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0.1 Glossary

SONAR: Sound Navigation and Ranging

DSP: Digital Signal Processor or Processing, context-dependent
SAS: Synthetic Aperture Sonar

HD: High Definition

FPGA: Field-Programmable Gate Array

SUV: Submarine Unmanned Vehicle

FIFO: First-in, First-out

DDR: Double Data Rate

ST-FFT: Short-time Fast Fourier Transform
DEMON: Demodulation Of Envelope Modulation On Noise
IC: Integrated Circuit

I/0: Inputs Outputs

SoC: System On Chip

PS: Processing System

PL: Programmable Logic

BOM: Bill of Materials

LOFAR: Low Frecuency Analysis and Recording
JTAG: Joint Test Action Group

UART: Universal Asynchronous Receiver-Transmitter
HDMI: High Definition Multimedia Interface

OTG: On The Go

TPSW: Two-Pass Split Window

DC: Direct Current

BTR: Bearing-Time Reset

APU: Application Processor Unit

IOP: Inputs Outputs Peripherals

SNR: Signal-to Noise Ratio

IP: Intellectual Property

SPI: Serial Peripheral Interface

HDL: Hardware Description Language

CPU: Central Processing Unit

USB: Universal Serial Bus

ASCII: American Standard Code For Information Interchange
DFT: Discrete Fourier Transform

FIR: Finite Impulse Response

ADC: Analog to Digital Converter

GUI: Graphical User Interface
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Abstract

The present work shows the development of a signal processing archi-
tecture for a passive sonar with portability capability, using the new
hybrid technology of FPGA and CPU in the same IC package. This is
made by introducing the sonar technology and some key concepts used
such as spatial filtering, beamforming and special spectral analysis; then
a design ins presented to fulfill the minimum requirements of a passive
sonar system, then the main algorithm is developed using Python pro-
gramming language, to finally implement personalized HDL modules,
open source [P Cores and other open source tools in order to save com-
plexity and time. Finally, air-based tests are made and the results and
conclusions are presented.



Chapter 1

Introduction

1.1 Overview

SONAR stands for Sound Navigation and Ranging, it is based on the
propagation of waves between a target and a receiver. [1] It is an
equipment based on sound propagation in sea water that is used to nav-
igate, communicate with or detect other vessels.

The two most common types of sonar systems are passive and active.
In a passive sonar system, energy originates at a target and propa-
gates to a receiver. In an active sonar system, waves propagate from
a transmitter to a target and back to a receiver, analogous to pulse-echo
radar.[2]

For getting in context, we will define the basic parts in a sonar system
as follows:

1. Transducer receiver (in the vast majority of the systems, the trans-
ducer are in an array setting).

2. Signal conditioning stage
3. Signal processing stage
4. Control and display

The sonar equipment consist in two main parts, the wet end (front-end)
and the dry end (back-end) which is usually considered as follows:
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Wet end: Receiver Array, Cable/optical fiber, winch/connector.

Dry end: Signal processing and control console.

1.1.1 Passive Sonar

As mentioned before, passive sonar systems listens to the sound radi-
ated by a target using a hydrophone (an underwater microphone) and
detects signals against a background of the ambient noise of the sea and
the self-noise of the sonar platform (all sounds made by the vessel in
which the system is installed). Passive systems can be made directional,
therefore the azimuth (horizontal bearing) of a signal is known. The re-
ceived signal frequency spectrum and how it varies with time will help
to classify the target. [1]

1.1.2 National background

In our country, it is possible to trace back the most important effort
in this research area, to 2014. Such year the Marine Surveillance Sonar
System (SIVISO) was approved in a cooperation between the Mexi-
can Navy (SEMAR) and the Science and Technology National Council
(CONACYT) in order to develop different sonar system prototypes such
as passive (listen only), active (sound emitting) and bistatic (emission
and listening) capable of being mounted in their Oceanic Patrol vessels.
The mentioned project was fully made in the INIDETAM.

During this project development, it was stated the idea of making a
portable sonar system in order to minimize the impact in the vessel
architecture during the installation of this system, cost shrinking and
many other advantages.

1.2 Goals

To design a complete signal processing scheme for a digital sonar system,
fully implemented in a Xilinx Zynq Device, for using it in as the basis of
a portable sonar probably soon-to-be-built sonar system in the Mexican
Navy.
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1.2.1 Specific Goals

e To design a digital sonar architecture first in a high level program-
ming language, and then implement it in a programmable device

e To get the most of the device used for the implementation by
exploiting its key features

1.3 Justification

As presented in 1.1.2, in Mexico, the design and development of this
technology is nearly non-existent, and this is the key reason to aspire of
extending it to as many institututions as possible, not only in the Mex-
ican Navy[3] but in other institutions all across the country. Since the
sonar technology is a combined effort in the research fields of underwa-
ter physics, acoustic engineering, electronic instrumentation, electronic
system design and ocean engineering; several research projects could
be made within this areas. It is sure that in the incoming years, this
research are will be in expansion within the Mexican Navy. It is impor-
tant to mention the author’s experience in this subject, as a guarantee
of certain degree of familiarity with this specific topic.

1.4 State-of-the-art

In the field of modern digital sonar systems, the author consider the
following background:

1996. In France, the DELPH [4] side-scan sonar system was devel-
oped for seismic research. It has data display capabilities in a high
resolution screen. Its major components were: for the analogic side,
an analogic programmable amplifier with 20 KHz bandwidth and a 16
bit A — ¥ Analogic-to-Digital Converter (ADC); for the digital side, a
TMS320C31 Digital Signal Processor (DSP) running at 33 MHz and a
TMS340-20 graphic card, both from Texas Instruments. Thus system
realization demonstrates the great capabilities and reliability of digital
sonars, all done with the minimum hardware.

1998. One of the first articles [5] introducing the FPGA devices in
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the sonar signal processing is published. This is a very valuable article
because it presents a qualitative comparison versus a DSP (as the one
used in the DELPH system) specifically speaking in the Beamforming
stage, which is crucial for this kind of systems. One of the conclusions
is the advantage of FPGA devices among DSP in this application. The
work was developed in the United States.

2008. Two Chinese universities publish an article which describes an
Beamforming implementation for a 24x24 3D sonar working with 576
sensors, sampled in a rate of 2 KHz and 12 bits resolution, all done in
a 37 FPGA architecture, thus demonstrating this device capabilities for
such high performance systems.

2009. A Synthetic Aperture Sonar (SAS) [6] with coherent sound data
processing for realizing a virtual sensor array with greater virtual dimen-
sions than the real one, which is one of the most common techniques in
today’s sonar development. This system is mounted in an Submarine
Unmanned Vehicle (SUV), and mainly consists: a) for the analogic side,
4 channels with low-noise amplifier, programmable gain amplifier, anti-
alias filtering and a 12 bit resolution ADC; and b) for the digital side, a
FPGA with embedded processors and FIFO memories. Later in 2011,
a commercial system developed in Norway show us a state-of-the-art
SAS, by accomplishing HD quality pictures of the sea bed.

2016. Mexico’s first work in the digital sonar system field is presented,
implementing a full FPGA architecture with embedded processors [3]
2018. In China is presented a recent work [7] showing us the new trend
in high frequency sonars. The system presented consist in a multiple
FPGA and Doube Data Rate (DDR) memories as key part of the digital
architecture.
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1.5 Proposed System Description

1.5.1 System Requirements

The very first step is define the design requirements. These requirements
were based not only in the specialized literature but in the previous
implementations made by the author.

o Get the best partitioning possible of the digital sonar

o Avoid as much as possible physical connections between the pro-
cessing elements

o Different Frequency Analysis on the screen display.

1.5.2 Overview

The originally proposed system were a full implementation of a digital
sonar divided in a analogic and a digital stage, but due to several factors
beyond of the authors control, such as time restriction and an closely-
related upcoming project, the decision of changing the structure of this
work, without altering the original goal: implementing portable digital
sonar signal processing architecture within a programmable device and
also display the results. Refer to Fig. 1.1.

Figure 1.1: Architecture overview

1.5.3 Signal Processing Architecture Description

In any sonar system, this stage is immediately after the analogic system,
but in this case it will be replaced with synthetic lab-made signals.
In Fig. 1.2, a block diagram of the signal processing architecture is
presented.
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Figure 1.2: Preliminary Design of the signal processing architecture

The spatial filtering module is the so called beamformer is the
space-time processor responsible to electronically ”steer” the receiver
array in order to improve the reception gain. In this case, it is proposed
to be based in the Delay-Sum Algorithm which take advantage of the
parallelism of the FPGA. The input of this module is the total number
of receiving channels and its output is one signal made of the sum of all
channels.

The Lowpass filtering adds an extra filtering layer that removes
errors that could have origin during the digitization of the signal. It
outputs a digitally filtered signal.

At this point, the signal goes through two different paths, one is
to a memory to store the raw received signal for use it later and to
stream directly to the console. The second path represents the spectral
analysis which starts with a Fourier Transform implemented by means
of the Fast Fourier Transform (FFT) and it is divided into two groups:
the narrowband and the broadband analysis.[8]

The narrowband analysis is a very low frequency analysis (some-
times less than 100 Hz), that aims to know the key characteristics of
the propulsion system of a vessel and make use of certain signal pro-
cessing algorithms. The most known is the DEMON (Demodulation of
Envelope Modulation On Noise) algorithm.

The broadband analysis is a low frequency analysis (from 0 to
approx. 20 KHz) that attempts to get as most information as possi-
ble about the target. It is based on a technique called LOFAR (Low
Frequency Analysis and Recording) widely used in the passive sonar
system, useful for the target classification.

Either the broadband and narrowband analysis will be send to the
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console for graphical visualization of the target.

1.5.4 Display Description

The systems needs the means to display the processed signal informa-
tion in a coherent and meaningful way; the almost obvious way is in
the form of sound, but also in the means of spectral graphics that show
the frequency spectrum of the signal and valuable information product
of the special analysis (such as DEMON and LOFAR). The proposed
system will make of use of a Personal Computer and a custom Graphi-
cal User Interface (GUI) built upon a high level programming language
framework (the proposed language is the Python 3.0 with PyQt 5 bind-

ings).
1.5.5 Proposed Hardware

Due to lack of time and equipment to design and make a complete
Printed Circuit Board, an FPGA Evaluation board was selected as the
house of the logic stage of this project. The chosen board to build the
signal processing architecture upon, is the MiniZed (shown in Fig.
1.3), manufactured by AVNET with a cost of 89 USD. [9] This board
meets with the following criteria:

e Lowest cost in market for a Zynq 7000 Series IC

e Lightweight and small form factor

o Extensive documentation and wide community support
The main features of this boards are listed as follows:

e Main IC: Xilinx Zynq XC7Z007S SoC

e Memory:

— Micron 512 MB DDR3L
— Micron 128 MB QSPI flash
— Micron 8GB eMMC mass storage



CHAPTER 1. INTRODUCTION 9

= @\
= ®

=R
AL

" 1uagg oy ©
EXLNX .. %

Figure 1.3: AVNET MiniZed Development Board

e On-board USB to JTAG and debug UART circuit

Due to the size of the final FPGA implementation, it was mandatory
to change the development board. The immediate option was Arty Z7-
20 (shown in Fig. 1.4) because these board not only meets and exceeds
the same criteria of the previous board but it is also in the price range
(199 USD) for educational boards, and it has high availability and it
does not have exportation restriction.

The main features of this boards are listed as follows:

e Main IC: Xilinx Zynq XC7Z020 SoC
e Memory:

— Micron 512 MB DDR3
— Micron 16 MB QSPI flash
— MicroSD slot
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Figure 1.4: Digilent Arty 7Z7

o« Communications:

Gigabit Ethernet PHY

USB 2.0 host interface: JTAG, UART and OTG
HDMI Sink

HDMI Source

e Expansion connectors

Arduino-compatible shield interface

2x Digilent Pmod-compatible interfaces

o General Purpose I/O

4x User buttons
4x User switches
2x User LEDs
2x RGB LEDs

10
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1.6 Document Organization

The Chapter 1 gives an introduction of sonar technology and the
project itself, next, Chapter 2 contains the basic information about
passive sonar system signal processing design, then Chapter 3 fully
describes the procedure of design and implementation of the system,
and finally in Chapter 4 results, conclusions and future work are pre-
sented.



Chapter 2

Chapter 2: Background

2.1 Brief History of the Passive Sonar Systems

The concept of passive sonar is very intuitive and ancient, this is the
reason why we could trace back to the famous Leonardo da Vinci with
his first attempts to hear underwater noises aiming to detect distant
boats.[10] In 1889, the U.S. Lighthouse Board described L.I. Blake com-
prising and underwater bell and a microphone receiver, and a similar
system. Portable omnidirectional hydrophones were available in 1915,
directional hydrophones came in 1917. In 1918, a prototype passive
range-ranging system was fitted to an American destroyer (USS Jouet).
The first Sonar systems were born due to the urge to detect submarines
and other vessels during the World War 1. Thus we could see that this
equipment was born for military applications and then spread to civilian
applications.

2.2 Digital Sonar

In the 1960s, designers began to use digital techniques to implement
their designs and thus began the trend to include more and more digital
systems, replacing analog electronics when possible because it represents
an increase in the processing capabilities and the general performance.
There are several advantages of the digital sonar, specifically in the

12
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signal processing subject, compared with the analog:

e Avoiding common errors such as phase-shifting, non-uniform fil-
tering, etc; thus increasing the precision of beamforming.

o A digital system can store necessary data and characteristic pa-
rameters in the sonar signal processing procedure for later output.
This will be helpful in the development of simulators and training
modules.

e Increased ease in the realization of modules, series and standard
designs, therefore, it is possible to design a single general purpose
sonar signal processing platform.

e Improved system reliability and maintainability.

e Fault diagnosis can be carried out in a real time and the position
of failures can be located precisely.

o It is easier to realize a new algorithm in a digital form. Only the
high speed digital chips can support such techniques.

2.2.1 FPGA Use in Sonar

About a decade ago began the trend of implementing the signal process-
ing blocks in configurable devices like the Field-Programmable Gate
Array (FPGA), taking advantage of their key features such as speed,
flexibility and paralelism [11], [12].

The main advantages of using these devices in the development of project
prototypes is described in [13], being;:

Performance: similar to a final device.

Low cost: thanks to the hardware reuse and the low cost of the devel-
opment boards and platforms.

Custom Inputs/Outputs: gives the ability to reuse existent hard-
ware along with the new system design, besides of being able to
change major system functionalities even after the implementa-
tion.



CHAPTER 2. CHAPTER 2: BACKGROUND 14

Fault-tolerance: thanks innovations in these devices manufacture tech-
nology, and also the ease of implementation of redundant system
in them.

As cited in [5], the FPGA is nearly a natural choice because of their
great simultaneous data processing capabilities.

2.2.2 Commercial Systems

Nowadays, in the maritime industry, there many international compa-
nies that fully develop this kind of systems in all the stages: research,
development, commercialization and client support. Some of the most
important, as considered by the author, are:

Military systems
o Raytheon (United States of America)

o Thales (France)
o Furuno (Japan)

» Kongsberg (Polish)
Civilian systems

o Simrad (Norway)
o Lowrance (United States of America)

o Garmin (United States of America)

It is important to keep in mind that many different sonar systems have
been developed for every application, in order to adapt the specific needs
and requirements. The most important applications could be:

o Fishing

o Bathymetry and seismic imagenology.
o Navigation

e Target Detection

¢ Underwater Communication
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2.3 Discrete Sensor Arrays

2.3.1 Overview

A sensor array can be considered to be a sampled version of a contin-
uous aperture, where the aperture is only excited at a finite number of
discrete points. As each element can itself be considered as a continuous
aperture.|[14]

Superposition of sensor responses results in an array response that ap-
proximates the equivalent continuous aperture.

_N-1

2

fyxa Z wn en f,l‘afﬂfr» (2.1)

where:
wp(f): the complex weight for element n
en(f,xq: complex frequency response
T,: spatial position on the = axis

For better understanding, refer to Fig. 2.1

0

Ty

Figure 2.1: A linear discrete sensor array
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2.3.2 Directivity Pattern

The response of a receiving aperture is directional (see Fig. 2.2, because
the amount of signal seen by the aperture varies with the direction of
arrival of the wave.

The aperture response as a function of frequency and direction of arrival
is known as the aperture directivity pattern or beam pattern.
directivity pattern depends upon:

e the number of array elements N
o the space between array elements d

e the frequency f

The effective length of a sensor array is the length of the continuous
aperture which it samples, and is given by

L =Nd (2.2)

where:
L: the array length
N: the number of array elements
d: the inter-element spacing

The actual physical length of the array, as given by the distance
between the first and last sensors.

There are some special phenomena that we have to keep in mind
when we implement processing algorithms:

e the beam width decreases as the effective array length increases,
that is also increasing the spacing between elements L.

e beam width is inversely proportional to the product fL.

o the sidelobe level decreases with increasing spatial sampling fre-
quency - that is, the more sensors we use, the lower the sidelobe
level.

e beam width and the sidelobe level, are directly determined by the
inter-element spacing and the number of sensors respectively.
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40
 (degrees)

Figure 2.2: An example of a directivity pattern

2.3.3 Spatio-Temporal Sampling
Recall the Nyquist sampling theorem, which states that a signal must
(2.3)

1

be sampled at a rate fs (with a period T%) such that

fs = imeax

Analogous to this, there is a spatial sampling requirement, since

. /\min
1=

the sensor arrays implement spatial sampling. This temporal sampling

theorem states the next:

where:
d: the inter-element spacing.
Amin: minimum wavelength in the signal of interest.

wn(f) = an(f)ej¢"(f)

2.3.4 Beamforming
From 2.1 we can recall the complex weights w,, and define them as

(2.4)

(2.5)
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where:
ap, and ¢, (f) are real, frequency dependent amplitude and phase weights
respectively. Now it is very important to state that, if we modify this
parameters, we can modify parameters of the directivity pattern, this
way:

o If we modify the amplitude weights a, we can modify the shape
of the directivity pattern.

o If we modify the phase weights ¢, (f) we can modify the angular
location of the main lobe.

Keeping this in mind, we define the Beamforming techniques as
algorithms for determining the complex sensor weights wy,(f) in order
to implement a desired shaping and steering of the array directivity
pattern. Refer to Fig. 2.3

[D(f: )l

steered
beam pattern

unsteered
beam pattern

L L L I I \ I I I |
0 20 40 60 80 100 120 140 160 180

¢ (degrees)

Figure 2.3: Illustrating the steering of a directivity pattern

From Fourier transform theory, we can recall that a phase shift in
the frequency domain corresponds to a time delay in the time domain
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and vice versa. Thus, beam steering can be implemented by applying
time delays to the sensor array inputs. The delay is given by:

nd cos ¢’

Cc

m(f) = (2.6)
where:

n: total number of sensors

d: the inter-element spacing

¢ :: desired angle

¢: speed of sound (approx. 330 m/s)

The simplest of all beamforming techniques, known as Delay-sum
beamforming, where the time domain sensor inputs are first delayed by
T, seconds, and then summed to give a single array output.

2.3.5 Delay-Sum Beamforming

This is the simplest of all microphone array beamforming techniques.
It is called this way because the time domain sensor inputs are first
delayed by 7, seconds, and then summed to give a single array output.
Each channel each channel is given an equal amplitude weighting in the
summation, thus the directivity pattern demonstrates unity gain in the
desired direction. The weights are now given by:

=2 f
wnlf) =~ (e e T (2.7)
N
And in the time domain we have
n=1
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Figure 2.4: Basic Delay-Sum Beamformer scheme

2.4 Sonar Signal Processing

2.4.1 Sonar Signal Analysis

Major difficulty in passive sonar systems is to detect the target in huge
background noise environments. Several techniques have been developed
in order to do this. According to the autor, two of the most important,
are the industry-standard methods: LOFAR and DEMON analysis. [15]

2.4.2 LOFAR Analysis

LOFAR stands for Low Frequency Analysis and Recording is a broad-
band analysis mainly focused in the frequency of interest range of the
target noise.

The algorithm consist in the next steps (See Fig 2.5):

1. The summed bearing signal from the sensor array is multiplied by
a Hanning window

2. this product is passed to a Short-Time Fast Fourier Transform
(ST-FFT)

3. the module of this spectral representation is obtained
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4. finally, a Two-Pass Split Window (TPSW) is applied for normal-
ization

Figure 2.5: LOFAR analysis scheme

In simple terms, we can present the LOFAR Analysis as common spec-
tral analysis focused

2.4.3 DEMON Analysis

DEMON stands for Demodulation of Envelope Modulation On Noise. 1t
is a narrowband analysis focused in a very low range of frequency that
is directly associated with the machinery and ship propulsion noise.
The algorithm consist in the next steps (See Fig 2.6):

1. The summed bearing signal from the sensor array is bandpass
filtered

2. this filtered signal is squared

3. this squared signal is also plugged into a TPSW to remove the DC
component

4. this signal is now resampled

5. finally, a ST-FFT is used to get the spectral components

Figure 2.6: DEMON analysis scheme
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2.5 Zynq Device Introduction

The Xilinx Zynq device is a SoC (System On Chip) that contains a ei-
ther dual or single-core ARM® CortexTM-A9 MPCore with traditional
Field Programmable Gate Array (FPGA) logic fabric, all in the same
encapsulated die. In the Zynq device, the ARM Cortex-A9 is an appli-
cation grade processor, capable of running full operating systems such as
Linux, while the programmable logic is based on Xilinx 7-series FPGA
architecture. The architecture is completed by industry standard AXI
interfaces, which provide high bandwidth, low latency connections be-
tween the two parts of the device [16]. A diagram of this architecture is
presented in Fig. 2.7
The parts of the Zynq device are:

Processing System (PS): dual or single-core ARM® CortexTM-A9
MPCore.

o Application processor unit (APU)
e Memory interfaces

o 1/O peripherals (IOP) Interconnect
Programmable Logic (PL): Xilinx 7-series FPGA architecture.

This concepts are extremely important because, from now on, they will
be used across this document.
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Zyng-7000 SoC
) Processing System
Peripherals Application Pra r Unif
e Cloc\:. SWoT pplication Processor Unit
usB R FPU and NEON Engine FPU and NEON Engine
use | [2xUSB MMy | ARM Cortex-A9 VMU | ARM Cortex-A9
GigE 2x GigE System CPU CPU
GigE 2x SD Level 32 KB 32 KB 32 KB 32KB
SD Control I-Cache D-Cache I-Cache D-Cache
D0 | | 1aq Regs
SD [ GIC ‘ Snoop Controller, AWDT, Timer ‘4-—
splo
GPIO | |- |l«}{ DMAB 512 KB L2 Cache & Controller
O | @+— UART H Channel
= UART | |«
o ocM | 256K
Interconnect | SRAM
12C {
12C
SPI Central Memory
SPI Ir
™ CoreSight DDR2/3,3L,
1 |m:r""ag;ys <1 Components LPDDR2
SRAM/ A Controller
o]
DAP
ONFI 1.0 ‘ 4
NAND DevC Pr Logic to Memory
Q-SPI Interconnect
o vyt L1 11
EMIO General-Purpose DMA IRQ | Config High-Performance Ports ACP
XADC
12 bit ADC Ports Sync AES/ )
SHA Programmable Logic
Notes: . SelectlO
1) Arrow direction shows control (master to slave)
2) Data flows in both directions: AXI 32bit/64bit, AXI 64bit, AXI 32bit, AHB 32bit, APB 32bit, Custom
3) Gray blocks in APU are applicable to dual core devices.

Figure 2.7: Zynq 7000 SoC Overview

2.6 NMEA 0183 Communication Protocol

It is a de facto standard in onboard electronics developed and main-
tained by the National Maritime Electronics Association, used for com-
municating sensors with displays and other processing electronics. It is
based in the concept of talker and listener, as viewed in The technical
specifications are:

¢ Serial based

e 4800 bps

e 8 bits width

e the last bit must be a 0

e No parity and one stop bit
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The NMEA format sentences must follow the next structure:

1. $
(HEX 24) or

(HEX 21) as the start of the sequence.

2. <data field>

this contains the talker ID and the sentence formatter.

3. [',' <data fields>]

the actual information of the sensor

4. ['*' <checksum field>]

for verifying the transmission integrity

5. <CR>
(HEX 0D)

<CR>

(HEX 0A) Carriage Return and Line Feed, respectively: as the
end of the sequence

We will use the Talker Identifier Mnemonics
SS

which stands for Sounder Scanning
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Design and Implementation

3.1 Design Criteria

As stated in the Chapter 2, the goal of this project is "design and develop
a digital sonar signal processing architecture for using it in a portable
system”.

For the author, one very important goal is to use as much of Open
Source software as was possible. The design of the algorithm was made
in Python 3, specifically within the Anaconda Individual Distribution
due to the different constraints such as time restriction and limited set
of hardware. During the realization of this work, it a Jupyter Notebook
(see Fig. 3.1) with basic signal processing examples as a companion
for the author to develop these algoritms.

25
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~ Jupyter DSP Notes Last Checkpoint hace 3 minutos (unsaved changes)

A oo
Widgets Pytho
B+ % A B 4 ¢ MRn B C B |Code 2=

We wiltry with this input signal:

Xin (1) = $in(2x10001) + 0.5sin(272000¢ + 3x/4)

In [40):

0,0,0,0,0,0,0]

(0,8):

("x(*,m,")=")
x=mt.sin(2*mt.pi*1000*n*ts)+0.54mt . sin(2+mt.pi*2000+n*ts+3*me.pi/4)
print (x)
xin[n]=x

0.3535533905932738
x -
0.35355339059327373
x( 2 )=
0.6464466094067262
x( 3 )=
1.0606601717798212
x( 4 )=
0.3535533905932743
)=
-1.0606601717798205
x( 6 )=
-1.3535533905932742

x( 7 )=
-0.3535533905932738

Applying DFT definition in Eq 3-3
we will analyze real and imaginary parts

For m=1 first, the real part:

n (72): xr1=(0,0,0,0,0,0,0,0]

Figure 3.1: Jupyter environment being used

3.2 Architecture Design

The design was made sequentially following the basic passive sonar sig-
nal processing architecture presented in Fig. 1.2.

3.2.1 Beamformer Design

Angle Calculation

The first step for the Design of the beamformer is to define the next
criteria:

Array shape: linear. This geometry was selected because it is simple
yet useful when implementing the algorithms.

Number of elements: 3 elements. This number is the minimum re-
quired to do the beamforming, and it was selected to simplify
the development; the number of elements in the array will be the
number of channels.
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Spacing between elements: 37.8 cm. This value was set due to the
dimensions of the model constructed, otherwise, it would have
been larger and more acoustic power were needed in order to catch
up the signal on the transducer elements.

Frequency: 10 kHz. This value was selected based in the author’s
previous experience (from 0 to 15 KHz) and it is also used in
sonar applications, and falls in the human acoustic range, thus,
audio-compliant devices could be used so.

Resolution: 16 angles. This value was not only selected based in the
author’s previous experience but also in the fact that increase
this value will exponentially grow the hardware processing require-
ments and increment the difficulty.

This parameters were defined keeping the system as simple as possible.
Now we proceed to calculate the value of the angles, considering that a
linear array has a theoretical field of 180°.

Then, the time delays are calculated used the formula in [3], which

states:
_ dsin(90 — 0)

: (3.1)

To

where:

Tp: time delay

f: specific angle

c: sound velocity. In water ¢ = 1500m/s, in air ¢ = 333m/s

The delay and sum-beamformer is described by
M
r(t,0) =) Sm(t—79) (3.2)
m=1

3.2.2 Signal Processing Scheme Design

In matter of the signal processing, for the spectral analysis, a test signal
was used, defined as:

Zin(t) = sin(2w1000¢) + 0.55in (272000t + 37 /4) (3.3)
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The flow diagram (Fig. 3.3), the code (List. 3.1) and the output plots
(Fig. 3.2) are shown next. All the Flow Diagrams of this section were
made using the PyFlowchart package available in [?].

for n in range(0,15):
tn.append(n)
print ("x(%i)= x"%n)
x=mt. sin (2*mt. pi*1000*n*ts)+0.5%mt. sin (2+mt. pi*2000*n*ts
+3*mt. pi/4)

print (x)
xin [n]=x
Listing 3.1: Generating test signal
Xin(t) = sin(2m1000t) + 0.5sin(2m2000t + 3m/4)
10 A
051
s ol LI (T[T
T 001 — | :
|
3
-0.5
-1.0 1
® o
0 2 4 & 8 1 1 1

Figure 3.2: Test signal




CHAPTER 3. DESIGN AND IMPLEMENTATION

| Setting sampling frequency fs = 8000 |

ts=(1/fs) |

Setting time (tn) and values (xin) vector
tn=
xin=[0,0,0,0,0,0,0,0,0,0,0,0,0,0,0]

Plot Signal I

for nin range(0, 15)

Generating time vector
tn.append(n)

| | print(('x(%i)= x' % n)) | |

Generate signal

x = (mt.sin(((((2*mt.pi)*1000)*n)*ts))

+ (0.5*mt.sin((((((2*mt.pi)*2000)*n)*ts)
+ ((3*mt.pi) / 4)))))

| | print(x) | |

Figure 3.3: Flow diagram for the Signal Generator

29
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Creating generalized functions to calculate real, imaginary parts,
magnitude and degrees using only pure Python native functions and
the Discrete Fourier Transform Definition (Eq. 3.4):

X (m) = 2N ta(n)[cos(2mnm/N) — jsin(2rnm/N)] (3.4)

The code and the output plots are shown in List. 3.2 and Fig. 3.4

amplitude

amplitude

respectively.

Magnitude of DFT by definition of x;,

Phase of DFT by definition of x;,

amplitude

0 1 2 3 4 5

n
Real part of DFT by definition of x;,

6

1

2 3 4 5 6

n
Imaginary part of DFT by definition of x;,

amplitude
| |
N o Rk N W B

|
w

1
£

Figure 3.4: Fourier Transform calculation using definition
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def calculateRealPartXn (xinput ,n,N,m):

#real part

x_r n=/[]
# nn=n
# n=0

for n in range(0,N):

x_r_n.append (xinput [n]*mt. cos (m*2xmt. pixn/N))

sum_x r n = sum(x_r_n)

#print ("x(”,nn,”) real=",sum_x r n)

return sum X r n

def calculateImagPartXn (xinput ,n,N,m):
#imaginary part
x_in =[]
#nn=n
#n=0
for n in range(0,N):
x_i n.append(xinput [n]*—mt. sin (m*2*mt. pi*n/N))
sum_x_i n = sum(x_i_n)
#print ("x(”,nn,”) imag:” ,sum_x i n)
return sum_xX_ i n

def getPolarForm(sum_x r n, sum_x i n, m):
#X(n) magnitude
x_n_mag=mt.sqrt ((sum_x_r n)*x24(sum_x_i n)**2)
#print (?X_mag(”,m,”)=",x n mag)
#X(n) phase
x_n_pha=mt.atan(sum_x_i n/sum_x_ r n)
#print (?X_pha(”,m,”)=",x n pha)
x_n_pha deg=(x_n_pha%180) /(mt. pi)
#print ("X_pha Deg(” ,m,”)=",x_n_pha_deg,”°\n")
return x_n_mag, x_n_pha

Listing 3.2: Fourier Transform calculation using definition
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In the signal processing part, a Hanning Window is used and its
calculation is presented as flow diagram in Fig. 36, then the code and
the output plots are presented in List. 3.3 and Fig. 3.5, respectively:

N =32
w=(]
tn = ]
for n in range(0, N_):
tn.append (n)
w_ = 0.5—0.5*%mt. cos ((2*mt. pi*n) /N )
print(”w(” 7Il,??): ” ’Wi)
w.append (w_)

def HanningValues(N):
w=|]
for n in range(0, N ):
w_ = 0.5—0.5*mt. cos ((2*mt. pi*n) /N_)
w.append (w_)
return w

Listing 3.3: Hanning Window Calculation

Hanning window values

101 o177,
’ o
o o
0.8 1 ™ ™
® ®

0.6 ° 0
o
5 ™ o
% 041

0.2 [ [

| et [Tte,

0 5 10 15 20 25 30
n

Figure 3.5: Hanning Window Calculation
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w_=[]
tn=

Setting number of bits (N_), time (tn) and window (w) vector
N_=32

Figure 3.6: Flow diagram of the Hanning Window Calculation

for nin range(0, N_)

Generate time vector
tn.append(n)

Calculating window values vector
w_=(05-
(0.5 * mt.cos((((2 * mt.pi) * n) / N_))))

start HanningValues function

/ Get number of bits input: N /

Set window values vector
w=[]

print(w(, n,"): ', w_)

~] | Saving values into vector
w.append(w_)

no

33

fornin TMQE(>

yes

Calculating window values vector
w_=(05-(05*
mt.cos((((2 * mt.pi) * n) / N_))))

~] | Saving values into vector
w.append(w_)

Z‘ output: w ;

‘ end function return ’
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Applying a window to the signal makes it more suitable for process-
ing. The flow diagram (Fig. 3.8), the code (List. 3.4) and the output
plots (Fig. 3.7) are shown next.

N =64
w=(]
tn = []

s =[]

#generating signal and discrete time vector
for n in range(0, N_):

tn.append (n)

s_ = mt.sin ((2xmt. pi*3.4)*n/N_)

s .append (s_)

#generating window

for n in range(0, N_):
w_ = 0.5—0.5*xmt.cos ((2*mt. pixn)/N_)
w.append (w_)

#generating windowed signal
for n in range(0, N_):

ws_ = s[n] * w[n]

ws . append (ws_ )

Listing 3.4: Signal Windowed

signal sin(2*m*3.4* n/N)

OF PR O
1

0 10 0 30 ) 50 60
Hanning wigdow values

B ,.,,mIHHHHHI HHHHHIrrm..

[ 10 20

30 .4 50 60
Hanning-wingdowed signal

g mm"llllll‘.rl hll“ “lﬁﬂ I L

[ 10 20 30 40 50 60

Figure 3.7: Steps of a windowing operation
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This operation is well-known for minimize the noise in the output
Fourier Transform. The flow diagram (Fig. 3.10), the code (List. 3.5)
and the output plots (Fig. 3.9) are shown next.:

N =64

w=]]
tn = []

7|#generating signal and discrete time vector

for n in range (0, N_):
tn.append (n)
s_ = (mt.sin ((2*xmt.pi*3.4)*n/N_)+0.1xmt. sin ((2xmt. pi*7)*n/
N))
s .append (s_)

#generating Hanning window
hanning = HanningValues(N)

i|#generating windowed signal

for n in range(0, N_):
ws_ = s[n] * hanning_ [n]
ws. append (ws_)

#rect form

Xr_lsts=[] #real part list
Xi_lsts=[] #imaginary part list
#polar form

Xm_lsts=[] #magnitude

i| Xp__lsts=[] #phase

N=64

Xr_lsts, Xi_lIsts, Xm_lIsts, Xp_lsts = DFTbyDef(s ,N)
Xr_lstws, Xi_lstws, Xm_lIstws, Xp_lstws = DFTbyDef(ws,N)

fig = plt.figure(figsize=(16,5))
plt.subplot (121)

plt .stem (tn[0:31] ,Xm_Ists[0:31])
plt.axis ([0, 32, 0, 30])
plt.ylabel(’values’)
plt.xlabel(’'n’)

plt.title ("DFT of signal”)
plt.subplot (122)
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10| plt .stem (tn[0:31] ,Xm_Istws[0:31])
a1 plt.axis ([0, 32, 0, 30])
12| plt . ylabel (’values’)
13| plt . xlabel ('n’)
44| plt. title ("DFT of Windowed signal”)
15| plt . show ()
Listing 3.5: Windowing effect
DFT of signal 0 DFT of Windowed signal
p 25
%15
il |
ITTrff??vogvooogoooog---., 0 -I T’T' . . .
5 10 15 20 25 30 5 10 15 20 5

Figure 3.9: Effects of windowing in the Fourier Transform
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The Fast Fourier Transform implemented in this project uses zero-
padding, this technique must be used with caution due to its effects
in spectral distortion. The flow diagram (Fig. 3.12), the code (List.
3.6) and the output plots (Fig. 3.11) are shown next. :

N =16

to =[]
s = ]

#generating signal and discrete time vector
for n in range(0, N ):

tn.append(n)

s = mt.sin ((2xmt. pi*x3)*n/N_)

s .append (s_)

#rect & polar form in a nicer way
Xr_lsts,Xi_lIsts ,Xm_lIsts,Xp_lsts=[],[],[],[]
Xr_lsts, Xi_lsts, Xm_lIsts, Xp_lsts = DFTbyDef(s ,N_)

#now zero—padding N=32, 16 padded zeros
N=32
for n in range(N_, N):

s .append (0)

tnzl =[]
for i in range

(0,N):
tnzl.append (i)

1| Xr_zpl, Xi_zpl, Xm_zpl, Xp_zpl = DFTbyDef(s ,N)

Listing 3.6: Zero-padding effect on the DFT

-1

-2

original signal 1 DFT of original signal
8
[t 1l e [ s l g e
Ea
.
2 4 16 zero pa;'ded signgq 2 1 16 1: 1 DT of 16 zer paded slgn?il B
8
A A SR 'K
R : . ‘ [
1t I ! t
5 10 15 20 %5 30 2 4 8 10

Figure 3.11: Zero-padding effect on the DFT
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Setting:

number of bits N_ = 16
time vector tn =[]
signal vector s =[]

for nin range(0, N_)

yes

A

Generate time vector
tn.append(n)

A

Generate signal vector

s_ =mt.sin(((((2 * mt.pi) * 3) * n) / N_))
s.append(s_)

40

Calculate DFT
(Xr_lsts, Xi_lsts, Xm_lIsts, Xp_Ists) = DFTbyDef(s, N_)

A4

Setting number of bits N = 32

Applying DFT:
s.append(0) while n in range(N_, N)
tnz1.append(i) while i in range(0, N)

DFT with zeros
(Xr_zp1, Xi_zp1, Xm_zp1, Xp_zp1) = DFTbyDef(s, N)

A 4

fig = Plot Signals

Figure 3.12: Flow diagram of Zero-padding
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The sole operation of applying the Discrete Fourier Transformations
yields us to have a Processing Gain associated with this process, which
in the case of the spectral analysis used in passive sonar is particularly
useful. The amplitude of the main frequency bin is enhanced as the N
increases, even in a really noisy environment such as the sea. As we
increase the number of N points of the DFT, the the input tone ampli-
tude gets enhanced, thus we are incrementing the gain and improving
the Signal-to-Noise Ratio (SNR). The flow diagram (Fig. 3.14), the
code (List. 3.7) and the output plots (Fig. 3.13) are shown next.

9

""new definition of the function”””
def generateRandomNoisewithLimits(N, 1l ,lu): #points, lower
limit of the random number, upper limit of the random
number
ns = []
for i in range(0,N):
ns.append (rm. uniform (11 ,1u)) #1<number<1
return ns

N=16 # N=16 points

ns = []

11=3 #lower limit for the magnitude of the random noise
lu=5 +#upper limit for the magnitude of the random noise

ns = generateRandomNoisewithLimits (N, 11 ,1u)

#generating signal and time vector

s =[]

7[tn = [] #discrete time vector
for n in range(0, N):
tn.append(n)
s_ = mt.sin ((2xmt. pi*2)*n/N)
s.append (s_)

#mixing signal (+)

ms = []

for n in range (0, N):
ms. append (ns [n]+s [n])

Xr_1, Xi 1, Xm ms, Xp_1 = DFTbyDef(ms,N)

-
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32|#=———Now we try N=64 points with the same noise
33| Nnew=64
I —

nsmod = []

j|nsmod = generateRandomNoisewithLimits (Nnew, 11 ,1lu)

s|#generating signal and time vector
smod = []
tnmod = [] #discrete time vector

for n in range(0, Nnew):
tnmod . append (n)
s_ = mt.sin ((2xmt. pi*2)+n/N)
smod . append (s_ )

#mixing signal (+)
msmod = []
for n in range (0, Nnew):
msmod . append (nsmod [n]+smod [n])

2| XM Msmod=[]
Xr 1, Xi 1, Xm msNmod, Xp 1 = DFTbyDef(mss,Nnew)

halfN = int ((Nnew/2))

Listing 3.7: DFT Processing gain

random noise signal 2x amplitude N=16 random noise signal(2x) mixed (+) with sinusoidal signal of 2 cycles, N=64
" ~ [3 *
\ 3 I 7
A RN P
. —d N/ . i M| il U?”\“ I (AT S
2 N e e M i
- K g o M I Lo
H H M‘w.h‘w " \‘\‘\“M‘ “‘w\t“u‘\
H B Al | I |
£ gof [ YY REAMI SRR Tl
" | | ‘J““\‘w ﬂ\.‘ ALl il
\ Sl le -, uh# \| ‘u‘rl o
. f | ¢4
. . s .
\ -
] 3 ) ) ) ) 1 3 ) ) E) L) E) @
DFT mag random noise signal(2x) miXed(+) w/ sin signal of 2 cycles, N=16 DFT mag random noise signal(2x) mixed(+) w/ sin signal of 2 cycles (log) N=16
»
»
315 g0
£ 2
Fwo ’ 5
L { A IERil { |
° T + T T ? T T
] 3 3 3 ) ) 3 ) o 3 6 5 1 2 1
DFT mag random noise mixed(+) w/ sin signal of 2 cycles, N=64 DFT mag random noise mixed(+) w/ ¢in signal of 2 cycles (log scale), N=64
S
5
100
g ® n
i ]
a1 3
5 5
0
| Lttt
3
o thlet (T Tet Tt ort [ Lol [x 1ot (Tl : .
[] S 1 5 Y 3 EY [] 5 0 15 B % EY

Figure 3.13: DFT Processing gain in logarithmic scale
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function instantiation

A 4

Gtart generateRandomNoisewithLimit9

\ 4

/ input: number of bits (N), and limits I, lu /

A 4

Generate time vector
ns =[]

\ 4

Generate simulated noise
ns.append(rm.uniform(ll, lu)) while i in range(0, N)

A

y
/ output: Signal with noise (ns) /

\ 4

( end function return ,

Figure 3.14: Flow diagram for processing gain
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The Finite Impulse Response Filter was implemented to demonstrate
its functions, but in the implementation, open source tools are used to
generate the filter’s coefficient. The flow diagram (Fig. 3.16), the code
(List. 3.8) and the output plots (Fig. 3.15) are shown next.
ampl = [10, 22, 24, 42, 37, 77, 89, 22, 63, 9]

2 min_index = []
3 avg_ampl = []

1 ¢=0

; for ¢ in range(0,len (ampl)):

min__index.append (c+1)

if ¢ <= 3: #bc the first valid result is until we get 5
samples, would be the index 4, but compensating the zero—
index

avg_ampl.append (0)
else:
avg_ampl.append ((ampl [c—4]+ampl [c—3]+ampl [ c—2]+ampl [ ¢

—1]4ampl[c]) /5)
Listing 3.8: Basic FIR Implementation

Basic FIR Filter

amplitude
5

2 a 6 8 10
time series

Figure 3.15: FIR Filter Implementation
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Setting coefficients and result vectors
ampl = [10, 22, 24, 42, 37, 77, 89, 22, 63, 9]
min_index =[]

avg_ampl = [
Set index
c=0
A 4
. no .
for c in range(0, len(ampl)) »| | Plot Coefficients

\ 4

Generating initial vector
min_index.append((c + 1))

) 4

Filter calculation

no avg_ampl.append((((((ampl[(c - 4)] +
ampl[(c - 3)]) + ampl[(c - 2)])
+ampl[(c - 1)]) + ampl[c]) / 5))

if (c <= 3)

yes

—~———] | Generating initial vector
avg_ampl.append(0)

Figure 3.16: Flow diagram of the FIR Filter Implementation
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3.2.3 Physical Implementation
Analog Stage

For the analog stage, we need a transducer element, a filter, an amplifier
and some high voltage protection, so a commercial device was selected
in order to save the time and cost associated to design the PCB for this
stage. The device used is Sparkfun Electret Microphone Breakout
BOB-12758 (shown in Fig. 3.17). The advantages that were taken
in account to use this device are:

1. Integration ease

2. reduced BOM

3. reduced form factor

4. reduced cost

5. Open source schematic and layout

There are many other alternatives in the so-called maker market like
the Electret Microphone Amplifier M AX4466 that is very similar
but at the time of the acquisition of equipment wasn’t available.

Figure 3.17: Electret Microphone Breakout
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This board includes a mic preamplifier with a gain of 60, based in the
OPA344 Op Amp and works in the range from 2.7 V to 5.5 V, making
the integration with the FPGA board seamless.

The schematic of the amplifier circuit in this board is shown in Fig.

3.18:

ucc UCC ’?A%\/@\,k
R5
ucc
U = uce uce
<= > NS©
i 4 K oy < o 1
(S 10K AN U1 ST 24U

. lan [

MIC
Em|
23
WD
\+

C4
9.7MM | / JP1
e <[ 0PA344
- L GND GND
GND

GND

Figure 3.18: Electret Microphone Breakout Schematic

Linear Array

A simple mechanical structure was built to hold the 3 amplified micro-
phones boards for air-based tests. See Fig. 3.19.

Figure 3.19: Air-based model of the Linear Array



CHAPTER 3. DESIGN AND IMPLEMENTATION 48

Analog-to-Digital Converter

The last part of the analog stage is the ADC; the selected device is
the Pmod AD1 board (shown in Fig. 3.29) from Digilent manu-
facturer, which contains an AD7476 converter from Analog Devices
manufacturer and it was selected following these considerations:

1. Reduced form factor

2. Ease of mating with FPGA board

3. Reference design availability

4. author previous experience

The technical characteristics of this converter are:
e« Sampling Rate: 1 MSPS.

e Resolution: 12 bits.

e Range: 0 to 3.3V.

e Communications: SPI.

Figure 3.20: Pmod AD1

At the beginning, it was considered the use of Vivado HLS tools
(C/C++ programming to describe hardware modules) to build the pro-
cessing system, but it was due to two main factors that the author took
the decision to use a different approach:
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1. The high complexity of this tool
2. the lack of technical information available.

3. the expense of the license for commercial uses of the designs

3.3 Architecture Implementation

The full proposed architecture consists in a mixed implementation of
HDL modules and embedded software, and it is described as follows:
the beamformer which generates the control signals for the ADC and
takes the digitalized conditioned signal that comes in first place from
the transducers; and outputs the signals that represent the bearing of
the source, then gets through a Lowpass filter, then it feeds a Fast
Fourier Transform block and gets communicated to the firmware in the
processor to output the results in UART protocol to a graphic interface
within a console. This proposal is depicted in the block diagram in
Fig. 3.21, in which the blue blocks represent HDL modules within
the FPGA, also within the yellow block that represents the Processor
there is the pink block that represent the embedded firmware, finally,
the graphic interface block, also in pink represents the software running
in the green color block of the console:
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ARM Cortex A9
Processor

Figure 3.21: Proposed Implementation

The function of this blocks are fully described in the next section.

3.3.1 Beamformer

Due to its crucial role, the Delay-Sum beamformer is firstly described.
It is implemented within the FPGA (see Fig. 3.22), the blue blocks
are HDL modules, and the red background represents this whole block
in the main system architecture:
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Beamformer

Bearing-Time
Recording (BTR)

to Processor

to AXI GPIO
of Processor

from AXI GPIO
of Processor

Figure 3.22: The beamformer design

ADC Controller

This block is the Pmod AD1 Reference Component, it generates the
control signals for the AD7441 ADC and obtain the sampled 12-bit
positive integer data in the form of a logic vector of a single data sample
at the rate of 500 kS which represent the audio data. The sample rate
was chosen due to previous working experience with this module and it’s
the lowest frequency that can be generated and the lowest that worked
well with the converters.

FIFO Memory

Variable-Depth FIFO memory included as IP Core in the Vivado Design
Suite, it takes as input the 12 bit sample from the ADC; the depth of
this memory varies according the delay calculated and applies a discrete
delay for a calculated amount of time, and outputs the time-delayed
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sample. The output is the same 12 bit integer value but delayed in
time.

Delay Calculation

It is a fixed ROM memory with the calculation the amount of delay
needed for every angle. This module has 3 outputs of a 12 bit integer
for all of the FIFO memories. The data with for the delays was selected
to standardize the overall data length in all the design.

Sum and Norm

its task is to sum the three delayed channels and then normalize by 12
bits (the ADC sample width) in order to prevent possible overflow of
the summing operation, resulting in a normalized coherent 12 bit single
data output.

The Delay calculation, FIFO Memory and Sum and Norm blue blocks,
forms the Delay Sum for Angle N green block, that is repeated 16 times
across the implementation.

Multiplexer

This used for selecting the desired angle in which the LOFAR Analysis
will be done, it takes as inputs each of the 16 channels (12 bit integer)
and a control signal that is a 32 bits (only the 4 lower bits are used)
from the ARM microprocessor and output the desired angle channel.

Serializer

All the 16 stages are connected to an independent 12 bits integer input
chanel of the Parallel-to-Serial block whose output is the 16 channels
serialized in the 32 bit wide AXI Stream interface (data bus and control
signals described in Section 3.4.2), this is for the ARM processor to
read the result, which is a space-sampled version of the wavefront, also
known as the BTR vector.

The selected data width used across the design was intended to stan-
dardize the overall data length in all the design. The reasons to use the
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positive integer is to avoid the hassle associated with floating point and
signed data representation.

3.3.2 Communications

The main output of the processing is sent via the serial-over-USB con-
nection (see Fig. 3.23) between the FPGA board and the display CPU
(which hosts the graphical interface program), the format of the serial
outputs minimally meets the NMEA 0183 communication standard as
explained in the first chapter.

All data is transmitted in the form of sentences. Only printable ASCII
characters are allowed, plus CR (carriage return) and LF (line feed).
Each sentence starts with a ”$” sign and ends with <CR><LF>. In
the case of Talker Sentences. The format for the talker sentence is:
$ttsss,d1,d2,....<CR><LF>. The first two letters following the $”
are the talker identifier. The next three characters (sss) are the sentence
identifier; in this case, SS was used, it stands for Sounder Scanning
in order to meet the standard, then followed by a number of data fields
separated by commas, that in this case are, the output of the processing,
and terminated by carriage return/line feed.

Serial
Over
USB

Figure 3.23: NMEA 0183 compliant communications

3.4 FPGA Implementation

The digital architecture have been designed as presented in Fig. 3.24:
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ARM Cortex A9
Processor

UART

AXI Busf

A Bearing-Time Recording

A

bearing selection

bearing at selected angle

Figure 3.24: Full architecture of the system

This architecture will be implemented within the FPGA (Programmable
Logic of the Zynq device), this mixed architecture uses user HDL mod-
ules and open source IP Cores.

3.4.1 LOFAR

Lowpass Filter

This a HDL module obtained using the pyFDA open-source tool for
calculating the coefficients and implementing the filter in Verilog HDL
language, the inputs and outputs are 12 bits wide logic vector. The
selected frequency was 20 KHz in order to work with the audio spectrum.

Fourier Transform

A HDL module block that calculates the Fourier Transform, using the
Fast Fourier Transform Algorithm in a Pipelined fashion with 128 bits,
and an output of a 12 bits wide logic vector
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AXI GPIO

This HDL block is provided as IP Core and its function is to communi-
cate the Processor with the custom HDL blocks in the form of a Memory
maped device. Its inputs are a 12 bits wide logic vector that gets as-
signed and hexadecimal memory direction and gets translated into a
AXI standard 32 bits output, this way, it is possible to read the values
from the FPGA logic and get them in a

3.4.2 Used HDL Hardware
ADC Controller

Provided by the board manufacurer Digilent, it is used to control the
ADC on the Pmod, setting the sample frequency, and getting the result
of the conversion

FFT Core

An arbitrary-sized open source Fast Fourier Transform Core generator[17],
that works one sample in per clock. This tool comes in the form of a
console program that gets configuration parameters and generates, a top
Verilog file with other Verilog blocks that, as a whole, implements the
pipelined FFT with the previous specified parameters,[18] Parameters
used for generating the Pipelined FFT core:

fftgen -a info -¢ 2 -f 64 -m 12 -k 2 -n 12 -p 10

These parameters are explained below:

-a hdrname Create a header of information describing the built-in parame-
ters, useful for module-level testing with Verilator

-c cbits Causes all internal complex coefficients to be longer than the cor-

responding data bits, to help avoid coefficient truncation errors. The
default is 4 bits longer than the data bits. The value used in the design
is 64 bits

-f size Sets the size of the FFT as the number of complex samples input to
the transform. No default value, this is a required parameter.

-k Sets number of clocks per sample, used to minimize multiplies. The value

used in the design is 2 bits
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-m mxbits Sets the maximum bit width that the FFT should ever produce.
Internal values greater than this value will be truncated to this value.
The default value grows the input size by one bit for every two FFT
stages. The value used in the design is 12 bits

-n nbits Sets the bitwidth for values coming into the (i)FFT. The default is
16 bits input for each component of the two complex values into the
FFT. The value used in the design is 12 bits

-p nmpy Sets the number of hardware multiplies (DSPs) to use, versus shift-
add emulation. The default is not to use any hardware multipliers. The
value used in the design is 10

In order to export the core, we must export the files contained in
core directory/sw/fft-core. In order to get the core working in Vivado,
the *.hex files must be renamed to the extension *.dat. It is needed to
change all the references to the *.hex file, to the *.dat in the fftmain.v
and fftstage.v files. The line 76 of the fftmain.v and ifftmain.v must be
chaged from ‘default nettype none to default nettype wire in order to
run the testbench located in core directory/bench

FIR Filter Core

The HDL was generated used the PyFDA open source filter design in
Python, with the previously proposed values for the Cutoff Frequency
(20 KHz) and number of taps (16). The main window of the program
and the generating filter window can be seen in Fig. 3.25 and Fig.
3.26, respectively.
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PYFDA - Python Filter Design and Analysis 0
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Figure 3.25: PyFDA Tool main window
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[ INFO)[10:59:05.476] [plot_impz.py:308] Cal
[ INFOJ(10:59:05.478] [plot. Coef
[ INFO][10:59:05.479] [plot_impz.py:322] Redraw impz started!

Figure 3.26: PyFDA Tool: filter generating window

3.4.3 Custom HDL Hardware Implemented
AXI Serializer

In order to get the location of the sound source in the simplest possible
way, we must implement the serialization of the parallel outputs of the
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ADC Controller, that was achieve using a AXI Master controller for
communicate directly to the CPU in the Zynq device. The waveforms
wanted from this module are depicted in the time diagram in Fig. 3.27

and the full code of this module is presented in List. 3.9.

N aRaRydaiaRaiaiaRaRaial

rst // 8 ®

tlast // c p

tvalid // o { 9 "

| S N SS— |

data[32:0] d1 ) d2J/ )(d15)d16)( 0 X d1 }(d2 X 0 ) d1 X d2

Figure 3.27: Input and Output waveforms for the AXI Serializer

—+this serializer have an Master AXI Stream interface
library ieee;

use ieee.std_logic_1164.all;

use IEEE.NUMERIC_STD.ALL;

entity SerializerAXI is

generic (
—from serialiazer
numbits : integer := 12; —ADC result wide = 12
numchn : integer := 16;

—from AXI stream interface
NUMBITSout : natural := 32; —added line 15/04/20
salida AXI
numintime : natural := 12 —to configure the
integration time
)5
port (
—Serializer
—inputs
clk : in std_logic;
rst: in std_logic;
din0: in std_logic_vector (numbits—1 downto 0);
dinl: in std_logic_vector (numbits—1 downto 0);
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din2: in std_logic_vector (numbits—1 downto 0);
din3: in std_logic_vector (numbits—1 downto 0);
dind : in std_logic_vector (numbits—1 downto 0);
dinb: in std_logic_vector (numbits—1 downto 0);
din6 : in std_logic_ vector (numbits—1 downto 0);
din7: in std_logic_vector (numbits—1 downto 0);
din8: in std_logic_vector (numbits—1 downto 0);
din9: in std_logic_ vector (numbits—1 downto 0);
dinl0: in std_logic_vector (numbits—1 downto 0);
dinll: in std_logic_vector (numbits—1 downto 0);
dinl12: in std_logic_vector (numbits—1 downto 0);
dinl13: in std_ logic_vector (numbits—1 downto 0);
dinl4: in std_logic_vector (numbits—1 downto 0);
dinl5: in std_logic_vector (numbits—1 downto 0);
intime: in std logic_ vector (numintime—1 downto 0); —

to modify the integration time

—AXI Interlacet--H-H+

— axi stream ports

m__axis_tvalid : out std_logic;

m_ axis_tdata : out std_logic_ vector (NUMBITSout—1

downto 0);
m__axis_tstrb : out std_logic_vector (3 downto 0);
m__axis_ tlast : out std__logic

DE

end SerializerAXI;

s| architecture bhv of SerializerAXI is

—Serializer signals
signal internal: std_logic_vector (numbits—1 downto 0);
— AXI Stream internal signals

signal tvalid : std__logic := ’0’;

signal tlast : std__logic := '0’;

signal padding : std_logic_vector (NUMBITSout —
numbits — 1 downto 0) := (others => ’0’); —modified

begin

——connections of AXI Interface

m_axis_tstrb <= (others => ’17); — byte enables

always high
m_ axis_tvalid <= tvalid;

59
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m_axis tlast <= tlast;

—Serializer arch
process (clk)
variable count: integer range 0 to numchn+41; —+1 for
test
variable intime_ val : integer range 0 to 2%xnumintime
+1 := 0; —for the integration time control
variable conitime : integer range 0 to 2*x*numintime

begin

intime_val := to_integer (unsigned(intime));
if (rst=’1’) then
—reset counters

count := 0;
intime_val := 0;
conitime := 0;

m_axis_tdata <= (others=>’0");

elsif (clk’event and clk=’1’) then
count := count 4+ 1; —increment the counters
conitime := conitime + 1;
tvalid <= ’17;
tlast <= ’07;

counter of AXI Signals

if (conitime = intime val) then —former 15
tlast <= ’17;

end if;

if (conitime = intime_val+1) then —former 16
tvalid <= ’07;
conitime := 0;
count := 17; —let ’s see

end if;

count of serializer
if count = 17 then

count := count — 1;
end if;
if count = 16 then
count := 0;
end if;

case count is
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103 when 0 => internal <= din0;
104 when 1 => internal <= dinl;

when 2 => internal <= din2;
106 when 3 => internal <= din3;
107 when 4 => internal <= din4;
108 when 5 => internal <= din5;
109 when 6 => internal <= din6;
110 when 7 => internal <= din7;
111 when 8 => internal <= dinS§;
112 when 9 => internal <= din9;
113 when 10 => internal <= dinl0;
114 when 11 => internal <= dinll;
115 when 12 => internal <= dinl2;
116 when 13 => internal <= dinl3;
117 when 14 => internal <= dinl4;
118 when 15 => internal <= dinl5;

Listing 3.9: VHDL Master AXI Serializer

100 KHz Clock Divider

Since we are working with signals whithin the acoustic range, we does
not need very fast sampling frequencies, and the Clock Divider IP by
Xilinx gets as low as 1 MHz, so its necessary to scale down this frequency,
in this case to 100 KHz, the code for achieve it, is presented in List.
3.10.

—100k FREQ DIVIDER

library IEEE;
use IEEE.STD_LOGIC_1164.ALL;
i| use IEEE.STD LOGIC_ARITH.ALL;

[ I O

entity div_freq_ 100k is

10 Port ( ck_5M : in STD_LOGIC;
11 rst : in STD_LOGIC;
12 —address: out STD_LOGIC_ VECTOR(8 DOWNIO 0) ;

13 fmuestreo_ 500k : out STD_LOGIC);
14| end div_ freq_100k;
15

16| architecture Behavioral of div_freq 100k is
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—SIGNALS

9| SIGNAL aux_ clk: STD_LOGIC;

BEGIN
—WIRE SIGNAL

3] fmuestreo__ 500k <= aux_ clk;

—FREQ DIVIDER
PROCESS(clk__5M)
VARIABLE count: NATURAL RANGE 0 to 60;

BEGIN
IF (rst = ’1’) THEN
count:= 0;
aux_clk <= ’0’;
ELSE
IF (clk_5M’EVENT AND clk_ 5M="1") THEN
count:= count + 1;

IF (count = 50) THEN
aux_ clk <= NOT aux_ clk;
count:= 0;
END IF;
END IF;
END IF;
END PROCESS;

end Behavioral;

Listing 3.10: VHDL code for the clock divider

3.4.4 Processor Firmware

The firmware is located in the ARM Processor within the Zynq device,
and it is written and tested using the Vivado SDK as shows in Fig.
3.28
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File Edit Navigate Search Project Run Xiinx Window Help

OvE® 8 Q R N0 2@ S HvO0visv

oD s B

= O ||[@systemhdf [ systemmss [ [sys!em.hdl)‘l}

5 [& Project Explorer &

5% ¥ <~ | design 1 wrapper hw_platform 1 Hardware Platform Spec

> (8 design_1_wrapper_hw_platform_0
~ (B design_1_wrapper_hw_platform_1

Design Information

design_1_wrapper.bit
[@ ps7_init_gpl.c
[@ ps7_init_gpLh

Target FPGA Device:

72020

Part: xc720200Ig400-1
Created With: Vivado 2018.3
Created On: ThuMar 515:29:46 2020

@ ps7_initc
@ ps7_inith Address Map for processor ps7.cortexa9_[0-1]
@ ps7_init.html
| ps7_init.tdl cell Base Addr High Addr Slave I/f Mem/Reg
(@ system.hdf ps7_intc_dist 0 | oxfsfor000 | oxfaforff | | ReGIsTER
> @ fsbl ps7_gpio_0 0xe0002000 | 0xe000afff REGISTER
> (B pruebaMAA V2 bsp axi_gpio_muxPA | oxa1240000 | Oxar2afitt | sax REGISTER
@ pruebaMAA V2_prj ps7_scutimer_0 0xf8f00600 | 0xf8f0061f REGISTER
> & bootimage Overview
> & Debug
v @ sre &1 Problems | @ Console X & sDKTerminal [£] SDKLog [l Properties ] Tasks B8y =0
No consoles to display at this time.
R bscriptid
(@ platform_config.h
[@ platform.c
@ platformh

Figure 3.28:

SDK open with the main firmware file
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3.4.5 Graphical Interface Development

The Graphical Interface software was designed in the Qt Designer
under the pyQt 5 environment, and gives the ability to graphically see
the results of the processing. This could be seen in Fig. 3.29

Qt Designer
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Figure 3.29: Qt Designer showing the main form of the GUI



Chapter 4

Results

4.1 Custom HDL Hardware Implemented

These section presents the result of the simulations of the HDL devel-
oped.

ADC Controller

In Fig. 4.1 the ADC controller test is presented, in this case this module
was instantiated 16 times in order to check for coherency. The ADC
Controller HDL receives a 500 KHz signal from a the HDL clock divider
which sets the sampling rate (second signal from top to bottom in Fig.
4.1), and gives the digitized instant value as a 12-bit integer (from third
to the last signal, from top to bottom in Fig. 4.1), and a logic done flag
that indicates the conversion is over (first signal from top to bottom in
Fig. 4.1), this is used for synchronize the next modules. During testing,
control signals are generated to drive the ADC, and 16 input channels
(signals AD1 to AD16) of the ADC (8 Pmod boards) were wired to 1.65
VDC in order to get approximately 2048 in the conversion result, since
the ADC resolution is 12 bits, the maximum result is 4096. Thus we
can validate the correct operation of this module.
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Figure 4.1: ADC conversion result

4.1.1 FIFO Delay of the Beamformer

In Fig. 4.2 the FIFO Delay test is presented.This FIFO memory receive
an input data coming from the is an IP Core integrated in Vivado and it
has the role of making the discrete time delay of the signal in the Beam-
former. In the simulation it can be seen that the input DATAINPUT
test value is at the output signal of the module.
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Figure 4.2: Validation of the FIFO Delay

4.1.2 AXI Serializer

The serializer was tested with constant values and simulated using the
GHDL Simulator and GTKWave Wave viewer, results can be seen in
Fig. 4.3 and in Fig. 4.4 is shown the serializer implemented in a
Vivado Block Diagram. We could compare this results with the time
diagram depicted in Fig. 3.27. The simulation consists of 16 12-bit
constant numbers din/N signals that are present in a serial fashion at
the output of the module mazistdata, also the control signals of the
AXI protocol are generated azistlast and axistvalid by the module.
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Figure 4.3: Validation of the AXI Serializer
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4.1.3 Full Beamformer

The Vivado Block Diagram Implementation of the beamformer is de-
picted in Fig. 4.5:

.........

uuuuuuuu

Figure 4.5: Full Beamformer Test



CHAPTER 4. RESULTS 70

4.2 Third-party HDL Hardware Used

These section presents the result of the simulations of the third-party
HDL used.

4.2.1 Lowpass filter

The testbench simulation of the Lowpass filter generated core in pyFDA
was instantiated and then run in the ModelSim Student Edition Sim-
ulator, and the results are presented in Fig. 4.6, in this figure we
could see a couple of 12-bit input data datain, the flag of data readi-
ness dataready and the dataout that shows the result of the filtering
operation:

g Wave - Defat

[ ——
B fowpassfiter_thjdsta_in
B’ fowpassfiker_th/data_out
“ fowpassfiker_thick
“ _flowpassfiker_thjrst
& fowpassfiker_thjdata_ready
>

Figure 4.6: Lowpass filter simulation results

4.2.2 FFT core

The testbench simulation of the Double clock FFT generated core, was
instantiated and then run in the ModelSim Student Edition Simulator,
and the results are presented in Fig. 4.7, in this figure we could see
a couple of 12-bit input data isample, the flag of synchronization osync
and the oresult that shows the result of the filtering operation:
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Figure 4.7: Double-clock FFT simulation results

4.3 Physical Integration

The following diagram Fig. 4.8 illustrates the final physical implemen-
tation of the system, which presents not much differences between the
diagram in Fig. 1.2, and the architecture programmed and running
in the board is depicted in Fig. 4.9. In the final test, a loudspeaker
emits a sound at 1 KHz, (acting as the target) in front of the mechanical
structure (whose angle system is shown in Fig. 4.9), then the signal is
processed and the results are sent to the laptop and presented via the
graphical interface.
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Figure 4.8: Final physical implementation diagram

Figure 4.9: System running on board
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4.3.1 Communications Tests

Connecting the FPGA Board to the Display console, via serial over USB
and displaying the NMEA sentences is shown in Fig. 4.10. This test
is made before launching the graphical interface, in order to probe the
communication between this two devices.

$$SS,2776,3049,3033,3158,577,697,1583,795,4029,1089,541,366,2661,1840,3028
$$sSs,2327,3728,1992,1931,1,2824,1797,1207,569,1124,1087,194,2955,2129,209
$$ss,932,366,628,2573,2813,1487,3089,350,857,3489,1916,976,3344,433,1790
$$SS,1496,3039,1564,1146,3526,1544,2636,658,738,410,2614,310,3857,2844,2932
$$ss,1511,1932,1426,3568,3658,3740,962,3952,464,373,1089,2399,2278,1841,3276
$$SS,2729,2962,1568,1210,1092,2852,996,1109,3344,1143,2493,1824,542,310,2292
$$ss,3183,3561,847,3116,1600,535,3544,3118,3460,2679,1198,164,3513,45,1409
$$SS,2242,1945,946,2990,3559,890,2750,2158,1030,147,2623,3573,1562,3271,717
$$SS,2201,1243,1834,2928,3663,1935,2723,1279,3249,3652,808,967,3461,95,2500
$$ss,3071,1978,1088,1840,757,163,458,3724,582,2569,134,2010,3332,334,1187
$$ss,2388,2430,1417,3371,3753,1535,2950,4049,2724,854,1115,3619,1362,923,1505
$$SS,569,465,3364,2256,1695,3919,1603,1090,2238,2531,3260,533,2116,741,883
$$sS,3882,3935,206,2288,677,3126,3851,925,2491,3936,1787,3499,425,2916,1205
$$ss,85,1812,2663,3019,2986,3070,3693,2935,3829,2502,3967,1911,1945,3833,1900
$$Ss,128,2401,1151,1926,20,2377,3704,410,3242,3284,2132,54,3883,615,3476
$$5S,3434,1892,1183,2694,2070,223,2188,2545,2655,368,3834,2995,3532,3434,59
$$sS,319,1581,3686,3954,1566,2913,2181,40,3279,2754,3829,318,721,2452,1058
$$ss,2630,316,1471,3953,1377,2527,1977,3730,181,2574,1266,3954,2533,2381,2785
$$SS,3908,2466,3653,3894,3918,1137,1103,4001,1349,951,3959,287,2953,1135,1458
$$ss,756,3717,3131,2272,517,1963,1548,1813,2178,2367,4054,1003,2335,2725,2142
$$ss,728,3592,367,3244,367,761,277,982,578,1670,2691,525,2093,1654,2182
$$SS,2726,807,2310,2314,292,211,3233,2295,2549,1469,1455,4069,3498,3432,3886
$$SS,613,73,2072,2564,690,901,925,3802,805,2769,3313,2512,3365,169,4069

Figure 4.10: Successful Communication

4.3.2 Graphical interface integration and results display-
ing

Finally, the developed software for the graphical interface results are
shown, given the results seen in Fig. 4.11 for the LOFAR, and Fig.
4.12 for the BTR. The results for each one of the analyses are presented
in its corresponding figure. The Fig. 4.11 depicts the results window
of the LOFAR analysis, which is the spectral analysis showing the main
component and its harmonics; the Y-axis is the 12-bits wide discrete
amplitude of the frequency bins and the X-axis is the 11 discrete fre-
quency bins. Similarly, the Fig. 4.12 depicts the results window of the
BTR analysis, which is the bearing relative to the linear array, showing
the maximum amount of energy and its arriving angle; the Y-axis is the
12-bits wide discrete energy of the discrete angles, the X-axis is the 16
discrete angles vector.
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Figure 4.11: LOFAR results displaying
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Figure 4.12: BTR results displaying
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Conclusion

Beside the steep learning curve to follow with the new FPGA technol-
ogy, even when there is a previous background, it is worth the sacrifice
due to the relatively straight-forward implementation of the algorithms
in the form of custom hardware. A thing for sure, is that the new tech-
nology provided by the FPGAs manufacturers gives the system designer
a broader palette of tools for implementing signal processing algorithms.
Another important fact to take in account, is that nowadays, there are
several open source options (such as filter design assistants, spectral
analysis tools in both HDL modules or software libraries) for reduce
time in the development of digital signal processing schemes.

In terms of the scope of this work, a full but simple architecture could
be implemented in a Xilinx Zynq device, but it is clear to see that in
order to get the most of this technology and achieve the best fitted sig-
nal processing, it is mandatory to get a little group of developers due
to the inner complexity and the vast amount of techniques related to
FPGA programming, HDL coding, CPU programming and embedded
software coding.

Even when this work cannot be compared directly with a commercial
system because its specifications differs completely and the fact that
making qualitative tests of a commercial sonar system it is nearly im-
possible in the laboratory because the dimensions and complexity of
the equipment; however, this system appears to be very simple, but it is
extremely powerful because it is open to any modification and further
scale, this is possible thanks to two main factors: 1) the programmable
device in which is implemented, and 2) all the algorithms were devel-
oped and are visible to the user (in contrast to the extremely closed
commercial systems) and this gives the ability to fully comprehend the
inner workings of a similar system, and even serve as a base for future
developments.

It is an original work that emerges from the previous working experience
and, because of its nature, there are only a couples of developments like
this in the country.

This is an original work, and it reflects merely all the experience of the
author in the field of signal processing.
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Futurework

There is plenty of future work, such as a real underwater implementa-
tion, achieve a very efficient algorithm for passive sonar, or a fully in-
tegrated system development in a single board; maybe another related
technology development, such as the single beam echosounder and even
multibeam echosounder. This subject (underwater signal processing) is
still a very unknown matter in our country, but things can change.
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