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RESUMO

O relatério aqui apresentado corresponde a um programa da Unidade Curricular (UC)
de Processamento Digital de Sinal (PDS), que se pretende venha a integrar o novo
plano curricular do Mestrado em Engenharia Eletrotéenica e de Computadores (MEEC)
sucedineo do Mestrado Integrado em Engenharia Electrotécnica e de Computadores
cmco (5 anos) para as Licenciatura (3 anos) e o Mestrado (2 anos) em Engenharia
Electrotécnica e de Computadores que decorre da nova legislacdo de 2018 relativa ao
novo Regime Juridico de Graus e Diplomas inscrita no Decreto-Lei n°65/2018 de 16 de
agosto, imposta as ofertas educativas da UTAD tal como a todas as outras instituicdes de
ensino superior do pais. Referia-se que por Despacho da ECT o candidato foi nomeado
para a Comissdo que elaborou a proposta para o curso de Mestrado e recomendado como
Professor Regente da UD de Processamento Digital de Smal em funcio da sua

experiéncia na area de mais de vinte (anos).

Atualmente a UC consta da estrutura curricular do Mestrado Integrado em Engenharia
Eletrotécnica e de Computadores (MIEEC) da UTAD, existe j4 uma UC denominada
Processamento Digital de Sinal (DR, 2. séne - N.° 169 - 31 de agosto de 2015). O
MIEEC da UTAD entrou em funcionamento no ano letivo 2015/2016 implementando o
conceito de ciclo de estudos mtegrado conducente ac grau de Mestre, conforme
estabelecido na Lei de Bases do Ensino Superior, surgindo na sequéncia de uma
reformulacio do anterior modelo adaptado ao Modelo de Bolonha que assentava em dois
ciclos de estudos. Com esta reformulacio, o plano de estudos do curso passou a ter um
tronco comum de trés anos seguido de trés percursos formativos alternativos
denominados de ramos, Eletronica e Instrumentacio; Automacio Industrial e Telematica.
Exustindo em cada ramo um conjunto de UC comuns e uma area de especializacio a qual

estdo associadas UC opcionais.

Desde a génese dos cursos de Electrotecnica na UTAD em 1990, a UC de PDS, sendo
considerada de referéncia, fez sempre parte das disciplinas obrgatorias estando
atualmente, como jd referido, nos trés ramos a ser lecionada no 1° semestre do 4° ano (7°
semestre do curso). Segundo o autor, este continua a ser o momento adequado para a
insercao da nova UC no aurviculum, atendendo a especificidade dos assuntos a abordar e ao
nivel de conhecimentos necessiarios adquridos anteriormente pelos alinos
nomeadamente no que diz respeito a conceitos fundamentais de Matematica e Teoria de

Sistemas de Sinais numa abordagem continua que passa também pelos Sistemas de
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Electronica Analégica ou os Sistemas Digitais nos primeiros anos do curso cujos temas
voltam a ser estudados em PDS agora em realizacbes discretas onde se discutem os
teoremas e regras fundamentais inerentes ao processamento digital dos dados face a
dicotomia dos paradigmas analogico rersas digital que se sintetizam no termo que

entretanto se consolidou na comunidade cientifica da area: digital tuin.

Ao longo das dltimas décadas, a drea de PDS desenvolveu-se quer ao nivel tedrico e
tecnolégico tendo sido um fator fundamental a medida crescente da disponibilidade
computacional. Uma outra razéio importante para o seu sucesso fol a sua implementacio
na mdustria e na sociedade em geral em grande parte devido a evolugdo dos custos de
utilizacéio de software (SW) e hardware (HW) cque se tornaram mais baixos fruto também

do progresso e desenvolvimento tecnologico.

Para além da area da Electrotecnia, novas tecnologias e inimeras aplicacdes em areas
distintas, como por exemplo a Medicina ou a Biotecnologia, tiram hoje partido de
alooritmos de PDS aumentando assim a exigéncia de conhecimentos de base aos futuros
Engenheiros Electrotécnicos o que sé por si confirma a necessidade fundamental da
umidade curricular de Processamento Digital de Sinal continuar a integrar o cwrviclii
de um qualquer curso na area da Engenharia Flectrotécnica como € o caso do Mestrado
em Engenharia Eletrotécnica e de Computadores (MEEC) na UTAD jia nas suas

proximas edicdes como no passado.

Como ja aludido, a unidade curricular de Processamento Digital de Sinal, pretende
complementar as estratégias de resolicdo de problemas de engenharia numa perspetiva
analogica, fazendo agora uso do conhecimento dos conceitos fundamentais de sinais e
sisternas discretos bem como de técnicas nos dominios do tempo e da frequéncia: anilise
e filtragem. Numa outra perspetiva é também objetivo que desenvolva competéncias para

a prossecucdo de estudos avancados na darea de PDS.
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1.1 — Introdugio

No ambito das Provas de Agregacio, o presente relatorio incide sobre a UC de
Processamento Digital de Sinal/Digital Signal Processing, que se pretende faca parte do
plano de estudos do Mestrado em Engenharia Eletrotécnica e de Computadores da

UTAD.

O candidato tem ja uma vasta experiéncia nesta drea adquirida, por um lado, ao longo
dos mais de vinte (20) anos de regéncia da UC entretanto robustecida pelo seu mestrado
em 1995 e doutoramento em 2005 na drea e por outro adquirida ao longo da sua
experiéncia em gestdo de projetos de investigacio, em orientacoes alunos bolseiros
ERASMUS, de fim de curso de Licenciatura, de Mestrado ou Doutoramento podendo
muito do seu trabalho produzido na area de PDS ser testemunhado nas publicacées com
alunos validadas entre pares cujos resultados foram naturalmente sucedineos a lecionacio

de PDS: contam-se alguns exemplos em,

o Silveira, L. e 4/ Soares, S., (2020), Repair of the recurrent laryngeal nerve
— Experimental study, Revista Portuguesa de Cinugia, Sociedade
Portuguesa de Cirurgia, II Série, Volume 46:19-31, ISSN: 1646-6918.

(bttps:/ [ revista.speir.com/ index.php/ speir)

® Neves, F., Soares, 8., Assuncio, P., (2018) — Optimal voice packet
classification for enhanced VoIP over prority-enabled networks —
Journal of Communications and Networks, 20(6), pg. 554-564, Dec. 2018.
DOI:10.1109/JCN.2018.000088,

o Silva, S, Soares, 8., Cabral, M., Neves, F., Assuncao, P., (2017) — A dynamic
programming algorithm to select optimal high-priority voice segments
using Arduino — 17th IEEE International Conference on Smart
Technologies, EUROCON 2017 , Conference Proceedings, pg. 271-276,
OHRID, R. Macedonia;

e Silva, S, Valente, A., Soares, S., Cabral, M., Paiva, J., Bartolomeu, P., (2016)
— Morse Code Translator Using the Arduino Platform: Crafting the

SalvianoFilipeSilvaPintoSoares — PDS/DSP UTAD Pdgina 5

https://ucloud.utad.pt/index.php/s/8khqUTNZpOcpNIS#pdfviewer 5/152



09/08/2021

PDF.js viewer

Future of Microcontrollers — Proceedings of Science and Information
Conference 2016 (SAI 2016 — www.conference.thesai.org), pg. 675-680, July
13-15, London, United Kingdom. ISBN: 978-1-4673-8460-5. DOI:
10.1109/SAL.2016.7556055;

Silva, S., Soares, S., Valente, A., Marcelino, S. (2015) — Digital Sound
Processing using Arduino and MatLab — Proceedings of Science and
Information Conference 2015, SAT 2015, pg. 1184-1191, July 28-3, London,
United Kingdom. ISBN:978-1-4799-8546-3;

Reis, M., Soares, S. , Cardeal, S., Morais, R., Peres, E., Ferreira, P. (2014) —
Teaching Fourer series expansions in undergraduate education with
the help of the FouSE Android application — Intemational Journal of
Interactive Mobile Technologies (iJIM). Vol. 8(1), pg. 26-31, ISSN: 1865-
7923.

Costa, M.; Barroso, ].; Soares, 8.; (2012) — Signal Processing Intetpolation
Educational Workbench — Computer Application in Engineering Education,
20(2), pg. 356-3633, DOI:10.1002/cae.20402;

Pereira, L., Faustino J., Soares M., Soares 8. (2011) — Simulation of a
Reverbation Room — Forum Acusticum 2011, pg. 1947-1952 Aalborg —
Denmark. Edited by Danish Acoustical Society — DAS, 27 de June — 01 July.
ISBN: 978-84-694-1520-7.

Lebre, P.; Soares, S; Silva, S.; Silveira, L. (2010) — Avaliacdo da voz apos
cirurgia a0 NLR — in 12° Encontro da Seccio Portuguesa da _dudis

Engineering Society, 8 de Outubro, UA, Aveiro.

Neves, F.; Soares, 8.; Reis, M. .J.C.S,; Tavares, F.; Assuncio, P.. (2008) —
VoIP Reconstruction Under a Minimum Interpolation Algonithm — In
2008 IEEE International Symposium on Consumer Electronics, Vols. (1-2),

pg. 51-53. CD-ROM. ISBN 978-1-4244-2422-1.
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® Neves, F.; Soares, 8.; Assuncio, P. (2007) — O Algortmo de Papoulis-
Gerchberg e a Reconstrugio de Voz Comutada — Engenharias07,

Inovacio&Desenvolvimento, CD-ROM;

e Salviano Filipe Silva Pinto Soares, Algoritmos de Reconstrugio de Sinais e
Correcgio de Erros, Tese apresentada a UA para a obtencio do grau de
Doutor em Engenharia Electrotécnica sob ormentacdo do Prof. Dr. Paulo

Jorge dos Santos Gongalves Ferreira, Maio de 2005.

® Salviano Filipe Silva Pinto, Técnicas de Reconstrugio de Sinal aplicadas 4
Transmissido de Voz, Dissertacio apresentada a UA para a obtencio do gran
de Mestre em Engenharia Electrénica e Telecomunicagdes sob orientacio do

Prof. Dr. Paulo Jorge dos Santos Gongalves Ferreira, Dezembro de 1995.

Atendendo 4 importancia que da drea de Teoria de Sinal consubstanciada na presenca
mandatora da disciplina de PDS, apesar de constar de praticamente todos os cursos
conceituados de Engenharia Electrotécnica em todo o Mundo, enumeram-se na secio 3
algumas das principais universidades nacionais e estrangeiras que tém incluida nos seus

planos curriculares PDS.

A inclusdio desta drea na formacdo de mestres em Engenharia Eletrotécnica e de
Computadores da UTAD continua a revelar-se nio sé oportuna mas necessaria, pois
para além do ja referido quanto a transversalidade do tema, todo o progresso provido
pelo desenvolvimento tecnologico nomeadamente a nivel computacional, deve também
ser incluido no processo educativo tornando o ensino de PDS mais efetivo o cue
resultard num enriquecimento a sua aprendizagem e compreensio como Sera
apresentado nas metodologias de ensino através da realizacdo de um conjunto de
trabalhos em MatLab, propostas de Tutoriais, promocdo de Semindrios Temadticos ou a
realizacio/assisténeia de cursos on-/ine sincronos e/ou assincronos ao longo da
lecionagio dos contetidos programaticos que o _Adwiravel Munds Nove nos oferece muito

util a plenamente adequado ao contexto de Pandemia Mundial dos nossos dias.

A UC de Processamento Digital de Sinal, sera proposta para o 1° semestre do 1° ano

do mestrado, dado que nesta fase da sua formacéo os alunos possuirem ja determinados
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requisitos e conhecimentos nomeadamente nas areas da Matematica, Sistemas e Sinais,

Sistemas Digitais ou a Electrénica Analégica.

Este relatorio encontra-se organizado da seguinte forma. Depois do Resumo e
Introducédo, na Seccdo 2 é feita a Apresentacio do tema da UC como complementar ao
paradigma do processamento analégico de sinal. De seguida é feito um levantamento em
termos nacionais e internacionais sobre o ensino do PDS nas instituicdes de ensino
superior. Nas secces 4 e 5 é respetivamente enquadra-se a UC no curso bem como
discriminam-se as propostas de desenvolvimento curricular de Processamento Digital
Sinal num curso de Engenharia Electrotécnica e de Computadores, completando-se na
secdo 6 com a Bibliografia recomendada. Conclui-se com breves consideracées finais e
ulteriormente apresentam-se as Referéncias Bibliograficas que serviram a escrita deste

documento bem como em Anexos toda a documentacio de suporte a este documento.
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2 - APRESENTACAO E ENQUADRAMENTO DO TEMA

No mundo moderno, estamos rodeados de uma grande variedade de sinais de varias
formas. Alguns sdo naturais, mas muitos parte sio artificiais e produzidos pelo Homem.
Alpouns sdo necessarios e utels (voz humana), outros agradavels (musica) enquanto
muitos outros sdo indesejados ou desnecessdrias em determinadas situacdes (ruido).
Num contexto de engenharia podemos considerar um sinal como uma entidade que
transporta informacio, desejada e nio desejada podendo desde logo definir-se o
processamento de sinal como sendo a tentativa de extrair/realcar informacio

considerada til a partir desse sinal.

2.1 — Processamento Analégico versus Digital

Muitos dos sinals que encontramos na pratica e todos os do mundo real sdo
predominantemente analbgicos. Estes sinais que existem para todos os valores de
amplitude e no tempo podem ser processados usando redes elétricas com dispositivos
passivos (resisténcias) ou elementos ativos (condensadores ou bobines) admitindo-se

para tal um Processamento Analégico dos Sinais (ASP).

Sinal analogico Sinal analégico

() —> AsE i

Fig. 2.1: Processamento Analdgico de Sinal

Numa outra abordagem por vezes denominada de discreta/digital, os sinais podem
também ser processados utihzando HW digital contendo modulos de adicio,
multiplicadores, elementos l6gicos ou mesmo processadores dedicados para o efeito
sendo para isso necessario converter os sinais analégicos em digitais onde siio tomadas
para a representacio apenas valores finitos no tempo sendo a amplitude funcio do
mimero de bits disponiveis. O diagrama de blocos representa genericamente o

Processamento Digital de Sinais.
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Equivalente ao ASP
Sinal analégi — " —
xi(1) i
1! ADC DSP DAC PoF
—> —> - —> =" |
Discreto

Fig. 2.2: Processamento Digital de Sinais

onde

e PrF: Pré-filtro ou filtro anti aliaising que torna o sinal analdégico de banda

limitada de modo a prevenir o akasing,

* ADC: Conversor analogico/digital que transforma o sinal de entrada numa

sequeéncia discreta;

® DSP: Processador Digital de Sinal;

e DAC: Conversor digital/analégico que realiza a transformacio inversa da

ADC produzindo um sinal em escada a partir de um conjunto de nimeros

binarios;

o PoF: Poés filtro Passa-Baixo que transforma o sinal em escada no sinal

analogico de saida.

Por analise dos diagramas de blocos quando se confrontam os dois paradigmas a
opcio pelo processamento digital parece ser mais complicada pois exige mais das
questSes técnicas com a inevitavel passagem dos dados para dominios de representacio
diferentes pelo que se pode colocar a questio: porqué optar na maior parte das vezes

hoje em dia pelo DSPr A resposta esta nas varias vantagens que DSP quando se

compara com o processamento analogico da informacio.

Sinal analégico

Yalh)
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2.2 — Vantagens do DSP sobre o ASP

Uma das maiores desvantagens dos ASP reside entre outras, na sua dificuldade em
realizar tarefas complicadas de processamento de sinal que se pode traduzir também em
pouca flexibilidade ou na dificuldade no desenho dos sistemas conduzindo regra geral a
solucdes finais do produto mais dispendiosas. Por outro lado, a opcio por DSP permite
a realizacio aplicacées mesmo num computador pessoal pois o seu poder de calculo é ja

muito consideravel. Aloumas vantagens dos DSP sao:

® repra geral as aplicacdes podem ser desenvolvidas e testados num PC genérico
evidenciando caracteristicas de portabilidade;

® em contraste com os sistemas analogicos sio imunes a fatores fisicos como &
o caso da temperatura;

® as operacdes num DSP sio facilmente reprogramaveis em tempo real
bastando para isso alterar o SW;

® 3 possibilidade de criar produtos de baixo custo em suporte VLSI constitue
também uma possibilidade que pode ser explorada com as realizacoes

discretas.

Apesar de existirem também algumas limitacdes nomeadamente no que diz respeito a
velocidade de processamento a altas frequéncias, 4 maxima frequéncia de amostragem
disponivel ou mesmo a melhor QoS das respostas em frequéncia de alguns sistemas
analégicos em particular e em determinados regimes nomeadamente em baixas
frequéncias como € caso dos Sistemas de Andio analdgicos, as vantagens enumeradas
fazem com que hoje em dia a opcdo por um processamento digital de sinais se torne a
primeira escolha em muitos sistemas tecnolégicos com aplicacbes na Eletrénica de

Consumo, nas Telecomunicacoes ou mesmo as areas afins como a Medicina.
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2.3 — Analise e Filtragem de sinais

No processamento digital de sinais podemos agrupar as tarefas em dois grandes

grupos: a Andlise de Sinal ou a Filtragem de Sinais.

Analise de Sinal: tarefas relacionadas com o estabelecimento de medidas das
propriedades dos sinais: algumas aplicaces:

o Andlise espectral (frequéncia/fase);
o Reconhecimento de fala/orador;
o Identificacio de alvos.

Filtragem de Sinais: os sistemas cque realizam esta tarefa normalmente
designam-se por filtros: aloumas aplicagdes:

o remocio de ruldo indesejavel;

o remocio de interferéncias;

o separacio em bandas de frequéncia;
o modelacio espectral.

Tanto a Andlise como a Filtragem poderdo ser realizadas nos dominios do tempo ou

da frequéncia sendo complementares como no caso dos sintetizador digital de voz onde

numa primeira instincia o sinal é analisado e estudadas as suas carateristicas no tempo

para numa segunda fase se utilizar um filtro digital para gerar a voz sintetizada ou

mesmo em algoritmos de reconstrucio de sinal como é o caso do Paponlis-Gerchbery.

Desta forma considera-se necessario dotar os contetidos a propor para a UC PDS de

aspetos relacionados com:

®  descricdes basicas de sinais/sistemas discretos no tempo;

® a andlise em frequéncia com a transformada de Fomver, de sinais/sistemas
discretos no tempo;

® aamostragem e reconstrucio de sinais analogicos;

® g andlise da transformada Z como abordagem na frequéncia;

e 3 transformada de Fowrer discreta (DFT) bem como algoritmos rapidos para a
sua realizacio como € o caso da transformada rapida de Fourier (FFT);

® adescricdo de estruturas de realizacio de filtros digitais;

® 0 projeto de filtros digitais com resposta impulsional infinita (IIR);

® 0 projeto de filtros digitais com resposta impulsional finita (FIR).
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3 - AUNIDADE CURRICULAR EM OUTRAS INSTITUICOES DO
ENSINO SUPERIOR

Relativamente ao perspetivado em outras institui¢oes de ensino superior, ainda que de

forma ndo exaustiva, nesta seccio comparam-se a UC de PDS lecionadas em algumas

instituicdes de ensino superior tanto portuguesas como internacionais onde se conclu

como ji referido que nido sé PDS mas outras UC de Teoria de Sinal sio mandatdrias nos

curricula dos cursos mais conceituados em Engenharia Electrotécnica em todo o mundo.

Os elementos indicados nesta secciio e apresentados na tabela 1, baseiam-se na

informacio disponibilizada na werld wide web pelas respetivas instituicdes de ensino, para

o ano letivo 2018/2019.

Tabela 1 — UC de instituicdes portuguesas e internacionais.

2 Nome da § Ano / Professor Regente
Identificador uc Universidade Curso e ECTs 2018/2019
Mestrado Integrado em i 4 -
P1 PDS FEUP Bt Hehotdoe | 2 ool & 6.0 Satbalentits
Sem /Sérgio Cunha
e de Computadores
Mestrado Integrado em = J L5 i
P2 PDS UA je—el - LS 60 JostVoeond ey
Sem Tome
e de Computadores
Mestrado Integrado em . e J
P3 PDS ST Engenharia Eletrotécnica | - o0/ 2 6.0 Jozze Macqucs /
Sem Maria Silveira
e de Computadores
Mestrado Integrado em
; o /e
P4 PDS UTAD Hogenhaiia SaE 60 Salviano Soares
Eletrotécnica e de Sem
Computadores
! : ik
E1 DSP Utibversity of Bsses Master's Degree Electrical Dr Nikolaos
: enng Thomos
Master's Degree Electrical Dr Alan V.
2
E2 Dse AL Engincering Oppenheim
3 DsP L’n.ﬁ'ersidgde de Master's DegreerEJectncal D Niaakiss Kt
Cambridge Engineering
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A tabela 2 pretende comparar o plano curricular desta UC de PDS, proposta neste
documento, com UC similares 4 de PDS em outras instituicdes nacionais e estrangeiras,

foram analisadas as UC referenciados na tabela 1.

Tabela 3 - Comparacio dos Contetidos programaticos.

Tépico P1| P2 | P3| P4 | El | E2 | E3

I. Sinais e sistemas discretos {SD); Sistemas recursivos e nio recursivos;
Resposta impulsional; Sistemas com resposta impulsional finita (FIR) e infinita
(IIR):Classificacio de SD quanto alinearidade, invariancia a translacio, -+ + 4 + + + +
estabilidade causalidade:(SLIT). Convolucio discreta; Resposta em frequéncia;
Transformada de Fourver (FT): propredades.

II. Amostragem: reconstrugio perfeita; Sistemas sample and bold. N A A A A A A
1. Transformada de Fourier discreta (DFT); Transformada rapida de Fourer I I i1 A 4|«
(FET).

IV. Transformada z: Convergéncia, Propriedades e Inversa; Relacio com a I I i1 A 4|«
transformada de Fouder: Funcio de transferéncia.

V. Projecto de filtros digitais do tipo IIR; Invaridncia da resposta impulsional; S IR IR T 4|«
Transformacéo bilinear.

V1. Projecto de filtros digitais do tipo FIR; Sistemas com fase linear; Método S IR IR T 4|«

da janela; Método da amostragem da funcio de transferéncia.

Como se pode depreender pela tabela 2, existe nma uniformizacio nos planos
curriculares das diferentes UC nos diversos cursos, quer nas universidades nacionais quer
nas universidades estrangeiras. No entanto, julga-se que a UC proposta neste relatorio
abrange os topicos fundamentais de PDS. Além disso, existem temas nos programas de
outras mstituicées que podem ser lecionadas em diferentes umdades curnculares. As
tabelas 3 e 4 apresentam as comparacoes das metodologias de ensino e das metodologias

de avaliacio implementadas nas diferentes UC.

Tabela 4 - Comparacio das metodologias de ensino.

Metodologias P1 B2 B3 Pl (| EL B2 B3
Exposicio Tedrica v v v v B 4 i
Trabalhos Priticos N v v v B < N
Laboratorios N y N V A y

Tabela 5 - Comparacio das metodologias de avaliacio.

Metodologias de avaliacio P1 P2 | P3 P4 | E1 | E2 | E3
60

Avaliagdo distribuida com exame final 65% oo | T0% | T0% | 60% | 60% )

Avaliacdo distribuida sem exame final
B Nio | Nio
Sim Sim Sim Sim Sim ?
N/A | N/A | N/A | N/JA | N/A ¥
40% | 30% 30% 40%0 | 4075 ¥

Avaliacio contimia

Participacio presencial

Trabalhos praticos

Trabalho escrito
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4 — ALINHAMENTO DA UNIDADE CURRICULAR NO CURSO

A Engenharia Eletrotécnica e de Computadores encontra-se na vanguarda das dreas
chave do desenvolvimento, sendo transversal a todas as 4reas da engenharia e estando no
centro das decisGes estratégicas ligadas ao desenvolvimento sustentado e a melhoria da
qualidade de vida. Assim, o Mestrado (2° ciclo) em Engenharia Eletrotécnica e de
Computadores, onde se enquadra a UC aqui apresentada, devera ter como grandes
objetivos a formacéo de profissionais com um elevado nivel de qualidade técnica,
cientifica e ética, capazes de responder as necessidades de modernizacio da economia a
escala global neste dominio, tendo em conta os ramos de especializacdo (Automacio,
Controlo e Energia; Eletronica e Instrumentacio; Telemdtica) com a UC PDS
mandatéria aos trés ramos. Devendo ainda fornecer uma formacéo sélida que habilite
aqueles que o desejarem a prosseguirem os seus estudos num 3° ciclo (Doutoramento) e
uma carreira na area da investigagio.

Desde o encontro realizado em Bolonha, em 1998, que as universidades europeias
iniciaram um processo de criacio de uma drea comum de ensino superior europet, com
vista a permitir uma maior mobilidade dos alunos entre as varias mstituicdes europeias e
o consequente reconhecimento dos graus por todas as imnstituicdes. O denominado
Processo de Bolonha mtroduz um sistema de ensino baseado em trés ciclos, em que o 1°
ciclo corresponde a uma Licenciatura (ou Bacharelato), de 3 ou 4 anos, o 2° ciclo
corresponde ao Mestrado, e o 3° ciclo ao Doutoramento. Além desta alteracio, o
Processo de Bolonha pressupde uma mudanca no paradigma de ensino, introduzindo
um modelo de ensino centrado no aluno. Este modelo, baseia-se no desenvolvimento de
competéncias onde se incluem as competéncias de natureza genérica, mas também as
competéncias de natureza especifica, associadas a drea de formacio e onde a
componente experimental e de projeto desempenham um papel importante. A tabela 6
apresenta o plano de estudos proposto para o Mestrado (2° ciclo) em Engenhara
Eletrotécnica e de Computadores onde se testemunha que também no Ramo de
Especializacio em Automacao, Controlo e Energia onde é evidente a preocupac¢éo em

atingir os objetivos atrds citados.
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Tabela 6 - Proposta de Plano de Estudos do Mestrado (2° ciclo) em Engenharia Eletrotécnica
e de Computadores — Ramo de Especializacio em Automacio, Controlo e Energia

Unidade Curricular Regime Ano Horas de Trabalho ECTS
Semestre | Total Contacto
Processamento Digital de Sinal (e} 1/18 162 T-30; PL-30; OT-4,5 6
Automacio Industrial (@] 1/18 162 T-30; PL-30; OT-45 6
Otimizacdo e Algoritmos O 1448 81 TP-30; OT-3,0 3
Gestio de Projetos em Engenharia (] 10/:1S 81 TP-30; OT-3,0 3
Sistemas de Microcentroladores O 1/1S 162 T-30; PL-30; OT-45 6
Opcio A-1 OoP Liins 162 T-30; PL-30; OT-4,5 6
Robaotica O 1/28 162 T-30; PL-30; OT-4,5 6
Controlo Digital O 1/28 81 TP-30; OT-3,0 %
E’;ﬁ:ﬂe Qualidade da Enesgla o 1/328 162 | T-30:PL30;0T45 6
Sistemas de Mobilidade Elétrica O 1/28 81 TP-30; OT-3,0 3
Sistemas Inteligentes O 1/28 162 T-30; PL-30; OT-45 6
Opcio A-2 or 1/28 162 T-30; PL-30; OT-45 6
Preparacio para a Dissertacio O 2 /1S 81 OT-33 =
E‘:ﬁiﬁ;ﬁ:‘“m EPtatm o 2/1s 162 T-30; PL-30; OT4,5 6
Instalaces Elétricas Industriais O 2/18 162 T-30; PL-30; OT-45 6
Controlo Avancado (e} 2/1S 162 T-30; PL-30; OT-4,5 6
Controlo Inteligente O 1/28 81 TP.30; OT-3,0 =
Opcio A-3 oP VIR 162 T-30; PL-30; OT-4,5 6
Dissertacio O 2/328 810 T-30; PL-30; OT-4,5 30
Opgdes A-1
Seguranca em Instalacdes Elétricas OP 1/18 162 T-30; PL-30; OT-45 [
1632 Stiglf};ied“ R or 1/18 162 T-30; PL-30; OT-4,5 6
Processamento Digiral de Imagem or 1/18 162 T-30; PL-30; OT-4,5 6
Opgdes A-2
Ef;:i’fm iUt oP 1/2s 162 T-30; PL-30; OT-4,5 6
Computaciao Natural (@) 1/28 162 T-30; PL-30; OT-45 6
Computagio movel e ubiqua oP 1/28 162 T-30; PL-30; OT-4,5 6
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Opgdes A-3
Sistemas Energéticos Emergentes OP 2/18 162 T-30; PL-30; OT-45 6
Aprendizagem automatica or 2/18 162 T-30; PL-30; OT-4,5 6
Redes Avancadas de Computadores oP 2 /125 162 T-30; PL-30; OT-4,5 6

T - Teéricas: PL — Praticas Laboratoriais; OT — Orientacdo Tutorial; O — Obrigatéria; OP — Optativa
Nota: Esta € a proposta para o plano de estudos, aquando da elaboracio deste documento (janeiro de 2019).

A proposta de Mestrado (2° ciclo) aqui apresentada, tem 120 ECTS, desenvolvendo-
se a0 longo de quatro semestres letivos (dois anos), conferindo o grau de Mestre em
Engenharia Eletrotécnica e de Computadores. A estratégia adotada para a definicio do
conjunto de unidades curriculares oferecidas aos alunos, tem em conta o ramo de
especializacio escolhido, possibilitando ainda a existéncia de diferentes UC opcionais,
em funcio das preferéncias e interesses profissionais de cada aluno. Tratando-se de um
curso de 2° ciclo, pressupde-se que os alunos admitidos, possuam uma base sélida de
formacdo inicial na drea da Engenharia Eletrotécnica e de Computadores, que lhes
permita a aquisicio de competéncias especificas na drea de especializacio escolhida.

Os temas a abordar no curso sio variados e cobrem as dreas clentificamente
emergentes, nomeadamente em termos de investigacio. A UC Dissertacdo tem uma
importincia fundamental neste plano de estudos, niio sé pelo peso que apresenta face as
restantes (33 ECTS), mas sobretudo por permitir a integracio dos conhecimentos
adquinidos ao longo do curso, podendo ser desenvolvida junto de empresas ou grupos

de investigacio.

4.1 — Objetivos de aprendizagem da Unidade Curricular PDS

Nesta Unidade Curricular pretende-se dotar os alunos de conceitos fundamentais de
sinais e sistemas discretos bem como de técnicas de Processamento Digital de Sinal
(PDS) nos dominios do tempo e da frequéncia: andlise e filtragem.

Pretende-se ainda apresentar problemas relacionados com aplicacdes de PDS em
Teoria da Informacio e Telemitica, Codificacio Digital (audio, imagem ou video) e a
Internet das Coisas (IoT).

E objetivo também desenvolver as competéncias para a prossecucio dos estudos

avancados na drea de PDS.
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4.2 — Conteudos programaticos

O contenido programitico proposto adaptado ao espirito de Bolonha onde aluno o
centro de todo o processo de ensino-aprendizagem tem em conta a prossecucio dos
objetivos enunciados para a unidade curricular. Assim propde-se o seguinte programa:

e 1. Siais e sistemas discretos (SD); Sistemas recursivos e nio recursivos;
Resposta impulsional; Sistemas com resposta impulsional finita (FIR) e
infinita (IIR);Classificacio de SD quanto 4a: linearidade, invaridncia 4
translacio, estabilidade causalidade (SLIT). Convolucio/correlacio discretas;
Resposta em frequéncia; Transformada de Fouder de sinais discretos:
propriedades;

¢ II. Amostragem: reconstrucdo perfeita; Sistemas sawiple and hold;

e III. Transformada Discreta de Fourier (DFT); Transformada rapida de
Fourier (FFT). Convolucio circular. Técnicas de Querlap-add e Overlap-save;

o IV, Transformada z: Convergéncia, Propriedades e Inversa; Relacio com a
transformada de Fourier; Funcio de transferéncia;

* V. Projeto de filtros digitais do tipo IIR; Invariancia da resposta impulsional;
Transformacio bilinear.

O contetido programatico apresentado esta organizado de forma encadeada para
possibilitar uma compreensao progressiva das matérias abordadas na unidade curricular e
contribuir para os objetivos definidos encontrando-se estruturado em cinco grandes
tépicos capitulos, abordados e explorados nas 15 semanas previstas de aulas, perfazendo

um total de 30 horas tedricas e 30 horas praticas.

4.2.1 — Planificagdo da atividade letiva

Tal como referido anteriormente, o semestre desenvolve-se ao longo de 15 semanas.
Esta UC dedicara duas horas semanas as aulas tedricas e duas as aulas praticas
laboratonais. As duas tipologias de aulas, tedrica e pratica laboratorials, desenvolver-se-
do sempre em articulagdo para permitit aplicar os conceitos apreendidos nas aulas
teoricas as aulas praticas. Os métodos de ensmo utihizados sao baseados nas praticas

preconizadas pelo Processo de Bolonha, na experiéncia adquirida pelo candidato na
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lecionacio de unidades curriculares afins, bem como na experiéncia adquirida através da
gestio e participacio em projetos e orientacido de trabalhos académicos em dreas afins.
Tal, permite que os conhecimentos sejam transmitidos, aliando as melhores e mais atuais
referéncias nesta drea, com uma perspetiva pragmidtica e de aproximacio aos contextos
reais em que o aluno se vai ver envolvido no seu quotidiano profissional futuro.

Na prmeira semana sera efetuada a apresentacdo das normas de funcionamento da
UC, dos objetivos a alcancar, do conteiido programatico, do método de avaliacdo e da
bibliografia recomendada. Serdo ainda apresentados os temas a desenvolver pelos alunos
em grupos de dois elementos, relativos aos trabalhos finais, a desenvolver durante o
semestre. Nas semanas seguintes sio abordados os cinco tépicos que constam do
contetdo programatico. A ultima aula, sera dedicada a apresentacio oral do projeto final
por parte dos alunos, momento que se pretende seja motivador e de debate sobre os
temas abordados.

As aulas Praticas Laboratoriais acompanham e complementam os temas abordados

na componente teérica com a resolucio de problemas e de trabalhos de grupo.

4.3 — Demonstracio da coeréncia dos conteados programaticos com os objetivos de

aprendizagem da UC

A realizacdo de muitos sistemas em Engenhara pode ser aproximada por sistemas de
Processamento Discreto com solugdes semelhantes as obtidas com Processamento
Analégico.

Muitos dos tépicos abordados nas Unidades Curriculares habituais nos primeiros
anos duma licenciatura na 4rea, nomeadamente, Matematica, Sistemas de Sinais,
Eletroénica ou Sistemas de Controlo, cujos contetidos estio predominantes orientados
para nos sistemas analégicos, servem de referéncia e constituem os antecedentes
fundamentais para que a aproximacio das solucdes preconizadas nos contetidos de PDS
sejam devidamente estabelecidas e medidas em laboratério sendo assim confrontadas
com as dos sistemas analogicos equivalentes (desenho, tamanho ou custo
computacional).

Como ja referido e de modo enriquecer a coeréncia das metodologias de ensino

fomentando o progresso na aprendizagem, foram desenvolvidos ao longo dos anos uma
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série de Tutoriais, criados um conjunto de Seminarios Temdticos proferidos por
especialista a nivel nacional bem como estimulada a realizacio/assisténcia de cursos o#-
lize sincronos e/ou assincronos ao longo da lecionacio dos conteiidos programiticos
legado que contribuin em boa medida para a instalacio em 2018 do Calibration Audic
MIDI Lab (CAM_LAB@ufadp?) no Edificio de Engenharias I da UTAD sob a
responsabilidade do autor que pretende entre outros desipnios, servir os alunos que
pretendam cumprir todas as etapas para o sucesso numa UC de PDS onde acomoda
entre outros, alguns prototipos e experiéncias’, artigos cientificos que foram passando de
geracio em geracio de alunos ha praticamente trinta anos de experiéncia de ensino na

area (ver Anexo_D)

4.4 — Metodologias de Ensino (Avaliaciio incluida)

A apresentacio de contetidos tedricos é acompanhada com sessdes de resolucio de
problemas que envolvem a discussio dos conceitos, resultados e aplicacoes, onde se
pretende que os estudantes desempenhem um papel ativo em todo o método de ensino
pois s6 completando as propostas de aprendizagem diversificadas e distribuidas ao longo
de todo o periodo de aulas que compreendem a realizacio dos tutorials, a participacio

T ° pac
em Seminarios tematicos bem como o acompanhamento de cursos gx-Ane sincronos ou
asslncronos e mesmo a participacio em foruns, se tornardo alunos mais competentes e
habilitados para concluir com sucesso a Unidade Curricular.

E

O sistema de avaliacio que a seguir se descreve esta de acordo com o Regulamento
Pedagébeico da UTAD (Regulamento n.® 136/2018, publicado na 2* série do Didrio da

T
Republica N.° 41, de 27 de fevereiro de 2018). De acordo com aquele regulamento, o

i

aluno tera a disposicio 3 modos de avaliacio: Avaliacio Continua (Modo 1), Avaliacio
Complementar (Modo 2) e Avaliacdo por Exame Final (Modo 3). Sera, no entanto, dada
preferéncia ao Modo 1, Avaliacio Continua. Para realizar qualquer das provas de

avaliacfio previstas, o aluno deverd, obrigatoriamente, proceder a sua inscricio no SIDE

(Sistema de Informacdo de Apoio ao Ensino, hrps//sid: »7/) até 48 horas antes da
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realizacio da prova. Esta imposicdo prende-se com o facto de, desta forma, ser possivel

otimizar os recursos a afetar/disponibilizar.

4.4.1 — Obtencao de frequéncia a unidade curricular

Independentemente do modo de avaliacio escolhida pelo aluno, este s6 podera ser
avaliado se tiver obtido frequéncia 2 UC. Considera-se que o aluno obteve frequéncia a

70/

UC quando frequentar no minimo o das horas de contacto previstas a cada
componente (70% TP + 70% PL). Constituem excecio a esta regra os alunos que se
encontrem nas condicdes definidas nos n°s 1 e 2 do Artigo 19° das Normas Pedagogicas
da UTAD. Os alunos com regimes especiais deverio contactar o docente nos primeiros
dez dias 1iteis do semestre para definir o sistema de avaliacao que lhes sera aplicado. No
caso em que o aluno nio estd matriculado na UC pela primeira vez, considera-se que este
obteve frequéncia, caso tenha realizado, com classificacio igual ou superior a 8,5 valores,

a componente pratica (trabalhos priticos) no ano letivo anterior.

4.4.2 — Sistema de Avaliacao

A avaliacio da UC é continua (exceto nos casos previstos nas Normas Pedagogicas

em vigor na UTAD), sendo dividida em duas componentes:

1. Componente teorica (NT), que incentive o aluno a fazer um estudo sobre toda
a matéria lecionada: com dois momentos de avaliacio na forma de testes
escritos individuais compostos por questdes de indole tedrica com inclusido de
problemas tedrico-praticos, estando formatados para uma duracio média de
uma hora e trinta minutos. A média aritmética obtida nesta provas contard com
70% para o valor da classificacdo final (NF). As provas de avaliacio escrita
podem ser realizadas preferencialmente em avaliacio continua ou em exame,
caso o aluno ndo tenha obtido aprovacio por frequéncia e esteja admitido a
exame, ou caso tenha um estatuto especial. No Anexo_A, apresentam-se, a
titulo de exemplo, duas provas de avaliacio continua (Frequéncias) a primeira
tipicamente a meio do semestre incidindo _Analise no Tewpo e a segunda no fim
do semestre é mais focada nos topicos de _dndlise emr Frequencia, bem como um
exemplo de um Exame Global. Refira-se amnda que todos os anos sdo

disponibilizados conjunto de exercicios teérico priticos propostos logo no
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inicio do semestre e abrangem todas as componentes das matérias lecionadas.
Ontros recomendados para auto-estudo normalmente servem de referéncia para
os problemas mais complexos que surgem nos exames em cada ano (ver
Anexo_B);

2. Componente pritica (NP), que englobe os diferentes assuntos estudados ao
longo do semestre letivo através de uma pratica experimentada que pode ser
complementada por pratica simulada. Os alunos em grupo de dois (2) terdo que
realizar trés trabalhos praticos, onde dois nas aulas laboratoriais de contacto
(PDS_Labl e PDS_ Lab 2) e orientados um Projeto final exta-aula (PDS_Lab3)
a apresentar no fim do semestre, onde a classificacio obtida na pratica contara
com 30% para o valor da classificacio final (NF).

Todos os trabalhos serdo sio doecumentados com um relatério escrito e alvo de
apresentacdo por grupo em tiés sessoes de aprendizagem colaborativa a meio do
semestre, no fim e um outro final antes do semestre terminar durante numa das
datas da Epota de Exames: regra geral na época Normal permitindo o
enriquecimento ainda durante a Epoca de Recurso para os grupos que assim o
entenderem. Cada trabalho sera avaliado numa escala de zero a vinte valores e
contribuem parcelarmente para a classificacdo tinal pratica da seguinte forma:
NP= 25% PDS_Lab1+25% PDS_Lab2+50% PDS_Lab3
A assiduidade e empenho na preparacio e desenvolvimento dos trabalhos serdo
classificados por observacio direta do professor (avaliacio continua de
desempenho).
Os temas dos trabalhos a desenvolver sdo os seguintes onde os dois primeiros
PDS_Labl e PDS_Lab2 mandatérios e o PDS_Lab3 acordado de entre os
topicos abaixo apresentados ou proposto por cada Grupo de Alunos de acordo
com oS seus interesses em particular:
PDS_Labl —_A realizacdo das Convelucio e Correlagio Discretas,
PDS_Lab2 — Realizacio da Transformada Rapida de Fonrier com a finicdo fft.m do
Mar aby,
PDS_Lab3 — Descodificande Morse / OmvER Imagens Meteorolggicas — WEFAX / A
Sinalizacdo telefonica e a Descodificacdo de DTMF [/ Identificacdo de fiitros FIR e IIR
usando o metodo dos Minimos Ouadrades (LMS) [ Propesto pelos alunos.
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No Anexo_C estio reproduzidos alguns exemplares dos protocolos

desenvolvidos.

Modo 1: Avaliagao Continua
Conforme referido anteriormente, neste modo de avaliacdo, o aluno serd avaliado
através da realizacio de dois testes realizado no final do periodo letivo, que sera
composto por perguntas de indole tedrica com inclusio de problemas tedrico-
praticos, estando formatado para uma duracio média de uma hora e trinta minutos.
O aluno ficard aprovado, neste regime, se obtiver uma classificacio final (INF)
superior on igual a 9,5 valores quando aplicada a média ponderada da Nota Tedrica
(70%), Classificacio da Nota Pratica (30%). Ou seja, para apuramento da nota final
(INF), sera aplicada a seguunte expressdo:

NF= 0.7%¥NT+ 0.3*NP
Onde:
NT — Classificacio das Frequéncias;
NP — Classificacio da Componente Pratica;
Modo 2: Avaliagio Complementar
Podem submeter-se a este modo de avaliacio os alunos que, nio tendo obtido
aprovacio no Modo 1, cumpram as condicoes de frequéncia e admissdo a avaliacio
complementar, Epoca Normal ou de Recurso, previstas no regulamento pedagdgico.
Os alunos podem submeter-se a nova avaliacio apenas nas componentes a que
obtiverem classificacio negativa inferior a0 minimo exigido no Modo 1. A Nota Final

é calculada através da expressio:

NF= 0.7*NT+ 0.3*NP
Onde:

NT - Classificacio da Avaliacio Complementar;

NP — Classificacdo da Componente Pratica;

Modo 3: Avaliagdo por Exame

Os alunos que nio tenham obtido aprovacdo no Modo 1 mas que cumpram os

critérios de admissdo ao Modo 2, ou que possam optar por este modo, no caso dos
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alunos com estatuto especial, sio admitidos ao Modo 3, Avaliacio por Exame. A
prova de exame é composta por perguntas de indole tedrica com inclusio de
problemas teérico-praticos, estando formatada para uma duracio média de uma hora
e trinta minutos, sendo classificada para 20 valores. Aos alunos com estatuto especial
e que se tenham proposto ao Modo3, conjuntamente com esta prova ser-lhes-a
exigida a realizacio da Componente Pratica semelhante a realizada em modo sincrono
mas ajustada agora de maneira assincrona dependendo dos casos. A Nota Final é

calculada através da expressio:

NF= 0.7%*NT+ 0.3*NP
Onde:
NT — Classificacio do Exame;
NP — Classificacio da Componente Pratica;

Nota: As omissées a este documento regem-se pelas disposicdes dos estatutos da

UTAD.

5 — BIBLIOGRAFIA RECOMENDADA PARA AUCPDS

De modo a conchur com sucesso a Unidade Curnicular, como ja referido, propoem-se
um conjunto alargado de propostas de aprendizagem que compreendem a participagio
em Semindrios temdticos, o acompanhamento de Juks/cursos on-line sincronos ou
assincronos, a realizacio Tutoriais (Anexo_D), bem como todo o material Pedagdgico
de apoio que foi desenvolvido ao longo dos anos onde se contam Apontamentos para
apoio as Aulas Teodricas, Aulas Tedrico-Préticas com a producio de um conjunto de
exercicios Tedrico-Priticos a apresentar nas aulas de contacto e a realizar em ensino
auténomo e a entregar no fim do semestre (Anexo_B), aos Mini-Projetos a realizar
durante ao aulas laboratoriais, Projeto Final (Anexo_C) bem como referéncias a alguns
Artigos cientificos sucedianos no ambito de trabalho desenvolvido em PDS ja publicados

(Anexo_E).
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¢ Bibliografia Tedrica

Q

(o]

Kuc, R, (1988) — Introduction to Digital Signal Processing —
MeGraw-Hill Education (ISE Editions); International Ed edition, ISBN:
978-0071005432;

Oppenheim, A., Shatfer, R., (2009) — Discrete-Time Signal Processing
— Prentice-Hall Signal Processing Series, ISBN: 978-0131988422;
Apontamentos do Professor;

® Apoio Pratica e Tedrico-Pratica

(o]

Ingle, V., Proakis, J., (2007) — Digital Signal Processing using MatLab
— Vinay K. Ingle, John G. Proakis,CEngage Learning ISBN: 978-
9386668110,

Ambardar, A, Borghesani, C., (1997) — Mastering DSP Concepts
using MatlLab —, Ashok Ambardar, Prentice Hall, ISBN: 978-
0135349762;

® Seminarios Tematicos — (4udio Talks- Grupo de Audio da AES/NEUTAD)

[s]

Soares, S., (2011-2020) — A Audigdo e o Sistema Auditivo Humano;
Audfo, do Analdgico ao Digital - UTAD;

Pereira, L., (2011-2020) — How Rooms acts as a2 Sound Equalizer—
Diretor da Yacoustic, L.da, UK;

Soares, S., (2013-2020) — A norma MIDI: uma aplicagio de sintese de
um clatinete num canal em MatLab - UTAD,;

Fonseca, N., (2017-2020) — All you need to know about 3D Audio —
Sound Particles CEO;

Pinho, A, (2019) — Coding and Compression Data — IEETA Director,
Moreira, E., (2019) — Audio Production Equipment, Systems and
Techniques — Produtor musical na Ruby Discos,

Silva, N., Silva, P., (2020) — Audio and Video on Television — Audio
Talks-2020 — Operadores de _Audio/ Video na RTP-Nerte.

e Bibliografia Complementar

[s]

Lima, JJ. Pedroso (2012) — Ouvido Onda e Vibragdes. Aspectos
fisicos e biofisicos — Imprensa da Universidade de Coimbra, ISBN:978-
989-26-0143-4;

Fonseca, N., (2012) — Introdugio 4 Engenharia do Som — FCA,
Editora Informatica ISBN: 9789727227280;

Silva, S., Valente, A, Soares, S. et al, (2016) — Morse Code Translator Using
the Arduino Platform: Crafting the Future of Microcontrollers —
Proceedings of Science na Information Conference 2016, London, United
Kingdom. ISBN: 9781467384605. DOI: 10.1109/SAT.2016.7556055.

Silva, S., Soares, S_¢f o/ (2015) — Digital Sound Processing using Arduino
and MatLab — Proceedings of Science Information Conference SAI 2015
Londen, United Kingdom ISBN:9781479985463 IEEE Catalog Number:CFP
158AAUSB.
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Demeine, E., (2015) — Divide& Conquetr:FFT —

bitps:/ [ wwn yontnbe.coms/ watoh 2= TMnOK#187g, MIT OpenCourse\VareVideo

course,

bitps:/ [ menocasual github.io/ vocoder/, T ocader an-line;

bttps:! [nmm Boraudio.com/ forum ] vientopicpho#=150348, How' to build a drum kit with
_Adobe,

hittps:/ [ naw yontube. com | warch2y=bTan7 SeQO7; Implam:es Cocleares -
C.H.Coimbra;

bttvs:/ [ num youtube.cor | wate

2= VW I0n7HIWU,, Audio Dither Explained
ZNR =1 > featnre=endsoreent>v=sfennndNQO8, R.i.ugtoues

betps:/ [ wum youtnbe.com/ e

no adults.

6 — CONSIDERACOES FINAIS

Como ja referido, nos nossos dias o desenvolvimento continua acelerado da area do

PDS e vai muito para além da area da Electrotecnia onde intimeras aplicacdes tém surgido

nas mais variadas dreas desde a Medicina ou Biotecnologia até a Musica passando pelas

Financas e titam partido de algoritmos de PDS persistindo assim a exigéncia de

conhecimentos de base em Teoria de Sinal nomeadamente no paradigma discreto aos

futuros Engenheiros Electrotécnicos, Engenheiros Informaticos ou areas emergentes

como é o caso em Biolnformatica® o que s6 por si confirma a necessidade fundamental

da unidade curicular de Processamento Digital de Sinal continuar a integrar o

curricitlem de quaisquer cursos da Engenharia Electrotécnica que se pretenda afirmar como

tal como € o caso do Mestrado em Engenharia Eletrotécnica e de Computadores

(MEEC) na UTAD.

iNo Anexo F apresenta-se artigo Genosmic Signal Processing proposto como projeto final de PDS-Edicio 2019 /2020
e realizado por alunos do curso de Mestrado de Biolnfomatica Aplicado s Ciéncias da Vida
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Anexo A

Avaliagbes Tedrica
Teorico Pratica

Frequéncias (Avaliacio Continua)
&
Exame Global
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E ALTO DOURO ESCOLA DE (IENCIAS E TECNOLOGIA— DEBARTAMENTO DE ENGENHARLAS

t d LNIVERSIDADE PROCESS AMENTO DIGITAL DE SINAL
u a DE TRAS-OS-MONTES

MS¢ EXCENHARL4 BI ECIROTECNICA E DE COMPUTADORES, 4. ANO/ T'SEMESTRE

1" AVALTACAO PERIODICA — MEIO DO SEMESTRE

PARTE1

Indique se sio Verdadeiras (V) ou Falsas (F) as seguintes afirmacoes

Uma das propriedades dos sistemas discretos é repetibilidade

Num sistema recursivo, a saida j[4], depende apenas da entrada
)

Todos os sistemas realizaveis sao causais

Um filtro IIR tem resposta impulsional, 4[], finita

Num sistema linear, a saida é alterada em amplitude e em fase
mantendo-se a frequéncia

A transformada de Fourier de um sistema existe sempre

H(&™), é uma funcio discreta de periodo 27

Um filtro anti-aliasing é um filtro passa baixo com frequéncia de
corte igual a metade da frequéncia de amostragem

A técnica de oversampling (sobre-amostragem) ndo contribui
para um melhor desempenho dos filtros

A frequéncia de Nyquist (£, =/5/2 Hz) corresponde no dominio
digital a 277
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PARTE 11

1. Determine se o sistema descrito pela transformacio T{x[n]} = x[ﬂ]f1 ¢ linear e estavel?
Justifique.
2. Seja h[n] a resposta impulsional de um SD com resposta em frequéncia H(ej“’).

Determine, em funcio de H (ej m) a resposta em frequéncia do SD com resposta
impulsional (—1)"h[n].
3. Sabendo que o sistema auditivo humano tem uma largura de banda com uma £, ~20kHz,
2) determine o nimero minimo de amostras que devemos tomar para processar

digitalmente um sinal dudio sem erros;

b) explique sucintamente para que servem os circuitos sample&hold.
PARTE III

4. Counsidere o sistema discreto (SLIT) definido pela equacio as diferencas:

_x[n—1]+x[n] + x[n+1]

y[n] 3

Determine
a) a forma fechada da sua resposta em frequeéncia, H(ej“’).
b) o desenho grifico do modulo e fase de H(ej“’).
c) aresposta do sistema quando a entrada é x[n] = u[n + 1] — u[n — 2].
d) a saida do sistema quando a entrada é x[n] = cos (B?JT n)_

Cotacio

2

Parte I -5 ParteIl-1)22)1,53)1,54)1,5 Parte IIT — 4a) 1,5 4b) 3 4c) 34d) 1
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@(0 case de wma c»eoru@rw{a condinua (cm-a 3 Lm,)

he(t) = %f mH(m)efﬂf dq H(j)

h.a(f) H(]ﬂ) = L::ghﬂ(t)eﬁﬂt dt

@to caso de wma a.e»arﬂéwc{a dacrela (a)iﬂi{aﬂ

+00

h.[TL] H(ef“') = Z h[nI efjW”

n=—oo

1 +T ] . o
h[n] = Ej H(e}W)e]Wﬂ. dw H(e™)
-

@gﬂ,umao. mgwgém, malemdlicas ¢ tﬁﬁmtmné{rzicm tdeio

=u i o rogressio geométrica
1 1-razio » prog g

up—u i ;L
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;SInw = -
2 2]

® cosw =

® H(elW) =372 o h[n]le "™ =372 . h[n]cos(wn) + j ¥aZ o h[n]sin(wn)
® f(e W) =Yi=  hln]eM =37=  hln]cos(wn) — j X%, h[n]sin(wn)
® H(e/") = Hy(e)+jH (/)

o |H(ei)| = VAE (@)
[H(e)| = (St

jw) = M) D(el*)p*(e?)
® H(M) = 50wy Y o B
argH(e ) = tan Ha (o)
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UNIVERSIDADE ANEN v T
ut - d UNIVERSIGADE PROCESS AMENTO DIGITAL DE SINAL

E ALTO DOURO EScOLA DE CIENCLAS E TECNOLOGIA— DEPARTAMENTO DE ENGENHARLAS
MS¢ ENGENHARLA EI ECTROTECNICA E DE COMPULADORES, 4. ANO/ { SEMESTRE

2* AVALIACAO PERIODICA —FIM DO SEMESTRE

PARTEI

Indique se sio Verdadeiras (V) ou Falsas (F) as seguintes afirmacoes

A transformada de Fourier discreta (DFT) € a amostragem da
Transtormada de Fourier em N pontos desigualmente
espac¢ados

O produto de DFT equivale no tempo 4 convolugio circular

Nao é possivel calcular uma DFT de tamanho 2N a custa de
duas de tamanho N

O produto de DFT pode em certas condicOes ser aproximado 4
convolugio linear

A complexidade computacional da f# é 6(N log,N)

A Transformada inversa de z € unica

Um sistema que tenha transformada de Z € sempre estavel

Um filtro FIR, regra geral tem menor custo computacional
quando comparado com IIR

Num filtro FIR € possivel encontrar a Forma Direta 11 (miimuza
0S atrasos)

A transformacio bilinear é uma das metodologias para sintetizar
um filtro ITR

PARTE II

1. Indique para que serve a DFT e explique em que condi¢des existe aliasing 10

dominio dos tempos?

2. Mostre que a transformada Z da parte real de, x[n]

1
K@) +x°@)]
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3. Pretende-se calcular a convolucio de dois sinais discretos x[n] e h[n] com comprimento
100 e 500 respetivamente. Compare sob o ponto de vista do n° de operacdes

aritméticas o calculo direto e o cileulo recorrendo ao algoritmo da f7

PARTE III

4. Considere o SDLI definido pela funcio de transferéncia,

R s

H(Z) =m,a6‘ﬁ

a) Para que gamas de valores de “2” o sistema é estavel? Justifique
b) Para 0 < |a| < 1, represente o diagrama de polos e zeros bem como a regido de
convergencia (ROC) considerando o sistema causal.
¢) Admitindo o sistema causal, determine as duas primeiras amostras da resposta do
sistema a entrada
x[n] =68n+1] —8[n—-1]

d) Considere a seguinte equacio as diferencas.

ylnl =3yl — 1]+ 5 yln — 2] = xln] + 32l ~ 1]

Apresente o diagrama de blocos que realiza o sistema
1. na forma que minimize os atrasos;

ii.  em associacio série (cascata) apenas com se¢des de 1% ordem)
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UNIVERSIDADE - -
ut a d T s PROCESSAMENTO DIGITAL DE SINAL

E ALTO DOURO E5COLA DE CENGAS E TECVOLOGLA— DERARTAMENTO DE ENGENFLARIAS
MS¢ ENGENFLARLA EL ECTROTECICA E DE COMPULADORES, 4. ANO/ 1SEMESTRE

EXAME — EPOCA NORMAL

PARTE 1

Indique se sio Verdadeiras (V) ou Falsas (F) as seguintes afirmacdes

Num sinal digital a varidvel dependente € funcio do numero de bits
de quantizacio

Uma das propriedades dos sistemas discretos é 2 imunidade ao ruido
elétrico

Em todos os sistemas causais a saida so depende de entradas.

Um filtro digital FIR é constituido por resisténcias e condensadores

Um sistema linear é aquele em que se pode aplicar o teorema da
sobreposicao, T{ax[n]+ Bac,[n]}= 0T {x [n] }+ B T{x;[1]}

Um SDLI ¢ estavel se 4[1] for absolutamente integravel

Existem sistemas realizaveis ndo causais.

A resposta em frequéncia de um SDLI, H(€™) é igual a transformada
de Fourier da sua resposta impulsional, [x].
A resposta em frequéncia é uma funcio continua e de periodo 2n

A frequéncia de amostragem corresponde, no dominio digital, a 27
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UNIVERSIDADE - g -
ut a d T s PROCESSAMENTO DIGITAL DE SINAL

E ALTO DOURO E5COLA DE CENGAS E TECVOLOGLA— DERARTAMENTO DE ENGENFLARIAS
MS¢ ENGENFLARLA EL ECTROTECICA E DE COMPULADORES, 4. ANO/ 1SEMESTRE

EXAME — EPOCA NORMAL

PARTE II

1. Indique duas formas diferentes de descrever um sistema discreto
colocando em evidéncia as relagdes entre elas.

2. Determine se o sistema descrito pela transformacio T{x[#]}= x{#]’ é linear?
Justitique.

3. Admita que uma sequéncia x[z] tem a transformada de Foumer, X(e'™).
Relacione a transformada de Fourier de x ] com X(e').

4. Da amostragem a 10kHz de um determinado sinal continuo x,(§) resultou o

sinal discreto x[n]= sm(gn]. Determine dois possiveis sinais continuos que

satisfacam essa condicdo, um deles correspondendo 2 amostragem com
aliasing e outro a amostragem sem aliasing.

PARTE III

5. Suponha o sistema discreto definido pela equacio as diferencas

¥ln]= x[n]+ 2x[n ;1]+ x[n-2] -

Determine:
2) a forma fechada da sua resposta em frequéncia H(e'").
b) graficamente (mddulo e fase) de H(e'™).
¢) a resposta impulsional dum sistema constituido pela associagio série

de dois sistemas identicos a y[#] sabendo que

h[a]= by[1]*h,[7]

AL a0
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E ALTO DOURO E5COLA DE CENGAS E TECVOLOGLA— DERARTAMENTO DE ENGENFLARIAS

UNIVERSIDADE - -
ut a d T s PROCESSAMENTO DIGITAL DE SINAL

MS¢ ENGENFL4RLA EI ECTROTECICA E DE COMPUTADORES, 4.'.4N0/ 1 SEMESTRE

EXAME — EPOCA NORMAL

PARTE 1

Indique se sio Verdadeiras (V) ou Falsas (F) as seguintes afirmacoes

A DFT ¢é uma funcio continua e periédica de periodo N (IN-n°
de pontos da DFT)

No algoritmo da ff# a ordem das amostras deve ser em bit reverse

Na sequéncia sinusoidal x[a]= cos(QaT+¢) a primeira amostra da
DFT é zero

Zeros sao os zeros do numerador da funcao de Transferéncia

Com 2 expansdo em fragdes parciais é possivel calcular a
transformada inversa de 3

Quando existe a transformada de Fourier, a ROC da transformada
de z, inclui a circunferéncia de raio unitario

A ROC de um sistema causal € para fora do pélo mais interior

A associagdo em cascata (série) de dois sistemas, H, () e H,(3),
equivale 4 sua soma H, (3)+H,(3)

Um filtro FIR é sempre estdvel

O método da invariAncia da resposta impulsional é um método
para sintetizar filtros digitais ITR

PARTE II

. Comente a seguinte informacio: “Um filtro anti-aliasing € um filtro passa
baixo com frequéncia de corte igual a metade da frequéncia de amostragem
(trequéncia de Nyquist)”.

. No calcula da DFT de uma sequencia, em que condicoes a frequéncia de
Nyquist ndo € observada: para um n° de pontos da DFT, par ou impar?
Justifique. (Relembre o trabalho n°2, “A realizacdo da f#do MatLab”).

—jiE
. Prove que sendo Wy =€ ° V|

- 0
Wy (wf{f’]

. O que é um filtro digital? Porque é que os filtros FIR nio se conseguem

representar em configuracoes mais eficientes, quando comparados com os
IIR? Justifique.

S bsiancTDPS carea PDS_MIEEC
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UNIVERSIDADE - g -
ut a d T s PROCESSAMENTO DIGITAL DE SINAL

E ALTO DOURO E5COLA DE CENGAS E TECVOLOGLA— DERARTAMENTO DE ENGENFLARIAS
MS¢ ENGENFLARLA EL ECTROTECICA E DE COMPULADORES, 4. ANO/ 1SEMESTRE

EXAME — EPOCA NORMAL

PARTE III

10. Considere o SDLI definido pela funcio de transferéncia,

_ 1— a—lz—l
a) Para que gamas de valores de “2” o sistema € estavel? Justifique
b) Para 0< |ﬂ‘ < 1. represente o diagrama de p6los e zeros bem como a regiio

de convergencia (ROC) considerando o sistema causal.
¢) Admitindo o sistema causal, determine as duas primeiras amostras da
resposta do sistema a entrada

x[n)=-8[n]+8[n-2]

d) Considere a seguinte funcio de transteréncia.

_771 3
H(z)zi(1 = )1
1_‘_,—1 = .2
8 16"

Apresente o diagrama de blocos que realiza o sistema
i na forma que minimize os atrasos;

1. numa estrutura paralela (apenas com seg¢des de 1% ordem).
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Anexo B

Exercicios Teorico-Praticos

(de contacto e para auto-estudo)

&

Propostos para realizacao extra-aulas

(a entregar aquando da Defesa dos projetos finais)

SalvianoFilipeSilvaPintoSoares — PDS/DSP UTAD Pdgina 31
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UNIVERSIDADE -
DE TRAS-OS-MONTES PROCESSAMENTO DIGITAL DE SINAL
E ALTO DOURO ES5COLA DE CIENCLAS E TECVOLOGIA — DEPARTAMENTO DE ENGENHARLAS

MSc EXGENHARIA BI ECTROTECNICA E DE COMPUTADORES, 4." ANO/ 1 SEMESTRE

SINAIS E SISTEMAS DISCRETOS (SD)

Sinais e sistemas discretos; Sistemas recursives e nao recursives; Resposta impulsional; Classificacdo de Sistermas quanito a

Linearidade, Invariancia a Translagdo, Estabilidade ¢ Cansalidade; Sistemas com resposta impulsional finita (FIR) e infinita

(IIR); Convolugio discreta.

1. Determine a resposta impulsional, h[n], dos seguintes sistemas discretos:

a) y[n] = 0.4x[n] + 0.3x[n— 1] + 0.2x[n — 2] + 0.1x[n — 3]
b) y[n] = x[n]+ay[ln—1]; a eR.

)

Verifique se os seguintes sistemas sio ou nio lineares:
o y[nl =3+ 1]+ x[n] + x[n - 1])

by y[n] =x%[n].

yin] :{nljy[nfl]JrX[n] ;i n=0
0 ; _
1
2 [ 4L
0 W
1
b) 8[n—1] 4L
i- "

4. Considere os seguintes sistemas:
a) T(x[n])=axn]+pB; a,peER
b) T(x[n]) =x[n—mngl; ng eN

Conclua acerca da sua estabilidade, causalidade, linearidade e mnvariancia a translacao.

3. Calcular a resposta impulsional do seguinte sistema, para os impulsos:

SafsianaF OFSances
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wun

quando a entrada é x[n] = u[n] — u[n — 8].

6. Demounstre que se h[n] = a"uln] e x[n] = p"u[n] a saida do sistema é

vin] = (kpa™ + kyf™)ufn], onde k; = ﬁ ek, = —%

7. Admita a seguinte saida de um sistema ndo recursivo:
1 L 1
y[n] = Ex['n +1]+ gx[n] +§x[n —1].

Calcule a resposta desse sistema quando a entrada é:

a) x[n] = é&[n]
b) x[n] =6[n] + 8[n—1]+8[n—2] '
01 24x

¢) Verifique a estabilidade deste sistema.

8. Para as seguintes sequéncias, use a convolucdo linear discreta para calcular a resposta a

entrada x[n] quando a resposta impulsional é a mdicada:

x[n] h
2) 1 [?’l] 2
L 1
O "
0 1 =&

2 h[n] 2
b) x[n]
T
0o |1« 10 1 2 =
1 1
9. Considere o sistema discreto
3x[n] + 2x[n — 1] + x[n — 2]
yln] = z

a) Determine a sua resposta impulsional h[n].

b) Qual serd a resposta do sistema quando a entrada é x[n] = u[n] — u[n —4].

Admuta um SD com resposta impulsional h[n] = 27"u[n]. Qual sera a saida do sistema

SafsianaF OFSances
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UNIVERSIDADE -

DE TRAS-OS-MONTES PROCESS AMENTO DIGITAL DE SINAL

E ALTO DOURO E5c0L4 DE CIENCLAS E TECNOLOGLA— DERARTAMENTO DE ENGENHARLAS
MS¢ EXCENHARL4 BI ECIROTECNICA E DE COMPUTADORES, 4. ANO/ T'SEMESTRE

RESPOSTA EM FREQUENCIA E TRANSFORMADA DE FOURIER

Transformada de Fourier de sinais discretos: representacdo grdfica, modulo/ fase; Transformada inversa de Fourier; A Resposia
em Freguencia H (ej “) ¢ a transformada de Fonrier da resposta impulsional; Associagio série e paralelo de SD; Propriedades

da transfermada de Fourier. Resposta em frequéncia de sistenas recursivos causais,

27. Calcule a transformada de Fourier dos seguintes sistemas com resposta impulsional:

1

a) h[n] = {5
0

4 -1<n<1

b) h[n] =a"uln]; aeR
o) h[n] =r"cos(n wgluln]; 0<wy < 2K Ar € R.
28.Desenhe o modulo e fase da transtformada de Fourier de:

S —k] = {é =k

29. Calcule a resposta em frequéncia e represente-a em modulo e fase para o seguinte

sistema definido pela equacio as diferencas:
1
ynl = Z(x[n] +2x[n— 1]+ x[n—2])

30. Calcule a resposta em frequéncia e represente-a graficamente, do sistema que tem a

seguinte resposta impulsional:

1 )
hin][g L 0=n<2
0 H =

31. Calcule a resposta impulsional do sistema que tem como resposta em frequéncia:

Hwﬂ:p P ol < wg
0 ; -
32. Calcular a resposta impulsional do filtro passa-banda ideal. (Sugestio: partir do filtro passa-
baixo ideal)
SoliianaT &P oaces PDS_MIEEC
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33. Desenhe o modulo e a fase do seguinte sistema:
; o
H(el®) = -§(1 + 2coslim)

34. Represente graficamente o modulo e fase da saida do sistema que tem como resposta

impulsional:
_fa® ; m=0
hin] = { 0o -
i 5 ~1=n <1
quando a entrada é x[n] =43 ’
0 d —

35. Caleule a resposta em frequéncia do seguinte sistema e represente-a graficamente:

=, n=-2
hn]=11 in=2
0 s

36. Suponha que utiliza o sistema discreto y[n] = ir(x[n] — x[n — 1]) para aproximar o
diferenciador analégico H, (jQ) = jQ.
a) Determine a resposta em frequéncia H (ej “) do sistema discreto.
b) Represente graficamente (modulo e fase) H (ef ‘”) e H, (jQ) indicando em que
condicdes a aproximacio se pode considerar razoavel.
¢) Determine a resposta impulsional do sistema discreto constituido pela

associacio em série de dois sistemas idénticos ao dado.

37. A parte real da transformada de Fourier de um sinal causal é: X (ef‘*’) =1+ cosw.
Determine a parte imaginaria dessa mesma transtormada X; (ej “’)_
38. Calcule a transformada inversa de H(e/®) = §(1 + 2cosii).

39. Considere o sistema discreto:

_ x[n] +x[n+3]
iy = XS

2) Determine a sua resposta impulsional.

b) Determine a sua resposta em frequencia e represente-a graticamente.

SoliianaT &P oaces PDS_MIEEC
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gzl¥§§glggP§0NTES PROCESS AMENTO DIGITAL DE SINAL
u E ALTO DOURO E5c0L4 DE CIENCLAS E TECNOLOGLA— DERARTAMENTO DE ENGENHARLAS

MS¢ EXCENHARL4 BI ECIROTECNICA E DE COMPUTADORES, 4. ANO/ T'SEMESTRE

TEOREMA DA AMOSTRAGEM

A relacio entre os espectros do sinal continie € do sinal discreto obtido a partir da amostragem. Relacio entre a frequéncia
analggica () e a frequéncia digital (w): w = QT rad. Critério para reconstrugio perfeita: fo=2 frnax. Frequéncia critica

(INyquist). Aliasing no dominie da frequéncia; Reconstrigiio do sinal analggico: circunitos "sample and hold".

23. Enuncie em que condicoes um sinal continuo x,(t) pode ser representado por um

discreto x[n] obtido por amostragem sem aliasing.

24.Da amostragem a 1000Hz de um determinado sinal continuo x,(t), resultou o sinal

- T - - P - , -
discreto X[H] = Cos (En) Determine dois possivels suiais continuos que 52t1stagam essa

condicio, um deles correspondente a4 uma amostragem sem aliasing e outro a

amostragem com a/asing.

(8%}
(8]

. O diagrama de blocos representa um filtro digital, onde T, é o intervalo entre cada

amostra (assumir que T, é suficientemente pequeno para prevenir o aliasing).

x(t) .
~ || Amostragem x(n] [n] yinl > D/A l—»  fp.baixe

T,

a

y(f)

h 4

: " W 1 #
a) Se h[n] tiver uma frequéncia de corte g rad e — = 10 kHz , qual serd a
a

frequéncia de corte do sistema?

b) E se TL=ZURHZP

a

SoliianaT &P oaces PDS_MIEEC
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26. Considere o filtro analdgico passa-baixo RC elementar com uma frequeéncia de corte a
3dB f. com a resposta impulsional h,(t) e o sistema discreto com resposta impulsional
h[n] relacionada com hy(t) por h[n] = Tho(O),_ -

1) Determine a resposta em frequéncia H (ej “’) do sistema discreto.

b) Represente graficamente o |H(ej“’)| pam% = 2f.,4f., 8/,

c) Determine a equacio as diterencas que realiza o sistema discreto.

SoliianaT &P oaces PDS_MIEEC
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gzl¥§§glggP§0NTES PROCESS AMENTO DIGITAL DE SINAL
u E ALTO DOURO E5c0L4 DE CIENCLAS E TECNOLOGLA— DERARTAMENTO DE ENGENHARLAS

MS¢ EXCENHARL4 BI ECIROTECNICA E DE COMPUTADORES, 4. ANO/ T'SEMESTRE

TRANSFORMADA DE Z

Transformada de Z: representagio grdjica des polos e zeros e Regido de Convergéncia (ROC); Estabilidade no dominie Z.
Transformada inversa de Z:método da divisio longa, da decomposicio em fragies parcials e do integral linha (residuos); A

relacio com a transformada de Fourer.

27.Caleule a transformada Z das seguintes sequéncias:

1 . M
a) h[n]:{§ ’ l=mn=1
0 ; -
bk ={ ¢ =D
n .
# h[n]:[r coséfuon) n22(0<wg£2n/\r eR)

28. Calcule, aplicando as propriedades da transformada Z, a saida do sistema
a) y[n] = g(x[n + 1]+ x[n] +x[n—1])

b) y[n] = x[n] + ay[n — 1]
c) y[nl=ayy[n—1]1+ay[n— 2]+ box[n] + byx[n — 1]

29. Calcular a regido de convergéncia (ROC) e a transformada de Z para as seguintes
funcoes:
a) 6[n]
b) — (%)n u[-n—1]
0 e
d) d[n—-1]
e) 6[n+1]

f) @)n (u[n] —u[n—=10])

SoliianaT &P oaces PDS_MIEEC
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30. Analise o seguinte sistema quanto 4 estabilidade:

y[n] = x[n] + ay[n — 1]

31. Determine a ROC e a resposta impulsional do sistema discreto com funcao de
transferéncia:

H) = 1—z71
=1 221107522

a) De modo que o sistema seja causal.
b) De modo que o sistema seja estavel.

32. Calecule a transformada inversa de Z da seguinte funcdo limitada 4 esquerda:

_— —8z 1+ 18
(2)72*2752*1+6
33.Sendo
z z
X(z) = ¥ it =
Z*E Z*§ Z E

Q
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34. Determine a transtormada inversa de Z, usando (1) o método do integral linha; (2) o

método da decomposicio em fracoes parciais; (3) o método da divisio longa:

1 22
‘E'L) 1_‘_1—1;|Z| P

EZ_ 2

35.Determine a transformada inversa de Z:

X(2)=1—-z14+22z72 |z #0

36. Determine a transtormada inversa de Z da seguinte expressio:

X@)=——+—2 Loz <2
7) = — =<z
1 z-2"2
2
37.Calcular a transformada nversa:
1-b%z?
H(z |zl > a
@ 1+ a?z2 I2]
38. Considere um SLIT causal com:
1—qg 'zt
H(Z) =———7 . a E N
1—az

a) Para que valores de 4 o sistema € estivel?

b) Se 0 < |a| < 1, desenhe o diagrama de polos e zeros indicando a ROC.

¢) H(z) deve ser colocado em série com outro sistema de funcio de transferéncia
H,(z) de tal forma que a funcio de transferéncia total seja unitaria.
Admutindo 0 < |a| < 1 e H,(2) € estavel, determine a resposta impulsional
hz [n] i

d) Demonstre graficamente que H(z) é um passa-tudo, isto €, que a magnitude da

resposta em frequeéncia é constante.

SoliianaT &P oaces PDS_MIEEC
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39. Calcular h[n] pelo método da decomposicio em fracdes parciais:

z71 1 g
=<z <
12573722 21

40. Analise a seguinte funcdo de transferéncia quanto a estabilidade.

H(z) =

71

— 25z 14272

H(z)=1

Calcule h[n] pelo método dos residuos, considerando a funcio estavel.

41. A funcio de transferéncia de um SD causal é:

0.375

H(z) =
(2) = T 75, 10125

a) Escreva a equacio as diferencas que realiza o sistema.
b) Verifique se o sistema é estavel.

C) Determine a sua resposta impulsional.

d) Represente graficamente, de uma maneira aproximada, a amplitude da sua

resposta em frequeéncia.
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UNIVERSIDADE -
DE TRAS-OS-MONTES PROCESSAMENTO DIGITAL DE SINAL
E ALTO DOURO ES5COLA DE CIENCLAS E TECVOLOGIA — DEPARTAMENTO DE ENGENHARLAS

MSc EXGENHARIA BI ECTROTECNICA E DE COMPUTADORES, 4." ANO/ 1 SEMESTRE

EXERCICIOS PROPOSTOS — REALIZACAO EXTRA-AULA

Prazo de entrega durvante a época de exames do 1%semestre

1. Sabendo que por definicdo a convolucio discreta bidimensional é

+o0 +oo

ylm,n] = x[m, n]@h[m,n] = Z Z x[k,r]Jh[m=k,n—r]

k=—oo r=——cn

calcule a convolucio de

x[m,n] m

m

h[m,n] 0 0 0 0 0
0 1 1 1 0
9 9 9
0 1 1 1 0
9 9
0 1 1 1 0 -
9 9 e
0 0 0 0 0
SoliionaT&PintaSonme PDS_MIEEC
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2. Seja hy(t) a resposta impulsional dum filtro linear, invariante e continuo no tempo, e

hq[n] a resposta impulsional de um filtro linear, invariante e discreto no tempo.

X e ™ ; t=0
\fSehG(t)z{O =

determine a resposta em frequéncia do filtro analogico H(jQ) e esboce a
respetiva magnitude (modulo).

Y Se hg[n] = ho(t)._ ., sendo h,(t) a descrita na alinea anterior, determine a

t=nT

resposta em frequéncia do filtro digital H(e/®) e esboce a sua magnitude.

¥ Para um dado valor de a , determine o valor minimo do modulo de H (ef “’) em

funcio de T.

3. Considere um SLIT com resposta impulsional:

n B
am={y 0 "2 lal<1

e a entrada x[n] = {(1) ; 0 sn=s(N-1)

v Determine a saida y[n] calculando a convolucio discreta entre h[n] @ x[n].

¥ Determine a saida y[n] caleulando a transformada Z inversa do produto das

transformadas Z da entrada e da resposta impulsional. (adwita x[n] ndo cansal).

SoliionaT&PintaSonme DSP_ECE/Biolnf MS¢
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4. O sistema com funcio de transteréncia

=
z
H(z) = 1—az!

—a

é um all-pass, 1sto €, a resposta em frequéncia tem magnitude igual a 1.

v Desenhe uma realizacdo deste sistema na forma direta II (que minimiza os

atrasos).

v A equacdo as diferencas que relacionada a entrada e a saida do sistema a//pass
pode ser expressa por
y[n] = a(yln—1] = x[n]) + x[n = 1].
Desenhe uma realizacio desta equacio que requeira dois ramos de atraso mas

apenas um ramo que multiplique por +1 ou -1.
v Considere outro sistema a//pass com funcio de transferéncia

X()_z’l—a z7'—h
=T Tz ¥ T bz 1

Desenhe uma implementacio deste sistema, por associacio série de duas
realizacoes do tipo da alinea b), de tal forma que s6 sejam necessarios 3 ramos

de atraso.
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g(,c caso de wma a/eqﬂ@nc.i,a conlinua (q,na/féﬂ/ica)

L = .
ha0) = o J' H(0)el da

H(Q)

Foo
H(Q) = f h, (£)e 0t dt

ha(t)
Céno caso de uma Mq,uénria, Siacrela (a{gﬁan
+oo
hln] H(eV) = Z h[n] e "
n=—ao
il =g [ Hem)e g H{g)
n|= 5 - & e w
x[n] = xgln] + ;i [n] X(e™)
x*[n] X*(e)
x*[-n] x(e)
xg[n] P, & (E'jw ) conjugade siméliica de X(ejw )
jx;[n] X (ejw ) conjugada anli- simélsica de X(ejw )

quande x[n] € uma sequiéncia real

x, [Tl] - x[n]+2x‘[n]

. pace par 2e X[1]

Xp (ejw)

2

x,[n] = x[n]—x"[n]

. patle tmpar 2e X [11]

jXi(eM)

SafsianoF & PintoBonmms
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Sransformada e 5 2 x[1]

+o0

x[n] X(z) = Z x[n]z™

n=—oco

x[n] zzirl-jgnghl dz X(z)

é}rmmﬁmmuéa discreta de Fourier x[n]

1 = _dim,
hn] HI) =5 > hlnle 7m0k <N

n=—co

~ 1 i, H(k)
h[n]:NZH(k)e Nh0<n<N
n=—oo

@%Mmaa zel. agdes malemdlicas e higun,anvé{/vim, tifeis

s 1—razagn® termos = Stri
= U —————, progressdo geométrica
® 3w lh[n]l =, hin_q], hlngl hiny], - i 1-rdede B o
Sy = ==K n? termos, progressio aritmeéticaa
el oW
® cosw =
2
; el =i
® sinw= >
2

® H(eM)= Y% o hln]e ™ = ¥i% ., h[n]cos(wn) + j B4Z_c, h[n]sin(wn)
® H(e ) =32 h[n]eM =¥;= , hn]cos(wn) — j 5 ., h[n]sin(wn)
® H(eM) = Hp(e™) + jHi(e™)

o |H(eM)| = JH(eM)H (&%)

wil —  [N(e¥ )N(el*)
o nemy= ey ) A= Jaemmy

D(em)’ . w
=) argH(e) = tan‘1%
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Anexo C

Avaliagao Pratica

Mini-Projetos de Contacto
&
Propostas de Projetos Finais (@hore)
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UNIVERSIDADE -
DE TRAS-OS-MONTES PROCESSAMENTO DIGITAL DE SINAL
E ALTO DOURO ES5COLA DE CIENCLAS E TECVOLOGIA — DEPARTAMENTO DE ENGENHARLAS

MSc EXGENHARIA BI ECTROTECNICA E DE COMPUTADORES, 4." ANO/ 1 SEMESTRE

TUTORIAL
CRIACAO DE SEQUENCIAS E OPERACOES ALGEBRICAS DISCRETAS EM MATLAB

Para concretizar o trabalho pratico n°l é necessirio numa fase inicial criar uma nova .:\lgebra que permita
gerar sequéncias discretas permitindo operagdes entre elas (adicio algébrica, multiplicacio/divisio,
translacio e rotacido), decompé-las (parte par e impar p.ex) ou calcular medidas objetivas (energia ou
poténcia).

1. Inicie as seguintes sequéncias:

* Impulso unitirio

1,n=mn,
¥ On—ng] ={O n# ng
)
#((0<n1) | | (80>n2) | | (n1>n2)
error(arpums s
end
n=[nln2];
x=[zeros(1,(n0-n1)),1 zeros(1,(n2 n0})];
® Degrau unitirio %ox=[(n-n0)==
1,n = n
+ uln—-ng]= { " function [x]=stepseq(a0nl,n2)
0,n+ng Ui o i 4

%

%a[xz.n]=stepseq(n0.ninZ)

H((a0<nl) | | (@0>n2)| | (l>n2)
error{argu: sst satisfr o
end

* Exponencial real

T+ x[n]=a",Vn;a ER
function [rn]=realseq(a.nln2)
%Gera uma exponencial real
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» “Exponencial complexa
¥+ x[n] = elotivon wn
» (Matlab) >> n=[0:10]; x = exp(2+3)*n)
* Sinusoide
T x[n] = cos(won + 8),¥n
*  (Matlab)>> n=[0:10]; x = 3*cos(0.1*pi*n+pi/3)
*  Aleatdria
= (hiab)>> x = rand(1,20)
e Periddica
T (MatLab)
~ones(1 Perioda)

z_perodico()
>>x_pernedico=x_perodico'

2. Operacdes com sequéncias
v Adigio/Subtragio
] (ei[n]} + {xz[n]} = {2 [n] + xo[n]}

function [y.n] = sigadd(xl,nl =2.n2)
% implements v(n) = x1{n)+x2(n)

0 T,

n2)

@ v = sum sequence over n, which includes nl and n2
% =1 = first sequence over nl
% =2 = second sequence over n2 (n2 can be different from nl)

%

% [v,n] = sigadd(zln

)

n = min(min(n1) min(n2)):max(maz(n1),max(n2)); % duration of y(r)
v1 = zeros(1 length(n)); 72 = v1; Y% initiakization
Flfind((n>=min(nl)) & n<=max(nl))==1))==1: % %1 with durstion of T
T2find((n>=min(n2)) &l n<mman(n2)) ==1)) == % =2 with ducstion of T
y=yl+v2 % sequence addition

¥ Multiplicagio/Divisio %oy =71y % sequence difference

] {xamll=/{xa[nl} = {x1In] =/x2[n]}

function [v,n] = sigmult(zinl z2n2)
‘o implements v(n) = x1(n)*=2(x)

s

sigmult(xl nl;
= * sequence over n, which includes n1 and n2

1 = first sequence overnl

z2 = second sequence over n2 (n2 can be different from nl)

o

)
9
9
)
Ya
9

1= min(min(nl) min(n2)):mazx(maz(n1) maz(n2)); % duration of 7(n)

5 %% initialization
ylifind{(n>=min(nl))&(n<=max(nl))==1))=xl; %zl with duration of v
v2(find((n>=min(n2))&(n<=maz(n2 % =2 with duration of ¥
yix2; % sequence addition

71./¥2; % sequence division

71 = zeros(1 Jength(n));
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'r Translacio

]

r Rotagio

]

PDF.js viewer

y[n] = {x[n - k]}

function [r.n] = sigshift(x;m.a0)
% implements ¥ (n-n0)

n=mtnl;y=x

y[n] = {x[-n]}

function [v,n] = sigfold(xn)

%% mmplements v{n} =

v = fliple(x); n = -fliple(n);

‘¥ Decomposiciio em parte par e impar

]

x[n] = xe[n] + o] = {5 [x[n] + x[—n]]} + {3 [xln] — x[-n]]}

function [ze, xo, m] = evenodd(z.n)
%o Real signal decomposition into even and odd parts

%

% [xe, 0, m] = evenodd{z,n]

Yo

if anv(imag(x)
error('s

end

m = -fliplr(n);

ml = min(fmalj; m2 = max(fmal); m = mim?2;

nm = n(1)-m(1); nl = Tdength(n);

]
real sequence”)

* Somatério das amostras

T Ezix[n] =x[ng] + -+ x[ng]

= (Matlab) >> sum (x(nl:n2))

* Produto das amostras

¥ nZix[n] = x[ny] X ... X x[nz]

= (MatLab) >> prod(x(nl:n2))

* Energia de um sinal (sequéncia)

T &

= 2%, x[nlx*[n] = £, |x[n]]?

= (MatLab) >> Ex=sum(x *conj(x));

= (MatLab) >> Ex=sum(abs(x).”2);

SafsianaF OFSances
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* Poténcia de um sinal (sequéncia)

T B =X

Exercicio 1:
Gere e apresente num grafico as seguintes sequéncias para os intervalos indicados:

a) x[n]=26[n+2]-6[n—4],-5<n<5.

n=[-5:3];
z=2¥impseq(-2.

quencia da alinea 3)')
xlabel('n’);rlabelf

b) x[n] = nfu[n] —u[n —10]] + 103_0'3(”_1[’)[11[71 —10] —u[n—20],0 < n < 20.

2=[021];
*(stepseq(0,0,20)-stepseq(10,0,20));
0%exp(-0.3*(n-10)) *(stepseq (10,0, 20)-stepseq(20,0,20));

¢) x[n] = cos(0.04mn) + 0.2w[n],0 < n < 50, w[n]é uma sequéncia gaussiana aleatoria

o=[0:50];
x=cos(0.04*pr*n)+0.2*randn|
subplot(2,2,3):stem{n =) title(

()
Sequéncia da alinea ")

]=;
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Exercicio 2:
Admita a sequéncia

x[n] = {1,2,3(n=0), 4.5,6,7,6,54,3,2,1}, =2 < n < 10.

Gere e apresente num grafico as seguintes sequéncias:

a) x[n] = 2x[n — 5] — 3x[n + 4].

[E11.n11]=sigshift(z.n 5);
[E12.n12]=sigshift(zn -4);
Elnl]=sigadd(2*x11,n11,-3*x12.n12);

.1,1);steminl x1);ttle("Sequencia da zlinea 2)')
(x1[a])

b) xz[n] = x[3 —n]+ x[n]x[n - 2].

n=[-2:10];
==[17,6-1-1];

[£21 n21]=sigfold(z,n);[x21 n21]=sigshift(x21 n213);
[E22.n27}=sigshift(x.n 2);

22 n27)=sigmult(x.n %22 n?7);

[£2 n2}=sigadd(z21,n21 =22 n22);

.2);stem(n2 z7);ttle('Sequenda da alinea b))
xlabel('n');ylabel(=2[a]")

Exercicio 3:

Crie o sinal complexo

x[n] = e-01403n _10 < n < 10

e represente-o graficamente: modulo (magnitude), fase, parte real e parte imaginaria:

n= [-10:1:10]; alpha = -0.1+0.3;;
== explalpha®n);

subplot(2.2.1); stem(n real(x));title(’
subplot(2,2,2); stem(n,imag(x));title
subplo .3); stermn(n,abs(x));titl (n)
subplot(2.2.4); stem(n,(180/ p1)*angle(x)):title( phase part’)=label('n’)
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Exercicio 4:
Considere

x[n] = u[n] —u[n —10],

Decomponha-o nas suas componentes par e impar representando-as graficamente.

n=[0:10];
x = stepseq(0,0,10)-stepseq(10,0,10);
[xe.zo,m] = evenodd{z.n);

; title(Rectangular pulse’)
5(110,100,1.2)
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UNIVERSIDADE -
DE TRAS-OS-MONTES PROCESSAMENTO DIGITAL DE SINAL
E ALTO DOURO ES5COLA DE CIENCLAS E TECVOLOGIA — DEPARTAMENTO DE ENGENHARLAS

MSc EXGENHARIA BI ECTROTECNICA E DE COMPUTADORES, 4." ANO/ 1 SEMESTRE

TUTORIAL

A DIGITALIZACAO O TEOREMA DA AMOSTRAGEM E A RECONSTRUCAO PERFEITA

Pretende-se rever os principais conceitos associados a operacio digitalizacdo através de analise de Sons no formato
digital nomeadamente através do calculo da frequéncia natural da voz mdividual de cada aluno. A concretizagio de
expenéncias devem levar ao entendimento claro de conceitos tais como: resolucio (£, 27) Hz/ litr; frequéncia de
amostragem; fator de sobre-amostragem (szer-sampling); niveis de quantizacio; redundéncia estatistica e perceptual;
algoritmos de compressio; larpura de banda; requisitos da voz e do dudio; mascaramento no tempo (pré/pés) e na
frequéncia (ou simultaneo); codificadores perceptuais; MP3 — Constant Bir Rate (CBR) e 1 ariable Bir Rare (VBR); Bit-

Stream de dudio.

Propriedades Objectivas do Som

£ Com o gravador “Edirol R-09 24-bit-Wave/MP3” digitalize a voz individual com a resolucio

maxima do dispositivo (96000Hz; 24bits) no tormato sem perdas “.wav’.

ORegiste numa tabela a frequéncia natural da voz e o tamanho de cada ficheiro para
os seguintes pares (96000 Hz; 24 bits) , (88200 Hz; 24 bits); (44100 Hz; 24 bits)
(22050 Hz; 24 bits) (11025 Hz; 24 bits) (6000 Hz; 24 bits) (3000 Hz; 24 bits); (1000
Hz; 24 bits). Comente os resultados. Deve justificar-se a raziio pela qual a frequéncia
natural e o tamanho variam (ou ndo) de cada conteudo sonoro.

ORegiste numa tabela a frequéncia natural da voz e o tamanho de cada ficheiro para
os seguintes pares (88200 Hz; 24 bits); (88200 Hz; 16 bits); (88200 Hz; 8 bits).
Comente os resultados. Deve justificar-se a razio pela qual a frequéncia natual e o
tamanho variam (ou nio) de cada contetido sonoro.

£0 Sabendo que a caracteristica unica do sinal de voz humana relacionada com a varacio dos

impulsos gloticos permite medir, por exemplo, a sua frequéncia natural, repita a questio
anterior mas agora utilizando as “Demos do Edirol”.

Avaliaciao Subjectiva do Som

0 Identifique onde se localizam os pontos criticos (£, ; 27) Hz/#its associados a percecio da

degradacéo da qualidade do Som para os exemplos anteriores. Deve justificar a razdo pela qual
esses pontos variam em funcio da largura de banda de cada conteudo sonoro.
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Aplicagées e curiosidades

L) A digitalizacdo potenciou entre muitas outras, a area de desenvolvimento o uso de
codificadores que visam a representacdo eficiente dos dados nomeadamente conhecidos por
algoritmos de compressio com o principal objetivo de reduzir a redundancia estatisticas e/ou
percetnal. Investigue quais os mecanismos naturais estio associados aos fendmenos de
mascaramento no tempo (pré/pés) ou na frequéncia (ou simultineo) [1] e apresente um
conteido sonoro que seja um exemplo da vantagem da compressio em i
MP3/mp3PRO® Encoder evidenciando de uma forma clara as diferengas entre
ConstantBitRate (CBR) e VanableBitRate (VBR) bem como o interesse na utilizacio de
varos valores para o Bitrate.

£ A insercdo de mido como técnica para reduzir ruido intitulada Dithering (Audio bit Depth-
[2]) consiste na geracdo de ruido aleatorio com baixa intensidade mascarando ao ouvido
humano, as transicdes de alta frequéncia originadas pela diminuicio da resolucio do nimero
de bits na representacio de um sinal digital: produza exemplos que concretizem este conceito.

) Na figura abaixo apresenta-se uma imagem dum clissico de referéncia na area dos leitores de
CD que faz uso da técnica de Over-Sampling [3] (sobre-amostragem). Sabendo que over-
sampling significa digitalizar acima do critério minime ou seja, com uma frequéncia de
amostragem maior da critica/Nyqust (2f, ) e assumindo a disponibilidade de HW ao nivel
das ADC do sistema, justifique o interesse da utilizacdo desta estratéga na reproducio do
sinal 4udio com base no teorema da Amostragem estudado.

Referéncias:
[1] & g, jnlho 2020.
2] o7/ Jutho 2020.
[3]_bttps:/ [ medium.com/ @skwareman/ nmarantz-cd-94-cd-player-part-6-ed44c7 794217, julbo 2020.
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UNIVERSIDADE - _

DE TRAS-OS-MONTES PROCESSAMENTO DIGITAL DE SINAL

E ALTO DOURO ESCOLA DE (IENCLAS E TECVOLOCLA — DEPARTAMENTO DE ENCENFLARLAS
MSc EXGENHARL4 EI ECTROTECNICA E DE COMPULADORES, 4.°.AN0/ 1 SEMESTRE

TUTORIAL

MANIPULACAO DE CONTEUDOS MULTIMEDIA

Pretende-se com este tutorial realizado em colaboracio com a Escola Secundaria de Arouca, utilizar um
conjunto de ferramentas gper sonrce e on-line e free de manipulacio de conteidos Multimédia com o
objetivo de criar um documento audiovisual, um video legendado, que deverd estar disponivel ao piiblico.

bitps:/ [y 2mate.com/ pi7 - Y2mate YouTube Downloader is a 1’9&!{"1';:3 downloader that ﬁmﬂx on ﬁw HD wideo services. You
can find massive amount of video @ miusic, and also download content from various websites, including but not limited to Yoninbe, Facebook,
Instagram. Eagy, fast, and small, Y2mate YouTube Downloader is_ your best choice for video download!

biths:/ [ online-video-cutter.com / b7/ - Online Video Curter - This web app comes in handy when you need to cut a small
video file. It does not require installation, and it works in your browser. Ounline video cutter; Crop video; Rotate vides; Convert video;

Video Editing online.

hitps:/ [ phonicmind.com/ - Vocal Remover and more! Separate vocals, drums, bass and other instruments out of your songs with our
State of the Art AL

bttbs:/ u‘"{Dt”é’t'}b—r“ﬁ-ff'k'f—(iﬁiiﬂ.HQ. Dlyemiix.net/ - Speech to Text - The IBM Watson Speech to Text service nses speech recognition
capabilities fo convert Arabic, English, Spanish, Erench, Bragilian Portugnese, Japanese, Korean, German, and Mandarin speech into fext.

bitbs:/ [ wnw, fé@f} ing.com/ editor/ subtitles - Where Contents Creation Happens — Subtitle Add captions and subtitles to video
comipletely in the browser.

bitps:/ [ youtube.com/ watch?r=Ua3 AW 6 R1 v64F action=share - How To Upload Videos To YouTube

bitps:/ [ online-andio-converter.com/ pt/ Audio Convert on-Line

On-line Exercicio

a. Ouga bttps:/ [ wnw. youtsbe.com/ warechZy=22aCIXAr3ay" - Ranl Middn - State of Mind [Live On Late
Show With Dave Letty

i. Faca o downioad do ficheiro htips:/ /muwyoutube.com/ watch?r=BTv24sSNXHe, com uma

ferramenta on-line, e.g , bitps:/ [ unw.y2mate.com/ pt7;

Corte o video em brrps:/ /online-video-cuttercom/ pt/ no intervalo [00:11.0;00:47.0]seg, e

exporte para o seu computador;

iii. Separe a voz do video em Arps:/ /phonicmind.com/ e descarregue a voz em .mpJ3;
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iv. Reconheca o conteido da voz com a ferramenta o/ /sheech totexi

demo.ng. binemix.ner/ e verifique se texto obtido no resultado é similar a um dos

exemplos:

1. Speaker 0: WWhen I when I morved to New York / Speaker 1: Your.

2. Speaker 1: A fow months larer / Speaker 1: A few months later.

3. Speaker 0: The ninter came down | Speaker 3t The winter came down.
4. Speaker 1: And it nas cold | Speaker 2: You &now it was cold.

5. Speaker 1: dud there is /| Speaker 3: dud the reason why I did it just gotten higher
and I dien't kenow bon' I was going to come up with it.

6. Speaker 0: Like if if just got bired and I didn't know bow I was going fo come up with it
/ Speaker 1: Yes.

7. Speaker 1: Press / Speaker 3: So I did something practical abont it.

8. Speaker 1: So I did something practical about it / Speaker 3: I got a job.

9. Speaker 1: I gor a job no / Speaker 2: No.

10. Speaker 0: I wyote a song / Speaker 3t I wrote a song.

11. Speaker 0: _And this is called state of mind | Speaker 3t I#'s called state of wind.

b. Apresente a traducio que considere mais correta deste trecho da musica de Raul Midén em
portugués e coloque as legendas no filme utilizando a  aplicacio em

https:/ [ wan. kapuing. com/ editor/ subtitles;

c. Qual é, para si, a mensagem desta musicar (brrps://nun.nebhostingsecretrevealed.net/ pt/ blog/ web-

copy-writing/ the-who-nwhat-nhere-nhen-and-nhy-of-excellent-blog-nviting/) Responda ao questionario
incluso. Raul Midén (QUEM) criou esta miisica (QUE) QUANDO? ONDE? PORQUEP
COMO: PORQUANTO?

d. Envie o fichewo final com o video legendado para o seu canal de yowiube

bttbs:/ [ nuwyontnbecon ! watch?y=Ua3 AWER] v64#action=share e envie o link para o

email:salblues@utad.pt.
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UNIVERSIDADE -
DE TRAS-OS-MONTES PROCESSAMENTO DIGITAL DE SINAL
E ALTO DOURO ES5COLA DE CIENCLAS E TECVOLOGIA — DEPARTAMENTO DE ENGENHARLAS

MSc EXGENHARIA BI ECTROTECNICA E DE COMPUTADORES, 4." ANO/ 1 SEMESTRE

TRABALHO PRATICO N.1

A REALIZACAO DA CONVOLUCAO E CORRELACAO DISCRETAS

Um sistema discreto linear e invanante ao tempo (LTI), é completamente caracterizado no dominio do tempo se

conhecermos a sua resposta impulsional, h[n]. Desta forma ¢ possivel obter a sua saida realizando a operacio

convolugio linear ® conforme se apresenta no diagrama de blocos.

h[n] I

+[n] yln] = x[n]®h[n] = Z x[k].h[n — k]

K

1. Projete um algoritmo em MatLab que implemente a convolucio linear pela defini¢io e que

permita ac mesmo tempo a sua visualizacio/interpretacio grifica.

2. Demonstre a robustez atraves das seguintes propriedades da convolugio linear:

r  Comutativa

B e = xhlexn]
Y Associativa

Q (x[nlex;[ml)exs(n] = x [nle(x; n)exsn]}
7 Distributiva

a x; [n]@fxa[n] + x3[n]} = x; [n]@x; [n] + 21 [n]@xs[n]
7 Identidade

] x[n]@d[n —ngl = x[n—ng

3. Apresente uma realizagdo da convolucio discreta.
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A correlagdo é uma operacdo utihizada em muitas aplicacoes de processamento discreto de smais. O sen
resultado di-nos uma medida da semelhanga entre duas sequéncias. Assim, dados dois sinais discretos de

energia finita, x[4] e y[#], define-se correlagio 14y, como

y[n] —

x[n] R Z x[nl.yln=1]

n

No caso particular de y[n] = x[n], a auto-correlagio permite inferir a proximidade entre diferentes versoes

desfasadas da mesma sequéncia.

1. Projete um algoritmo em MatLab que implemente a correlagio pela defini¢do e que permita ao
mesmo tempo uma interpretacéo grafica da operacéo utilizando o algoritmo da convolugio linear
ja desenvolvido.

2. E possivel estabelecer relacdes entre a correlacio e a convolucdo: demonstre com exemplos praticos
as relacoes seguintes:

M reylll = x[lley[-1]

k4
(1] = x[l]@x[-1]
3. Apresente uma realizacfio da correlacio discreta.
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UNIVERSIDADE - -

DE TRAS-OS-MONTES PROCESSAMENTO DIGITAL DE SINAL

E ALTO DOURO ES5COLA DE CIENCLAS E TECVOLOGIA — DEPARTAMENTO DE ENGENHARLAS
MSc EXGENHARIA BI ECTROTECNICA E DE COMPUTADORES, 4." ANO/ 1 SEMESTRE

TRABALHO PRATICO N.2

REALIZACAO DA TRANSFORMADA RAPIDA DE FOURIER COM A FUNCAO “fft.m “DO
MATLAB

Pretende-se com este trabalho rever a transformada discreta de Fourier (DFT) quando aproximada pelo
algoritmo da transformada rapida de Fourier (£).

A concretizacio de experiéncias de andlise espectral devem levar ao entendimento claro de conceitos tais
como: frequéncia de amostragem,; frequéncia de Nyquist; zero padding; bit reverse; n° de pontos da
DFT poténcia de 2; simetrias da DFT; teorema da conserva¢do da energia (Parseval); normalizacgio
da funcao “fft.m * do MatLab ou a interpretacio de graficos no dominio da frequéncia.

Procedimento

1. Inicie um vetor x com uma sinuséide de 200Hz, amostrada a 1 kHz e com 1 segundo de duracio.

2. Calcule a transformada de Fourer do sinal x para o vetor FFTX Para otimizar o desempenho utilize a funcio
do MatLab ‘##.17’ com um niimero de pontos (NFFT) igual a poténcia de dois seguinte ao tamanho do vetor
x; acrescentado a x o mimero de zeros necessarios (técnica de zers padding).

3. Se NFFT for par (como € o caso visto ser poténcia ou seja NFFI=2%), a magnitude (valor absoluto ou
modulo) de FFTX ¢ simétrica sendo apenas necessario utilizar os pontos ente 0 e (1+NFFT/2). FFTX (1) éa
componente DC de xe FFTX{1+NFFT/2) corresponde a frequéncia de Nyquist. O que acontece se NEFT
for impar?

4. Dada a existéncia de simetria da DFT aquando de sequéncias apenas reais, € possivel apresentar apenas metade
do espectro. Desta forma, elimine de FFTX os valores redundantes.

5. Calcule a magnitude do vetor FFTX (representado por abs FFTX). Note que a cada amostra deve ser
multiplicado por 2, exceto para o termo DC e para a frequéncia de Nyquist (£;) caso esteja presente.

6. A funcio ‘fit.m’ do MATLAB nio normaliza o resultado em funcio do nimero de pontos do sinal. E assim
necessario efetuar a normalizagdo dividindo o resultado ja obtido pelo niimero de pontos utilizado no seu
cileulo.

7. Antes de fazer o grafico da magnitude de FFTX, é necessirio gerar um vetor £com os indices do eixo da

frequéncia. Os valores estdo igualmente espacados entre 0 e metade da frequéncia de amostragem ou seja ().

8. Se efetuou corretamente todos os passos, estd agora em condicdes de apresentar o grafico da magnitude da
transformada de Fourier do sinal x em funcdo da trequéncia. Para isso use o comando stem(£abs FFTX).

9. Escreva agora o codigo de uma funcao que aceite a sequéncia e a frequéncia de amostragem,
plot_fft_half spectrum(x,£5). que permita calcular o grafico de metade da magnitude do espectro de um sinal
em funcio da frequéncia.
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Questoes
Realize a seguinte experiéncia:
f=1000; % frequéncia de amostragem
=0:1/£2-1/7; % vetor tempo com 2seg. (2000 amostras)
x1=sin (2% 1 *3‘*.}; % sinal com uma frequéncia de 50 Hz
xp=sin (2* 7 *f"-); % sinal com uma frequéncia de 60.4 Hz
x= x+ x5 % smal com as componentes de frequéncia
plot_fft_half_spectrum(x, /5) % grifico da magnitude da FFTX s Frequéncia

a. Analisando o grifico obtido consegue explicar porque é que as duas componentes de frequéncia t€m

magnitudes diferentes, apesar de serem geradas com sinals com a mesma energiar

X spectrum
09 T T T T T T T

0.8 N

07 B

06 1

0.5 K

0.4 -

03 b

02F 1

0.1 B

et : : : : :
100 150 200 250 300 350 400 450 500
frequency (Hz)

b. Sera possivel encontrar outros dois sinais x ¢ x» de forma a que as componentes de frequéncia
tenham a mesma energiar Justifique.

5=1000; % frequéncia de amostragem

1=0:1/fs2-1/f, % vetor tempo com 2seg. (2000 amostras)

x1= sin (2% 7 *t¥2929); % sinal com uma frequéncia de ??2? Hz

x= sin (2¥TFL¥P2202); % sinal com uma frequéncia de ???? Hz

x= x1+ x93 % smnal com as componentes de frequéncia
plot_fft_half spectrum(x,f5) % grafico da magnitude da FFTX s Frequéncia

c. Escrevaagora o cédigo de uma funcao que apresente o griafico completo, [0; /] Hz, da magnitude do
espectro de um sinal em funcio da frequéncia. (plot_fft_full_spectrum(x,£))
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Objetivo principal:

» Deve ser implementado um algoritmo que descodifique mensagens
escritas em codigo Morse através da interpretagio de sons guardados

num ficheiro “. way” .

Algumas observagdes

% O codigo Morse é um sistema de representacio de letras, numeros e sinais
de pontuacio através de um sinal codificado enviado intermitentemente. Fot

desenvolvido por Samuel Morse e Alfred Vail em 1835, criadores do

telégrafo elétrico (importante meio de comunicacio a distancia), dispositivo
que utiliza correntes eléctricas para controlar electroimans que funcionam
para emissao ou recepcio de sinais.

(http:/ /pt.wikipedia.org/wiki/C%C3%B3digo Morse);

“ O método Koch method CW trainer permite a aprendizagem da

interpretacio do codigo Morse de uma forma simples e deve ser estudado.

¢+ Pretende-se encontrar exemplos que demonstrem o interesse na utilizacio

do codigo Morse em situacoes de transmissdo em ambiente adversol.

'
(d
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di-dah dah-di-di-dit dah-di-dah-dit dah-di-dit dit di-di-dah-dit  dah-dah-dit

di-di-di-dit di-dit di-dah-dah-dah dah-di-dah  di-dah-di-dit dah-dah dah-dit

dah-dah-dah  di-dah-dah-dit dah-dah-di-dah  di-dah-dit di-di-dit dah

| | dah-di-dah-dah
di-di-dah di-di-di-dah di-dsh-dsh  dah-di-di-dah dah-dah-di-dit

© 1989 4. G. Reinhold, 14 Fresh Pond Place, Cambridge, M4 02138
K2PNK “May be freely distributed with atribution.”
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A SINALIZAGCAO TELEFONICA E A DESCODIFICACAO DE DTMF

A sinalizacio telefonica estd presente desde o inicio das comunicacoes telefonicas —
conyunto de digitos que nm wtilizador marca para obter wma ligacio telefinica. Na época das estacoes
telefonicas manuais, a informacio necessaria para o estabelecimento de uma chamada era

T =

dita verbalmente 2 telefonista pelo chamador depois deste
levantar o auscultador — Com esta informacio ‘grerva lgar
ao senhor X da localidade Y~ a telefonista selecionava um
circuito livre para a estacio destino, ou para uma estacio
intermédia de transito com acesso a estacio de destino —
Através do circuito selecionado falava com a telefonista da
estacdo seguinte passando-lhe a informacdo necessaria para
esta poder dar continuidade ao estabelecimento da
chamada — Em cada estacdo telefonica manual a operadora
fazia a ligacio do circuito de entrada com o circuito de
saida escolhido, através de um ligador aproprado com o
nome de “cordio” — A operadora da estacio de destino
fazia tocar a campainha do chamado e, se este atendesse
‘punbha a linba a direite’ completando o circuito entre chamador e chamado
[betp:/ | bibliografia. buportugal pt/ bup/ bup.exe/ registo?mfn=104377, janeiro 2017]

O processo de sinalizacio na rede digital que hoje utilizamos é em tudo idéntico a0 da
rede analdgica conhecida por Public Switched Telephone Network (PSTN) mas realizado
atraves de mensagens entre estacoes e o equipamento do utilizador. No caso do Sistema
de Sinalizacao n°7 (SS7) a sinalizacio de acesso pode, entre outras, ser feita por
combinacio de duas tonalidades que representam digitos e sinais auxiliares:
Funcionamento bitonal multifrequéncias (Dual Tone Multi-Frequency - DTMF)
[http:/ /www.anacom.pt/render jsp?contentld—200952].
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Objetivos

Através da identificacio dos contetidos das mensagens que transportam os nimeros de
telefone aquando um processo de sinalizacdo duma rede digital, pretende-se descodificar os
ficheiros w2/ com as seguintes carateristicas:

a. Os ficheiros estio em varas resolucoes do tipo (f, Hz, bits, Mono);

b. No mesmo ficheiro podem estar armazenados sequencialmente varios tons de
duracoes distintas.

c. Existem alguns exemplos que simulam situacdes reais com ruido
White/Brown/Pink.

Cada DTMF, de acordo com a tabela abaixo, tem duas frequéncias: uma alta e outra baixa,

normalmente assim designadas [brrp:/ [/ en.nikipedia.org/ wiki/ Dual-tone_plti-frequency].

DTMF keypad frequencies (with sound clips)

1209 Hz 1336 Hz 1477 Hz 1633 Hz

§ [T ‘u“ |
2 g | [
Wi |
697 Hz 1 2 3 A | | | |
L] ‘
/o
I M'
TI0Hz 4 5 6 B ) ) Y
] 0.002 0004 0.006 0008
Time {seconds )
852 Hz Fi 8 9 C
941 Hz * 0 # D
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OUVER IMAGENS METEOROLOGICAS — WEFAX | RADIOFAX

Radiofax, também conhecido como Meteorclogico e fax HE (devido a seu uso comum no radio de
ondas curtas ), é um modo analdgico para transmitir monocromaticas imagens. Foi o antecessor de slow-
scan TV (SSTV). Antes do advento do fax comercial, ele era conhecido, mais tradicionalmente, pelo
termo radigfacsimile. A capa do regulares NOAA - "

’

_ o i i d 2 e s

publicaciio em freqiiéncias e hordrios atiuma "Hordrios 20707 =
Worldwide ~ Marine ~ RADIOFACSIMILE  de

Transmissio". =
R
As maquinas de fax foram usados em 1950 para ;Efz ﬁi
transmitir cartas meteorologicas em todo os Estados iﬁﬁ. -
Unidos através de terras linhas primeiro e depois ’Egs §
internacionalmente via radio HF. Transmissio de :'.:! i

ridio de mapas meteorolégicos fornece uma enorme
quantidade de dados hoje. Radiofax esta disponivel via
FIP downloads de sites na Internet , como os
promovidos  pela  Administracio  Ocednica e
Atmosférica Nacional (NOAA). Transmissdes Radiofax também sio transmitidas pela NOAA de varios
sites no pals no programacoes didrias regulares. Radio Meteorologico transmissées sdo particularmente
tteis para o transporte, onde existem instalacoes imitadas de acesso a Internet na marinha e de aviacio

(BRUASAF AXE) mosers

(9R% WRGRIAR E RORTRN

de forma a acederem informacio meteorologica atual bem como previsdes que complementam o
s I
plﬁneamenro das missdes.
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Objetivos

Através da leitura de um ficheiro .nar, que contém informacio de uma imagem de satélite
pretende-se analisar quais sdo as frequéncias que correspondem as cores branca/preta. O
resultado tinal serd a imagem que se pode associar 20 som do tipo abaixo apresentado.:

a. O ficheiro .»ar tem a resolucio, =11kHz, 8 bi#s, Mono,

b. Cada linha da imagem da imagem corresponde a meio segundo;

c. Por andlise das imagens abaixo dé um exemplo duma potencialidade da
utilizacdo da pseudo-cor.

== Lo
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=
400 ..
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Anexo D

Tutoriats em PDS

Calibration Audio MIDI Lab — CAM Lab
CAM _Lab@utad.pt

SalvianoFilipeSilvaPintoSoares — PDS/DSP UTAD Pdeina 33
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Calibration Audio MIDI Lab — CAM Lab
UTAD

Salviano Filipe Silva Pinto Soares
Departamento de Engenharia

Escola de Ciéncias e Tecmologia

Edificio de Eng I — Sala:-2.06

UNIVERSIDADE
DE TRAS-OS-MONTES
E ALTO DOURO
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A - Public adressed (PA) system
B - Bass-trap elements (corners)
C - Studio monitoring system

D - Absorption elements

E - Diffusion elements

F - Equipment storage (cabinets)
G - Robotics area

H - Audience

- Hypothetical surround sound perimeter

DIMENSIONS ARE NOT EXACT! THEY'RE JUST
APPROXIMATIONS!

AUDIO LAB AREA
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Electro-acoustic considerations:

PA system (A) would consist of two active full-range speakers plus one small passive mixing desk. Aimed at small
conferences, talks, sound demos, etc. This equipment is (allegedly) already available;

Studio monitoring system (C) would consist of two full-range studio monitors (already existing at UTAD);
Bass-trap elements would be aimed at absorption in corners (these are some of the most problematic areas);
Absorption and diffusion elements (D, E) positioned as shown should be an improvement in acoustic treatment,
especially at the listener's position;

Some of this diffusion/absorption could actually be done with everyday-objects (such as books, shelves, etc.),
namely materials with more interesting absorption coefficients (wood, paper, cardboard, etc.). Better diffusion
would be a matter of positioning relatively reflective materials (such as shelves, cabinets, etc.) in a more "random”
distribution;

Some of the objects used in the previous point could be cahinets for equipment storage (F);

The playback system could be positioned so that it allowed for further experiments such as 5.1 Surround playback

(see diagram above);
Some sort of false ceiling could be placed above the audio-lab area. Maybe plasterboard ("Pladur") could be an
efficient solution. It could also create an "air box" area in between the false ceiling and the original one, which

would be acoustically beneficial;
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Audio rig considerations

®
_.

o0

A - Computer
B - Audio interface (USB/FW)
C - MIDI controller

D - Microphone

E - Speakers (monitors)

F - Headphones
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A - A functioning computer would be needed. Windows or MAC OS with the following basic specs:

e CPU Intel Core i5/i7 (quadcore or octacore)

¢  Minimum 8 GB RAM

e 1TB HDD (128 GB SSD ideally)

e Firewire (IEEE 1394) PCl-express port (or else a USB audio interface would be needed)

e A Digital Audio Workstation software educational license (much cheaper!) could be bought.

B - An audio interface (preferably USB) with a minimum of 2 channels (more, if possible) would allow ADC/DAC conversion, pre-
amplification of microphone signals and audio playback through headphones and/or speakers.

¢ Affordable interfaces already accept high sample rates (up to 192 KHz) and industry-standard bit rates (16, 24bit).
e Preamps are very acceptable for this price-range. Obviously there's no need for state-of-the-art quality for this purpose.
* Aninterface of this type would still be very portable for other purposes.

C- An affordable MIDI controller keyboard would allow MIDI recording and control-changes in real-time.

e Most MIDI controllers now run via USB. They are also USB powered.

D - Most microphones would work perfectly using this kind of interface.

* Having a pair of condenser microphones plus another couple dynamic microphones would be enough to start with.

E - (Almost) Full-range near-field active monitors are sufficient. Also no need for very large drivers (woofers). 5" or 7" is enough for the
room.

F - Affordable closed headphones are sufficient.
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Available equipment inventory (in progress)

Item Description Quantity Obs
StudioMaster Session Mix 16-2 | Analogue mixing desk il To be tested
Alto AMX 140 FX Mixing desk 1 Could be used in PA system
Edirol FA-66 Firewire audio interface 1 Mini-IEE 1394 connector
Edirol M5A Studio monitors 2 To be tested
Edirol MA-15D Small studio monitors (unbalanced | 2 Fully operational
inputs)
Alto EQU 231 VU MkII Graphic EQ (19" rack unit) 1 Fully operational
Alto RTA RSA 27 Real-time analyser (19" rack unit) il Fully operational
Alto DI box DI Box 1 To be tested
Vinyl player Vinyl player 1 RCA output?
Dynamic microphone 1
Measurement microhpone Flat response
Creative Soundblaster Omni 5.1 | 5.1 hi-fi system 3 5 satellites + 1 subwoofer +
USB card
Misc cables (RCA, XLR, TRS, TS) | - - -
White Board 1
Edirol Portable Recorder
Universal Audio Apollo Twin 2-channel audio interface 1
USB
Behringer Deepmind 6 6-voice analogue synthesizer 1
Nektar impact LX61x 61-key MIDI controller keyboard 1
Pioneer Hi-fi system i
Shure SM58 Dynamic microphone 1
Electro-Voice PL35 Dynamic instrument mics 2
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Item Description Quantity Obs
Sony Vaio Laptop PC il
Toshiba Atom N28 Leptop PC 1
SES224Q External recorder 1
Samsung TFT LCD LCD screen 1
HP Pavillion Laptop PC 1
Toshiba Atom N280 Laptop PC 1
Apple Macbook Air Laptop PC 1
Western Digital External HDD 1
Rack Tour Pro 16L 19 rack unit mobile hardcase 1
Cromatic Tuner 1
PC Picoscope Oscilloscope 1
Edirol MA7D Studio monitors 2
Neutrik EG Reference microphone il
Sony VPL CX150 Projector 1
Edirol Wave MP3 recorder 1
JTS wireless system 1
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Equipment worth acquiring

Item Description Units Price (total, Thomann) Obs.
Miditech Minicontrol-32 MIDI controller keyboard 1 55€ Simple MIDI controller
(via USB)
Superlux HD660 Studio headphones 1 30€ Good price-
(closed) performance
Behringer C-4 stereo set Pair of studio condenser 1 (contains 2 mics) 40€ For basic stereo
microphones recording
Millenium Mics stands 2 20€ -
Adam Hall SDB SB190 Stereo bar 1 6,90€ -
Behringer UMC404HD USB Audio interface (4 1 104€ Firewire is outdated.
chan.) USB is the present and
future.
The T.akustic SA-P80 6pcs | Absorption panels 1 (contains 6 pieces!) 59€ Standard 80mm thick

set

polyurethane panels

XLR cables
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Available software:

Name Description Obs

Melda productions Free Misc. audio processing

Bundle plugins

Izotope Elements 8 Mastering suite Basic features
Avid Pro Tools 11 DAW

Flux Free plugins Audio analysis

HOFA misc. plugins
HOFA CD-burn.DDP.Master | Mastering/Authoring

software
Slate Digital Virtual Mixing plugins Compressors, EQ...
MixRack
AIR Hybrid Digital synthesis software Several waveforms,

saturation, EQ...

AIR xPand! Virtual Instruments
AIR creative collection Various signal processing

plugins
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In-situ demonstrations:

¢ 5.1 Surround sound editing/mixing

¢ Editing, mixing and mastering

techniques for stereo surround 5.1

¢ Sound design techniques in
multichannel audio

¢ Sound recording applied to 5.1
contexts

® Optimization of the Adobe Audition
digital audio workstation for

surround applications;
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e Chladni's plate (cymatics) demonstration

e Observation of the effects of sound
and vibration on matter (cymatics)

e Study of the geometries formed on

physical objects

e Acoustic properties of materials
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* Music production in industry-standard formats

* Multichannel audio recording facilities and

equipment

e Editing suite

® Audio mixing and mastering in the most common

formats in the industry

* Music sequencing with virtual instruments
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® MIDI protocol applied capabilities

* MIDI sequencing and automation

* Remote control of external physical units

e MIDI editing

® Remote control of software workstations

and instruments
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Collaborators and relations

¢ Salviano Pinto Soares, Audio Engineering Society Portugal and UTAD, (https://aes.org.pt/)&(
https://www.linkedin.com/in/salviano-soares-285b3423/),
¢ Antdnio J. de Oliveira ((Audio and Analog Electronics Consultant, Lisboa, Portugal), https://ajoliveira.com/

¢ Eduardo Moreira ((producer and sound engineer at RubyDiscos studios, Chaves, Portugal),
https.//www.linkedin.com/in/eduardo-moreira-860653174/)
¢ Telmo Fernandes, Anechoic chamber, IPL/IT Leiria, Portugal (, https://www.linkedin.com/in/telmo-fernandes-

bb63bb88/?originalSubdomain=pt);

¢ Marco Conceicio, ESMA, Porto, https://www.linkedin.com/in/marco-concei%C3%A7%C3%A30-1019469a/
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If done according to these guidelines and suggestions, the mentioned audio lab should be capable of the following tasks:

Multitrack (simultaneous) audio recording in industry-standard specs (limited to available channels);

e Editing, mixing and introductory audio mastering;

* Mono, stereo and stereo-surround audio manipulation and reproduction;

¢ Sound-design, sound-foley, ADR and other audio-for-multimedia operations;

¢ Sound-based programming environments can be made operational (e.g. MAX/MSP, PureData, C-sound, Reaktor
and others);

* Audio-for-videogames solutions can also be installed (Fmod);

¢ Music production;

¢ MIDI-sequencing and automation;

¢ Video editing and post-production can be done too (namely if there is a capable GPU with dedicated memory);
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CAM_LAB (Calibration, Audio and MIDI LAB) members&connections:

e Salviano Filipe Silva Pinto Soares
s (https://aes.org.pt/)&(https://www.linkedin.com/in/salviano-soares-285b3423/)
e Presidente da Direcdo Nacional daAssociagdo Portuguesa de Engenharia de Audio desde 18 de janeiro de 2020..
e Membro da Audio Engineering Society n.261582, New-York — USA, November 2009 (http://www.aes.org/)
e Professor Conselheiro para a organizacdo Grupo de Audio da Audio Engineering Society da UTAD com o Nucleo de
Estudantes de Engenharia Electrotécnica da UTAD - NEUTAD, desde abril de 2007.
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Antdnio J. de Oliveira

https://ajoliveira.com/

e Audio and Analog Electronics Consultant, Lisboa, Portugal)

e https://www.linkedin.com/in/ajoliveira/
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e FEduardo Moreira (producer and sound engineer at RubyDiscos studios, Chaves, Portugal)
o https://www.linkedin.com/in/eduardo-moreira-860653174/

e Sound engineer and producer at RubyDiscos studios (Chaves, Portugal)

e Former assistant guest lecturer at UTAD (Audio Production)

e Masters in Music Technology at CIT/CSM (Cork, Ireland)

e BA in Music Production and Technologies at ESMAE (Porto, Portugal)

¢ Audio technician at Solverde Hotel Casino Chaves and Centro Cultural de Chaves
e Music producer with international discography
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Telmo Fernandes,

IPL/IT Anechoic chamber, Leiria, Portugal

bb63bb88/ PoriginalSubdomain=pt,

PhD in Radiocommunications by the Univ.
of South Wales, UK.

e Professor at IPL — Electrical
Engineering Department

e Senior Member of the IEEE

e Researcher at the Institute of
Telecommunication — Antennas and
Propagation Group Leiria

e Founder of Digiwest, Wireless and
Embedded Solutions, Lda., an
electronics development and
pruduction company.
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Anechoic Chamber Characteristics:

Antenna Radiation pattern measurement Fully
Anechoic Chamber.

RF Frequencies ranging from 400MHz to
60GHz

Dimensions: 6x5x3 (w x d x h) meters

Fully customizable measurement setup.
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Spatial Recording
Acoustic Musical Laboratory - https://www.esmae.ipp.pt/investigacao/projetos

https://www.cienciavitae.pt/EE19-63EA-4A72
https://www.linkedin.com/in/marco-concei%C3%A7%C3%A30-1019469a/
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Ll n |(S de |nte resse - https://www.tsf.pt/vida/ciencia-e-tecnologia/microscopio-eletronico-mostra-o-que-faz-a-agulha-no-vinil-4639926.htmi:

Trabalhos de mentoria

Trabalhos de PL Il / Eletrénica a Fisico QUimica / Projetos de Arduino passados
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Anexo E

Artigos Publicados

(sucedaneos a projetos finais de Processamento Digital de Sinal)

UTAD

lvaPinteSoares— PDS/DSP ULAD Pdgina 34
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Signal Processing Interpolation and Problem Conditioning
Educational Workbench

Abstract

This work presents a newer and more complete version of an educational tool to be used in signal processing
interpolation-related subjects. Besides the consolidation of acquired theoretical knowledge, the tool allows now
its users to apply three error geometry patterns, test minimum or maximum dimension signal reconstruction
algorithms and problem conditioning through the analysis of the matrix spectral radius or the condition number:
these new features gives the possibility to alter the problem definitions to the desired goal before the
reconstruction begins. The time unit that measures the algorithms performance is &(nlogn) thus independent from
the  machine’s  architecture. A  video of the developed tool can be seen in:
https://www.dropbox.com/s/t6yiiuy3 lramxse/FILME 1.avi.

Keywords: signal reconstruction, educational tool, interpolation, oversampling, fast Fourier transform (FFT),
condition number, problem conditioning.

1. Introduction

Nowadays, namely in engineering areas, there are a great amount of subjects that require a large and deeper
knowledge of theoretical aspects related to a specific scientific area. Sometimes students don’t really understand
the need to have skills on important concepts and lack the perception to understand its utility or even if they
really work. During the last decades. with the quick spread of information technologies, some new tools arose
whose purpose is to ensure and consolidate the theoretical concepts taught in regular teaching classes. The main
idea is to give students a way to experiment concepts taught in classes. as well as giving them the opportunity to
test them in different scenarios. With these tools students and other kind of users can practice and enhance skills
by themselves as self-taught persons.

In this paper a new version of the “Signal Processing Interpolation Educational Tool™ (SPIEW) is presented
(Costa M., et al, 2012). In the first version we propose a new and easy-to-use tool which will help students
consolidate concepts of signal processing and complement their knowledge by enabling graphical results after
using complex signal reconstruction algorithms. The tool permits to achieve calculation in just one hit or step by
step through the iterative reconstruction refinement process and the assessment of the reconstructed signals.

Now we present an improved version of SPIEW. Its main new features are: the possibility to apply three error
geometry patterns (interleaved, random and burst): control the redundancy of the signals by applying a proper
oversampling factor, r, in the band limiting operation; test two different reconstruction algorithms and the usage
of the iterative and direct calculation methods; the previously set up the problem condition through the analysis
of the spectral radius of the iteration matrix (in the case of iterative methods are used) and the computation of
condition number in the case of the direct method is used. In this way, its user can employ these parameters to
know in advance if the problem will converge to an accurate solution. even before running one of the three
reconstruction methods available. A previous analysis of key parameters permit to chose the most suitable
method to be used in the signal reconstruction.

Since all the chosen methods use the FFT computation, &(nlogn), the time necessary to compute a FFT is used as
reference. So, the performance is measured through a relative Time Unit (TU) that is the time to compute a FEFT
in a particular machine.

2. Reconstruction Algorithms

The signal reconstruction algorithm used in SPIEW was the discrete version of the Papoulis algorithm (Papoulis
A., 1975): the Papoulis Gerchberg algorithm (Ferreira, P. J. S. G., 1-1994) (Jones, M. C., 1986). A thorough
description of this maximum dimension algorithm can be found in (Costa M., ef al, 2012). The Papoulis
algorithm is still available to run but a new minimum dimension reconstruction algorithm was included like the
one used in (Neves F., ef al. 2008). Two different methods can be used to implement this algorithm: iterative and
non-iterative calculation. We also call the non-iterative method the direct calculation method. This way students
can test and compare maximum and minimum dimension algorithms with direct and iterative formulations. In
the next subsections the minimum dimension algorithm is presented.

2.1 Minimum Dimention Algorithm
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This subsection describes a minimum dimension algorithm which also requires band-limited signals of
finite-dimension similarly to the Papoulis Gerchberg algorithm.

Thus the signal
xr=F5x (1)
where B is a band-limiter operator matrix (Ferreira, P. J. S. G., 2-1994).

The minimum dimension algorithm is a system of only / equations corresponding to the / unknown samples
when the total number of samples is 7 and 7> /.

To establish the basic concepts, the specific case of an original signal x[#] with length =5 is used. i.e.. x[n] =
%.\'1..\’1..\"3..\'4,.’(5}.

For this signal. Eq. (1) becomes

Xy = By1x1 + B1pXz + Bi3xs + Biaxy + Bisxs

X5 = Bsy Xy + Bs;X; + Bszx3 + BsyXy + Bssxs 2)
For reconstruction purposes let us assume that the 2°¢ and 4% samples of x[#] are lost. Then, because only the
unknown samples are to recover, the set of equations, Eq. (2), will be lunited to those including the unknown
samples. In each of these equations, we are interested in separating the right side terms of Eq. (2) containing the
unknown samples (x;, x;) from those containing the known ones. These yields,

X; = By Xy + BypXp + By3X3 + Byy Xy + BosXs

Xy = By Xy + BypXp + Bysx3 + ByaXy + Bysxs 3)
which is equivalent to
By, Bu][%s] . [Ba Ba Bas][
. x.] = B2 24] 2+[21 23 Zs]x, 4
bz % By By [xJ By Bsyz By x: B

Let us denote by u the subset of the original signal x[»7] which contains the unknown values. In this case,
u={x,.x4} is of cardinality /=2. Also, let us define U= {iy, ..., i;} as the set of subscripts of / unknown samples in
x[#]. In the present case, U= {2, 4}. Therefore, Eq. (4) can be written as

x,=) Bx,+Y Bx; ielU (5)
) . =7 72U
or, in matrix form
u==Su+h, (6)

where S is a /x/ principal submatrix of B, as defined in Eq. (4). and / is the (n-/) dimensional vector in the second
sum of Eq. (5), which is a linear combination of the known samples of x[#]. S is the system matrix (Ferreira, P. J.
S. G., 2-1994). Theoretically, Eq. (6) has a unique solution regardless the number and distribution of the lost
samples.

On the one hand, by successive operations. Eq. (6). becomes equivalent to
u=Su+h
u=>{-5"1h, (7N

and a basis to implement the non-iterative method is so established. On the other hand Eq. (6) suggests the
needed formula to the iteration process

u® = syt 4 p, (8)

for the case where a non-relaxation method is used. Then # is obtained at iteration 7 and the solution is given by
the limit
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u = limy_,, u®, (9)

regardless of 1%,

Direct calculation of # as given in Eq. (7) has the advantage of being done in one single step and gives an exact
solution, providing that (I-Sy" exists. The drawback is that in case (I-S)" does not exist or the calculation is not
possible and no reliable approximation is possible. In practice, there are several factors which may lead to
serious difficulties in calculating the inverse of I-S. For example, if one of the eigenvalues of S, 4,(S), is close
enough to the unity, then the computation of (/-S)* may become very difficult, even impossible, which leads to
an ill conditioned problem. In such cases an iterative method is advantageous because it may be used to
circumvent this difficulty and to find a relatively accurate approximation for the solution, #. Despite the fact of
having an ill conditioned problem, in direct calculation method such problem is impossible to solve whereas in
iterative methods an approximation is always possible to be found, though its accuracy may not be very high.
The conditions under which these equations provide a solution for # can be found in (Ferreira, P. J. S. G., 1-1994)
and will be discussed in the next subsection.

3. Convergence Analysis

It is necessary that (J-S)" exists or the iterative processes converge to find a problem solution. It is demonstrated
in [3] that for low pass signals of dimension » with s known samples and ¢ nonzero harmonics. reconstruction
iterative algorithm converges if:

(n—q)=(n—s) (10)

which is equal to

g<s. (11)
It is important to refer that g=2m + 1 where m is the sample bandwidth of the Low Pass Filter (LPF) [1]. So Eq.
(11) can be rewritten as follows:

s=2m+1. (12)

which establishes a sufficient condition on the density of the known samples. More precisely. the number of
known samples s must exceed twice the number of nonzero harmonics. For low pass signals, the condition is
consistent with the well-known classical sampling theorem.

The sufficient condition expressed by (12) is obviously necessary too. After all. low-pass signals with g=2m+1
nonzero harmonics are described by 2m+1 parameters, and therefore one cannot expect to reconstruct them from
less than 2m+1 samples.

In order to use the algorithms available in the new tool it is necessary that all signals are band limited. This
means that Eq. (12) establishes a necessary condition in our tool. Because only low pass signals are used. the
necessary condition is met.

For the specific case of the Papoulis-Gerchberg algorithm, a relaxation constant, 4, is introduced to improve the
convergence rate, as stated in the previous tool version. In ((Ferreira, P. I. S. G.. 1-1994) it is demonstrated that
the algorithm converges if both conditions are satisfied: 0<4<2 and s = 2m + 1 Eq. (12). Because we have
considered z=1 and used low pass signals the iterative process converges.

Regarding minimum dimension method, the characterization of the system matrix, S. is fundamental to infer
about the existence of solution to the problem formulated in Eq. (2). Namely its eigenvalues, 1,(S), and in
particular its spectral radius, o(S), condition the problem. o(S) values close to 1 (the unity) make the computation
of (I-8)! very difficult, even impossible. Theoretically, the condition o(S) < 1 would always guarantee the
solution possible. However. due to the some computational representation constraints, small variations on input
values can cause big variations on the output and cause the problem to be ill conditioned. In these cases a new
implemented parameter must to be taken into account: the condition number of (-5, presented latter below.

According to these conditions, it is possible to put a reconstruction problem into a point such that it is well
conditioned. It is known that the eigenvalues of the system’s matrix S depend on the distribution of the missing
samples. In particular, its spectral radius is more likely to be unitary for burst distributions rather than for
equidistant missing samples (Ferreira, P. J. S. G., 3-1994). In the case of signal reconstruction it is interesting to
note that, if the distribution of the missing samples U= {iy, i1, .... i1} s equidistant by some fixed integer p=1,
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that is, U= {igp, i1p. .... ir1p}. then the eigenvalues 2, of § are given by Lrp /p. i.e.

el <2l
2 2 (13)

where | 7p] denotes the greatest integer less than or equal to 7 and [7p | denotes the smallest integer equal or
greater than 7p. In the particular case of =_rp/p, the eigenvalues of S are all the same 4; (S)=r, Vi.

Given the above analysis, it is possible to put the problem into a well-conditioning point by properly selecting
the gap between the missing samples. Then it is possible to put ; (S) close to either 7 or its multiples, regardless
of the number of missing samples. By using an appropriate choice of the oversampling and interleaving factors, »
and p, respectively. it is possible to put J; (S) less enough than the unity in order to control the reconstruction
accuracy and processing speed (i.e., such that mxr is an integer).

Fig. 1 shows the maximum and the minimum eigenvalues of S as a function of the interleaving factor. p, for a
given bandwidth, defined by r=0.6. As the figure shows, greater values of p lead to better-conditioning problems
because A, decreases as p increases. Also, when the product mxr is an integer, all eigenvalues are equal since
they are 4; (S) = r, as stated before. In Fig. 1, this occurs for p=5 and p=10.

Eigenvalues
s e &
5 &5 &
!

o
X}
L

2 3 4 5 6 7 8 g 10
Interleaving factors (p)

Figure 1. Spectral radius vs. interleaving factor, /=0.6

To better understand and control the problem conditioning, in the presented tool, some new parameters are
calculated: the spectral radius of the § matrix. delimited in Eq. (13) and the Condition Number of the (Z-S) matrix
(Eq. (14)) (Gelub, G., Van Loan, C., 1996) (Kincaid, D., Cheney, W., 2002). Through the analysis of both values,
and also the convergence condition, Eq. (12), the user can know in advance if the reconstruction algorithm will
converge to an accurate solution or not. Therefore through the properly chosen condition point the signal
reconstruction is guaranteed.

In practice, when () tends to be very near or even equal to the unity. the problem may become ill-conditioned.
even if it is theoretical well-conditioned due to the fact that p(S)<1. Condition numbers near or above 10 do not
generally lead to well-posed problems, even with double precision arithmetic (64-bit floating point, in many
machines). The condition number of matrix 4, k(4), is calculated according the equation presented in (Kincaid,
D., Cheney, W., 2002):

oo ()

k(4)= e
2 |’1m(‘4] . (14)

4" >

4}

4. Developed Tool

This tool was developed using Matlab (Maltlab, 2012) and is to be used with band limited signals. Signals to be
treated in this version are: frame sequences or still images. In the first version of SPIEW there was only one
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signal corruption method, the interleaved decimation and only a maximum dimension algorithm, the Papoulis
Gerchberg. An improvement was the addition of two geometry patterns error and a new reconstruction algorithm.
This new version allows the signal corruption both in a random and contiguous or burst way: the Papoulis
Gerchberg is also available. The next subsections describe each of the stages that constitute a complete cycle of
using the tool.

3.1 Extract Signals Operation

To start using the SPIEW application the user must push the “Open File” button to choose a type of signal: as
previously referres it can be the first frame of a sequence or a still image. here we have used Multiview Video
plus Depth (MVD) 3D images (Rusanovskyy. D.. ef al. 2013). This is the only active button when the user starts
the tool. The rest of the buttons will be activated sequentially to force the user to perform all the correct actions
in the correct order. In Fig. 2 we can observe the first interface of the application after doing the opening file
operation.

After the chosen signal is open and displayed, some information regarding it is showned. If the user has chosen
the sequence frames to work with the “Plan™ button is enabled. In the case of a still image this button will not be
activated. To perform the signals extraction form each type of signal the user must clik the “Extract Signals”
button. Each signal is made by: all the values corresponding to the same pixel along the frame sequence or each
line of the still image. When this button is pressed the signals extraction is done and a progress bar shows the
user the remaining time to complete the task (Fig. 3).

Compiete Signal -

) LMITTING

mpiing Factor (1)

Figure 3. Signal Extraction Progress Bar

It is now available to the user the number of signals extracted from the entire sequence, as well as the total
number of samples of each extracted signal.

3.2 Band Limitting Operation

After the signals extraction the user can now perform the band limiting operation for each of the extracted
signals. This is a necessary condition to all the reconstruction algorithms available in this tool. For that the user
must chose the value of the oversampling factor, r. It indicates the percentage of redundancy that the signals will
have after the filtering operation and also limits the number of samples that can be lost afterwards. To initiate this
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process the user must press the “Filfer Signals” button. Subsequently a progress bar appears showing the
estimated time to finish this operation. Eventually a message box shows the Low Pass Filter Bandwidth that
corresponds to the r chosen value (Fig. 4). This is the value of m to verify Eq. (12).

Figure 4. Band Limiting Operation — Low Pass Filter Bandwidth

3.3 Corruption Operation

The user is now ready to perform the corruption of the signals. As mentioned before, in the previous version of
the tool, only one error pattern geometry was available to apply: the interleaved decimation. This new version
has three possible error geometry patterns: interleaved, random and contiguous decimation (Fig. 5). This will
allow the user to compare the reconstruction algorithms performance in different corruption scenarios.

DECIMATION PROC!

Interleaved x

Interleaved
Random
Contiguous

APPLY

Figure 5. Decimation process, available methods

In the case of the interleaved decimation corruption the user must chose a value for the jump. as shown in Fig. 6.
He must chose values among 2, 4 or 8. After choosing the desired value to start the decimation process, the user
must press de “App/y” button.

Introduce a value (2, 4 or 8)
|

Figure 6. Choosing the jump value for the interleaved decimation method

In this particular case (interleaved decimation) the number of lost samples is automatically calculated and filled
in when the decimation process is terminated. In the other two cases (random and contiguous) the user must
choose how many samples he wants to lose in the decimation process (Fig. 7). If the user wants to visualize the
results of both the band limiting and the decimation operations, he must choose a specific pixel by its number
and press the “Fiew™ button. A figure with the original. band limited signal (observed signal) and a decimated
version of that signal appears (Fig. 8).

It is important to refer that both band limiting and decimation operations are performed for all signals extracted
from the video sequence or still image.
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DECIMATION P

—

Figure 7. Contiguous decimation, 30 lost samples

File Edit View Insert Tools Desktop Window Help i
DEde | kA8 OUBDLL- G 0D
PixellLine Number 200 - All Samples

250 -
—— Original Signal '
Observed Signal
i _ 8 Decimated signal
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Figure 8. Original, Observed and Decimated versions of the signal corresponding to line number 200.
3.4 Convergence Analvsis and Reconstruction

We are now ready to move into the next interface of SPIEW. To do so the user must press the “Nexr” button in
the current interface. The reconstruction window appears. Here the user must choose what reconstruction
algorithm is to run through a pop-up menu with three options: Papoulis-Gerchberg, Minimum Dimension, Direct
method or Minimum Dimension, Iterative method (Fig. 9).

RECONSTRUCTION ALGORITHM

Papoulis-Gerchberg
Min Dimension Direct

Min Damension Reractive

Figure 9. SPIEW, Choose the Reconstruction Algorithm.
Before starting the reconstruction of the chosen signal, the user is now able to see the problem conditioning data
(spectral radius and condition number). It is through the analysis of these two values that the user will know in
advance if the chosen algorithm and method will converge. To visualize these parameters, the user must press the
Problem Conditioning button (Fig.10). Here the spectral radius and condition number concerning the problem
under study are exhibited.
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IO NUMBER (1-5) 4.105011e-001

Figure 10. Problem Conditioning.

After analysing these values the user knows if the problem will converge to an accurate solution or not. He will
also know which algorithm to choose to obtain an accurate solution. As mentioned in the previous section for
iterative methods, a spectral radius smaller enough than the unity guarantees in practice the iterative algorithms’
convergence. For direct methods a condition number smaller than 10'° guarantees a solution to the problem.
More details about this issue will be presented in the Test and Results section.

After choosing the reconstruction algorithm the user must choose which signal we want to reconstruct and in the
case of the iterative methods, he must also indicate the maximum number of iterations. To start reconstruction
the user must press the “Run™ button. After the signal reconstruction, besides the reconstruction results, including
the reconstructed signal view, the user can also see the signal’s energy and power. This will allow the comparison
of the reconstruction of signals. or even signal segments, with more or less energy.

[
il
M Tokerance

+  Observed Signal
Reconstructsd Signal

LineFixel Murker
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27121220003
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Figure 11. Reconstruction results using the Minimum Dimension, Iterative method (Line 200).

Adfter the signal reconstruction has started, the window shown in Fig. 11 allows the user to visualize the iteration
number, its residual error and if the convergence condition is verified. There is also an explanation button to help
the user to understand the expression used to verify the convergence. It is the “More Information™ button in the
convergence condition area (Fig. 12).
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conyergence

CONVERGENCE CONDITION INFORMATION

if this condition is verified the algorithm wil converge.

fthis condtion is not verified the algorithm will not converae

in limt stustions, or In cases of near values in the propostion,

the algorithm may converge, atough the conciition is not
erified.

Figure 12. Convergence condition information.

At the end of the reconstruction several parameters to help the user to evaluate the reconstruction and compare
the available algorithms are calculated. Those parameters are: the Root Mean Squared Error (RMSE), the Peak
Signal to Noise Ratio (PSNR) and the Elapsed Time measured in TU. By pressing the “TU — Time Unif” button
the user can access this information (Fig. 13). The tool also shows a graphic of the Residual Error calculated in
each iteration (herein called the Tteration Residual Error). In it the user can see if the chosen algorithm tends
faster to the maximum tolerance.

Time Unit Used
e time untt used as standard in the test was the one nesded

o calculate a signal FFT
his unit depends on the signal and processor used.

FFT time (sec) EETFk R [ﬁ

Figure 13. TU, time unit used to compare the reconstruction algorithms results.

When the user chooses the Minimum Dimension algorithm, Direct method, there are parameters that are not
needed or calculated. such as the maximum number of iterations, the iteration number and its residual error, and
instead of the Iteration Residual Error graphic, only observed and reconstructed signals are showed (Fig. 14).

RECONSTRUCTION ALGORTTHM

RRU

ELAPSED T

Figure 14. Reconstruction results using the Minimum Dimension algorithm, direct method, to reconstruct line
200.
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4. Tests and Results

SPIEW was tested several times in order to better explain the diverse contents that it addresses to its users. Still
during its development some opinions of colleagues and students were taken into consideration to make this tool
more effective and user-friendly. For example, its GUI was altered quite a few times in order to comply with the
obtained feedback. Concerning the SPIEW features, first the three error geometry patterns were applied and
tested. Clearly the most unfavourable case to the reconstruction efficiency is the contiguous (burst) lost of
samples.

Through those tests we concluded that the convergence condition must be verified to guarantee the algorithms’
convergence. Furthermore a spectral radius less than 1, preferably around 0.5, will ensure the well functioning of
the iterative methods (convergence rate, accuracy, etc.). But in the specific case of the direct method the
condition number is a key parameter to infer about how acceptable a solution using this method is. Values lower
than 10* lead to accurate solutions even when the iterative methods no longer converge.

In the following figures we present the results obtained from the tests achieved with » = 12.5% and a burst error
geometry pattern for the lost of samples. It is important to refer that the burst, in this time, is located in the
middle of the signal. The purpose is to compare different cases resulting from different number of lost samples
by increasing the burst size. Fig. 15 shows the problem condition values for the case of 10 contiguous lost
samples.

8784907001
S) 822882264000

Figure 15. Problem conditioning values for 10 contiguous lost samples.

Through the analysis of both spectral radius and condition number we conclude that both iterative and direct
methods will converge. In Fig. 16a and Fig. 16b, the results obtained using both methods are shown.

+  Dbsened Signal
Reconstucted Signal |

e [
=

Figure 16a. Reconstruction results using the Minimum Dimension algorithm, Tterative method (Line 450).
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Figure 16b. Reconstruction results using the Minimum Dimension. Direct method (Line 450).

The next case results from increasing the number of the lost samples to 60. Fig. 17 shows the problem condition
values that permit to achieve the respective convergence analysis.

Clearly the iterative methods will no longer converge to an accurate solution, since spectral radius, p = L.
However, it is possible to see that by using the direct method we will be able to obtain a solution, as shown in
Fig. 18a and Fig. 18b.

SPECTRAL R,

Figure 17. Problem conditioning values for 60 contiguous lost samples.
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Figure 18b. Reconstruction results using the Minimum Dimension algorithm, Iterative method (Line 450).

In the next case the number of lost samples was increased up to 100. The problem conditioning values are shown
in Fig.19. As it can be seen in Fig. 19, the condition number reached the value of 10*. Since we used double
precision (32 bits precision), it is not expected that direct mode can calculate an accurate solution. The computed
solution would not be to trust on. Obviously, if we increase the burst size beyond 100, signal remains
unrecoverable. Concerning the direct method, as we expected, since we use double precision, the condition
number has reached a value of 10", and if we increase even more the burst window, the signals cannot be
reconstructed and the direct method won’t converge to a solution (see Fig. 20).
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Figure 19. Problem conditioning values for 100 contiguous lost samples.
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Figure 20. Reconstruction results using the Minimum Dimension Algorithm, Direct method (Line 450).
5. Survey Results

After obtaining the limit values to the conditioning of the problem. the tool was presented to a group of test
subjects. The tool was properly explained through an oral explanation. and then a written tutorial was given to all
of them. Some examples were presented so that they could see the application performance under several
different situations.

Thereafter they were asked to explore the tool freely. Afterwards they were given a quiz test to answer. In some
issues the test group has shown more difficulty, namely concerning the band limiting operation. as for example
its direct relation to the signals redundancy. At the end, trough experimentation, it became clear to them that the
decrease of redundancy in the signals clearly limited the number of samples that can be lost.

To validate SPTIEW a careful elaboration of the referred quiz test was achieved before it was given to the subjects.
In order to be effective, important educational and psychological issues were taken into account on designing it
(Minium, E. W.. et al, 1993), (Cohen, L., et al, 2000). Seven questions were found as being representatives of the
main aspects the tool must provide. Questions are:

1. “Which oversampling factor would you choose to allow vou to lose a larger number of samples in the
signals?”

“A high oversampling factor corresponds fo a high or low value in the Low Pass Filter Banchvidih? "
“Which is, in your opinion, the worst error geometry pattern to reconstruct the signals?

“In a good problem conditioning which reconstruction method would you choose? Why?”

RN
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5. “If the spectral vadius of matvix S is smaller than 1, which of the algorithms can yvou choose to
reconstriict the signals?

6. “If the condition number has a value of 10°° can vou reconstruct the signals using the available
methods?”

7. “Do you consider the tool useful? Did vour knowledge in the area improved?”

The results obtained in quiz done to the subjects are showed in Fig. 21.

QUESTION 6
QUESTION 5
QUESTION 4
QUESTION 3
QUESTION 2
QUESTION 1

0% 20% 40% 60% 80% 100%

Mdidn’t answer Mincorrect M correct

Figure 21. Test results.

As it can be seen, 100% of the subjects answered correctly to questions 1, 3, 5 and 6. 20% didn’t answer to
question 4. Concerning question 2, 60% answered correctly and 40% incorrectly. Finally, concerning question 7,
they all consider the tool helpful, and say that their knowledge has improved with it.

6. Conclusions and Future Work

Similar to its previous version, SPIEW allows indubitably its users to deal with signal reconstruction algorithms
in a much friendlier and accessible way. By approaching the problem in a more graphical and interactive manner.
the users were able to retain and consolidate concepts such as filtering, band-limiting, problem conditioning,
reconstruction and algorithm dimensions. Other concepts like signal redundancy and how it affects the number
of samples that can be lost are also addressed in this version of the tool, as well as the three different error
geometry patterns available and the identification of the worst case scenario to the reconstruction can also be
tested.

Depending on the problem condition analysis the user can know in advance if the signal reconstruction is
possible, or which is the best algorithm to reconstruct it and confront its previous hints or results with precise
predictions. It permits user to enhance its knowledge and get the feeling about this kind of problems in an
interactive way. This analysis is done trough the convergence condition, spectral radius and condition number
parameters. This allows the user to alter its problem conditioning to the desired goal before the reconstruction
begins.

To compare the results obtained using the three different algorithms available in the tool the RMSE and PSNR of
the reconstructed signals are computed. In the previous version of the tool only one reconstruction method was
available, the Papoulis-Gerchberg algorithm. The reconstruction time, measured in TU (Time Units) can also be
used to compare the performance of the three algorithms. Besides this, in the specific case of the iterative
methods, the maximum number of iterations necessary to reconstruct the signal and the graphic evolution of the
Tteration Residual Error can also act as comparative values between the iterative methods performance. In the
direct method, instead of the iteration error evolution graphic, both the reconstruct and corrupted signal versions
are shown.

This application is to be used in Digital Signal and Image Processing related subjects. So far, the users’
receptivity has been encouraging. Currently we have used in this tool high frame rate sequences and still images
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obtained with the MVD method (Rusanovskyy, D., er al, 2013), still we believe it can be used using imagens
from different areas, such as medical areas for example.

As future work we aim to add new features to the developed tool and conduct more tests, namely test and add
new algorithms to the developed tool (Karthik, M.: Prabhu, K., 2010). The aim is to choose the appropriate
method according to a previous analysis of the problem conditioning.
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Abstract

Over the last decade, impelled by the huge open source software
community support, the low cost Arduino platform presents itself as
an alternative for digital sound processing. Although Arduino is
generally used for small applications for the artistic and maker
community, its built-in Analog to digital converter can be used for
sound capturing, processing and reproduction. Equipped with a
powerful AVR 8 bif RISC microcontroller, the Arduino, can achieve
up to 200kHz with a 10 bit resolution according to the Atmel
ATmega328P datasheet that is the AVR core that we are going to
Jfocus on this article.

Realizing the hardware potential, software suppliers like
Matworks or National instruments, have included the Arduino
packages on the software accessories of MATLAB and LABView.

This work presents some of the sound capabilities and specific
limitations of the Arduino platform, enfacing its conmection and
mstallation with MATLAB software. A series of examples of the
Arduino interface with MATLAB are detail and shown in order to
facilitate users initiation of MATLAB and Arduino Digital Sound
Processing enhancing education fostering.

Key words: Digital Sound Processing; MATLAB; Arduino;
ADC/DAC; Sampling; Vocoder; FM Synthesis of Instrument Sounds

L INTRODUCTION

The Atmel ATmega328P is the core of our Arduino and, as
all the AVR cores, is equipped with a 10 bits analog to digital
converter (ADC). An analog signal, as often call. is a continue
steam of analog values and can be read or sampled a certain
number of times per second, which is referred to as the
sampling frequency (f;). Figure 1 shows an analog signal with a
D.C. component around 2.5Volts.

L] X s wn o2

Fig. 1- Analog Signal

To deal with sound signals center around 0 Volts (V)
ranging [-5:5] (V) and to be able to read then with Arduino we
need to do some level adjustment with a circuit like the one
showed on figure 2.

Fig. 2 - Simple Level Shifting circuit

To get the right input, usually R; and Ry have the same
value around 10 k2 and R; is often replaced by a decoupling
capacitor of 10 uF (Coupling capacitors are used to block D.C.
and pass A.C. that represents the music signal e.g).

There are different types of ADC architectures but most 8
bits AVR use successive approximation ADC, while 32 bits
AVR uses comparative ADC. Figure 3 is a simplified diagram
of the 8 bit AVR ADC.

Fig. 3 - ADC Block diagram [1]

The AVR only has a 10 bit ADC and uses an 8 channel
analog multiplexer to sample each of the 8 analog.

The ADC circuit takes samples between [13; 250] us and
AVR has a dedicated clock that ensures the independency of
conversion from other microcontroller parts. The conversion
mechanism can be triggered either on demand or automatically.

The ADC conversion result is stored in two registers the
ADC high and low. The result is obtained by the formula:

(72 « 1023,

VREF
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If Vg is 2.5 Volts the converted value will be 512 and if
Vv = Vger than the result is 1023.

The Arduino uses a simple command to start a single
conversion the “analogRead(pin mimber)”. If nothing else is
performed the conversion is complete. Figure 4 shows both
ADC Data Register, in this particular case the ADLAR bit is
set and the result is left adjust (the ADLAR bit is bit number 3
of the ADMUX — ADC Multiplexer Selection Register).

Bit 15 14 13 10 [ ‘

ADCA | ADCY | ADCZ ADCH

=
=
2|
2=

0:78 ADCO | _ADCB | ADCT | A =

108781 | T - - - 1 - - 1 -1 A
T T 5 T ] 2 T G

Reaa/iie R R & R R R R R
] a = R R R R R

il Valug ] 0 0 0 ] 0 [
a o 0 0 ] (] [

Fig. 4 - ADC Data Register, ADCH and ADCL[1]

Remember that the ADC stores 10 bits the ADCO ... ADC9
so if we read only ADCH we ignore the first 2 bits.

It is also possible to use ADCW which is not found in
Atmel datasheet in order to get the ADC result. To use it just
assign it to an unsigned integer:

unsigned int adc_valie = ADCW.

Clock frequencies between 50 kHz and 200 kHz should be
use to get the higher resolution. Higher frequencies above the
200 kHz will produce less bits resolution. The ADC prescaler,
is set by the ADC Control and Status Register A (ADCSRA),
as shown in Figure 5.

o

&1 2 3 : . 3 2 1
74 [ Foen | fosr | Abate | AoE | RDE | AGFsZ | ADPST | ADESD ] Aocsea
Readnote o T T T o o e T

sl Lok o 0 o o g 0 v 0

Fig. 5- ADCSRA - ADC Control and Status Register A[1]

Combining the 3 ADPS bits sets the relation from AVR
clock frequency and the ADC clock is display in Table 1.

Table 1 — ADCSRA division factors

Division ADCSRA
Factors [TADPS2 | ADPS1 ADPS0
2 0 0 0
2 0 0 1
g 0 7 0
8 (] 7 1
6 7 0 0
32 1 0 1
64 1 1 0
128 1 1 1

Suppose we have system clock with frequency 16 MHz
(16000000 Hz) and set division factor to 128 (Arduino
default). then ADC clock frequency is:

16000000

= 125000Hz = 125kHz (2)
128

So in order to set the ADC Prescaler to 64 we should write
the following setup instructions:

bitSet(ADCSRA,ADPS2) ;
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bitSet(ADCSRA,ADPSI) ,
bitClear(ADCSRA,ADPS0) .

The total conversion takes 14.5 clock cycles. AVR clock
frequency is 16 MHz if we set the ADC prescaler to 2, the
conversion period can be abtain using the formula:

T,

conv

=145« % = 1.8125us 3)

Table 2 presents the ADC conversion period times and
frequencies for all possible combinations of the prescaler the
convertion frequency has calculated using the formula
feonv=1/ Tconv.

Table 2 - ADC conversion times and frequencies

ADC prescaler Teony (US) Trconv (US) feonv (kHz)
2 1.8125 5.6000 178,571

4 3.6250 7.1900 139,082

8 7.2500 10.5800 94,518

16 14,5000 17,0600 58,617

32 29,0000 30,0600 33,266

64 58,0000 56,1200 17,819

128 116.,0000 112,0700 8,923

The differences between measure and calculated times can
be explain by the use of the micros() function that has a
resolution of about 4 s [2]. As stated by André Bianchi is not
entirely true because on our implementation the results show
that this difference only applies to the first 3 measurements and
all other presents smaller differences.

‘With the ADC prescaler set to 16 and a clock speed of 1
MHz we achieve a total of 58,617 samples per second
(f:~59kHz) without compromising ADC resolution.

In fact the ADC accuracy also depends on the ADC clock.
The recommended maximum ADC clock frequency is limited
by the internal DAC in the circuitry conversion. For optimum
performance, the ADC clock should not exceed 200 kHz,
however, frequencies up to 1 MHz do not reduce the ADC
resolution [3].

I. ADC IMPLEMENTATION

In order to perform the ADC measurements the following
code was used:

unsigned long start;
unsigned long stop;
unsigned long ADC_value[100];
unsigned int j;
void setup() {
Serial begin(8600):
pinMode(1, INPUT);
ADGSRA &= ~(1 << ADPS2) | (1 << ADPS1) | (1 << ADPS0}):
ADCSRA |= 1 << ADPS2:
!
void loop() {
start = micros();
for(j=0;j<100;j++) {
ADC_value[]] = analogRead|(0);

2|Page
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}

}
stop= micros();
Serial. printin((stop - start)):
for(j=0:j<100;j++) {

Serial printin{ADG_value [j]);
}
delay(5000);

The operation ADCSRA |= (I << ADPS2); sets bit ADPS2

from the ADC Control and Status Register A and is equivalent
to the instruction bitSet(ADCSRA, ADPS2); .

After processing we can use Pulse-Width Modulation

(PWM) available in pins 3, 5, 6, 9, 10 and 11 of the AVR to
convert it back to analog using an analog filtering stage to filter
and smooth the sound wave.

ITI. DIGITAL SIGNAL PROCESSING

One of the main concerns in terms of sound processing
1s, of course, the amount of time available in computation
of output samples because they must be ready to be
consumed by the playback hardware avoiding glitches and
other unwanted artifacts [2]. Nevertheless there are ways
that involve delay (buffering techniques) to compute all the
samples in time.

For owr work, we study two different approaches for
sound processing. The first one involves a more compact
and simple processing where all computation is done by
the Arduino and on a second approach the samples are sent
to the laptop where some MATLAB programs do all the
computation before send it back to playback on the
Arduino.

So let’s first analyze how can the Arduino playback the
sounds and what kind of hardware do we need.

To generate high quality sound, from the output signal.
one needs to add a few but important components: for
example if we need a 8 bit resolution (8 bit video game
music e.g)[4]. we just need to use one PWM pin attach to a
resistor and a capacitor in a low pass filter configuration as
shown on figure 6 (Cut-off frequency of 22.104kHz when
R=1.8kQ and a C=4nF capacitor).

R

PIN 11 &—vvv—-l-—o
1C

Fig. 6 - Low Pass Filter

Arduino

In order to calculate the PWM frequency we should
explain what PWM is and how it does works on AVR.

PWM depends on the microcontroller timer. This is a
simple internal clock that counts up to some number, and
then goes back down to zero. PWM is generated by these
timers, by having an external pin go high when the timer
hits zero, and then go /ow at some other number, which we
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can vary. In this manner, it’s possible to have an external
pin stay high for a specific amount of time, without having
to manually toggle it with the code.

A PWM waveform is generated from a counter by
counting clock ticks, a register and a comparator [5]. The
counter's purpose is to create the duty cycle resolution. One
complete cycle of the counter is one period of the PWM.
The counter's size (and thus the duty cycle resolution) is 8
bits, which equals to 256 values. So the 16MHz clock gets
divided by 256 —because a cycle of the counter takes 256
ticks— and may give a maximum frequency of 62.5kHz.
In order to get lower frequencies, we can divide your clock
by another factor, known as the first clock division. This is
also called pre-scaling, because it precedes the counter.
Table 3 summarizes the overflow interrupt frequency for
all possible values of prescaler.

Table 3 - Overflow interrupt frequency for prescaler values

PWM prescaler finer (KHz) foverfiow (HZ)
1 16000 62500
8 2000 7812
32 500 1953
64 250 976
128 125 488
236 62,5 244
1024 15,625 60

The register and the comparator are used to set and
create the duty cycle output. The register sets for how long
during each period the output is high. For example for a
25% duty cycle, we would set the register to
256%0.25-1=63. The comparator compares the register's
value with the current counter value and gives high in the
output if the value of the former is equal or lower from the
value of the latter and /ow otherwise.

For each counter we actally get 2 registers and 2
comparators, so we can get 2 PWM waveforms with
different duty cycles but with the same frequency.
Whenever is possible loosing precision, a faster PWM
frequencies than 62.500 kHz on AVR is available.

Let’s take some time to analyze the trade of between
PWM frequency and noise floor.

The smallest sound that can be heard is correlated to
the noise floor. This 1s the low level “hiss” heard in the
background of most signals. For sound applications, there
must be undetectable by the ear but, this is often not
achievable with a single PWM generator. To get a lower
noise floor, is necessary to use more bits, and the exact
amount is set by the equation:

SNRaz) = (Bit Depth) + 6.0245) + 1.76,45

Two options are available to get more bits: lower the
PWM frequency, or increase the number of PWM in use.
Due to Nyquist theory, the PWM frequency must be at
least twice the highest frequency of interest [6].
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Furthermore, if the PWM frequency is in the audible range
(less than 22 kHz) we will need to filter it heavily to not
hear a high pitched squeal behind the sounds. This sets a
hard floor for how many bits you can achieve with your
Arduino without having to add a ton of extra circuitry.

Also AVR have two different kinds of PWM: the Fast
PWM (Single slope) versus Phase Correct PWM (Dual
Slope). With Fast PWM. the counter will increase to TOP,
and then reset to zero, whereas Phase Correct PWM will
reach TOP, and then count backwards to zero, where it will
count up again. Phase Correct takes twice as long to
complete a cycle, so it will only go half as fast for any
given bit depth but is much higher fidelity [4].

So let’s build some code to summarize all of what has
been said until now.

const int PWM1 =11;  //pin for the PWM output
const int PWM2 =3; lipin for the PWM output
int val=0; Iivanable used to store the value
void setup()
{
¢li(); /disable intermupts while registers are configured
Il Setup ADC to work with division factor of 16 and a clock speed of 1 MHz
/i we achieve a tatal of 58,617 samples per second 58 kHz
bitSet(ADCSRA.ADPSZ)
bitClear(ADCSRAADPSY) ¢
bitGlear(ADCSRAADPSD) ;
DIDRO = 0x01;
I Analog output configuration
bitSet(TCCR2A, WGM20); //Puts bit 0 of the TCCRZA register (TimerCounter
HControl Register A), named WGM20 to 1
bitClear(TCCR2A, WGM21); //Puts bit 1 of the TCCR2A register (Timer/Counter
I Control Register A), named WGM21 1o 0
bitGlear(TCGR2A, WGM22); //Puts bit 2 From TCGR2A register (Timer/Countar
!l Eontrol Register A), named WGM22 to 1
/*This sets Timer2 to PWM, Phase Correct mode
Table of Timer/Gounter Mode of Operation
WGM22 WGM21 WGM20 Timer/Counter Mode of Operation
0 0 0 Normal

0 0 1 PWM, Phase Correct

0o 1 o0 CTC - Clear Timer on Gompare Match (GTC) Made
0 1 1 Fast PWM

i 0 0 Reserved

i 0 i PWM, Phase Corect

1 1 0 Resenved

Tt 1 1 Fast PWM

i

bitSet{TCCR2B, CS20); I1Sets to 1 bit CS20 (bit 0) of TCCR2B registar

W (Timen'Counter Control Register B}
bitGlear(TCCR2B, GS21);  //Sets to 0 bit €521 (bt 1) of TCCR2B regsster
I (Timer/Counter Control Register B)
bitClear(TCCR2B, CS22); //Sets to 0 bit C522 (bit 2) of TCCR2B register
I{TimerCounter Control Register B)
sei(); Menable interrupts now that registers have been set
pinMode (PWM1,OUTPUT);
pinhode (PWM2,0UTPUT),
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Serial begin(57600};

}

void loop()

{
val=analogRead(0); #lread value of sound in at analogRead on pin 0
Serial printin{val);
analogWrite(PWM1,map(val 400,600,0,255));
analogWrite(PWM2 map(val 400,600,0,255));

}

In the code we set the ADC to work with division
factor of 16 and a clock speed of 1 MHz that gives 58.617
samples per second and we set the PWM for phase correct
at 31,250 kHz with 2 pins with 2 resistors for hardware
mixing of an upper and lower value: Figure 5 shows the
circuitry hardware setup.

o mQ
pinilo o DAC
<R]
Audie In 1k in _— 3.9kQ
o) 8 P pin3 o ——Aan—

g2
Ilak
Gnd I

Fig. 7 - Circuitry hardware Setup [4]

IV. MATLAB INTERFACE WITH ARDUINO

For installing the Arduino software package in
MATLAB. just type the command supportPackagelnstaller
this starts the Support Package Installer and select the web
installation. Finally choose the Arduino package and it
should have installed your Arduino package support.

In order to check if everything it’s ok we are going first
to develop a data logger. In MATLAB, there are several
functions that are related to Serial communication. First, we
need to target a Serial COM Port. Replace COM31" with
whatever port your Arduino is connected to and set the
communication speed.

s = serial ("COM31'):;
s.BaudRate=115200;

Next, we need to open the Serial port.
fopen(s);

Then, to read from it and store to var data, we write:

dat facanf (3):
dado = str2double (dat):;

The first reads the data and the second converts it from char to
double.

After finishing with the Serial COM port, it is very important
remember to close it else other applications cannot access it.
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fclose(s);

So let’s put all together and check if our ADC is sampling well.
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feclose(s);
clear count dat delay max min plotSraph plotcrid

plotTitle s

idth serialPort xLabel yLabel;
dth 1 ©
n Terminated...');

% **CLOSE PLOT TO END SESSION

clear

clc

%User Defined Properties

plotTitle = '; % plot title

xLabel = 'E % x-axis label
yLabel % y-axis label
plotGrid 2 Yoff? to turn off
grid

min = 0; % set y-min

max = 1100; % set y-max
scrollwidth = 10; % display period in
plot, pleot entire data log if <= 0

delay = .0001; % make sure

sample faster than resclution
%Define Function Variables
time = 0;
data = 0;
count = 07
%8et up Plot
plotGraph =

title (plotTitle, 'Fon
xlabel (xLabel, 'For
ylabel (yLabel, 'F
axis ([0 10 min max]);

grid (pletGrid);

%0pen Serial COM Port

s = serial('com31l'):

s.BaudRate=115200;

%define baud rate

disp('Close Plot to End Session'):

fopen(s);

i

while ishandle(plotGraph) %Loop when Plot is Rctive

dat = fscanf(s); %Read Data from Serial as
Eloat
dado = str2double (dat):
if (~isempty (dado) && isfloat(dado)) %Make sure
Data Type is Correct
count = ceunt + 1;
time{count) = toc; %Extract Elapsed Time
data (count) = dado(l); £Extract 1st Data
Element

%5et Axis according to Scroll Width

if(scrollWidth > 0)

set (plotGraph, 'XD
time (count)-scrollwidth), '
time (count)-scrollwidth));

axis([time (count)-scrollwidth time (count)
min max]):

else

set(plotGraph, 'XData',time, "¥Data',data):

axis([0 time(count) min max]);

end

', time (time >
Data',data(time >

%2Allow MATLAB to Update Plot
pause (delay) :

lose Serial COM Port and Delete useless Variables

If there are now news vou should see on MATLAB a graph
appearing like the one on Figure 8 (on second 72 we
disconnect AQ from 3.3 volts and connected it to GND).

Serial Data Log

T
Elapsed Time (s)
—

Fig. 8 - Serial Data Log In MATLAB

‘We will notice that if evervthing it’s okay then when
connecting A0 port from the Arduino to 5 or 3.3 or even 0
Volts the values will appear on logger and should have precise
values. If we change the scroliWidth parameter from 10 to 0
the graph will display the entire log history instead of just a
section. After closing the plot, the data log is available by
accessing the data variable in the workspace.

V. OTEHER MATLAB SOUND APPLICATIONS

A. Vocoder Application

A Vocoder is by definition a sound effect that can make a
human voice sound synthetic [7.8] so, one of the purposes is
to replace the carrier sound with another carrier from a
different source. A main goal is obtained: it changes how the
original sound sounds but keeps the original message.

The next example shows a small sample of our Vocoder
application.

To create the vocoder a Matlab function Start Vocoder
App is call as can be seen on the block diagram that illustrates
de operation of the vocoder. Afier executing the start function
a wave file is call and transformed into several parameters
namely x-sampled data, f-sampling rate and b-number of bits.
The first two are sent to the vocoder function where we
simulate a transmission channel, with transmission and
reception, after the signal is recover, from the parameters sent
and. after reconstruction, the signal is playback.
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Start_Vocoder_App

[vozres]

(xts)

Transmission

[energ sanoridad pitch resi N coefmed]=trans(.fs ).

[vozres, fssint.res]=recepres(coeimed resi.);

]

Fig. 9 - Block diagram of Vocoder Application

After playing the reconstruct signal is possible to execute
some measurements to evaluate the quality of the reconstruct
signal. Figure 10 shows the original signal versus the
synthesized and the error.

Original Signal
1
b .""‘h'"" .|l~." “
K] L .
0 0s 1 15 2 25 3 35 4
w0’
Synthesized Signal from residual parl
5 T T T T T T T
ot prar—
b st dncifpondod 8 o
5 L 1 . L . . .
o 05 1 15 2 25 3 35 4
10
Error of the Synthesized Signal from residual part
05 T T T T T T T
0 %W%MW 4
05 . . i : . .
o 0s 1 15 2 25 3 35 4
s
w10

Fig. 10 - Original versus synthesized and error signal

From the figure analyses it’s clear that the error from the
synthesized signal from the residual part is very small, figure
11 show the overlap of the 3 signals showing this fact.

wig’

Fig. 11 - Overlapped of original, synthesized and error signals
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The Matlab the code for signal reconstruction is:

Function [vozres.fssint.res]=recepres(coefmed.resi.t);
N=length(coefmed);

1=length(resi);

vozres=[]:

(=R

residu={]:

res=[J:

for i=I:N

9 IGNED EACH LINE OF COEFICIENTS(H) TO A VECTOR
for j=1:11
c(j )=coefmed(ij);
end
%%ASSIGNED EACH LINE OF RESIDUAL(H) TO A VECTOR
for s=1:1
residu(s)=resi(i.s);
end
%%REVERSE FILTER FROM CODIFICATION
res={res residu];
v=filter(1,c.residu):
vozres =[vozres v]:
end
fssint=(1*1000)/;
wavwrite(vozres. fssint.'vozres.wav');

At the end of the code the play frequency is calculated and
the residual reconstructed signal wav is created.

B. FM Svnthesis of Instrument Sounds

Frequency modulation can be used to make interesting
sounds that mimic musical instruments, such as bells,
woodwinds or drums.

Our Bell application allows the user to control the sound of
bells by touching different parts from the control system. To
show the potential of the Arduino-Matlab connection the
control system 1s attached to the Arduino and consists into 12
wires connected to the Arduino allowing music performance

in one octave.

k|

Fig. 12 — Piano Paper Octave with wires to arduino

The implementation code from the matlab size is:

dur=6:
tau=2;
Io=10;
fe=110;
fm=220:
Fa=8000:
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samples=[0:1/Fa:dur];
tempoexecucao=300;

s = serial('COM36"):
s.BaudRate=9600;
disp('0 to end session or wait 5 minutes');
fopen(s):
s.ReadAsyncMode = 'continuous’;
=t
tic
dat=4:
while t<tempoexecucao
if (s.BytesAvailable>0)
dat = fscanf{s); “oRead Da
temp = str2double(dat):
if(temp>0&&temp<8)
tau=temp:
end
if(femp>=8 && temp<20)
To=temp+2:
End
t=toc:
if{temp==0)
t=301;
break
end
for i=1:size(samples)
A=exp(0-samples(i)/tau):
I=Io*exp(-samples(i)/tau):
onda(i)=A*cos(2*pi*fc*samples(i)+I*cos(2 *pi*fm*samples(i)-
pi/2)-pi/2):
end
sound(onda.Fa);
end
end

It’s also possible a different operation mode where by
touching the different wires the user controls different
parameters creating different sounds. The general equation for
an FM sound synthesizer is [9].

x(t) = A(t) cos(2mf.t + I(t) cos(2nf, t + @,,) + @)

Where A(1) is a function of time called envelope, f: is the
carrier frequency., f, is the modulation frequency, and
technically /(7) is called the modulation index envelope.

Table 4 — Different case values for the bell sound[9]

Case | f.Hz | fuHz Iy Tsec | Tgursec F
1 110 220 10 2 ] 11,025
2 220 440 5 2 6 11,025
3 110 220 10 2 3 11,025
4 110 220 10 0.3 3 11,025
5 250 350 5 2 5 11,025
6 250 350 3 1 5 11,025

We will demonstrate this application and others during the
conference.

VI. CONCLUSION

This paper present an approach to Digital Sound
Processing using the Arduino platform and MATLAB, with
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some examples we show that the Arduino can be use together
with Matlab to achieve the connection between physical and
computation worlds. The AVR’s registry analysis gave us the
insight to how we should control our Arduino in order to
achieve the best performance. An example of MATLAB and
Arduino shows how we can proceed with better sound
analysis since the choose Arduino limitations. One should
here remember that there is also the Arduino Due that is
around 15 times faster than the Arduine Uno used and has 2
DAC ports besides the normal PWM ones. Furthermore it has
a 12 bits ADC instead of the current 10 bits of the Uno,
unfortunately it doubles the Arduino Uno platform price.
Nevertheless this price is still much less than the traditional
DSP platforms used in Sound processing.

VII. FUTURE WORK

The Arduino platform can be use together with Matlab for
real time sound processing, but some cares should be taking
into account when using it, because the sampling process
introduces some noise.

The use of Interrupt routines for the ADC sampling/PWM
synthesis process and compare the performance improvements
relatives to our approach is also a viable path.
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Abstract—Prioritization of voice packets is useful to cope with
packet losses in VoIP services by providing a mechanism to
priority-enabled networks for dropping first the least important
content, in order to reconstruct the best quality signal for user
perception. A contribution to an efficient solution for voice
packet prioritization is proposed in this paper, using an Arduino
platform to implement a dynamic programming algorithm that is
capable of finding the most important voice segments to convey
in the payload of high-priority VoIP packets. Despite the fairly
high complexity of the algorithm versus the limited
computational resources of Arduino, the efficient implementation
developed in this work demonstrates that the Mean Opinion
Score (MOS) of voice signals is consistently improved when losses
are primarily affecting the least important segments. The paper
also discusses technological aspects relate to the choice of the
Arduino DUE platform rather than UNO, MEGA, ZERO or 101
boards.

Keywords—voice communications; packet prioritisation; VoIP,
MOS LQO; PESQ; Arduino.

L INTRODUCTION

The prioritisation of voice packets according to their
importance for the perceptual quality permits to increase the
probability of successful reception for the most important
voice segments over transmission channels that are prone to
packet losses [1]. For example. it has been shown that by
protecting 10% of the most important packets by a simple
form of forward error correction. e.g. packet repetition on
noisy channels, yields the same performance as that provided
by randomly protecting twice as many packets [2]. Another
approach is to give higher priority to packets that are more
delayed than others. which also results in improved
performance [3]. In a communication system where it is
possible to distinguish between high and low priority packets.
the low priority ones are always the first to be discarded (in
case of network congestion. for example). As a result, better
voice quality is expected to be achieved in comparison with
the case where no packet differentiation is used. Therefore an
efficient solution for the problem of selecting the best voice
segments to transport in the payload of high priority packets is
crucial for improving the signal quality and intelligibility
when errors or erasures (packet losses in known positions)
occur across the transmission network.

Different approaches have been used to differentiate voice
packets per category or flow and to give them more priority in
networks when contention with other packet types occur. To
implement priority-based quality of service (QoS). some
solutions distinguish between classes of flows as a per-queue

978-1-3090-3843-5/17/$31.00 ©2017 IEEE

Filipe Neves*”. Pedro A. Assuncao™
A “Instituto de Telecomunicacaes
“Instituto Politécnico de Leiria, ESTG

Leiria, Portugal
fneves@ipleiria.pt; paassunc{@iees.org

and as a per-user basis, while others are based on packet
lengths [4] for instance. However none of them takes into
account the specific contribution that each packet provides to
the intelligibility in order to distinguish packets according to
their actual importance.

Therefore an alternative approach is to prioritise voice
packets according to the relative importance of each voice
segment (ie.. packet payvload) in the overall quality of
experience (QoE) when considering the sequence with the
previous ones. This allows implementation of a selective
packet dropping mechanism whenever network constraints do
not guarantee reliable packet delivery. It is accomplished
through packet prioritisation in order to allow priority-enabled
networks to discard first the least important packets, i.e., those
packets labeled as low-priority. As a consequence. the lost
packets have smaller impact on the speech intelligibility and
QoE is improved [5]. because the signal reconstruction is
more effective by using the most important packets.

This paper follows this last approach by proposing a
dynamic programming (DP) algorithm to find the optimal
voice segments to be encapsulated in high-priority packets.
Such high-priority packets comprise the best set of voice
segments., which provide the highest quality in the worst case
where all low priority packets are lost. A novel
implementation. on the Arduino platform. and performance
evaluation is presented for the DP algorithm. Despite the
limited computational resources available in Arduino
platforms and the fairly high computational complexity
required by the DP algorithm to find the best set of high
priority packets, this work demonstrates how a modest
microprocessor board can be used to significantly enhance the
voice quality transmitted over error prone networks.

The paper is structures as follows. Next section presents
the DP problem to find the optimal set of voice packets and
then Section III describes the Arduino platform focusing the
hardware requirements. Then Section IV describes the
algorithm implementation and Section V presents the
performance evaluation and results. Finally Section VI
concludes the paper.

II.  PROBLEM FORMULATION

The problem of selecting the most important voice
segments according to their relevance for the quality perceived
by users is defined as a binary classification problem. where
voice segments defined as packet payloads are assigned either
low or high priority. For the problem formulation, the
following definitions are useful:
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* Utterance: a speech sample sequence of vocal sounds
preceded and followed by silence.

*  Segment: chunk of voice signal samples belonging to
an utterance, ie.. one utterance is comprised of
several segments.

* Packet: network layer data unit encapsulating one
segment as payload.

* Priorifv rate. ratio between the number of high
priority packets and the total number of packets
comprising an utterance.

We denote by » the total number of segments in an
utterance [V and by 2 the mumber of high priority segments
in a subset M of U. The problem of optimal segment
classification is formulated as follows: Given an ufterance
of 'n segments, corresponding to n segments (packets), and a
meximum priority rate, R(M), the problem is to find the best
m<n segments thar minimize some distortion function,
D(m.n), between the original utterance and the one
reconstructed from the reduced subset M, of n segments.

The need to determine the best segments that minimise
the distortion at the lowest computational expenses. on the
one hand. and the possibility to formulate this problem as a
rate-distortion problem, on the other hand, permits to use a
DP algorithm to solve it [6]. To solve the problem. the
algorithm first parses the entire set of segments. p; of U
(i=0..... n-1) to identify a limited set of candidate segments
to include in M. Then it makes the reverse pathway to
choose the definite set of optimal segments. In the forward
pathway, the first element of A is defined as the first
segment in V. i.e.. po_ and then other segments p; of U are
added as candidates for the same /% position of M (={1. 2.
... M}z (t-1)=sk=(n-1-m+1)). Each ¢ defines a stage of the DP
algorithm and the cardinality of the intermediate subset.
herein designated by a 7-subset. At each stage 7, & defines a
segment py to be added to a (r-1)-subset, thus the last one of
the f-subset, herein represented by p. Generally. for each
b several (r-1)-subsets are possible to identify. to which
correspond a different combination of segment indices
{lo. ... 12} m U, and a distortion value for the whole
utterance (size 1) reconstructed from each reduced of
segments (size 7<7). The minimum distortion achieved by
each r-subset ending at segment k in the stage 7, is defined
as a distortion state D/, defined as follows

k=1 =1
Df:m?.lm {Eﬂd(p}.p,) +iz=':zd(p,,pk) } ti=max{0, /. 2}

weli=2
(1)
Since p;k is the last packet in a r-subset, the distortion

caused by packets beyond prk has the constant form Ed(_u, 2)
and Eq. 1 may be rewritten as:

k-1 n-1
ok = Toliss {Z d(P;‘ Pi=max (1:1€(0,1y.l ;)mq) + Z d(l’;»i"r)l (2)
J=

j=0

which is equivalent to

k=1
Dik = Il.(g,l-i-,",l,_z Z d(pjlp(‘=m3x(l):f&(ﬂ,h,l,,z}f\isj)
=0
n=1
+ z APy Promax (Dtetodldnis)
J=k
n—1
= Z d(p;- Pr=max (1:el0,0,l_s)ai< )
=k
n—1
+ Z d(p,-, pk)
=
n=1
) ) Yd@.p)
by adding and subtracting the same value T
Since in X:’ ; dip;.p;) alliarei<k then

sy dipy.pi) = s ld(pi.p; ;) andEq. 3 canbe

rewriften as

i=0 =k

of =l I 2 dlp.p) - Tild(pp Pia)= d(p,.p,.)l}

ele 2

di=max{0 4, L o dnisg

C))
Therefore, if we take into account that the first term of the
second sum of Eq. 4 corresponds to subfract the distortions
caused by missing segments above or equal to p; when py,__ is
the last one in the subset and the second term of this sum
corresponds to add the distortions caused by missing segments
above or equal to pz, when p; is the last segment in the subset,
Eq. 4 can be rewritten as:

=l
D:‘=min{ min { d(p,—.p,)}-?“""k}:j=max{0.h.[,,;].’\f5j
)

e Whidedias | 5

. f—2 2k (5)
=r“r:§1{DH — }
which expresses the recursion formula of the DP algorithm.
Then, it is possible to derive the expression that should be
used to derive the indices {/p./.....7.2} of the optimal
segments to include in U, as follows,

argniin{Df}. t=m-1
L= argrr}in{D‘:"LI —e"‘l'*"}. t€[l,m=2]
0, =0

(6)

Once the indices {/o./1...., l;2} are found. the optimal

subset M of segments to be classified as the payload of high
priority segments is fully determined.

OI. THE ARDUINO PLATFORM

To implement the DP algorithm described above in an
Arduino platform. it is necessary to ensure the required
amount of memory and processing power to guarantee
successful operation. From previous work [7] based on the
Arduino UNO, using an Atmel ATmega328P (16MHz 8-bit
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RISC microcontroller) [12] the limitation imposed by its 32kB
Flash memory prevents its use for this implementation
because the program and data memory is not sufficient. The
following table provides a general view of the Arduino
platforms technical specifications:

To choose one particular Arduino platform among the
various available options it is necessary to analyse the
requirements of Flash and SRAM. For Static Data and Heap
the algorithm uses over 54kB i the worst case and 45kB
the best case. For the Stack the system uses 99kB in the worst
case and 43kB in the best case. From these numbers. we can

TABLEL ARDUINO TECHNICAL SPECIFICATIONS easily see that the only platform that can support the algorithm
Flash is the Ardumo DUE, because even in the best case we need 45
Platform Microcontroller Clock Memory SHAN kB of SRAM and the Arduino Zero for example only has 32
tne Atmega 328 16VHz| 32KkB| 2kB kB. To calculate the amount of memory allocated we have
Mega Atmega 2560 16 MHz| 256kB| 8kB used the following Pseudocode:
101 Intel Curie 32MHz| 196kB | 24kB
MKR1000 | SAMD21 Cortex-MO+ | 48MHz| 256kB | 32kB PSEUDOCDDEL: SrecRams()
Zero ARM ATSAMDZ21G18 48 MHz | 256kB | 32kB o Z
Due ARM ATS1SAM3X8E 84 MHz| 512kB | 96kB

Comparing the specifications. one can observe that UNO is
the one with less processing speed and memory resources,
respectively clock speed. Flash Memory and Static Random
Access Memory (SRAM). Flash memory is used to store the
program image and initialization data. It is possible to execute
program code from the Flash. but its stored data cannot be
modified by the executing code. To modify the data. it must be
first copied into SRAM. which can be read and written by the
executing program. Usually a running program uses the
SRAM for three purposes:

1. The Static Data - all the global and static variables
have a block of reserved space in SRAM. For variables
with initial values. the runtime system copies the initial
value from the Flash whenever the program starts,

2. The Heap - The heap is used for dynamically allocated
data items. The heap grows from the top of the static
data area upwards as data items are allocated.

3. The Stack - The stack is used for local variables and
for maintaining a record of interrupts and function
calls. The stack grows from the top of memory down
towards the heap. Every interrupt. function call and/or
local wvariable allocation causes the stack to grow.
Returning from an interrupt or function call wall
reclaim all stack space used by that interrupt or
function. The following image shows the SRAM
allocation directions.

Fig. 1. Dynamic allocation of SRAM

The Static Data, located at the bottom of the SRAM (Fig. 1)
1s allocated during the program startup and remains stable
throughout the program execution. The remaining SRAM is
disputed between the Stack and the Heap. both growing and
shrinking during program execution. If they collide they can
cause either immediate crash or just data corruption: either
way the results are unpredictable.

00000
popom

won

The program gets the memory address from the top position
for the Heap and for the Stack and the difference from these
two addresses gives the available memory. On the other hand.
from the ATMEL 32 bit Cortex M3 SAM3X Microcontroller
datasheet [8] we can see that the memory addresses end at
0x20087FFF (537427967) and start at 0x20070000
(537329664) so by subtracting the heapTopPosition to the
start address we obtain the total amount of memory used by
the Heap plus the Static Data. The same procedure can be
done to calculate amount of memory used for the Stack. but in
this case the end address must be used. In terms of Flash
memory, the algorithm requires 53 kB. therefore making
impossible to run in the Arduino UNO platform even without
limitations of SRAM.

In terms of the algorithm speed. there are three major
functions to consider: the signal loading/power calculation: the
DP classifier function that is responsible for the optimal
classification and packetization overhead. The next graphic
shows the processing timing required for each of the three
functions. in milliseconds (mSec).
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Fig. 2. Processing time

From the graphic analyses. we can see that between loading,
analyzing. processing and playing the sound there is a gap of
195 mSec making the system capable of real-time processing
the audio samples.
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Besides the implementation of the DP algorithm. our
system also includes an erasure packets loss simulator and
subsequent signal reconstruction for testing and performance
evaluation. A priority loss model where all low-priority
packets are lost. a random burst loss model and an interleave
model where every other packet is lost. The user can choose
any of these network loss models and the type of signal
reconstruction may also be specified as zero-order or first-
order interpolation.

IV. ALGORITHM IMPLEMENTATION

A The Arduine code implementation

The Ardumo code implementing the DP algorithm can be
divided in four parts. The first part is the function
‘LoadSignal(int n_original_segments, int n_samples)’, used to
recursively break the utterance into segments and at the same
time creating a list with the RMSE for each segment in order
to use it later in the segmentation process.

PSEUDOCODE 2: Load Signal ( N° Original Segments, N° Samples)

Inmalise ato 0
foriis0,iislessthann original segments, { increments by 1
jis 0.7 1s less than n_samples_segment, / mcrements by 1
Set [ of frames_v to
Set i of RMSE to position { in RMSE plus position [ in

att;
endfor
Set 1 of RMSE to sqrt with position 7 in RMSE divided by
n_samples_segment
Call method RMSEList.add with position 7 in RMSE
endfor

needs to choose the variable ‘estado” to be 1. 2 or 3
respectively.

PSEUDOCODE 4: Degraded Signal (Orig. Segments, N° Samp, N° S
Lose)
Call method randomSeed with analogRead 0

if estado 1s equal to 2
Set randNumber to random with 4, +1

endif’
ifestadois equal to 1
Call method segmentstoloose with n_samples_lose
endif
foriis0.1is lessthann samples_lose. f increments by 1
Jorjis 0,7 is less than n_segment_samples, J increments by 1
if estado is equal to 1
Set j plus (RMSEListToLoose get with i
multiplied by n_segment_samples ) of buffer to 0
endj
{festado is equal 10 2
Set f plus (position ; in SegmentosToLooseb
multiplied by n_segment_samples) multiplied by randNumber of buffer to 0
endif
if estado is equal to 3
Set 7 plus (position 7 in SegmentosToLoose
multiplied by n_segment_samples) of buffer to 0
endif
endfor
endfor

For each state the function applies the respectively
segments to lose list. This function just passes all the cells of
the original maze and copies them to the output maze.

The last part is the for-loop function that is responsible for
writing the output to a file.

PSEUDOCODE 5: Output funetion ()

Next the voice segments samples are classified using
function ‘segmentstoloose(int n_samples lose)’. As an input
argument. this function accepts the number of segments to
classify as low-priority in each utterance.

PSEUDOCODE 3: Segments to lose (n° samples lose)

Initialise ListSize to RMSEList size
Jor his 0, his less than listSize, / increments by 1
Initialise val to RMSEList.get with /i
Instialise count to 0
* 15 0, 7 1s less than listSize, 7 increments by 1
if (val < RMSEList.get(;))
Count++;

endif
endfor
If (count >= (120 - n_samples_lose))
Call method RMSEListToLcose.add with /2
Initialise aux to position / in RMSEListLostPlaces
Set /i of RMSEListLostPlaces to aux minus 1
endif
ondfor
forj1s 0.7 1s less than RMSEListToLoosesize, j increments by 1
Call method Serial print with RMSEListToLoose get j
Call method Serial print with "
endfor

This function goes through the list of the RMSE values for
the segments and compares them with each other, creating a
list with the segments that are less important to the utterance,
i.e.. the low-priority segments.

The third part is the function that simulates the network
erasure losses and reconstructs the degraded signal, after
dropping all low-priority packets. In our code, we implement a
state machine that allows choosing between the three network
loss models: prioritized. burst or interleave. The user just

Jfor i1s 0, 7 15 less than numBytes 7 increments by 1
Write position 7 of buffer to output
Endfor

The rest of the code allows us to clear the list in order to
start the process again.

V. PERFORMANCE EVALUATION

In order to evaluate the performance of the system. we
defined a method to compare an original voice signal with its
degraded wversion reconstructed from the smaller set of
segments that result from packet loss. We have followed the
Telecommunication Standardization Sector. ITU-T guidelines
P.862.3. which define methods for objective quality
measurement based on the Recommendations P.862, P.862.1
and P.862.2 for terminals and subjective and objective
assessment methods [9].

Cognt
Auditle i

difference

Comparision
MOS & MOS-LQO

AN
[ Perceptuat

WAV '| Model 1

Fig. 3. The PESQ Model

The ITU-T provides the PESQ algorithm and C files
necessaries to carry the implementation of the Perceptual
Evaluation of Speech Quality (PESQ) as a reference
implementation for [TU-T Recommendations P.862. P.862.1
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and P.862.2. Version 2.0 October 2005. The following
command line is an example of how to use this tool:
PESQ +8000 or105.wav dgl05.wav

The +8000 parameter indicates that the ‘wav’ files are
sampled at 8000Hz. The orl05 is the original file and the
dg103 is the degraded ‘.wav" file. The Mean Opinion Score
(MOS) and Mean Opinion Score Listening Quality Subjective
(MOS-LQO) results are presented with a scale of 1 to 5 where:

TABLEIL ABSOLUTE CATEGORY RATING (ACR) TEST

Quality of the speech Quality of the speech
Score Score
Bad 1
Poor 2
Fair 3
Good 4
Excellent 5

The PESQ method produces objective MOS scores that are
designed to reflect. as accurately as possible. subjective speech
quality as perceived by human subjects participating in
subjective testing, and the MOS is the average of all individual
opinion scores resulting from the tests. The average MOS for
each audio file is then calculated from the group of individual
scores.

The chart in Figure 4, shows the raw scores from an actual
Absolute Category Rating (ACR) Test. that resulted in
MOS=2.4. The high number of votes for opinion scores ‘2’
and ‘37 is conmsistent with the score of 2.4. However, a
significant number of listeners did vote ‘1" and ‘4", therefore
when we analyze these tests it is important to take into account
their viability.

Opinion Score

= Number Vores

Fig. 4. Opinion Score for an ACR Test

Test labs typically use high quality audio recordings of
phonetically balanced source text, such as the Harvard
Sentences: these sentences comprise a set of English phrases
chosen to ensure that the spoken text contains the range of
sounds typically found in speech.

The recordings are obtained in quiet conditions using high
resolution (16-bit) digital recording systems. adjusted to
standardized signal levels and spectral characteristics. The
International Telecommunications Union (ITU) and the Open
Speech Repository provide sources of phonetically balanced
speech material [10]. The following sentences represent the
List 1 of the Harvard Sentences:

1. The birch canoe slid on the smooth planks.
Glue the sheet to the dark blue background.
It's easy to tell the depth of a well

These days a chicken leg is a rare dish.
Rice is often served in round bowls.

SR wN

6. The juice of lemons makes fine punch.

7. The box was thrown beside the parked truck.
8. The hogs were fed chopped corn and garbage.
9. Four hours of steady work faced us.

10.  Large size in stockings is hard to sell.

To differentiate between listening and conversational
scores. the ITU introduced the terms MOS-Listening Quality
(MOS-LQ) and MOS-Conversational Quality (MOS-CQ) with
the additional suffixes (S)ubjective, (O)bjective and
(E)stimated [9]. Hence. a listening quality score from an ACR
test is called a MOS-LQS.

P.862.x (PESQ) is a ‘full reference” model designed to
measure objective listening quality (MOS-LQO) that
compares an undistorted reference file with a test file that may
be distorted through encoding or network induced artifacts
such as packet drops. P.862.x compares the input audio signals
in the psychoacoustic domain, which requires the signals to be
transformed using Fast Fourier Transform. proper level
scaling and temporal alignment. Because the process is fairly
computationally intensive and requires access to the
undistorted reference signal. full reference model is mainly
employed in a laboratory environment.

There are other algorithms like the VQmon [11] that is an
advanced VOIP perceptual quality estimation algorithm that
meorporates support for key international standards including
ITU-T P.564, ITU-T G.107. ITU-T G.1020, ETSI TS 101 329-
5 Amnex E and IETF RFC 3611. Contrary to the PESQ.
VQmon does not use the original reference signal being less
computer demanding than the PESQ algorithm. Typically.
VQmon has proven to be more reliable than other algorithms
such as G.107 E-Model, which was originally developed
within the European Telecommunications Standardization
Institute (ETSI) as a transmission planning tool for
telecommunication networks. The objective of the E-Model is
to determine a transmission quality rating. ie.. the R factor,
that incorporates the ‘mouth-to-ear’ characteristics of a speech
path. The E-Model is based on the incorrect premise that the
effects of impairments are linear. Non-linear approaches have
been found to be better suited to describe the relationship
between key impairment factors. In particular, VQmon's non-
linear impairment factor combination model has been shown
to improve the accuracy of estimated MOS scores when there
is a high level of several dissimilar impairments (for example,
packet loss and echo).

Impairments caused by network congestion tend to be
highly time-varying. with high packet loss "bursts" occurring
intermittently between ‘gaps’ of low or no packet loss.
VQmon outperforms the E-Model by incorporating on one
hand the effects of time varying IP network impairments,
providing a more accurate estimate of user opinion and on the
other hand extensions to support wideband and super-
wideband/fullband codecs.

The R factor is mapped to a subjective voice quality
measure MOS using the following equations:

MOS = 1+ 0.035R + R(R = 60)(100 = R)(7x10 °) for R = 1 to 100
MOS =45 for R = 100
MOS=1ferR=< 0
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A. Performance of packet classification and prioritization

To evaluate the performance of the DP classification
algorithm we have used all Sentences from the List 1 of
Harvard Sentences with a 16-bit resolution at 8 KHz. Figure 5
shows the PESQ results (MOS PESQ) obtained from the
reconstructed signals after simulated erasures losses either
using different packet priorities obtained by the DP
classification algorithm, burst and interleaved.

Fig. 5. Voice quality of observed signals using the original as reference

The results show that prioritized signals lead to better
reconstruction with greater MOS than those obtained from
utterances randomly corrupted either from burst or interleaved.
As expected the MOS values monotonically decrease with the
percentage of lost packets. The results show that using
prioritization in general achieves over 20% better performance
than non-prioritized random loss either in bursts or
interleaved.

The following expression was used to convert raw MOS
into MOS-LQO:

4.999-0.999

y=0999+ |4 o 4995 x4 6607

Figure 6 shows the converted raw values of PESQ onto the
MOS-LQO (Mean Opinion Score - Listening Quality
Objective) where again the prioritized strategy outperforms all
others methods.

MOS LQO

Fig. 6. Voice quality of observed signals using the original as reference

VI. CONCLUSIONS AND FUTURE WORK

In this work. we have developed a DP algorithm to find the
best set of voice segments that should be transported in high-
priority packets over transmission networks. We have also
discussed its implementation in Arduino platforms in terms of
memory requirements and processing speed. The results
demonstrate the effectiveness of the DP algorithm. which
consistently leads to higher MOS by assigning packet
priorities to packets according to the relevance of each one. In
comparison with non-prioritised transmission and random
losses the DP classification algorithm is capable of selecting
the most important packets as high-priority and consequently
delivering Dbetter quality to end-users. The Arduino
implementation presented in this paper demonstrates that good
performance can be achieved with modest computational
resources.
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Abstract—The ability of the Arduino platform to enhance
student interest and performance in science, technology,
engineering, and mathematics (STEM) courses, while fostering
sKills that are important prerequisites for future IT careers, has
been proven more than once in the past years. But can the future
be crafted without the past? We believe that many past
inventions crave the future, so their understanding is a bridge of
knowledge that must be passed to students. According to Grand
View Research web site the microcontroller market will rise from
the 20 billion units in 2015 to an amazing 39 billion units in 2020.
Therefore an increase on IT careers is also expected. The Morse
code and the telegraph revolutionized long-distance
communication in the past and laid the groundwork for the
communications revolution. In fact, although developed in the
1830s and 1840s by Samuel Morse (1791-1872) and other
inventors, only in 1844 the first telegraph message, from
Washington, D.C., to Baltimore, Maryland, was sent. To provide
the means to students to start learning this technology we have
developed four experiences that introduce them to the
fundamentals of communications, including the Li-Fi technology.
This new technology is based on the Morse code, and can spark
again the communications revolution by using tiny,
imperceptibly flickering lights can provide a new way of sending
data to computers and mobile devices. Therefore, we decided to
revitalize the almost forgotten Morse code by implementing it
with an Arduine in order to lay again the foundations to this new
revolution that is coming. This paper presents the implementation
model of two Morse code translators, how they work, their
implementation, and some results. We also present a VLC
(Visible Light Communication) system based on the same
principles of the Morse code building this way the foundation for
students to proceed with this course of investigation.

Keywords—  Arduino;  Morse  Code;  Visual  Light
Communication; VLC; STEM; FEducation; Communications;
Microcontroller Applications

L INTRODUCTION

“What hath God Wrought” (meaning “What God has
Done™)was the first text message transmitted by the telegraph
in 1844,

wohoat ha th God Wrouw gh't

Morse invention revolutionized long-distance
communication The telegraph messages were a series of dots
and dashes, that Morse grouped to form letters and numbers as
can be seen in Figure 1.For example. to form the letter S we
should join 3 dots (...). follow by a brief silence.

@"'"" w®

@@@ 0000 PBOY BO0
(sﬁ@ @ o) @ﬁQ @" ® ’Q@

Fig.1 - Morse code tree

@_,

This  revolutionary idea allows long distance
communication between people connecting humanity and
building bridges between nations.

By the end of the 19th century. however, new technologies
began to emerge, many of them based on the same principles
first developed for the telegraph system.

In time, these new technologies would overshadow the
telegraph, which would fall out of regular widespread usage,
but as in the past, today the same principles developed by the
telegraph can craft again the future so researchers think with
the rise of Li-Fi and VLC.

One of the most interesting things about Morse code is the
resemblance to binary encoding, has both used two different
symbols in their representation.
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In fact Morse code offers a slow but reliable means of
transmitting and receiving wireless text messages through
conditions involving noise. fading., or interference. This is
primarily because it is simple binary code (key down or key
up) allowing for an extremely narrow bandwidth.

Other resemblances between binary and Morse code is the
binary tree from figure 1 where each branch is always divided
into two new branches. The efficiency of Morse encoding style
led to data compression schemes like the one created by David
Huffiman in 1952, using the same algorithm of Morse trees to
construct the base of all modern compression schemes.Figure 2
shows the Huffinan tree.

o Ty
£y 5] [7
- . space

Fig.2 - Huffman tree [9]

The Huffinan coding is indeed the best possible
compression of the data (of course. one can do better
compression in practice using additional properties of the data
and careful hacking). The output from Huffiman's algorithm
can be viewed as a variable-length code table for encoding a
source symbol (such as a character in a file) [10] like in the
Morse code, but instead of using binary numbers Morse uses
different lengths on the coding.

II. IMPLEMENTING THE MORSE CODE TRANSLATOR

There are many different ways to implement the
dichotomic search table or Morse tree of figure 1. If you look
closely you can see that there are really three possibilities at
each node: go right, go left, or stop. So to decode a Morse
transmission we need to remember that the Morse code has
only two kinds of signals, dashes and dots. So if we start on the
beginning of the Morse tree and the first signal is a dot we go
left to letter “E” if the next signal is a dot we go left again, if is
a dash we go right and if is a pause we got the letter.

There is also some ground rules considering pauses and
other rules that we need to take into account. A pause for a dot
time is between different signals for the same letter, a pause for
a dash worth time is between different letters in the same word,
a dash is three times the length of a dot and between words we
get a sevendot time pause (this represent the space character).

To store the Morse tree in our implementation we have
used an array of chars. The array has 127 positions and the
pointer starts pointing to its middle (position 64), that in our
case is a space for convenience.
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Figure 3 shows the middle 65 characters used to implement
the Morse tree from figure 1.

iEtttL'\'"HRH_#H* A#lp@*tWi*{]’lt *6_Bt:iD*J‘*X*#*Nt**C;S!KSOYtﬁTi
T

Fig.3 - Morse array

The arrow represents the pointer that will move to the left if
we receive a dot or to the right if we receive a dash.

At every receive signal dot or dash the pointer will jump to
the next level and as there are 5 levels, on the tree, the jump
will be equivalent of 2° = 32 positions in the array.

This also means that now there are only 4 levels remaining
so the next 1iump will be of 2* = 16 positions, the next jump
will be of 2° = 8 positions, and so on. as can be seen in figure
3, where we have received a dash and a dot followed by a
space.

E***L\',**R*‘I'.**** AH*P@**WH*J’]* *%B*:*D*[#Xtt*Nﬂ*C;#[K!OY#*#’F
- 32

E”*L\\N“R*‘I'.*“* Att*P@t&WH*J’]# *6_BE$D$]MX*#*N#HC;#fKtOY&*:[
16

'E***[\”‘*R*t****A***P@“W”*J’I’ *6_BE¢D$}/‘*X*#I‘N$HC;#fK‘OYk*tTi
Result="N"
Fig.1 - Received' -. ', then “N” was produced

Each letter is composed from 1 up to 5 levels, or from 1 to
5 symbols, meaning that if we receive 6 symbols there is an
error in the received signal. All positions on the Morse array
represented by “* are also error positions.

At the end of each letter the pointer goes back to the middle
of the array, the 64™ position.

III. MORSE CODE SPEED AND LETTER TIMING

A. The decoding of the receive signals

To decode the received signal we need to take into account
the speed of the transmitted signal, which in the case of
theMorse code is usually stated in a nonstandard fashion,
meaning that instead of defining the dot duration, it is usually
stated the amount of words per minute. So if someone says an
operator can transmit 20 words per minute (20 wpm), it means
that the average dot equals 50 milliseconds.

The way this value is obtainedis by stating that the typical
word is a 5 letter word (like the word CODEX or PARIS) and
that an operator that has a 20 wpm transmission rate is able to
transmit the word CODEX 20 times in one minute.
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To further explain this topic.we have constructed table 1 in
order to show the timing calculations for each letter of the
referred word considering 50 milliseconds duration time for the
dot and following the Morse standard rules: a dash is 3 times
the length of the dot. so 150 milliseconds:the pause between
different signals of the same letter is of the same size of the dot
time. and if the pause is for a dash time, it is between different
letters in the same word, also pauses equivalent to 7 dots (350
milliseconds). separate different words.Table 1 shows the
standard calculation times, showing also the meaning of
20 wpm.

TABLET STANDARD WORD TIME CALCULATIONS
Letters Morse Code Millisec.

Cc - 550

150

0] — 550

150

d - 350

150

e - 50

150

X - 550

Word time 2650

Spacewords 350

Total time 3000

Words/minute 20 words

Generally speaking, that is a quite slow transmission rate, if
for example. we consider the ASCII code (American Standard
Code for Information Interchange), an 8-bit code with 256 (2%)
characters. For transmitting the word CODEX we will need
5x8 bits. Therefore, to transmit 20 times this word it will take
5x8x20 = 800 bits plus a start and a stop bit. If we consider that
serial communication between a PC and any other device can
achieve, without compression, 115200 bits/sec then to transmit
our 20 words, it will take about 6.944 milliseconds, i.e., 432
times faster than the human Morse operator. Even if we speed
up transmission of the dot up to 1 millisecond. the total time to
transmit the word will be 60 milliseconds, i.e., 8.94 times
slower than the current standard transmission rate. Of course,
no human could receive this transmission, but a computer can,
in fact, even with low quality speakers and microphones a
computer can write and receive Morse code up to 300 words
per minute, that is equivalent to 17.7 milliseconds per word.

The main reason for this limit is that normal speakers and
microphones are tuned to frequencies up to 15kHz. It is
possible to achieve much higher transmission rates by using
ultrasound microphones and speakers.

However, one important thing to remember is that although
the Morse code signal needs to be converted from
electromagnetic waves to sound for human understanding. If
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microcontrollers are used, this conversionis not necessary,
making possible to transmitat an even higher frequency/rate, in
the order of 10° or even faster, depending on the
microcontroller receiving ADC.

B. The Hardhvare implementation

The hardware implementation is based on the Arduino
UNO platform equipped with an Atmel ATmega328P(a 16
MHz 8 bit RISC microcontroller). a Morse kev. and some
connection wires. The simplicity of the design is used to
encourage students to build and program the system.

Figure 4 presents the hardware implementation of the
encoder, also showing a metronome that serves as a timing
basis to users that have no Morse code practice.

Fig.4 - Hardware implementation

The electric equivalent circuit is shown on Figure 5.There
are two buttons, one for the dot signal and one for the dash.S1
represents the dot and S2 the dash. The LED will blink at the
same frequency of the dash or dot, making Morse visible
besides audible. The electric circuit was drawn using the IDE
Fritzing.

[ [ ]
y | |

Artuing
iy
o

F

— &

WA

LEDT
43 5 Rad (633nm)

fritzing

Fig.5 - Electric equivalent schematic
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C. The Matlab implementation
After receiving the signal the Arduino sends it to Matlab

using the USB serial portthat converts the code into human
voice allowing hearing what has written in Morse code.

The Matlab implementation is divided in three parts. The
first part is the function ‘plotgraph SerialPort’ This function is
responsible for the reception of the Morse code signal sent by
the Arduino.

While receiving data. this function calls the decoder in
order to decode the encryptedMorse code into letters and
words.It also calls the function ‘plot’ to show., in real time,
what the system is receiving, as can be seen on the graph in the
left-upper corner of the screenshot presented in figure 6.

Morse Demo

P

Mosse Praperies:

Fig.6 - Matlabmorse decoder

When the end of the Morse message is reached the system
opens a new window, like the one in figure 7. showing the
received Morse signal and the signal spectrogram.

Lot fal )

Fig.7 - Morse signal and spectrogram

The function responsible for this part of the program is the
‘Sin’ function. After displaying the graphs, the function calls
the ‘sound’ function. over the Morse signal, so that we can
hear how the signal sounds.

The process ends with a call to the function ‘Speak’ that
converts the text to speech, allowing the user to listen to the
message. This function uses the google API to convert
messages from text to speech.

IV. MACHINE TO MACHINE COMMUNICATION

To test machine to machine communication we built a
firmware version of the Matlab converter, which allows the
Arduino to code text messages into Morse code. The message
can then be transmitted either by sound, light or any other form
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to another Arduino (or other device) in order to be decoded and
display as text, or sent to the Matlab to be converted into
speech sound.

Figure 8 shows the hardware simulation of the machine to
machine prototype. In order to introduce the Visual Light
Communication (VLC) the hardware implementation uses
light.

There are two LED. used for signal emission. and two
phototransistors. used for the signal reception. Although this is
a very simple setup it represents the conceptual theory behind
VLC.

fritzing

Fig.8 - Machine to machine

This simple hardware implementation allows VLC between
both machines.

The use of white LEDs for illumination allows this type of
communication to happen at the same time making this a wide
area of application and a considerable interest is around
building applications that make use of this technology. VLC
provides, for example, equipment and staff communications
with no EMI and RFI problems on Hospitals [11]. Multiple
LED light bulbs can be used with relative location for more
accurate indoor positioning and navigation [12]. Also in the
malls VLC tags. can provide, for positioning and localization
purpose [13][14] .

For our tests we transmit 1000 English words at several
different distances, using one 5 mm LED as emitter and one 3
mm NPN phototransistor as the receiver, and we have achieved
a zero error rate as far as one meter long.

Better distances can be achieved by using transmission
arrays [6]. There can also be array arrangements to have a
certain transmission frequency, offering a data-rate of 40Mb/s
for Non-Return to Zero (NRZ) On-Off Keying (OOK) [7].

On a second set of tests we have transmitted 1000 times the
word “CODEX” and count the times each transmitted letter
arrived to the receiver machine without errors.

A. Li-Fi implementation

The first experiment on VLC was conducted by Alexander
Graham Bell in 1880 with a system called the photo-phone [1],
depicted in figure 9.

‘We can see that a sunbeam, reflected on a small mirror, was
used to transfer voice.It is also interesting to know that Bell did
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believe that the photo-phone was “the greatest invention he has
ever made, greater than the telephone™, as he told a reporter
shortly before his death [2].

So like Morse, Optical Wireless Communication, can be
seen as a rebirth of an ancient technology.

Fig.9 - Bell's Photo-phone U.S. Patent #235199.

In a broadband manner of speaking Optical Wireless
Communication (OWC) refers to the transmission of data using
light propagating without being guided by any waveguide and
through free space or air. So OWC includes, besides VLC, the
Infrared (IR), and Ultra Violet (UV), and although OWC chair
a story as long as RF, the research contributions targeting the
use of visible light to communications are quite limited and
only a few papers, dated from 1999 [3] and 2000 [4], address
low-bit-rate systems and applications in narrowband and
visible light.

Later in 2001 Takana et al. [5] address the use of visible
light communications using WLED for broadband domestic
applications. By the end of 2003 the Visible Light
Communications Consortium (VLCC) was established in
Japan. Companies like Samsung, Toshiba, NEC, KDDI,
Panasonic, Sony, Toyota, Sumitomo. Mitsubishi, NTT
DoCoMo. Casio and Sharp were some of the first members.

The consortium was established to develop, ftest,
investigate, plan, and standardize ubiquitous high-speed
biologically friendly VLC LED systems. Later on, the Wireless
World Research Form (WWRF) initiated some activity on this
subject, but only in 2007, with the appearance of the subject in
the Scientific American by Mohsen Kavehrad [5].grabbed the
research community attention in Europe and the United States
with the funding of the hOME Gigabit Access (OMEGA)
project. seeking to develop global standards for home
networking, including the use of optical wireless using infrared
and VLC technology.

By the end of 2009 the IEEE issued a Call for
Contributions on IEEE 802.15.7 VLC standard.

The Morse encoder that we have implemented can be used
to transmit VLC and therefore we can speed up
communications, in line of sight to the speed of light.

Tt is also very interesting to note that if we have applied the
Morse code principles to VLC communications we can, at least
in theory, achieve 3% bps rate, where » is the number of bits
transmitted, instead of the traditional 2°.

V. RESULTS

The first developed prototype allows users to write simple
Morse code messages. Without having prior experience with
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Morse code, it introduces students to Morse code syntax and
allows them to understand the transmission fundamentals.

Tt also allows users to listen to the written messages in
Morse and in text to speech.

The second prototype allows machine to machine
communication through VLC. Chart 1 summarizes the results
obtain concerning wpm versus transmission errors.
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Chart 1 - Wpm versus Transmission errors

It uses Morse code in order to facilitate user understanding
and allows transmission over the air without errors, to a
maximum distance, in the simple prototype, of 80 cm.

Based on the error we decide to check the transmitted and
received signal on the oscilloscope in order to understand
what’s happening. Figure 10 shows channel 1 and 2 of the
oscilloscope as transmitter and receiver respectively.

Fig. 10 - Oscilloscope Channels

The signal shows the word “CODEX" from left to right. It’s
also clear that we are receiving the correct signal although
transmitting at 1200 wps. Therefore the errors obtain were
introduced during the decoding stage. as result of some phase
shift introduced by the transmitter microcontroller.

Table 2 represents the words per minute versus error rate
per transmifted character. To obtain the results we have
transmitted 1000 times the word “CODEX™ and compared the
transmitted Letters with the received ones calculating the error
for each character.
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Table 2 - Wpm versus error rate per fransmitted character

C--. o— | b- E. X- -

001%| 000% o001% o000%  001%
002%| o000% o001% o0ox| o001%
001%| o000% o001% oco00%| o001%
000%| o000% o000% o000%| o001%
001%| o000%] o001%| o000  o001%
0,30%) 0,12% 0,14%| 0,00%) 0,33%
021%| o000% o12%| oc00%| o028%
025%| o012% o15%| o00%| o026%
0,22%| 0,08%) 009%|  -0,02%| 0,23%
028%| o015% o013%| ©000%| o02a%)
021%| 0,16% 015% -002%| 025%
028%| 015% o13% o01%|  026%
0,20%| 0,07% 0,11%) 0,00% 0,24%

023%| ©013% o1a%| o000%| o026%

023%| o01% o11%| o00%| 021%

028% ©016% 013% 000%| 028%
1560%] 1240%| 1200%| 8.80%| 1550%
1560%] 12,05% 1265%]  6,55%| 1535%]
1635%| 12,25%| 1435%| 9,95%| 1685%
17,85%| 1500%|  1550%) 8,85%| 18,25%
1845%] 1455%| 1520%] 10,30%| 17,.90%]
18,15%| 15,50%| 15,10%)| 10,05% 18,35%|

3 EEHEEEEEEEHEEEEHEEE

From table 2 it is clear that the error rate increases has the
character is deeper in the coding tree. Therefore character “E™.
which is on the top of the tree, has the lower error rate, and
characters X" and “C”, which are in the bottom of the Morse
tree, have the higher error rate and this makes sense
considering the phase shift.

VI. CONCLUSIONS AND FUTURE WORK

The developed prototypes allow users to lay the bases of
communication and introduce the concepts necessary to
understand Visual Light Communication. Results show that
even with a simple hardware configuration it is possible to
achieve a high quality transmission with low error rates at
speeds of 1200 words per minute, . To achieve higher
transmission rates it is necessary to change the firmware used
by the prototypes for example using interrupts to measure the
received signal allowing even higher transmission rates. In the
transmitter side it is necessary to use array of LEDs and faster
microcontrollers in order to process the data received in the
serial port and convert it to Morse before sending it to the
receiver. In the receiver side, an amplifying receiving stage
will allow longer receiving distances. The use of the
amplifying receiving stage will also allow the receiving
firmware to use interrupts instead of time sampling, making
measurements more precise.

It is clear that VLC technology introduces new challenges
and this work allows users to give the first steps in this
technology.
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The developed prototypes present some of the limitations
and gave students tools and clues to some of the possible paths
to find the answers.

Future work will implement a prototype that uses the LED
driver 6 channels, developed by Globaltronic, to allow
customers to interact with end users throw a short message
system, giving information about the location and general
information of the products exhibit.
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Genomic Signal Processing

Fundamental key points of this work:

Brief introduction to understand Molecular Biology concepts in our presentation:

v" The structure of DNA of eukaryotes contain genic and Inter-genic regions;

v’ In the genic reglons Introns or exons are present;

v" Exons are protein-coding regions of the genome;

v Comparing sequences of DNA enable us to infer evolutionary relationships between sequences;

v" This requires multiple sequence alignment algorithms that are relatively computationally costly;

Signal Processing of DNA sequences:

v" Sequences of DNA are inherently signals as they are functions of an independent variable, position
of a sequence;
v" DNA can be converted into numerical values from its bases (A, T,G,C) depending on different models

discussed 1n this work. The one we use is based on their electron-ion interaction potential;

Signal Processing in Gene Prediction:

v" Protein-coding regions exhibit a 5-base periodicity property due to codon bias,

v" This can be detected by analyzing their spectra, produced by discrete fourier transform (DFT);

v" Exons exhibit a peak at 211/3 in their fourier spectra;

v' Digital filters are applied to sequence containing multiple regions of exons and introns in order to
1solate peaks representing exons;

v" 1IR filters like inverse chebyshev is applied as a zero phase bandpass filter to isolate 27/3 regions;

v A smoothing filter Savitzky-Golay 1s applied to smooth the resulting noisy DNA signal;

v" Final comparison between exon-identifying peaks and real value exons (verified through Genscan);

Signal Processing in alignment-free phylogenetic analyses:

<

The fourier transform allows transition of the multiple sequences In time domain to the frequency
domain;

All spectra are evenly scaled 1n size;

Euchdean distance between the spectra 1s calculated;

Distance-based phylogenetic tree construction algorithm UPGMA 1s applied, resulting in a final tree;

ANENENN

A variation 1s also studied using convolution of the DNA sequence numerical values and mean kernel
of size 3, and the process 1s repeated, creating another tree;

AN

Result comparison between the originated trees from fourier spectra method described here and
traditional multiple sequence alignment algorithm (we used Clustal J7') and phylogenetic construction
using different algorithms based on distances UPGMA, based on maximum likelihood RAxML and
based on bayesian inference Mr Bayes.
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Abstract

Improvements in the production of data through high-throughput techniques have allowed for a fast accumulation of
biological data. The application of computational techniques in order to organize, manipulate and extract information
from biological data is known as Bioinformatics. Digital Signal Processing tools can provide support in both common and
emergent bioinformatics tasks. The merge of Digital Signal Processing with Bioinformatics is known as Genomic Signal
Processing. In this final report we explain the signal processing tools and its applications to this field of research. We
develop a program to analyse these subjects and its utility alongside with a critical review of their biological meaning.

Keywords:  Digital Signal Processing, Bioinformatics, Fourier Transform, Protein Coding Regions Prediction, IIR Tilters,

Phylogenetic Analysis

I. INTRODUCTION

Ongoing research within the “omics” science fields such as
Genomics, Proteomics and Metabolomics has provided an
enormous quantity of data and together aim to fully under-
stand systems biology. Genomics is defined as field that
studies the structure, function, evolution and mapping
of DNA sequences, while Proteomics and Metabolomics
are fields that are concerned with the study of proteins
and metabolites respectively [1]. In this work, our focus
will be on Genomics and Comparative Genomics. It is be-
coming progressively important to process the data from
Genomics, in order to infer valuable information. Signal
processing techniques displayed an important role in some
of the tasks related to this data extraction in Bioinformat-
ics. For instance, the most notorious is the bioinformatics
tool for multiple sequence alignment MAFFT (Multiple
Alignment Fast Fourier Transform) [2]. The use of Digi-

tal Signal Processing (DSP) techniques in Bioinformatics
creates a entirely new field, Genomic Signal Processing
(GSP). The prediction of genes is a common task and a
common study topic among bioinformaticians, there are
multiple techniques that predicts a gene in a sequence of
DNA, one of the valid alternatives is the use of Digital
Signal Processing [3].

It is important to note that research in Genomic Signal
Processing is mainly done, in the past years, not to de-
velop new algorithms necessarily, but to improve already
existing ones. The main advantage with using Digital
Signal Processing in this field is to ease the computation
cost, as many of these techniques provide less computa-
tional cost [4]. Problems addressed in Bioinformatics, for
the most part, come with a high computational cost. For
instance, multiple sequence alignment is proven to be a
NP-complete optimization problem while assembling a
phylogenetic tree constitutes a NI-hard optimization prob-
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lem [5]. We developed an algorithm constituting two parts
of Gene prediction and Phylogenetic analysis, with imple-
mentation in MATLAB R2019b with the support of the
Bioinformatics Toolbox and the Digital Signal Processing.

In this document, we provide an introduction to some
concepts in molecular biology that are important to un-
derstand this work in Section 2. Section 3 explains the
necessary letter (DNA base) to numeric conversion based
on some properties, properly discussed. In Section 4 we
discuss our first case study of identifying exonic regions
based on signal processing techniques like Fourier trans-
form and the use of digital filters. Another case study,
inside the scope of phylogenetics, is presented also in sec-
tion 4. In this work we decided not to include a section
exclusive to explaining the tools in Digital Signal Process-
ing and instead compromise with explaining the necessary
methodologies during the work. In both our case studies
we compare the performance of the algorithm with state
of the art methodologies.

II. MOLECULAR B10LOGY FUNDAMENTALS

Life on earth is organized in an enormous number of
forms and features in almost all conceived environments
and also characterized by adaptation. Despite all the ex-
isting diversity, all living organisms share a feature in
common: they all have a similar genetic system.

The genome of any specie is its complete set of genetic
instructions, and all genomes are encoded in nucleic acids
(DNA and/or RNA). The way of encoding the genetic
instructions between species is in the same format and, in
rare exceptions, the code is identical.

These common features of heredity prove that all life
on Earth arose from the same primordial ancestor billions
of years ago. Like this, we can say that life’s diversity and
adaptation through the years are products of evolution.
Some authors describe evolution as a two-step process: in
the first one, the differences are inherited and arise in a
randomly way; then, the individuals with particular dif-
ferences increase or decrease. In other words, the genetic
recombination of genes gives rise to different features; in-
dividuals who express these features may have advantage
in some type of habitat (increasing its population) and
individuals without those features will not survive (de-
creasing). Therefore, genetic variation is the foundation of
all evolutionary change and is ultimately the basis of all
life as we know it.

The gene is known to be the fundamental unit of hered-
ity encoding the genetic information. This genetic infor-
mation is transformed in proteins that will express the
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encoded characteristics. Fig. 1 represents an example of
a gene located in chromosome 1 of humans. Its precise
location is given by the blue arrow. As we may see, one
chromosome can contain several genes although they're
not all of the same type. 1% express proteins (exons) and
99% express regulatory functions for genetic operations
(introns).
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Figure 1: Schematic representation of human chromosome 1 and
CHIT1 gene on chromosome 132 locus.

It is important to understand for our work, that there
are genic sequences and intergenic sequences, and in the
genes, there exists introns and exons. Exons are also called
protein-coding regions because they give instructions in
order to produce a functional element. In Bioinformatics,
one of the most common tasks involve the prediction of
these exonic regions for a wide variaty of studies. The ge-
netic information is carried in DNA, in chromosomes, that
is transcribed to RNA to be, then, translated in proteins
(Fig. 2).

*** GTGCATCTGACTCCTGAGGAGAAG *** A
+++  CACGTAGACTGAGGACTCCTCTTC +++

\L (transcription)
+++  GUGCAUCUGACUCCUGAGGAGAAG +-» RNA

TITITILT o=

V-H L T P E E K - protein

Figure 2: Central dogma of biology - from DNA to RNA to proteins.

DNA is composed by four nucleobases: A (Adenine),
C (Citosine), T (Timine) and G (Guanine); while RNA, in
other hand, is composed by A (Adenine), C (Citosine), U
(Uracil) and G (Guanine). The translation of RNA into
proteins is done based on the genetic code.

In order to find similarity regions between two dif-
ferent sequences of DNA, RNA or proteins there is the
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technique of sequence alignment. The alignment is made
between a known sequence and an unknown sequence.

Pairwise Sequence Alignment is used to identify re-
gions of similarity that may indicate functional, structural
and/or evolutionary relationships between two biological
sequences (protein or DNA or RNA).

By contrast, Multiple Sequence Alignment (MSA) is
the alignment of three or more biological sequences of
similar length. From the output of MSA applications, ho-
mology can be inferred and the evolutionary relationship
between the sequences studied.

Molecular phylogenetics is the study of evolutionary
relationships. It analyses the genetic, hereditary molecu-
lar differences, predominately in DNA sequences. This
process helps us to gain information on an organism’s
evolutionary relationships. From these analyses, it is pos-
sible to determine the processes by which diversity among
species has been achieved. The result of a molecular phy-
logenetic analysis is expressed in a phylogenetic tree. The
first phylogenetic tree was scratched by Charles Darwin
when he wrote his book about the evolution of species

(Fig. 3).

J Hntr

q

Figure 3: Charles Darwin first phylogenetic tree.

Phylogenetic trees show the evolutionary relationships
among various biological species or other entities—their
phylogeny. The tree in Fig. 4 is showing the three life
domains: bacteria, archaea, and eukaryota. The black branch
at the bottom of the phylogenetic tree connects the three
branches of living organisms to the last universal common
ancestor.
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Figure 4: A rooted phylogenetic tree.

Computational phylogenetics is the application of com-
putational algorithms, methods, and programs to do phy-
logenetic analyses. The goal is to assemble a phylogenetic
tree. The main methods are:

e UPGMA (Unweighted Pair Group Method with
Arithmetic mean);

o Maximum likelihood;
e Bayesian Inference

In order to computationally analyze DNA sequences,
they need to be sequenced. This means to determine the
sequence of nucleotides (As, Ts, Cs, and Gs) in a piece of
DNA and then determine all the genome sequence. For in-
stance, the human genome was completed in 2003, after a
many-year, international effort. Nowadays, the technology
of sequencing is much more advanced and less expensive,
although it remains a complex task. It requires break-
ing the DNA of the genome into many smaller pieces,
sequencing the pieces, and assembling the sequences into
a single long “consensus.”

The technology consists of marking nucleotides with
dyes of fluorescence intensity, that will cross a “finish line”
at the end of the tube and will be illuminated by a laser,
allowing the attached dye to be detected. Thus, from the
colors of dyes registered one after another on the detector,
the sequence of the original piece of DNA can be built up
one nucleotide at a time. The data recorded by the detec-
tor consist of a series of peaks in fluorescence intensity, as
shown in the chromatogram above. The DNA sequence is
read from the peaks in the chromatogram.

Next-generation sequencing, also known as high
throughput sequencing enabled researchers in the past
few years to gather large ammount of genomic data at a
relatively low cost. This led to a quick advancement of
research tools to extract information from this data.
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1. NUMERICAL REPRESENTATIONS OF
BIOLOGICAL SEQUENCES

In order to compute signal processing techniques into bio-
logical sequences, we have to first convert the alphabetic
DNA base code (A,1,G,C) into numerical values. There
are three main groups of methods of numerical repre-
sentations, fixed mapping methods or simple numerical
representations, physico-chemical based property based
mapping and at last, statistical based property mapping
representations [6].

The first group the DNA sequences are converted into
a series of arbitrary numerical sequences. This is the
most simple type of representation as that a substitution is
made in the four nucleotides, each with its own mapping
of numbers. It constitutes the following main schemes:

* Voss representation;

® 2 bit binary.
The first group includes the transformation of a DNA se-
quence in which each of the nucleotides is represented
by four numerical values of zeros and ones, where the
position of the one in the four total defines that nucleotide.
The 2 bit binary represent models of substitution based on
replacing a nucleotide with a specific number. 2 bit binary,
for instance, replaces each of the nucleotides A, T, G and
C with the following numerical code: 00, 01, 10 and 11
respectively [7].

The second group, based on physico-chemical proper-
ties entices methods such as:

PDF.js viewer

e Genetic Code Context (GCC);
e Electron-ion interaction potential (EIIP);
e Atomic number.

These models are based on physico-chemical properties
of each of the nucleotides, each of the models replaces
the DNA base letter by a corresponding biophysical or
biochemical property, accounting for atomic number or
the potential of interaction of electrons and ions in the
molecule based on the nucleotide. The numbers were
previously established via biological studies.In the most
general terms, GCC takes the context of coding frames
within DNA by transforming the indicator sequence ac-
cording to the amino acids, corresponding to the triplets
of DNA, properties of hydrophobicity, described by an
unique complex number [6].

The final representation is the statistical based char-
acteristics including as an example the frequency of nu-
cleotide substitution (FNO). We will not describe this final
group of methods, but it should be noted for anyone who
aims to start a project in GSP. FNO approaches the DNA
sequence based on the bases’s frequency of occurance in
the different datasets [6].

In this work, we decided to go for the EIIP represen-
tation for two main reasons. The first reason is that most
authors state the results to be more accurate, and the sec-
ond based on personal opinion, the representation of the
biological sequences via a biological property seems to us
to be more correct.

Nucleotides A T G C
Vo Represett i 0001 0010 0100
tation

2 bit binary 00 01 10 11
EIIP conversion  0.1260 0.1335 0.0806 0.1340
Atomic number 70 o6 78 58

conversion

Table 1: Most common numerical representations of DNA sequences used.

https://ucloud.utad.pt/index.php/s/8khqUTNZpOcpNIS#pdfviewer

139/152



09/08/2021

of an intron

#

§ u)u‘w.a'w.LJM-‘Jhr.te-AwJJJuﬁiL(‘;LW. -a\'q'x-‘u-i.u#.’«,Lm-iﬁ“.wm,
] 100 200 300 400 500
f(Hz)

PDF.js viewer

of an exon

1P
w

1 ‘ ‘

0 ?IA*.‘H‘&HL:H‘M,Jk | '\*(ﬁ"n‘lﬂa"lfﬁ'm‘.W‘m'llﬂwjl"

J | ‘

l sl L\».\i |

o 100 200 300 400 500
f{Hz)

Figure 5: MK541389.1 spectrum (on the left) and GU571285 spectrum (on the right).

IV. ProteIiN CODING REGION PREDICTION

Base sequences that produce mRNA, that consequently
translate into amino acids via rybosomes, are called
protein-coding regions or exons. The signal conversion
of the DNA sequences that are protein-coding typlically
exhibit the so called period-3 periodicity. This periodic-
ity is present on the majority of exons of eukaryotes [8].
There is not to this day a detailed explanation to why the
protein coding regions present this component, but some
authors theorize that the cause is a nonuniform codon
usage, named codon bias. A codon bias is a concept that
explains the nonuniform probabilities that codons are used
within a sequence [9].

Due to this periodicity, techniques in DSP can often be
used to detect exons, by computing the discrete fourier
transform (DFT) of the DNA signal. This transformation
allows the signal in time domain to be converted into the
frequency domain, causing a facilitated perception on the
presence of the 3-base periodicity. Many authors confirm
that it is the case with the spectrum of the protein-coding
sequence exhibiting a peak in the region 27r/3 [10].

In our implemented algorithm we performed the fast
fourier transform (FFT) by the given MATLAB function fft
available with the Digital Signal Processing Toolbox, on
two sequences: an intronic (acession number: MK541389.1)
and exonic sequence (acession number: GU571285), both
retrieved via Genbank with the use of the MATLAB func-
tion getgenbank, provided with the Bioinformatics Toolbox.

It was expected that we see a peak in the 277/3 in the
exonic region and absent in the intronic sequence. Our re-
sults displayed in Fig. 5 again confirm what many authors
had previously confirmed.

In sequences that contains both introns and exons, a
possible way to detect exons is to perform a windowed
fourier transform. The window size is selected and we can
obtain the fourier spectra from different portions of the
DNA sequence, being able to isolate exonic regions this
way [11]. This can be performed with use of the MATLAB
function (DSP Toolbox) stft (short time fourier transform).
However, we can also isolate exonic regions by applying
digital filters. The main objetive is to isolate the 277/3
region of the DNA spectra.

When exploring digital filters, we have to properly
choose a filter adequate for a specific problem [9]. There
exists two main groups of filters, the FIR (finite impulse
response) filter and the IR (infinite impulse response) fil-
ter. IR filters are often used in these types of problems
due to their high speed, but being less overall accurate
[12]. The classification of IIR filters are based on the
equivalent analog filter approximation into Butterworth,
Bessel-Thomson, Elliptic, type I Chebyshev and type 11
Chebyshev or Inverse Chebyshev [6]. We decided to follow
[6] filter design. The authors explain that their selected
filter Inverse Chebyshev works well because of its high se-
lectivity, enabling a low-order filter and because it does not
display undulations in the passband amplitude response

[6].
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Figure 6: Use of digital filters to identify exonic regions from Homo sapiens distal-less homeobox protein (DLX3) gene (acession n”: AF028233).

The filter is applied by using a technique known as
zero-phase filtering. This is applied because IIR filters nor-
mally have a phase response delay. In order to correct this
using the function filtfilt from the DSP toolbox, zero-phase
filtering is applied. To measure the power levels pf the
signals, a power computation is also applied, squaring the
signal amplitude [6].

At last, the Savitzky-Golay filter was used to remove
the background noise, enabling a more precise and more
smoothed signal [6].

Qur results are shown in Fig. 6 where the peaks repre-
sent detected exons. For comparison, We used the bioin-
formatic tool Genscan to predict the exon positions and
we plotted (striped red) those regions. The peaks do not
precisely match but they are obviously correlated with
the results. A more accurate detection was to be lead by
a more accurate choice of filters and a more optimized
set of filter parameters (filter order, stopband attenuation,
passband attenuation).

V. PHYLOGENETIC ANALYSIS

Molecular phylogenetic analyses allows to infer evolution-
ary relationships between sequences of DNA [13]. For
this objective to be accomplished the sequences have to be
compared based on their distance. There are two groups
of methods to compare biological sequences, alignment
methods and alignment-free methods. The first is a well
established group of algorithms that align the sequences.
The most common and well explored method is multiple
sequence alignment (MSA)[14]. There are a lot of algo-

rithms used for this, each differing in the algorithm but all
striving for the same goal, align more than two sequences.
Most popular MSA algorithms include ClustalW, T-Coffee
and MAFFT [15, 16].

This work will focus on alignment-free methods, one
that uses DSP approaches. Our algorithm based on
Changchan et al work in [17], computes the discrete fourier
transform of the DNA signals and proceeds to calculate
the euclidean distances between each point of frequency
from each sequence to another. Our study case involved 25
sequences of different strains of the Influenza A virus re-
trieved from Genbank. Our goal is to, therefore construct
a phylogenetic tree involving the 25 sequences based on
their DNA spectra.

After computing the euclidean distances, the result is
a distance matrix. With this as input we are already able
to construct a tree based on distances. One of the phylo-
genetic tree construction methods is the known UPGMA.
Using the seglinkage from the bioinformatics toolbox we
get the results depicted in Fig. 3 on the left. We also per-
formed the same phylogenetic tree construction but with
sequence comparison based on MSA. We used ClustalW to
perform the alignments and then proceeded to construct
the tree based on UPGMA Fig. 7 on the right. Both trees
are similar proving that, generally, the methodology in
GSP works well. The trees differ slightly which is nor-
mal, since different methods produce slight changes to the
tree. We also wanted to compare the produced tree with
statistical-based construction of trees such as maximum
likelihood and bayesian inference. The programs RAXxML
and Mr. Bayes were both used for maximum likelihood
and bayesian inference estimation, respectively.
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Figure 7: Comparison, side by side, of DFT based UPGMA (left) and multiple sequence alignment UPGMA (right).

Results show the tree also resembles the RAXML and
Mr. Bayes produced trees, shown in Fig. 8. In our code
we also implemented a different type of DNA numerical
representation to evaluate the final tree. We still converted
the DNA sequence based on EIIP model, however, we
then proceeded to perform a convolution between the
numerical sequence and a mean kernel of size 3. This is
known as moving average filtering. We then evaluated the
final tree and we got slightly different positions, but most
accurately matching RAXML and Mr. Bayes produced
trees. We cannot by this prove that this method is valid,
since it would require more tests on different sequences,
more sequences, different algorithms and different tree
construction methods. Be that as it may, while in problems
like gene prediction we want accurate data, to correctly
predict exonic regions in the genome, in phylogenetic
analysis the generalization in order to compare sequences
may be advantageous when coupled with already-existing
algorithms.

VI. FiNAL REMARKS

In this work we explored the realization of DSP techniques
into Bioinformatics topics like gene prediction and phylo-
genetic analyses. Other concepts we could have explored
instead was motif discovery and DNA long-range auto-
correlations. A motif is a pattern in a DNA sequence with
a specific function, while correlation between sequences
can reveal more hidden patterns Though these techniques
explore already existing and well defined algorithms, pro-
grams that work with signals being in time domain and
specially in frequency domain tend to be much less com-
putationally costly. Besides this, DNA signal spectra can
reveal hidden features existing in DNA, like the 3-base
periodicity. Techniques in GSI” have the potential to com-
plement bioinformatic algorithms by providing a less com-
putational cost and provide support and information that
can help in ultimately reaching the main goal. We hope
revision works like this and the developments in both DSP
and Bioinformatics will attaract more research into more
topics in the promising field GSP.
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1. INTRODUCAO

Modelar e identificar sistemas € uma tarefa muito abrangente de grande importancia em varias areas,
tals como o controlo de sistemas, as comunicacdes ou o processamento de sinal. Mesmo fora das
tradicionais disciplinas de engenharia, quando estudamos sistemas sociais econémicos ou biolégicos,
a modelacio continua a ser relevante.

2. SISTEMAS ADAPTATIVOS

Existem varias definicdes de sistemas adaptativos. Em seguida passamos a enumerar algumas delas
em varios contextos:

O acto de adaptar; estado de estar adaptado; (Biologia): qualquer alteracio na estrutura ou fincdo de
um organismo ou uma parte desse organismo que resulta de uma seleccio natural a partir da qual
esse orgamismo fica melhor adaptado a sobreviver ou a multiplicar-se no seu ambiente;
(Oftalmologia): a regulacio da pupila no sentido de controlar a quantidade de luz que entra no olho;
(Sociologia): a lenta e normalmente inconsciente modificacio de actividade social do individuo que
estd a ser aculturado; (Fisiologia): a adaptagio dos érgios responsaveis pelos sentidos humanos viséo,
tacto, olfacto e audicio, as modificacdes constantes das condicdes ambientais.

Apesar da maior parte destas definicdes se referirem a adaptacio em sistemas naturais, o conceito
pode ser transportado de igual forma para sistemas adaptativos artificiais, ou seja, construidos pelo
Homem.

Um autémato adaptativo é um sistema cuja estrutura é alteravel ou ajustavel no sentido de melhorar
a seu comportamento e performance de acordo com um dado critério. Temos como exemplo um
sistema de controlo automatico do ganho usado nos receptores de radio ou televisio onde a sua
funciio é ajustar a sensibilidade do receptor inversamente 4 poténcia do sinal recebido, ou seja, se o
sinal chegar com um nivel de poténcia insuficiente o ganho deve ser de tal forma que na saida nio se
note esta caracteristica de entrada.

Os sistemas adaptativos, normalmente tém algumas das seguintes caracteristicas:

- Podem adaptar-se automaticamente face a mudancas ambientais ou mudancas nos requisitos do
sistema;

- Podem ser tremados para realizar tarefas especificas, ou seja, os sistemas adaptativos podem ser
programados por um processo qualquer de tremo;

- Podem extrapolar um modelo de um comportamento de forma a reagir a novas situacées depois de
serem treinados para tal;

- No lLmite podem-se auto-reparar (corrigir), ou seja, podem adaptar-se a certos tipos de defeitos
internos;
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- Normalmente sdo descritos como sistemas nio lineares cujos parimetros variam com o tempo;

- Na maior parte dos casos sio mais complexos e dificeis de analisar do que os sistemas nio
adaptativos mas oferecem reais potencialidades no aumento da performance quando as
caracteristicas do sinal de entrada sdo desconhecidas e variam no tempo.

2.1. UM MODELO LINEAR ADAPTATIVO

O diagrama da figura 1 apresenta a forma genérica de um modelo adaptativo linear.

Fig.1: Forma genérica de um modelo linear adaptativo

Existe um sinal de entrada com elementos X, Xy, ..., X;, um conjunto correspondente de pesos
0 >15 1> 1 32

W, Wy, ..., W;, uma unidade de soma e uma saida tinica Y. O acto de adaptar, consiste no ajuste

dos pesos de forma a identificar um sistema.

Os elementos correspondentes ao sinal de entrada podem ser visto de duas maneiras:

- Cada entrada pode ser correspondente a diferentes sinais de entrada. (exemplo: sistema de deteccio
acustico onde cada linha de entrada é conectada a um sensor em separado).

- Os elementos X, X, ..., X;, podem ser as L+1 amostras de um sinal de entrada.

No nosso trabalho considerou-se o segundo caso (como na figura 1) em que o sinal de entrada é
aplicado ao sistema desconhecido e ao sistema adaptativo, como no ponto 4 deste trabalho vamos
verificar.

Se quisermos representar um sistema real com ruido através de um modelo temos que acrescentar o
sinal d,. a fioura 1.

Fig.2: Forma genérica de um modelo linear adaptative com ruido
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Pela figura 2 temos que o sinal de erro é dado por,

ey :dkak.

Substitumndo Y, e tomando como estimativa do gradiente o erro quadratico médio [2], temos

MSE = §:E|:£‘2i| :E[dﬁ%WTRWJPTW .

Verificamos entdo, que o £ é uma funcio quadritica das componentes dos pesos W quando as

componentes de entrada e a saida desejada sdo varidveis estaciondrias estocésticas.

Na figura 3, representa-se uma superficie quadritica bidimensional que pode servit de abstraccio a

pesqusa do valor optimo para os pesos do filtro adaptativo. Por simplicidade perceptual,
consideram-se apenas dois pesos.

Fig.3: Paraboloide correspondente a pesquisa de solucdo

No eixo vertical representa-se o erro quadratico médio e no plano horizontal os valores dos pesos.
Esta superficie designa-se paraboloide e se existissem mais pesos seria um hiper-paraboléide. A
concavidade € voltada para cima pois de outra forma resultariam valores de pesos com erro
quadratico meédio negativo, que se traduz numa impossibilidade para sinais fisicos reais. O ponto
minimo do paraboloide é projectado no plano dos pesos, e w* é o ponto dptimo ou seja, o ponto
onde o MSE é minimo. Na figura 4 verificamos a evoluciio do gradiente ao longo da supertficie do
paraboldide a partir do ponto optimo neste caso colocado no meio da figura 4.

Fig.4: Evolucio do gradiente ao longo da superficie do paraboloide
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Nota-se clatamente que no ponto 6ptimo (correspondente ao meio da figura) o gradiente é minimo.
De refenir ainda que para esta superficie quadratica existe apenas um minimo global, nio existindo
por conseguinte minimos locais.

3.FILTROS DIGITAIS

Uma definicio possivel para um filtro digital € a seguinte:

- Um filtro digital é wm sistema discreto projectads para deixar passar o conterido espectral de wm sinal de entfrada
numa determinada banda de frequéncia.

As tarefas desempenhadas pelos filtros podem ser do tipo:
4 Filtragem - Extraccio de informacio no instante n nsando dados medidos até esse instante.
4 Alisamento - Utilizacio de informacio passada ou futura para calcular a saida presente.
4. Predigdo - Uso da informacio passada para predizer o valor que tomara no futuro.

3.1. Filtros digitais do tipo FIR e IIR

Os filtros digitais, devido as suas caracteristicas de resposta impulsiva, podem ser classitficados em
filtros FIR (Finite Impulse Response) e filtros IIR (Infinite Impulse Response), ou seja, de resposta
ao Impulso finita e infinita respectivamente. Podem-se amnda subdividir em recursivos e nio
IeCUrsivos.

Os filtrtos FIR, correspondem a sistemas néo recursivos, sdo sempre estivels e causals, e
normalmente apresentam caracteristicas de fase linear. Os filtros IIR siio recursivos, podendo ser
instaveis e nio causais.

Para as mesmas especificacdes, os filtros FIR onginam sistemas de ordem superior aos filtros TIR,
sendo portanto necessirio um maior nimero de operacSes aritméticas na sua realizacio quando
comparamos com os filtros IIR. Por outro lado, o efeito dos erros de quantificacio € mais
significativo nos filtros ITIR.

O comportamento dum sistema continuo, linear e mvariante no tempo, pode ser aproximado pela
equacio diferencial no dominio do tempo:

N1 M
b i ;
YO+ Y ay @)= ()
=0 =0
O seu comportamento no dominio da frequéncia faz-se para a sua funcio de transferéncia,
calculando a transtormada de Laplace, através da varidvel complexa s=jw, definida por:

H(s)=

¥is F st
Y((s)) = [:[Oh(f)z dr

A representacdo discreta dum sistema continuo, linear e invariante no tempo, origina um sistema
discreto linear e invariante, caracterizado pela equacio as diferencas:

]+ Z a.y[n—i]= gb’ xln—i

Normalmente, os filtros sio descrtos pela sua equacdo as diferencas ou a versao discreta da
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transformada de Laplace ou seja, a transformada Z. Assim, para os filtros IIR, temos:

M
ak.Z*
yln]= Zak xn- k]+Zbk yln-k] = Hiz)=—=2——
k=L I—Zbk.sz
=

Do mesmo modo para FIR:
Zbkxn k]=Hlz Zakz *

3.2. Sintese de filtros

A sintese de filtros digitais faz-se usando varios métodos, sendo estes diferentes tratando-se de filtros
FIR e ITIR.

Os coeficientes dos filtros IIR podem ser obtidos através das caracteristicas dos filtros analégicos
correspondentes segundo varios métodos, nomeadamente, a conservacdo da resposta mpulsiva, a
transformacio bilinear e pela localizaciio de pélos e zeros da funcio de transferéncia. Porém, embora
simples, este ulimo método nao é indicado para filtros mais complexos, devido aos efeitos dos erros
numéricos na localizacio de pdlos e zeros. O método mais usual é o método da transformacio
bilinear.

Os filtros FIR ndo podem ser obtidos pelas aproximacdes utilizadas nos sistemas continuos, dado
que ndo existem sistemas analogicos com resposta impulsiva finita. A resposta impulsiva dos filtros
FIR € definida em (*). Para sintese dos filtros FIR usam-se, geralmente, o método dos minimos
quadrados (LMS) ou o método das janelas, para truncatura da resposta impulsiva [3.4].

4. FILTROS ADAPTATIVOS

Os filtros adaptativos podem ser usados para modelar sistemas, ou seja, imitar o comportamento de
um sistema fisico dindmico normalmente visto como uma caixa negra com uma ou virias entradas e
também uma ou varias saldas.

Modelar um sistema dinamico com um filtro adaptativo que tem uma entrada e uma saida pode ser
traduzido pelo diagrama de blocos representado na fioura 5.

p [
sistema saida
eniradia desconhecido
X o— 4 v - .
Modelo (—;\
adaptativo # U

/ erro

Fig.5: Modelo adaptativo

Por analise da figura 5, podemos verificar que o sinal de entrada é aplicado tanto ao sistema
desconhecido como ao modelo adaptativo. Este ajusta-se por forma a que a sua saida Y, se
assemelhe a saida do sistema desconhecido d;. Esta tarefa pode ser realizada tendo como critério o
método dos minimos quadrados [1,5].

Se 0 modelo adaptativo for um filtro, normalmente representa-se pelo diagrama de blocos da figura

6.
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entrada
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Fig.6: Diagrama dum filtro adaptativo

O sistema adaptativo deve ser flexivel e ter os graus de liberdade necessarios (ajuste de pesos) de
forma a que a aproximacio seja o mais perfeita possivel. Quando isto acontece, o sistema adaptativo
passa a ser o modelo do sistema desconhecido que se pretendia identificar.

O ruido faz mevitavelmente parte de qualquer sistema realizavel. Assim a funcdo desconhecida que
queremos modelar tem internamente ou externamente forcas aleatérias que perturbam a sua accio,
ou seja, € afectada de ruido. Na figura 7 apresenta-se o diagrama de blocos que realiza a identificacio
de um sistema desconhecido afectado por mido com um filtro adaptativo.

s1stemar saida
P desconhecido
X o— 4
Modelo %
i adaptativo

% -

Fig.7: Modelo adaptativo com ruido

Quando um modelo adaptativo tem a flexibilidade suficiente, a sua saida assemelha-se a resposta
dinimica da saida do sistema desconhecido a menos do ruido que na figura 7 € representado por ny.
Este tipo de disturbio é normalmente representado por ruido aditivo e descorrelacionado com o
smal de entrada. Se o modelo adaptativo for capaz de ajustar os pesos minimizando o erro
quadritico médio, a solucio final nio vem afectada de ruido. Isto nido quer dizer que a convergéncia
do processo iterativo adaptativo, ndo sofra alteracdo, mas sim que o vector final dos pesos depois da
convergéncia nio esta afectado pelo ruido introduzido.

5. O METODO DOS MINIMOS QUADRADOS (LMS)

Existem varios métodos para encontrar o ponto minimo da superficie da figura 3. Por exemplo os
métodos de Newton's e Steepest-descent encontram o ponto optimo para os pesos necessitando
para isso de estimar o gradiente em cada iteracdo no sentido de encontrar o melhor caminho para o

ponto minimo [1,2]. A estimacio do gradiente nestes métodos §=E[E,‘é}, é normalmente feita

fazendo estimas de diferencas médias de 912; ;
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O método dos minimos quadrados, usa uma estimativa especial para o gradiente que é valida para o
modelo linear adaptativo que se apresentou na figura 2. Ou seja,

_ K
ey —dkfi«\ka.

Neste caso, toma-se o proprio erro 912; como um valor estimado para ;fk facto este que simplifica

em grande parte o algoritmo ja que a tarefa de estimar o gradiente em cada iteracdo noutros métodos
é normalmente complicada.

Temos entido que em cada iteracio do processo adaptativo, a estimacdo do gradiente é da forma

E.t:é 85,

Ty WT

Vies| =25 1 |=2aX,.
o g |
W, ow |

Assim, o algoritme em cada iteracdo adapta os pesos W pela equacio

Wiy 1= W -4V

A convergéncia do algoritmo encontra-se bem descrita em [2] e prova-se que o parimetro W deve
pertencer ao intervalo

1
O<p<s—,
S T

onde o parametro ‘p’ é a poténcia do sinal

6. APLICAGCAO

Desenvolven-se uma aplicacio em MatLab — versdo 6.5 que identifica os dois tipos de filtros acima
referidos. Existemn quatro funcgoes que se apresentam em anexo A que realizam esta tarefa.
Consideram-se alguns pardmetros fixos por simplicidade de andlise da simulacio. Este facto nio
implica perda de significancia na qualidade dos dados obtidos.

7. CONCLUSOES

As figuras obtidas pelas simulacdes apresentam-se em anexo B.

Verificamos que os sistemas FIR sdo mas ficeis de identificar quando comparados com os IIR, para
as mesmas condicdes. Este facto deve-se a caracteristica mfinita da resposta impulsional dos IIR, e
para além disso pode verificar-se que nos extremos do filtro a identificacdo € mais complicada do
que para outros quaisquer pontos.

A existéncia de ruido faz com a identificacio se torne mais complicada como seria de esperar. Apesar
da convergéncia ser normalmente afectada, o valor final pode ser préxime do optime dependendo
principalmente das caracteristicas do ruido. Fizeram-se virias experiéncias e apresentam-se os
resultados para dois valores de ruido.

Concliimos que a simplicidade do método LMS torna-o facil de implementar num computador pois
a estimativa do gradiente em cada iteracdo é simplificada. Se o sistema adaptativo é um sistema
adaptativo linear, se a entrada X, e a saida d; forem conhecidas em cada iteracéo o algoritmo LMS é
na maior parte das vezes a melhor escolha para as diferentes aplicagoes existentes no processamento
de sinal adaptativo.
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