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ABSTRACT

Turkish songs processing with the speech recognition method is the goal of this project. Speech
recognition was a curiosity whether it is possible or not to be realized but nowadays it is used in wide
range applications from safety systems to funny games. By speech recognition success, it is desired to
construct a “karaoke” system. Project included both hardware and software realization of the system
but SONY ® did not reply to my e-mails which are about this project so it was impossible to realize

hardware part. This project includes software realization.

Karaoke is a form of interactive entertainment or video game in which amateur singers sing along
with recorded music using a microphone and public address system. The music is typically a well-
known pop song. Lyrics are displayed on a video screen, along with a moving symbol or changing
color to guide the singer. Karaoke is a very popular game between young people. The entertainment
industry is very important and the karaoke charms the boss with its portion in the market. In this
project, a karaoke system is constructed and as different the singer gets a point at the end of the song.
The score is given according to the performance of singer and this performance is evaluated by speech

recognition algorithm.

There are several developed techniques in digital communication for Automatic Speech
Recognition (ASR). These techniques are developed by using different features of human voice. The
speech is a continuous time signal and it is necessary to digitalize it with an appropriate sampling rate
in order to be processed by a digital processor. There are lots of factors must be taken into account to
develop ASR systems such as vocabulary size, if the system speaker dependent or speaker

independent, if the ASR is required to recognize isolated words or continuous speech, and so forth.

In this project, the goal is to realize an ASR system which is speaker independent and is required to
recognize isolated words. Word numbers is an important factor and the system performance decreases
when the vocabulary size increases. And also the sickness, possible stress of the human, and noise

interference affect the system performance.

Lots of factors affect performance of the system so it is hard to construct a perfect speech
recognition system. It is important to train all factors and analyze the behavior of system against these

factors. The algorithm should give the optimum result under all of these undesired conditions.



OZET

Bu projenin amaci Tiirkge sarkilarin ses tanima yontemi ile islenmesidir. Ses tanima gegmiste
miimkiin olup olmadig1 merak edilen bir konuydu ancak gliniimiizde giivenlik sistemlerinden eglenceli
oyunlara kadar bir¢ok uygulamada kullanilan bir yontem olmustur. Ses tanimanin gergeklestirilmesi
yardimiyla bir “karaoke” sistemi gergeklestirilmek istenmistir. Projenin amaci bu sistemi hem
donanimsal hem de yazilimsal olarak gerceklestirmekti ancak SONY ®, PS3 oyun konsolunda
sarkilarin nasil secildigi konusunda gondermis oldugum e-postalara cevap vermedigi i¢in bu proje

sadece yazilimsal olarak gerceklestirilmistir.

“Karaoke” amatdr sarkicilarin ekranda gordiikleri sarki sozlerini sdyleyerek eglendikleri bir
oyundur. Sarki genelde yaygin olarak bilinen pop miizik tiiriinden segilir. Sarki soézleri ekranda
gosterilir ve sarkinin zamanlamasina uygun olarak kelimeler degiserek sarkiciya sarkiyr nasil
sOylemesi gerektigi konusunda rehberlik eder. Eglence sektoriiniin piyasada biiyiik bir pay1 oldugu
gliniimiizde, gengler arasinda ¢ok yaygin olan bu oyun patronlarinda dikkatini ¢ekmektedir. Bu
projede “karaoke” oyununa ek olarak oyunun sonunda sarkicinin performansina gore puan
verilmektedir. Bu performansin basarisina projede yapmis oldugum ses tanima sistemi karar

vermektedir.

Insan sesinin farkli 6zellikleri kullanilarak otomatik ses tanima igin birgok farkli teknik
gelistirilmistir. Ses siirekli bir sinyaldir ve dijital bir islemci tarafindan islenebilmesi igin uygun
ornekleme frekansiyla dijitale ¢cevrilmelidir. Otomatik ses tanima sistemlerinde kelime sayisi, sistemin
konugmaciya bagli olup olmadigi, ne tiir konusmalarin anlasilmak istendigi gibi dikkat edilmesi

gereken birgok d6zellik vardir.

Bu projede amag¢ konusmacidan bagimsiz ve yalitilmis kelimeleri taniyan otomatik ses tanima
sistemini gergeklestirmektir. Kelime sayis1 sistem performansini etkileyen en onemli faktorlerden bir
tanesidir ve kelime sayisiyla basar1 orami ters orantilidir. Ayrica hastalik, insanin stresli olmasi,
mikrofona olan uzaklik ve ortamdaki giiriiltiide sistemin performansini olumsuz etkileyen

faktorlerdendir.

Sistemin performansini etkileyen bir¢ok faktdr oldugu igin hatasiz bir ses tanima sistemi
gerceklestirmek oldukga zordur. Bu yiizden sistem biitiin bu faktorlerle ayr1 ayri denenmeli ve
herbirine verdigi tepki incelenerek bunlar giderilmeye caligtimalidir. Onemli olan tiim istenmeyen

kosullar altinda en iyi performansi verebilecek olan sistemi ger¢eklestirmektir.
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