protocols using space-time block coding. 

The future scope can be based on compensating for the error that has been 

estimated , a syst ematic algorithm can be proposed for the order in which the 

slave nodes visit the master during maser-slave synchronization among the trans

mitters.Further , the space-time block coding can be implemented with more 

transmitting nodes and its performance can be evaluated. 
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