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Chapter 1 
Introduction  

 
 

1.1 Introduction 
 
 The project that is going to be done consists on the development of software 
which will be used on the segmentation and extraction of the basic characteristics of 
signals coming from the infants’ crying. In addition, a web application will be 
implemented in order to gather more crying files for its subsequent analysis and 
processing. The information about the crying file sent via form by the clients will be 
also processed and stored in a data base. 
 

1.2 Equipment used 
 

Most of the work and development of the software for the signal processing part 
has been programmed and tested on a PC with a Pentium IV 3GHz microprocessor. For 
the implementation of the web application, a laptop with a Pentium IV and 3 GHz 
microprocessor has been used. The software needed for the development of the whole 
project is the following: 

 
 Matlab R16 7.1: Used to implement the segmentation algorithms and to 

extract the main characteristics of the audio signals.  
 
 Eclipse SDK 3.3: It has been used to implement the JSP files of the web 

application and to generate the source code to put in the web server. 
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 Apache Tomcat 5.5: Server installed in the laptop used for testing the 

web application. 
 

 PSPad Editor: Used for the development of the web pages. 
 

 MySQL Server 5.0: Data base installed in the laptop used for the storage 
of the data during the testing sessions. 

 

1.3 Work structure 
 
 Chapter 1: Introduction 
 In this chapter, a brief introduction of the project within the equipment and 
software used for the development of it is expounded. Also, the structure of the work is 
explained in order to make the reading easier.  
 
 Chapter 2: Description of the work 
 This chapter explains on detail the design and development of the project. It is 
divided in two main parts. The first one, section 2.1, consists on the development of a 
web application. It starts with an introduction with the state of art of the technologies 
used for web application design on section 2.1.1. Also technologies used in this 
particular application are also described, such as JDBC. Section 2.1.2 describes how the 
web application has been developed, and it is divided in three small parts: web page jsp 
(2.1.2.1), jsp engine (2.1.2.2) and data base (2.1.2.3). The second big part of the project, 
section 2.2, consists on signal processing. The aim of this part is the segmentation and 
extraction of the main characteristics of signals coming from infants crying. The section 
begins again with an introduction about the state of art on speech recognition, analysis 
and segmentation of audio signals. This is section 2.2.1. In section 2.2.2 four different 
algorithms are implemented in order to achieve the aim proposed, to finally come out 
with one from which the results and conclusions are taken. These two last sections are 
2.2.3 and 2.2.4. 
 
 Chapter 3: Conclusions 
 In this chapter the conclusions obtained about the work developed in this project 
are written. The segmentation algorithms are explained and their main advantages and 
disadvantages are remarked. The purpose of the web application can also be found in 
this chapter. 
 
 Chapter 4: Code 
 This chapter contains the main parts of the code developed for the whole project. 
It starts with part of the code implemented for the creation of the web application (4.1). 
This section is divided in three shorter sections explaining the code implemented for the 
web page (4.1.1), the JSP file responsible for the whole application (4.1.2) and the code 
implemented to communicate with the data base allocated in the server (4.1.3). After 
explaining the code for the web application, the functions implemented in order to 
segment and extract the main characteristics of the audio files are shown. The four 
functions implemented are explained on detail in sections 4.2.1 to 4.2.4. 
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 Chapter 5: Budget 
In this chapter the costs associated to the development of the project are 

explained in two different sections, material costs (5.2) and personnel cost (5.3), to 
come up with the total costs on section (5.4). 
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Chapter 2 
Description of the work 

 
2.1 Web application 
 
2.1.1 State of art and description of technologies used 
 

Earlier in client-server computing, each application had its own client program 
and it worked as a user interface and need to be installed on each user's personal 
computer. In web applications we mostly use HTML/XHTML which is mostly 
supported by all the browsers and web page is displayed to the client as a static 
document.  A web page can display static content and it also lets the user navigate 
through the content, but web applications provide more interactive features.  

 
Any computer running Servlets or JSP needs to have a container. A container is 

piece of software responsible for loading, executing and unloading the Servlets and JSP. 
While servlets can be used to extend the functionality of any Java- enabled server, they 
are mostly used to extend web servers, and are the efficient replacement for CGI scripts. 
CGI was one of the earliest and most prominent server side dynamic content solutions, 
so first of all, the main differences between CGI and the Servlets will be explained. 

 
2.1.1.1 Common Gateway Interface (CGI) 
 

The Common Gateway Interface, which is normally referred as CGI, was one of 
the practical techniques developed for creating dynamic content. By using the CGI, a 
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web server passes requests to an external program and after executing the program the 
content is sent to the client as the output. In CGI when a server receives a request it 
creates a new process to run the CGI program, so creating a process for each request 
requires significant server resources and time which limits the number of requests 
which can be processed concurrently. CGI applications are platform dependent. CGI 
played a major role in the explosion of the Internet but its performance, scalability 
issues make it less than optimal solutions.  

 
2.1.1.2 Java Servlets 
 

Java Servlet is a generic server extension that means a Java class that can be 
loaded dynamically to expand the functionality of a server. We use servlets with web 
servers and it runs inside a Java Virtual Machine (JVM) on the server so it is safe and 
portable. Unlike applets they do not require the support for Java in the web browser. 
Unlike CGI servlets don't use multiple processes to handle separate request. Servlets can 
be handled by separate threads within the same process. Servlets are also portable and 
platform independent. Between the advantages servlets provide the following are 
explained: 

 
 Portability: Servlets are written in Java and follow a well standardized 

API so they are highly portable across operating systems and server implementations.  
A servlet can be developed on Windows machine running the tomcat server or any other 
server and later that servlet can be deployed effortlessly on any other operating system 
like Unix server running on the iPlanet/Netscape Application server. So servlet is a 
write once, run anywhere (WORA) program. 
 

 Powerful: Several things can be done with the servlets which were 
difficult or even impossible to do with CGI, for example the servlets can talk directly to 
the web server while the CGI programs can't do. Servlets can share data among each 
other, they even make the database connection pools easy to implement. They can 
maintain the session by session tracking which helps them to maintain information from 
request to request. It can do many other things which are difficult to implement in the 
CGI programs.  
 

 Efficiency: As compared to CGI the servlets invocation is highly 
efficient. When the servlet get loaded in the server, it remains in the server's memory as 
a single object instance. However with servlets there are N threads but only a single 
copy of the servlet class. Multiple concurrent requests are handled by separate threads 
so it can be said that servlets are highly scalable.   
 

 Safety: As servlets are written in Java, servlets inherit the strong type 
safety of the Java language. Java's automatic garbage collection and a lack of pointers 
mean that servlets are generally safe from memory management problems. In servlets 
we can easily handle the errors due to Java's exception handling mechanism. If any 
exceptions occurs then it will throws an exception.  
 

 Integration: Servlets are tightly integrated with the server. Servlet can use 
the server to translate the file paths, perform logging, check authorization, and MIME 
type mapping etc.  
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 Extensibility: The servlet API is designed in such a way that it can be 
easily extensible. As it stands today, the servlet API support Http Servlets, but in later 
date it can be extended for another type of servlets.  
 

 Inexpensive: There are number of free web servers available for personal 
use or for commercial purpose. Web servers are relatively expensive. So by using the 
free available web servers you can add servlet support to it.  
 
2.1.1.3 JavaServer Pages  
 

JavaServer Pages (JSP) technology is the Java platform technology for 
delivering dynamic content to web clients in a portable, secure and well-defined way. 
The JavaServer Pages specification extends the Java Servlet API to provide web 
application developers with a robust framework for creating dynamic web content on 
the server using HTML, and XML templates, and Java code, which is secure, fast, and 
independent of server platforms. JSP has been built on top of the Servlet API and uses 
Servlet semantics. JSP has become the preferred request handler and response 
mechanism. Although JSP technology is going to be a powerful successor to basic 
Servlets, they have an evolutionary relationship and can be used in a cooperative and 
complementary way. 

 
Servlets are powerful and sometimes they are a bit discommoding when 

complex HTML code has to be generated. Most servlets contain a little code that 
handles application logic and a lot more code that handles output formatting. This can 
make it difficult to separate and reuse portions of the code when a different output 
format is needed. For these reasons, web application developers have JSP as their 
preferred servlet environment. 

 
The main issues, every developer faces when developing web applications, are:  
 

 Scalability: A successful site will have more users and as the number of 
users is increasing rapidly, the web applications have to scale correspondingly. 
 

 Integration of data and business logic: The web is just another way to 
conduct business, and so it should be able to use the same middle-step and data-access 
code.  
 

 Manageability: Web sites just keep getting bigger and some viable 
mechanism is needed to manage the increasing. 
  

 Personalization: Adding a personal touch to the web page becomes an 
essential factor to keep a customer coming back again. Knowing their preferences, 
allowing them to configure the information they view, remembering their past 
transactions or frequent search keywords are all important in providing feedback and 
interaction from what is otherwise a fairly one-sided conversation.  
 

Apart from these general needs for a business-oriented web site, the necessity for 
new technologies to create robust, dynamic and compact server-side web applications 
has been realized. The main characteristics of today's dynamic web server applications 
are as follows:  
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 Serve HTML and XML, and stream data to the web client. 
 
 Separate presentation, logic and data. 

 
 Interface to databases, other Java applications, CORBA, directory and 

mail services. 
 

 Make use of application server middleware to provide transactional 
support.  

 
 Track client sessions  

  
Sun Microsystems, having consulted many expert partners from other related IT 

industries, has come out with a number of open APIs for the technologies and services 
on server side. This collection of APIs is named as Java 2 Enterprise Edition (J2EE).   
The J2EE specification provides a platform for enterprise applications, with full API 
support for enterprise code and guarantees of portability between server 
implementations. Also it brings a clear division between code which deals with 
presentation, business logic and data.  

 
The J2EE specification satisfies the needs of web applications because it 

provides:  
 

 Rich interaction with a web server via servlets and built-in support for 
sessions available in both servlets and EJBs.  
 

 The use of EJBs to mirror the user interaction with data by providing 
automatic session and transaction support to EJBs operating in the EJB server.  
 

 Entity EJBs to represent data as an object and seamless integration with 
the Java data access APIs. 
 

 Flexible template-based output using JSP and XML. 
 

 
This family of APIs means that the final web page can be generated from a user 

input request, which was processed by a servlet or JSP and a session EJB, which 
represents the user's session with the server, using data extracted from a database and 
put into an entity EJB. Thus, the Java revolution of portable code and open APIs is 
married with an evolution in existing products such as database, application, mail and 
web servers. The wide availability of products to run Java applications on the server has 
made this a fast moving and very competitive market, but the essential compatibility 
through specifications, standard APIs and class libraries has held.  
  

The JavaServer Pages 1.2 specification provides web developers with a 
framework to build applications containing dynamic web content such as HTML, 
DHTML, XHTML and XML. A JSP page is a text based document containing static 
HTML and dynamic actions which describe how to process a response to the client in a 
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more powerful and flexible way. Most of a JSP file is plain HTML but it also has, 
mixed with it, special JSP tags.  
 

To process a JSP file, a JSP engine is needed to be connected with a web server 
or to be accommodated inside a web server. Firstly when a web browser seeks a JSP file 
through an URL from the web server, the web server recognizes the .jsp file extension 
in the URL requested by the browser and understands that the requested resource is a 
JavaServer Page. Then the web server passes the request to the JSP engine. The JSP 
page is then translated into a Java class, which is then compiled into a servlet.  

 
This translation and compilation phase occurs only when the JSP file is 

requested for the first time, or if any changes are made so the JSP page has to be 
retranslated and recompiled. For each additional request of the JSP page thereafter, the 
request directly goes to the servlet byte code, which is already in memory. Thus when a 
request comes for a servlet, an init() method is called when the servlet is first loaded 
into the virtual machine, to perform any global initialization that every request of the 
servlet will need. Then the individual requests are sent to a service() method, where the 
response is put together. The servlet creates a new thread to run service() method for 
each request. The request from the browser is converted into a Java object of type 
HttpServletRequest, which is passed to the Servlet along with an HttpServletResponse 
object that is used to send the response back to the browser. The servlet code performs 
the operations specified by the JSP elements in the .jsp file. 

 
Resuming, JavaServer Pages are text files that combine standard HTML and 

new scripting tags. JSPs look like HTML, but they get compiled into Java servlets the 
first time they are invoked. The resulting servlet is a combination of HTML from the 
JSP file and embedded dynamic content specified by the new tags. Everything in a JSP 
page can be divided into two categories:  

 
 Elements that are processed on the server  

 
 Template data or everything other than elements, that the engine 

processing the JSP engines.  
 
One of the main reasons why the JavaServer Pages technology has evolved into 

what it is today and it is still evolving is the overwhelming technical need to simplify 
application design by separating dynamic content from static template display data.  

 
Another benefit of utilizing JSP is that it allows separating the roles of web 

application/HTML designer from a software developer. The JSP technology provides a 
big number of benefits. Some of them are mentioned bellow:  

 
 The JSP technology is platform independent, in its dynamic web pages, 

its web servers, and its underlying server components. That is, JSP pages perform 
perfectly without any hassle on any platform, run on any web server, and web-enabled 
application server. The JSP pages can be accessed from any web server.  
 

 The JSP technology emphasizes the use of reusable components. These 
components can be combined or manipulated in order to develop more purposeful 
components and page design. This definitely reduces development time from the At 
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development time, JSPs are very different from Servlets, however, they are precompiled 
into Servlets at run time and executed by a JSP engine which is installed on a Web-
enabled application server.  
 
2.1.1.4 JDBC 
 
 JDBC is Java application programming interface that allows the Java 
programmers to access database management system from Java code. It was developed 
by JavaSoft, a subsidiary of Sun Microsystems. 

  
          Java Database Connectivity in short called as JDBC. It is a java API which 
enables the java programs to execute SQL statements. It is an application programming 
interface that defines how a java programmer can access the database in tabular format 
from Java code using a set of standard interfaces and classes written in the Java 
programming language. 

 
JDBC has been developed under the Java Community Process that allows 

multiple implementations to exist and be used by the same application. JDBC provides 
methods for querying and updating the data in Relational Database Management 
system such as mySQL, Oracle etc.  

 
The Java application programming interface provides a mechanism for 

dynamically loading the correct Java packages and drivers and registering them with the 
JDBC Driver Manager that is used as a connection factory for creating JDBC 
connections, which supports creating and executing statements such as SQL INSERT, 
UPDATE and DELETE. Driver Manager is the backbone of the jdbc architecture. 
Generally all Relational Database Management System supports SQL and since Java is 
an independent platform, so JDBC makes it possible to write a single database 
application that can run on different platforms and interact with different Database 
Management Systems.  
 

Java Database Connectivity is similar to Open Database Connectivity (ODBC) 
which is used for accessing and managing database, but the difference is that JDBC is 
designed specifically for Java programs, whereas ODBC is not depended upon any 
language. 

 
In short JDBC helps the programmers to write java applications that manage 

these three programming tasks: 
 

 It helps to connect to a data source, like a database. 
 
 It helps in sending queries and updating statements to the database  

 
 Retrieving and processing the results received from the database in terms 

of answering to your query. 
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JDBC has four Components: 

  
1. The JDBC API: The JDBC application programming interface provides the 

facility for accessing the relational database from the Java programming language. The 
API technology provides the industrial standard for independently connecting Java 
programming language and a wide range of databases. The user not only execute the 
SQL statements, retrieve results, and update the data but can also access it  anywhere 
within a network because of  it's "Write Once, Run Anywhere" (WORA) capabilities.  

 
Due to JDBC API technology, user can also access other tabular data sources 

like spreadsheets or flat files even in a heterogeneous environment. JDBC application 
programming interface is a part of the Java platform that have included Java Standard 
Edition (Java SE) and the Java Enterprise Edition (Java EE) in itself. 

 
2. The JDBC Driver Manager: The JDBC Driver Manager is a very important 

class that defines objects which connect Java applications to a JDBC driver. 
Usually Driver Manager is the backbone of the JDBC architecture. It is very small and 
is used to provide a way of managing the different types of JDBC database driver 
running on an application. The main responsibility of JDBC database driver is to load 
all the drivers found in the system properly as well as to select the most appropriate 
driver from opening a connection to a database.  The Driver Manager also helps to 
select the most appropriate driver from the previously loaded drivers when a new open 
database is connected.   
 

3. The JDBC Test Suite: The function of JDBC driver test suite is to make 
ensure that the JDBC drivers will run user's program or not. The test suite of JDBC 
application program interface is very useful for testing a driver based on JDBC 
technology during testing period. It ensures the requirement of Java Platform Enterprise 
Edition(J2EE).  
 
 4. The JDBC-ODBC Bridge: The JDBC-ODBC bridge, also known as JDBC 
type 1 driver is a database driver that utilize the ODBC driver to connect to the 
database. This driver translates JDBC method calls into ODBC function calls. The 
Bridge implements JDBC for any database for which an ODBC driver is available. The 
Bridge is always implemented as the sun.jdbc.odbc Java package and it contains a 
native library used to access ODBC.  
 
            These first two components of  JDBC, the JDBC API and the JDBC Driver 
Manager manages to connect to the database and then build a java program that uses 
SQL commands to communicate with any RDBMS. On the other hand, the last two 
components are used to communicate with ODBC or to test web application in the 
specialized environment. 
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2.1.2 Web application design 
 
2.1.2.1 Introduction 
 
 This section of the Project covers the part concerning the design and 
development of a web application. The main aim chased with the application has been 
the development of a system able to receive crying files from the users and store them 
on a data base allocated in the server. Afterwards, these crying files will be studied and 
digitally analyzed in order to get the basic characteristics in time and frequency domain 
for its classification. Thus, the web application makes possible to keep the data base 
getting bigger and so, the more different crying files are processed, the more reliable the 
results will be in the future. 
 
 The web application proceeds as it follows: First, a web page has been created. 
This web page acts as the link between the user and the server so that the crying file can 
be sent from the web browser in the client side to the web server. In addition, the web 
page contains a form involving the most important details for the upcoming storage, 
study and analysis of the above-mentioned file. Thus, personal information related to 
the infant such as date of birth and gender is required, as well as possible hearing 
diseases the child might have or might have had, results for audition tests, and of 
course, information about the audio file, conditions in which it was recorded, date of the 
recording, recording device, etc. 
 
 When the form is filled and the crying file attached, the web browser seeks a JSP 
file through an URL from the web server. The web server recognizes the .jsp file 
extension in the URL requested by the browser and passes the request to the JSP engine. 
The main .jsp file of this web application achieves two main tasks; separates the data of 
the form from the crying file and stores them separately in the data base using the JDBC 
API.  
 
 Therefore a mySQL data base allocated in the server is also accessible. For this 
application a new data base with four new tables will have to be created. Each table will 
contain the information related to the different sections of form.  
 
 After the main JSP has processed the data and the crying file and has also stored 
them in the data base, a feedback is sent to the user telling whether or not the 
information has been successfully received. 
 
 Following, the web application will be explained on detail in three different 
modules: 
 

 Web page JSP 
 
 JSP engine 

 
 Data base 
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2.1.2.2 Web page JSP 
 

A .jsp file has been programmed towards the developing the web page. The page 
consists on a form separated in four different sections, implemented on JAVA and 
HTML, using CSS to control the style and layout all at once.  

 
The labels of the form can be showed in three different languages, which are 

English, since it is the most common and understandable language to present a web 
page, Hungarian since this project has been made in the Budapest University of 
Technology and Economics and most of all the crying files come from Hungarian 
infants, and Spanish, which is the nationality of this project’s author. 

 
Since the application contains String objects (labels) that need to be translated 

into various languages, these String objects are stored in a PropertyResourceBundle, 
which is backed up by a set of properties files. 

 
Resource bundles contain locale-specific objects. When the program needs a 

locale-specific resource, a String label in this case, the program can load it from the 
resource bundle that is appropriate for the current user's locale. Therefore, the program 
code written is independent of the user's locale isolating most of the locale-specific 
information in resource bundles. Since the properties files are simple text files, they can 
be created and maintained by the translators and no source code has to be modified.  

 
Following, the different sections of the form will be explained on detail. The 

first section of the web page is related to the infant’s personal information and has five 
different fields, which are name, gender, country, date of birth and birth weigh. Only 
two of these fields are required to be filled since it provides vital information for the 
signal analysis that will be applied to the crying file sent. These fields are gender and 
date of birth, and are marked with a red asterisk to let the user know that those are 
required. 

 
The following figure shows this section of the web page: 
 

 
Figure 1. First section of web page 
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The second section of the web page is related to possible hearing diseases the 
infant may have, such as otitis or middle ear infection, or any other disease, like urinary 
track infection or congenital syphilis, that could lead to a hearing disorder. This 
information may help in order to classify the signal when it is stored in the data base. 

 
The figure bellow shows this second section of the web site: 
 

 
Figure 2.Second section of web page 

 
On the third section of the form the results from four common hearing tests are 

requested: 
 

  ABR test: Auditory brainstem response test. It involves attaching 
electrodes to the head to record electrical activity from the auditory nerve (the 
hearing nerve) and other parts of the brain. The results of the test are given in 
dB for both the right and the left ear. In the data base these results are stored in 
five different groups, each one with one a range of dB (0-20, 20-40, 40-60, 60-
80,+80). 
 

 OAE test: Otoacoustic emissions test. In this brief test, a tiny 
probe is placed in the ear canal. Numerous pulse-types sounds are introduced, 
and an “echo” response from the outer hair cells in the inner ear is recorded. 
The possible results of this hearing test are “response” or “not response”, and 
are also requested for left and right ear. 
 

 Tympanometry: Tympanometry is not a hearing test but a 
procedure that can show how well the eardrum moves when a soft sound and 
air pressure are introduced in the ear canal. The tympanogram is a graphic 
representation of tympanometry. A “flat” line on a tympanometry may 
indicate that the eardrum is not mobile, while a “peaked” pattern often 
indicates normal function. These two patterns are the possible results for this 
test. 

 
 Subjective test: On this test, a person stays behind the infant and 

makes sounds, usually clapping, to see the response of the child. 
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The next figure shows this section of the web site: 
 

 
Figure 3. Third section of web page 

 
The fourth and last section of the form is related with the crying file and the 

conditions how it was recorded. Six fields are requested to be filled while three of them 
are required and thus, marked with a red asterisk.  

 
The first field is the place where the file was recorded. This is not a required 

field but gives an idea of the noise power, echo and unwanted effects the recorded file 
may have. The type of the recording device, which is the second field requested, is more 
important since it is closely related to the signal quality and parameters such as 
sampling frequency. Thus, this field is one of the three required. The recording device 
“brand” is the least important of all the fields requested in this section but also can offer 
useful information. 

 
The fourth field requested is the reason the infant is crying for. This field is not 

required since most of the times the reason is unknown. However, this might be really 
useful information in order to process signals and classify crying files. It is maybe not 
that important in the field of trying to get a relation between the cry of an infant with 
hearing diseases but very useful for some other researching and crying signals analyzing 
in the future. 

 
The next information requested, and also required, is the date in which the file 

was recorded. This information will be used to know how old the infant was when the 
crying signal was recorded, since the date of birth of the child is also required. 

 
And obviously, the final and indispensable field to be filled is the crying file. 

The file is attached in the field and sent to the server with the rest of the information. 
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The last section of the web page is shown in the figure bellow: 
 

 
Figure 4. Forth section of web page 

 
 
2.1.2.3 JSP engine: 
 
 This is the JSP file that handles the application. Its function is to achieve two 
main tasks: 
 

 Separate crying file from form data: To make this possible a List object is 
created to take all the data from the form request. This data contains both the 
information of the form and the crying file. After all the info is saved, a FileItem 
object differs between was is form data and what is not using a method from its 
class called isFormFilled(). The file finally is stored in a folder of the server 
while the data from the form is saved in a vector in order to be stored in the data 
base. 
 

 Store the information about the file in the server’s data base: In order to 
achieve this task a JAVA class using JDBC has been implemented to access the 
data base. The JSP file creates an instance of this class and passes via parameters 
all the data from the form that is wanted to be stored. 

 
The JAVA class implements five methods, four of them are used to 

separate the information coming from each section of the form in four different 
vectors. Each of these vectors will be stored in the corresponding table. The 
other method is responsible for making the connection to the data base and also 
making the appropriate SQL statements in order to insert the data in the tables. 

 
After both of the tasks are accomplished, the JSP file sends a feedback to the 

client via a static HTML page confirming that both the form and the file has 
successfully been received and handled. 
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2.1.2.4 Data base: 
 
 A mySQL data base is allocated in the Server of the web application. For this 
particular application, one data base has been created with the name of “Crying files”. 
The data base contains four different tables, one for each section the form of the web 
page is divided into.  
 
 First, the structure of the data base is showed in the following model: 
 
 

 
Figure 5. Crying files data base structure 

 
 The data base storage engine used in the application is InnoDB which main 
enhancement over other storage engines available for use with MySQL is ACID-
compliant transaction support, along with declarative referential integrity (foreign key 
support). 
 
 ACID (Atomicity, Consistency, Isolation, Durability) is a set of properties that 
guarantee that database transactions are processed reliably.  But the main reason this 
engine has been chosen for is the foreign key support, so anytime one row of the main 
table (PersonalInfo) is updated or deleted, all the information related to that row in the 
other tables is also updated or deleted. 
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The following tables show the equivalences between the info sent with the form, 

concerning the “select” labels, and how this info is stored in the data base: 
 
Personal information: 
 

Form Male Female 
Data Base 1 2 

Table 1. Personal information equivalence 
 
Hearing tests: 
 
ABR: 
 

Form 0-20 dB 20-40 dB 40-60 dB 60-80 dB + 80 dB 
Data Base 1 2 3 4 5 

Table 2. Hearing tests information equivalence (ABR) 
 
OAE: 
 

Form Response No Response 
Data Base 1 2 

Table 3. Hearing tests information equivalence (OAE) 
 
Subjective test: 
 

Form Reaction No Reaction 
Data Base 1 2 

Table 4. Hearing tests information equivalence (Subjective test) 
 
 
File information: 
 
Place of the recording: 
 
Form Open area Room Hall Bathroom Hospital room Other 
Data Base 1 2 3 4 5 0 

Table 5. File information equivalence (i) 
 
Type of the recording device: 
 
Form Mobile phone Digital camera PC soundcard Tape recorder Other
Data Base 1 2 3 4 0 

Table 6. File information equivalence (ii) 
 
Reason of crying: 
 
Form Hunger Sleepy Discomfort Stress Boredom 
Data Base 1 2 3 4 5 

Table 7. Hearing tests  information equivalence (iii) 
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2.1.3 Results 
 

 

 

 
Figure 6. Web page 
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The figure above shows the whole web page in the English language, following 

it is showed how the data from that form is stored in the data base: 
 

 
Figure 7. PersonalInfo table 

 
 

 
Figure 8. Diseases table 

 
For all the possible diseases in the form a “1” is stored in its position in the 

corresponding diseases table if the checkbox was marked, and a “0” otherwise. 
 

 
Figure 9. HearingTest table 

 
 And finally, 
 

 
Figure 10. File Info table 

 
 

2.2 Signal processing 
 
2.2.1 State of art  

 
The infant crying waves, seemingly chaotic, carry useful and nevertheless 

essential information to establish its culture. Such entity vividly clarifies an infant’s 
physiological anatomy and psychological condition. Physiological quantities from the 
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laryngeal configuration, such as the length of the vocal tract, exemplify the resonance 
and formant effects. Psychologically, the infant’s mental stamina correlates with the 
origins of a cry type. Modes of cries are unequivocally classified as normal, 
pathological, pain, hunger, etc. Since now, cry from a “normal” and “deaf” infant has 
been notably studied in literature. Curiosity may result in the selection of the deaf 
population as the target group. Deaf infants cry exhibit contrasting acoustical 
characteristics compared to their rivals, the healthy infant population. Following 
investigation, it became apparent that the caseload for the deaf population is ever 
increasing in most institutions. It also came to light that both deaf and healthy infants 
commonly share attributes like pain or hunger cry. But, the hearing impaired infants 
acquired anatomical deficiency. Despite this setback, paediatricians have expressed that 
infant’s cry is reciprocal to adult’s speech. 

 
 Modes of infant’s cry can be qualitatively characterised with commonly 

employed acoustics cues. Accordingly, normal crying features constitute of raising 
falling pitch pattern, ascending-descending melody and high intensity seen from the 
spectrum. Pathological infant crying correlate well with some normal infant’s acoustics 
features. Spectral intensity will be lower than normal, rapid pitch shifts, generally 
glottal plosives, weak phonations and silences during the crying. Parameters, 
incorporating the pitch and formant descriptions, have been well utilised in the infant 
cry analysis up till now. Clement et al have substantiated that variations in the pitch 
between hearing impaired and normal groups become meaningful from 8.5 months 
onwards. In reality, this time gap is a result of lack of auditory feedback on the speech. 
Thus, evidence proves that a deaf group tends to voice louder since they want to hear 
themselves. 

 
Pitch, a famously captured feature, aids in distinguishing cry types, as well as for 

a diagnostic tool, etc. La Gasse states, “The cry has enormous potential diagnostic”. His 
quotation suggests that extremely high pitched cry indicates the pathological status of 
the infant which needs urgent medical attention. A typical example is when infants 
exposed to drugs tend to have high pitch with variation at lower amplitude. The 
consequent effect of these drugs is the instability of the neural control of the vocal tract. 
Consequently, the vocal tract configuration determines the structure of the formant. 
Nevertheless, estimating the exact formant frequencies is complex. A Fort et al has 
incorporated a parametric model using poles and zeros method to estimate fundamental 
frequency and formants from an infant cry, the conventional method involving the 
glottal pressure and tract configurations. 
 

Regardless of these scientific features, experts in this field are able to distinguish 
the modes of cries. Garcia has mentioned that parents and specialists who were able to 
differentiate modes of cry solely using their instincts and comparing different types of 
crises. However, uncertainty in the therapeutic service has brought irrefutable questions. 
A professional has quoted, “A deaf infant’s characteristic varies from one another based 
on three factors: degree of loss; type and period of rehabilitation and the age of 
pathology identification”. Consequently, concrete answers are unavailable scientifically 
(energy, pitch, duration, etc) regarding cry prosodic information. Because the cry 
signals are noisy and evidences are showing their chaotic features, currently, analysing 
such signals itself has become problematic. 
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 Given that, the processing of the information in the infant cry is basically a kind 
of pattern recognition, and so, the task can be approached by using the same techniques 
used for automatic speech recognition (ASR).  
 
2.2.1.1 Automatic speech recognition (ASR) 
 
 ASR technology has developed rapidly. The work of the first research years 
(Filterbanks, Spectrogram, Linear Prediction Coding) has been followed by several 
fundamental achievements (Dynamic Time Warping, Mel-Cepstral Coefficients, Hidden 
Markov Models). Although significant contributions have been made, ASR systems 
have not yet reached the desirable results in ordinary conditions. Robustness is one of 
the main attributes that ASR systems lack. This could be faced by the application of 
speech enhancement techniques, extraction of robust features for speech representation, 
or, finally, by model compensation. 
 
 State of the art in automatic speech recognition (ASR) systems is based on 
probabilistic modeling of the speech signal using Hidden Markov Models (HMM). 
HMM are probabilistic automatons. The goal of the decoding process is to determine a 
sequence of states that the observed signal has gone through. There are three main 
problems: 
 

 The Evaluation problem: a model and a sequence of observations are 
given, what is the probability what the model generated the 
observations? 

 The Decoding problem: a model and a sequence of observations are 
given, what is the most likely states sequence that produced the 
observation? 

 The Learning problem: a model and a sequence of observations are 
given, what should the model’s parameters be so it has the maximum 
probability of generating the observations? 

 
The acoustic modeling problem in speech recognition was reformulated with the 

probabilistic graphical models (PGM). PGM is a unifying framework for statistical 
learning which provides an abstraction of quantitative and qualitative components of a 
statistical model. Dynamic Bayesian networks (DBN) are a subset of PGM which are 
defined on directed acyclic graph structures and which include HMM as a special case. 
These models are defined with graph structures that encode the probabilistic relations 
between its variables through a set of associated conditional probabilities. One of the 
main advantages of PGM is the graphical abstraction that provides a visual 
understanding of the modeled process. Furthermore, they provide a powerful setting to 
specify efficient inference algorithms that can be specified automatically once the initial 
structure of the graph is determined. 

 
2.2.1.2 Speech analysis 
 
 Among the variety of acoustic signals the ear is exposed to, speech is one of the 
few for which an approximated production model is available. Thus, all the speech 
signals share common characteristics that are of interest for several areas in automatic 
speech processing: speech synthesis, automatic speech recognition, speech synthesis, 
hearing aids, telecommunications, etc. 
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The production of a speech signal s(n)  can be approximated as the convolution 

of an excitation signal e(n)  by a filter corresponding to the vocal tract h(n): 
s(n)=e(n)*h(n). In the spectral domain this equation becomes S(w)=H(w) x E(w).  

 
Speech analysis aims at finding contributions of the excitation signal (noise in 

the case of unvoiced sounds or periodic signal for voiced sounds) and of the vocal tract 
filter, and separating these two contributions. 
 

The excitation signal is produced by either the vibration of vocal folds (periodic 
excitation) or the turbulent flow of air somewhere in the vocal tract (noise excitation). 

 
The filter corresponding to the vocal tract depends on its geometrical shape and 

thus, depends on the position of speech articulators, such as the lower jaw, position and 
shape of the tongue body, position of the tongue apex, aperture and rounding of lips and 
larynx. 

 
The three main areas of research in speech analysis are: 
 

 Spectral analysis: The main objective of spectral analysis is to get 
a relevant spectrum of the vocal tract filter. The main challenge is to get 
information as independent as possible of the excitation. The spectrum of a 
voiced excitation is a spectrum of regularly spaced lines (which are the 
fundamental frequency and its multiple integers). The vocal tract spectrum is 
thus "sampled" by F0. The higher F0, the less the precision of the vocal tract 
spectrum. This means that the vocal tract spectrum is not well approximated for 
high F0 voices, for example, female speakers and children, which makes the 
achievement of this project even harder. 

 
 Determination of fundamental frequency: The fundamental 

frequency is the frequency of vocal fold vibration. When vocal folds vibrate, the 
vocal tract is excited by a periodic signal which gives rise to voiced sounds. The 
fundamental frequency, called F0, plays a central role in speech analysis. 
Indeed, the fundamental frequency is the parameter that gives intonation and has 
a major impact of the shape of the speech spectrum. Thus, its determination has 
received considerable attention. Furthermore, the fundamental frequency is very 
important within the framework of speech coding and synthesis. 

 
 Automatic formant tracking: As explained in the introduction one 

of the objectives in speech analysis is to find spectral information related to the 
vocal tract filter. Formants are spectral peaks that correspond to the resonance 
frequencies of the vocal tract. As formants directly derive from the geometrical 
shape of the vocal tract, they may be exploited to recover the place of 
articulation and thus identify sounds pronounced, especially vowels and other 
vocalic sounds. Formant tracks are used to pilot formant synthesisers, to study 
coarticulation effects, vowel perception, articulatory phenomena and in some 
rare cases to provide a speech recognition with additional data. 
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2.2.1.3 Speech segmentation 
 
 Automatic segmentation (or endpoint detection) is used to separate target sound 
units within audio files. The target might be speech, noise, silence, music, animal 
vocalization, vowels, and consonants. 
 
 The Voice Activity Detection (VAD) is a tool which is used broadly for 
separating human voice from a variety of noises and silence segments. Voice activity 
detection (VAD) is the process of separating conversational speech and silence. 
 

 The primary function of a voice activity detector is to provide an indication of 
speech presence in order to make speech processing easier as well as possibly provide 
delimiters for the beginning and end of a speech segment. It was first investigated for 
use on time-assignment speech interpolation (TASI) systems. VAD is an important 
enabling technology for a variety of speech-based applications. For these purposes, 
there have been proposed various VAD algorithms that trade off delay, sensitivity, 
accuracy and computational cost. 

 
The basic function of a VAD algorithm is to extract some measured features or 

quantities from the input signal and to compare these values with thresholds, usually 
extracted from the characteristics of the noise and speech signals. Then, voice-active 
decision is made if the measured values exceed the thresholds. VAD in non-stationary 
noise requires a time-varying threshold value. 

 
Common features are the number of zero-crossings (passes from zero point), 

energy (logarithmic or Euclidean), the spectrum, the cepstrum, the Linear Prediction 
Coefficients, duration, and the formants.  

 
From the features is made a decision about the content of the frame. In early 

developments the decision was based only to the current frame. A representative set of 
published VAD methods formulates the decision rule on a frame by frame basis using 
instantaneous measures of the divergence distance between speech and noise. The 
different measures which are used in VAD methods include spectral slope, correlation 
coefficients, log likelihood ratio, cepstral, weighted cepstral, and modified distance 
measures.  

 
As the technology became faster, the decision algorithms evolved a memory 

which relates the prediction of the current frame with the previous frames. These 
algorithms are called adaptive. Some of these techniques, update a simple threshold, or 
adapt continuously the parameters in the Hidden Markov Model (HMMs). An important 
statistical theoretic framework is developed by J. Sohn. 

 
Some of evolved adaptive algorithms are Hidden Markov Models (HMMs), 

Spectrum transformation based on the properties of the human cochlea and Non-linear 
transformation of the spectrum. 

 
VAD is more critical for non-stationary noise environments since it is needed to 

update the constantly varying noise statistics affecting a misclassification error strongly 
to the system performance.  
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VAD can be decomposed in two steps: 
 

 the computation of metrics 
 the application of a classification rule. 

 
 
Independently from the VAD method, a compromise between having voice 

detected as noise or noise detected as voice must be achieved. For example, a VAD 
operating in a mobile environment must be able to detect speech in the presence of a 
range of very diverse types of acoustic background noise. In these difficult detection 
conditions it is vital that a VAD should “fail-safe”, indicating “speech detected” when 
the decision is in doubt so that no clipping is introduced. The biggest difficulty in the 
detection of speech in this environment is the very low signal-to-noise ratios (SNRs) 
that are involved. It is very hard to distinguish between speech and noise using simple 
level detection techniques when parts of the speech are found below the noise. 

 
  Performance of VAD can be measured in terms of activity, and the degree and 
severity of clipping. In order to evaluate the amount of clipping and how often noise is 
detected as speech, the VAD output is compared with those of an ideal VAD. The 
performance of a VAD is evaluated on the basis of the following four traditional 
parameters: 
 

 FEC (Front End Clipping): clipping introduced in passing from 
noise to speech activity; 

 MSC (Mid Speech Clipping): clipping due to speech misclassified 
as noise; 

 OVER: noise interpreted as speech due to the VAD flag 
remaining active in passing from speech activity to noise; 

 NDS (Noise Detected as Speech): noise interpreted as speech 
within a silence period. 

 
Although the method described above provides useful objective information 

concerning the performance of a VAD, it only gives an initial estimate concerning the 
subjective effect. For example, the effects of speech signal clipping can at times be 
hidden by the presence of background noise, depending on the model chosen for the 
comfort noise synthesis, so some of the clipping measured with objective tests is in 
reality not audible. It is therefore important to carry out subjective tests on the VAD's, 
the main aim of which is to ensure that the clipping perceived is acceptable. This kind 
of test requires a certain number of listeners to judge recordings containing the 
processing results of the VAD's being tested. The listeners have to give marks on the 
following features: 

 
 Quality; 
 Comprehension difficulty; 
 Audibility of clipping. 
 

These marks, obtained by listening to several speech sequences, are then used to 
calculate average results for each of the features listed above, thus providing a global 
estimate of the behavior of the VAD being tested.  
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2.2.1.4 VAD methods: 
 
 Artificial voice activity detection systems can be classified into two major 
categories: 
 

 Supervised methods: Use some a priori information in order to train the 
system and thus optimise its performance. Supervised classification techniques operate 
in two modes: 

- Training mode : During this stage the provided training data are 
employed in order to optimise the parameters of the system. 

- Testing or Decision mode : In testing mode decisions are made 
by using the optimised parameters that were derived in the training mode. 
 

 Some of these supervised methods are: 

- Linear discriminate analysis (LDA) 

- Hidden Markov models (HMM) 

- Neural networks (NNs) 
 

 Unsupervised methods: Compute a predefined statistical measure and 
compares it to a threshold in order to decide whether the captured signal is speech or 
not. Typical statistical measures that unsupervised methods use in order to discriminate 
between speech and non-speech signals are: 

- Peridocity 

- Zero crossings 

- Energy 

- Etc 
 

Modern unsupervised methods rely on the likehood radio test and include soft 
decision LRT, decision directed LRT and multiple observation LRT, which components 
are: 

- Decision rule: A quantity that measures the difference between 
noise and observed signal statistics. 

- Decision threshold: To which the decision rule is compared to. 

- Noise statistics estimation scheme: To derive the dynamics of 
background noise 

 
 Between the unsupervised methods the following are found: 

- maximum likelihood ratio (MLR) criterion algorithms 

- periodicity based algorithms 
 

All these algorithms perform in a frame-by-frame processing basis using close 
talking microphones. 
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 These voice activity detection systems sometimes provide  faulty decisions since 
they are sensitive to impulsive sounds like clapping, coughing, knocking, etc. 
Furthermore, when far field microphones are employed their performance degrades with 
the distance from the microphones. Moreover their behaviour, in terms of precision, 
depends on the employed frame size, so when the size is large robust estimation can be 
achieved but the precision is low, while when a small frame size is used the precision is 
high but miss-triggering is found. 
 
 Techniques used for the improvement of the performance of a voice activity 
detector include: 
 

 Hang over schemes: A hang over scheme is a post-processing 
system that is applied on the raw decisions of the voice activity detector. Its 
objective is to prevent misclassification of sharp impulsive sounds as speech and 
speech pauses as silence. The fundamental idea is to pose time thresholds tsil, tsp 
such as silence intervals of duration less than tsil are classified as speech pauses 
and thus speech, and speech intervals of duration less than tsp are considered to 
be impulsive sounds and not speech. Hang over schemes can be implemented 
with Markov models and finite state machines. 

 
 Linear prediction coding: Linear prediction coding estimates with 

a least squares approach an autoregressive model that simulates the vocal tract. 
With this autoregressive model the train of impulses produced by the glottis can 
be estimated. It has been extensively used in speech applications like glottal 
closure instants in voiced speech and fundamental frequency extraction. When 
linear prediction coding is applied as a pre-processing step the performance of 
voice activity detection is significantly improved. 

 
 Band-pass filter: The frequency content of human speech is 

mainly contained in the frequency range from 200Hz -3KHz. Microphones 
return audio signals that have significantly wider range. A band-pass filter that 
isolates the speech frequencies improves the performance and reduces the 
computational requirements. 

 
 Adaptive thresholding: Voice activity detection systems employ a 

statistical measure and a threshold to decide whether a received/recorded audio 
signal contains speech or not. This threshold reflects the dynamics of the 
background noise, is time-invariant and is set either heuristically or with the use 
of a priori info. To enable the detector to perform in environments with varying 
noise statistics, adaptive thresholding can be employed, such as geometrically 
adaptive energy threshold, high order statistics adaptive threshold or gradient 
adaptive threshold. 
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2.2.2 Signal segmentation algorithms design and extraction of 
signal parameters 

 
2.2.2.1 Introduction 
 

The main aim in this part of the project has been to develop the software able to 
segment and extract the basic parameters of the crying signals coming from infants 
between the ages of 1 and 36 months. These parameters will hopefully be helpful in 
order to distinguish whether the infant is healthy or has any kind of hearing disease. 

 
The parameters of the signal which will be studied are the following: 
 

 Average segment length: Dividing the segmented signal length 
by the number of segments that it contains. 

 Maximum segment length: Segment with the longest duration 
between all the crying parts. 

 Specific segment length: Shows the percentage of crying signal 
inside the whole audio file. 

 Fundamental frequency: Fundamental frequency of the crying 
signal obtained from the spectrogram of the signal. 

 
The parameters above are mostly determined by three attributes of the recorded 

signal: 
 

 Signal length (Ttot): The length of the whole signal in seconds. It 
will be calculated from the samples length and the sampling 
frequency of the signal. 

 Segmented signal length (Tseg= 
N

segit , ):The length of the signal 

which is considered pure crying signal, after the pause and 
coughing parts have been erased. 

 Segments number (N): Number of segments considered as crying 
parts inside the whole signal.   

 
These attributes are showed on the following figure: 
 

 
 
                              Figure 11. Attributes of crying signal 
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In order to isolate the pure crying file from unwanted effects such as background 
noises, echo or even unwanted noises the infant may produce, like coughing, etc. three 
different algorithms have been implemented. First of all, one function that makes the 
segmentation of the recorded file basing on its energy. The second one obtains the 
desired segments by a “zero-crossing rate” function. And finally, after applying these 
two algorithms, the signal is analyzed in the frequency domain. In this case, the 
segmentation is based on whether or not the FFT of small windows of the crying signal 
have a harmonic structure, which gives the idea of a crying pattern instead of noise or 
other unwanted effects mentioned above. 

 
Following, these three algorithms will be explained on detail, to finally come out 

with one single algorithm which optimises the solution of the problem, and thus, the one 
that will be used in order to obtain the final results and conclusions. 

 
2.2.2.2 Short-time energy function: 

 
The short-time energy function applied for the recorded files is defined by the 

following expression: 
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Where En is the energy of the sample ‘n’ of the audio signal, x[m] is the discrete 

time audio signal and w[m] is a rectangle window of size ‘N’. The rectangle window 
function is defined by the expression below: 
 
w[n] = 1, 0  n N-1;               w[n]=0 , otherwise; 

 
Thus, the energy of every single sample of the audio file is calculated by the 

energy average of the N samples which precedes it and the N ones that go after it. Even 
though the software allows setting different sizes for the window, after testing several 
audio files with different values of N, the final value has been set to 15. With this value, 
it has been proved that the resulting energy function is acceptably similar to one 
obtained with a higher window size but a shorter computing time is accomplished. 

 
The next figure shows the short-time energy function for a generic audio file: 
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Figure 12. First approximation Short-time energy function 
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The figure shows how the short-time energy function provides a convenient 

representation of the amplitude of the audio file on the time domain. However, since the 
sampling frequency of the signal is high (44100 Hz), the energy function presents fast 
variations between nearby points, showing an unwanted effect on the figure plotted. 
These variations may cause problems when signal segmentation would like to be done, 
since in a small time window some points would be above a hypothetical threshold and 
some others below randomly. This would make some segments to be cut in two or more 
smaller segments in an undesirable way. In order to solve this problem, the short-time 
energy function has to be tone down.  

 
To do this, the energy of each sample is re-calculated following the expression 

below: 
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Where En is the new energy of the sample ‘n’, e[m] is the short-time energy 

signal previously obtained and w[m] is a rectangle window, in this case its size is 100 
samples. 

 
The next figure shows how the energy signal has been toned down: 
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Figure 13. Tone down of short-time energy function 

 
The new energy function still provides a convenient representation of the 

amplitude of the crying signal but the problems of fast variations between nearby points 
have been to a great extent solved. 
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Once a clear enough energy signal has been obtained, just the proper threshold 
has to be found in order to make the segmentation of the crying parts of it. 

 
The main problem about coming up with the convenient threshold to make a 

good segmentation is that not all the recorded files have been recorded in the same 
conditions in terms of recording device, distance between the recording device and the 
infant, place/room where the file has been recorded, etc. This is reflected in many 
different types of recording files concerning weakness or strength of the input signal, 
length of it, etc. This suggests the necessity of a specific threshold for each signal 
depending on the conditions just mentioned, which means that the value of this 
threshold has to be generated on a dynamic way during the execution of the algorithm. 

 
The expression that is used to calculate the value of this threshold is defined by 

the following expression, and corresponds to the average of the toned down short-
energy signal: 
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As it will be explained later, it is preferable to set the threshold below its optimal 

value, that it is obviously unknown, than above. For this reason, the threshold is set on 
the 90% of its initial value, that is 10% below the average of the energy signal. This 
means that some unwanted effects such as high levels of noise or echo, and some noises 
the infant may produce like coughing will be added to the segmented signal. However, 
another restriction is made in order to not to take too many unwished effects. The 
restriction consists on not adding segments which its length does not exceeds 100 ms to 
the segmented signal, because it is not consider time enough to be a crying pattern, even 
if the energy of this small part is above the threshold. 

 
Thus, here are showed the final results of the segmented signal using the short-

time energy algorithm.  
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                       Figure 14. Segmented signal for short-time energy function 
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Even if a bad quality signal had to be processed, the algorithm would give some 

acceptable results as it is showed on the following figure: 
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Figure 15. Segmented signal for short-time energy function (ii) 

 

2.2.2.3 Short-time average zero-crossing rate 
 
The short-time average zero-crossing function consists on a short window that 

moves across the signal counting the number of times the audio signal crosses the zero 
line, that is, the number of times the signal passes from a negative value to a positive 
one and vice versa. The value assigned to a sample of the signal is the one the function 
obtains when the center of the window is placed in this sample, leaving half of the 
window at its right and the other half at the left of it. 

 
The short-time can be defined by the following expression: 
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Where ZCRn is the value of the function for the ‘n’ sample, and: 
 

sgn(x[n]) = 1, x[n] 0  ;                         sgn(x[n]) = -1, x[n] 0 ; 
 

When a crying pattern is being processed, since the amplitude of this part of the 
signal is significantly higher, the average of times that this signal crosses the zero line is 
much lower than when a noise pattern or any other unwanted pattern is processed. This 
may help to decide whether to take or not the point as a part of a crying pattern and thus, 
include it in the correspondent segment. 
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The next figure shows an example of this function operation: 
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Figure 16. First approximation short-time average zero-crossing function 
 
 

The figure shows how when a high amplitude part is analyzed the average of 
times the audio signal crosses zero line decreases considerably. However, and as it 
happened with the short-time energy function, in due to the high sampling frequency of 
the signal, some fast variations are noticed between nearby points. This may present the 
same problem the energy function did; over-segment some parts of the signal that 
should remain in the same segment. Since this is more than probably to happen, a tone 
down of the short-time average zero-crossing signal must be achieved. 

 
To do this, the crossing zero rate of each sample is re-calculated following the 

expression below:  
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The zero-crossing signal presents the following shape: 
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Figure 17. Tone down of zero-crossing function 
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In order to separate what is considered crying pattern from any other effect, a 
threshold value has to be set. In this case, the points of the signal which are below the 
threshold line will be considered as crying pattern while the points which fall above this 
line will be discarded. 

 
As it has already been explained, the recording conditions of each signal differ 

from one to another so a specific threshold value has to be calculated for each zero-
crossing signal. To do it, the average of the zero-crossing signal is calculated following 
the next expression: 
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And a 10% of the result value is added to come with a final value. This 

guarantees that mostly all of the crying patterns are included in the segmented signal, 
though some unwanted effects are also included. However, in order to try not to take 
this unwished effects as crying patterns the minimum segment length is restricted to 200 
ms, so any segment, even if it falls below the threshold line, which does not exceeds this 
time length restriction is discarded. 

 
Here are presented the final results and segmented signal using the short-time 

zero crossing rate function: 
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         Figure 18. Segmented signal for short-time average zero-crossing function 
 
 
The figure shows that even trying to raise up the threshold value 0,1 times its 

original one, still some parts of the crying file which are supposed to remain in one 
unique segment are divided in two different ones. However, the function seems to give 
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better results when low energy signals are processed, as it is described in the following 
figure: 
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        Figure 19. Segmented signal for short-time average zero-crossing function (ii) 
 
 
 

2.2.2.4 Segmentation function in the frequency domain 
 
The segmentation function in the frequency domain consists on the analysis of 

the Fast Fourier Transform (FFT) to verify whether a small piece of the audio signal in 
the frequency domain has an harmonic pattern or not. In case it does, it means that the 
portion of signal which is being processed comes from a human vocal tract. Otherwise, 
if the spectrum analyzed does not present a harmonic shape, a noise pattern or any other 
kind of unwanted effects can be presumed, so the piece of signal which is being 
analyzed is discarded. 

 
To do this, the 4096 points FFT is made to small segments of 4096 samples of 

the audio signal, and after, an analysis of the spectrum between the frequencies of 10 Hz 
to 4000 Hz is made to verify whether this spectrum may come from a human vocal tract 
or not. The reason why the analysis is only made to the specified range of frequencies is 
because most of the energy of a signal which comes from human voice, whether it is a 
crying signal or a voice signal, is assembled on this frequency range. 

 
 
 



 44

In order to describe how the function decides whether a small segment has an 
harmonic shape or not, first, the typical shape of an harmonic signal that comes from the 
cry of an infant is showed: 
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                                           Figure 20. Harmonic signal shape 
 
The figure shows a smooth shaped signal, where it can hardly be seen any fast 

variations between adjacent points. It is showed a regular cadenza or rhythm during the 
whole frequency range.  

 
However, the next figure shows a typical noise or echo pattern from the same 

signal: 
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                                               Figure 21. Noise signal shape 
 
In this case, the shape does not present any type of cadenza, showing a messy 

rhythm with a lot of fast variations between adjacent points. Low energy signal can also 
be noticed. 
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This following figure shows the FFT of the exact moment the infant starts 
making a crying sound. Though a slight harmonic pattern can be seen, still lots of fast 
variations and low energy are noticed in the signal: 
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                                     Figure 22. Semi-harmonic signal shape 
 
The way the function decides whether to discard the segment or not is based on 

an average method again. In this case, once the FFT is made, an extremely short 
window moves across the frequencies between 10 and 4000 Hz making the average of 
the points that fall inside the window. The function calculates the times the FFT signal 
that is inside the window crosses the average line in the same way it was done with the 
zero crossing function. The number is stored and the window is moved to the next small 
range of frequencies. After the whole range is covered the function returns a number 
representing the times the function crossed all the average lines. 

 
This two figures show an example of how the function works on a short 

window: 
 

 
 

 
 
 
 
 
 
 
 

 
 
 

                                       Figure 23. Average crossing on armonic and noise signals 
 

If the segment has a harmonic shape, the returned number will be much smaller 
than if this segment does not present the harmonic pattern.  
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In this case, the threshold value set to decide whether or not the segment is 

considered as crying signal is static since the recording conditions of the signal do not 
have any influence in the frequency domain. This is one of the most remarkable 
advantages of this function since it can also be applied to weak amplitude signals. 

 
Thus, this is the final result and segmented signal using the segmentation 

function in the frequency domain: 
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                     Figure 24. Segmented signal for frequency domain function 
 
Here are the results for a weak amplitude signal: 
 

0 2 4 6 8 10 12 14 16 18 20
-1

0

1
Original crying file

Time [s]

0 2 4 6 8 10 12 14 16 18 20
-1

0

1
Segmentation based on armonic signals

Time [s]

0 2 4 6 8 10 12 14 16 18 20
-1

0

1
Segmentated signal

Time [s]

 
                        Figure 25. Segmented signal for frequency domain function (weak signal) 
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2.2.2.5 Segmentation function 

 
The segmentation function is a combination of the three functions implemented 

in this project, and will be the one used in order to get the parameters results and 
conclusions from the collection of crying signals that are stored in the data base. 

 
Thus, the first task the function performs is an initial segmentation using the 

short-time energy function. These function returns the number of segments segmented 
with the initial position of each one. These two matrixes are enclosed with the original 
audio signal, the segmented one and the sampling frequency of the crying file. 

 
However, during the tests made to short-time energy function, and due to the 

size of the window used plus the tone down made to the energy signal, some small and 
weak portions of what it was known to be crying segments were omitted in the 
segmented signal. That is why the threshold value was decreased a 10% of its initial 
value. Even with that decrease, and in order to make sure that all the crying segments 
remained in the segmented signal, the original signal is passed to the short-time average 
zero-crossing function too. 

 
The short-time average zero-crossing function returns the same parameters as 

the energy function does, that is, number of segments, positions of each one, original 
and segmented signal and sampling frequency of the file. 

 
The function offers reliable results with almost any kind of crying signals, 

specially on bad quality ones, however, it offers two significant problems. The first one 
is that the function sometimes divides what it is suppose to be one unique crying 
segment in two different ones, and the second is that there are some segments that 
initially look wide enough and an apparently with a big charge of energy which this 
function does not pick as crying segments.  

 
For those reasons, the decision made was to add both segmented signals, the one 

obtained after applying the short-time energy function and the one result of passing the 
original signal through the short-time average zero-crossing function. 

 
The segmented signal obtained after this first part of the segmentation function 

is showed in the figure from the next page. 
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               Figure 26. Segmented signal before fft analysis (segmentation function) 
 
 
In the figure is showed the problem the short-time average zero-crossing 

function presents with some specific segments, even when the energy of the segment 
seems to be high enough. Anyway, the problem is solved when adding both segmented 
signals. Only in case one of the segmented signals has value zero both the segmented 
signals are added. 

 
As the title of the last graphic of the figure remarks, the resulting signal is just 

the one before applying it to the second and last part of the algorithm, which is applying 
the segmented signal to the frequency domain function. 

 
Before the resulting signal is applied to the frequency domain function, a re-

calculation of the number of segments and its positions is done, consequence of adding 
the two segmented signals. 

 
The frequency domain function identifies those parts of the resulting signal 

which do not present a harmonic structure and erase them from the input signal. As it is 
showed in the figure bellow, almost all the parts that are erased after applying the 
function to the signal are the ones at the beginning and the end of each segment. These 
are the times where the infant starts and ends the crying sound, so the energy of these 
parts is high enough to pass the thresholds of the short-time energy function and 
average zero-crossing rate function but do not have a completely harmonic structure yet. 

 
After those parts have been erased, the length of the crying segments is 

calculated again, and in case any segment length is less than 100 ms, this one is also 
erased as it is considered as not long enough to be a crying pattern. 
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 If any part of the signal has been erased the frequency domain function is 
applied again until no segments are erased and the signal does not bear any 
modification. Only in this case, the algorithm concludes. 

 
This is the result of applying the segmentation function: 
 

0 2 4 6 8 10 12 14 16 18 20
-1
0
1

Crying signal

Time [s]

0 2 4 6 8 10 12 14 16 18 20
-1
0
1

Segmented signal before fft analysis

Time [s]

0 2 4 6 8 10 12 14 16 18 20
-1
0
1

Segmentation after fft analysis

Time [s]

0 2 4 6 8 10 12 14 16 18 20
-1
0
1

Segmented signal

Time [s]

 
                            Figure 27. Segmented signal with segmentation function 
 
The resulting signal is supposed to contain only crying patterns in it. Once this 

segmented signal is obtained, the basic parameters of it are calculated from the 
segmented signal length (Tseg = 

N
segit , , where ti,seg is the ‘i’ segment of the segmented 

signal), the number of segments (N) and the signal length (Ttot) as it is defined bellow: 
 

 Average segment length: 
N

T
t seg

seg   

 
 Maximum segment length: )max( ,max segitt   

 

 Specific segment length: 100
tot

seg
seg T

T
  

 
To obtain the value of the fundamental frequency the resulting signal is passed 

to the frequency domain function and the first peak in the spectrum of every small 
segment analyzed is stored in a variable. Once the whole signal has been analyzed the 
average of all the variables is calculated to come out with a final result. 
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2.2.3 Results   
 

The software developed has been tested with eighty different crying files. Forty 
of them were coming from male infants and forty from females. Also half of the files 
processed were recorded from infants in which hearing diseases were known while the 
other half came from healthy children. 

 
First, the results for the male infants are showed. The first table contains the 

basic parameters of the crying signals recorded to twenty healthy children: 
 
  

Id Age 
(months) 

Signal 
length (s) 

Segmented 
signal 
length (s) 

Number 
of 
segments 

Average 
segment 
length (s) 

Max. 
segment 
length (s) 

Specific 
segment 
length (%) 

Fundamental 
frequency 
(Hz) 

CR069 0 54.32 9.84 32 0.307 0.743 18.11 496.71 
CR006 13 25.70 3.34 10 0.334 0.557 13.00 529.55 
CR009 3 23.69 7.61 23 0.331 0.835 32.13 564.98 
CR010 5 28.12 4.73 14 0.338 1.207 16.84 576.32 
CR012 7 10.10 2.41 7 0.345 0.464 23.88 500.23 
CR119 5 24.12 1.70 10 0.170 0.170 7.07 579.55 
CR121 10 2.54 0.42 2 0.213 0.256 16.74 450 
CR185 2 28.46 6.57 12 0.547 1.280 23.08 474.38 
CR199 7 16.75 3.24 7 0.463 1.279 19.35 470.58 
CR215 5 6.66 1.10 2 0.554 0.938 16.64 481.37 
CR223 20 18.79 5.46 18 0.303 0.768 29.05 425.35 
CR226 3 13.84 1.62 4 0.405 0.767 11.70 491.40 
CR229 23 38.26 4.18 14 0.298 0.426 10.92 494.10 
CR231 27 22.35 1.62 7 0.231 0.426 7.25 437.91 
CR232 16 29.70 6.57 13 0.505 1.109 22.11 466.16 
CR246 6 30.36 1.70 4 0.426 0.938 5.62 448.24 
CR253 8 11.88 1.62 7 0.231 0.341 13.64 458.88 
CR258 13 9.48 0.512 2 0.256 0.341 5.39 464.84 
CR259 2 27.74 6.05 20 0.302 0.938 21.83 463.69 
CR260  6.13 1.36 5 0.273 0.512 22.23 504.63 

Table 8. Results for healthy infants (boys) 
 

The next table shows the results for male infants who suffer from 40 dB or more 
hearing loss: 

 
Id 
 

Age 
(months) 

Signal 
length (s) 

Segmented 
signal 
length (s) 

Number 
of 
segments 

Average 
segment 
length (s) 

Max. 
segment 
length (s) 

Specific 
segment 
length (%) 

Fundamental 
frequency 
(Hz) 

CR018 6 17.08 2.04 5 0.408 0.557 11.95 457.09 
CR019 5 25.91 9.28 21 0.442 1.764 35.83 496.12 
CR023 10 22.91 2.04 6 0.340 0.835 8.91 396.40 
CR113 3 30.74 5.54 14 0.396 1.194 18.03 458.18 
CR186 10 41.34 8.87 27 0.328 1.109 21.45 424.57 
CR244 5 33.62 1.53 6 0.256 0.426 4.56 492.18 
CR248 17 30.49 2.13 2 1.066 1.791 6.99 502.92 
CR002 9 39.23 8.35 14 0.597 1.393 21.30 507.58 
CR109 5 16.96 4.35 13 0.334 0.512 25.65 479.09 
CR019 6 38.62 5.03 20 0.251 0.426 13.02 567.00 

Table 9. Results for infants with more than 40 dB hearing loss (boys) 
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And the last one shows infants with less than 40dB hearing loss: 
 

Id Age 
(months) 

Signal 
length (s) 

Segmented 
signal 
length (s) 

Number 
of 
segments 

Average 
segment 
length (s) 

Max. 
segment 
length (s) 

Specific 
segment 
length (%) 

Fundamental 
frequency 
(Hz) 

CR120 4 12.68 1.96 4 0.490 0.853 15.47 525.81 
CR112 10 14.96 3.83 13 0.295 0.597 25.65 539.06 
CR139 11 19.41 3.24 4 0.810 1.962 16.70 415.70 
CR146 11 25.27 3.24 9 0.360 0.767 12.82 513.20 
CR169 16 25.64 4.69 12 0.391 1.365 18.30 550.56 
CR182 13 1.95 0.35 2 0.177 0.251 18.15 554.68 
CR187 16 19.75 6.31 11 0.574 1.536 31.95 435.17 
CR206 17 14.97 1.19 4 0.298 0.597 7.97 523.99 
CR211 14 17.50 5.54 14 0.396 0.853 31.67 543.42 
CR214 15 11.20 4.09 6 0.682 1.280 36.56 505.37 

Table 10. Results for infants with less than 40 dB hearing loss (boys) 
 
A comparison of the fundamental frequency and the average segment length 

between healthy boys and those with hearing disorders is made in the following 
graphics: 

 
 
 
 
 
 

Fdtl.frequency Mean SD 
Healthy 488.94 42.90 
Hearing loss (>40dB) 478.11 45.04 
Hearing loss (<40dB) 510.69 45.35 
Hearing disorder 494.40 48.04 
Table 11. Mean and SD for fundamental frequency (boys) 

 
 
                       
 
                                                                      Figure 28. Comparison of fundamental frequency (boys) 
 
 
 
 
 

Average segment length Mean SD 
Healthy 0.341 0.106 
Hearing loss (>40dB) 0.441 0.228 
Hearing loss (<40dB) 0.447 0.183 
Hearing disorder 0.444 0.207 
Table 12. Mean and SD for average segment length (boys) 

 
 
 
 
 
                                                                                     Figure 29. Comparison of fundamental frequency (boys) 
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The graphics show a slight difference in both parameters. The average segment 
length of the signals coming from infants with hearing disorders is just a little bit higher 
than the one from healthy children. Concerning fundamental frequency, only babies 
with less than 40dB hearing loss present a noticeable difference, which is also a little bit 
higher than the one obtained from the healthy infants.  

 
However, the standard deviation of both parameters is high enough to consider 

these slight differences almost insignificant. One of the possible reasons why the results 
are not so conclusive could be due to the small number of crying files that have been 
analyzed 

 
The same tables and graphics are showed now for female infants. Forty different 

crying files have been analyzed with the following results for both healthy and girls 
with hearing disorders. 

 
 First, the analyzed crying files from healthy girls: 
 

Id Age 
(months) 

Signal 
length (s) 

Segmented 
signal 
length (s) 

Number 
of 
segments 

Average 
segment 
length (s) 

Max. 
segment 
length (s) 

Specific 
segment 
length (%) 

Fundamental 
frequency 
(Hz) 

CR008 7 15.88 3.25 5 0.650 1.021 20.46 552.48 
CR013 3 10.97 3.90 10 0.390 1.300 35.54 578.57 
CR192 6 38.62 5.03 20 0.251 0.426 13.02 527.64 
CR230 2 24.03 2.98 11 0.271 0.512 12.42 413.83 
CR024 15 10.08 1.48 5 0.297 0.371 14.73 440.45 
CR025 0 17.91 7.61 8 0.952 1.950 42.51 484.36 
CR027 0 15.97 5.29 12 0.441 0.743 33.13 409.13 
CR034 0 7.73 1.85 4 0.464 0.835 24.00 597.00 
CR059 0 36.06 6.12 18 0.340 0.835 16.99 468.79 

CR075 0 30.02 8.78 16 0.549 1.535 29.27 538.65 
CR114 25 9.90 3.15 9 0.350 0.682 31.87 518.79 
CR117 1 12.36 3.41 10 0.341 0.853 27.60 511.84 
CR138 1 12.96 3.58 11 0.325 0.597 27.64 552.73 
CR147 3 8.55 2.21 6 0.369 0.938 25.92 547.62 
CR149 2 8.46 3.92 11 0.356 0.682 46.35 541.86 
CR164 11 28.08 6.05 23 0.263 1.024 21.56 549.29 
CR171 8 17.53 2.55 9 0.284 0.512 14.59 491.40 
CR179 12 9.86 1.19 3 0.398 0.426 12.11 486.32 
CR192 6 38.62 5.03 20 0.251 0.426 13.02 527.64 
40.65  40.65 5.03 17 0.296 0.938 12.38 619.73 

Table 13. Results for healthy infants (girls) 
 

Id Age 
(months) 

Signal 
length (s) 

Segmented 
signal 
length (s) 

Number 
of 
segments 

Average 
segment 
length (s) 

Max. 
segment 
length (s) 

Specific 
segment 
length (%) 

Fundamental 
frequency (Hz) 

CR003 10 50.65 9.75 22 0.443 1.114 19.25 590.4 
CR014 14 33.71 4.82 13 0.371 0.650 14.32 487.80 
CR015 2 31.23 6.87 18 0.381 0.835 21.99 414.51 
CR056 3 28.55 7.43 16 0.464 1.300 26.01 520.29 
CR119 4 21.95 7.76 13 0.597 1.792 35.37 597.26 
CR164 23 28.08 6.05 23 0.263 1.024 21.56 597.32 
CR233 10 50.00 1.79 7 0.256 0.341 3.58 514.50 
CR001 3 44.33 12.07 23 0.523 1.300 27.23 511.08 
CR011 21 22.00 3.62 11 0.329 0.464 16.45 494.15 
CR264 15 11.35 3.07 7 0.438 0.767 27.05 444.50 

Table 14. Results for infants with more than 40 dB hearing loss (girls) 
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And finally, the last ten crying files coming from female infants who had lower 
than 40dB hearing loss: 

 
Id Age 

(months) 
Signal 
length (s) 

Segmented 
signal 
length (s) 

Number 
of 
segments 

Average 
segment 
length (s) 

Max. 
segment 
length (s) 

Specific 
segment 
length (%) 

Fundamental 
frequency 
(Hz) 

CR105 1 13.73 4.69 13 0.361 0.597 34.17 483.02 
CR107 16 8.97 1.02 1 1.024 1.024 11.40 601.56 
CR115 7 7.51 3.32 7 0.475 1.023 44.26 498.22 
CR142 6 22.38 4.60 12 0.384 1.194 20.58 531.90 
CR143 6 57.37 2.04 11 0.186 0.256 3.56 622.55 
CR144 6 57.37 0.341 2 0.170 0.170 0.59 679.68 
CR151 8 44.13 7.33 20 0.366 0.768 16.62 514.24 
CR154 8 57.41 4.01 11 0.364 0.682 6.98 574.71 
CR167 14 25.86 6.74 18 0.374 0.768 26.06 501.08 
CR170 12 13.00 3.75 12 0.312 0.512 28.86 524.14 

Table 15. Results for infants with more than 40 dB hearing loss (girls) 
 
The same comparison of the fundamental frequency and the average segment 

length between healthy girls and those with hearing disorders is made in the following 
graphics: 

 
 
 
 
 

Fdtl.frequency Mean SD 
Healthy 517.90 54.64 
Hearing loss (>40dB) 517.18 59.55 
Hearing loss (<40dB) 553.11 60.90 
Hearing disorder 535.14 62.85 

   Table 16. Mean and SD for fundamental frequency (girls) 
 
 
 
 
 
                                                                                  Figure 30. Comparison of fundamental frequency (girls) 
                                                                                  Figure 31. Comparison of average segment length (girls)            
 
 
 
 
 

Average segment length Mean SD 
Healthy 0.391 0.162 
Hearing loss (>40dB) 0.406 0.103 
Hearing loss (<40dB) 0.401 0.225 
Hearing disorder 0.404 0.175 

   Table 17. Mean and SD for average segment length (girls) 
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The graphics obtained about the female infants show very similar results on both 
parameters than what it did for the male gender. The average segment length of the 
signals that came from healthy children is slightly lower than the one coming from 
babies with hearing disorders. The graphic of the fundamental frequency also presents 
the same shape than the one showed for males. The pitch for infants with less than 40dB 
hearing loss is higher than the one obtained for healthy boys. 

 
Again, the standard deviation both parameters present is considerably high 

compared to their means. This makes the results not be conclusive. However, the close 
similarities found between the graphics from girls and boys induced to believe that if 
more crying files had been analyzed the results would have been more significant. 
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Chapter 3 
Conclusions 
 
 Four different algorithms have been developed in order to segment crying files 
coming from infants. After processing a crying file with any of these algorithms, a 
segmented signal containing only the pure crying parts of the file is meant to be 
obtained, so any other effect that was initially recorded like noise, echo, etc, is erased 
and not included in the resultant signal. Some of the basic characteristics of the 
segmented signal have also been obtained, such as the number of segments, the length 
average of them, the specific segment length and the fundamental frequency. 

 
The short-time energy function has been the first one developed. This function 

sets a specific value to each sample of the signal based on the energy of the signal on 
the points that surround the above-mentioned sample. The function provides a 
convenient representation of the amplitude of the audio file on the time domain, 
however, it does not offer such good results when a weak amplitude signal is examined, 
since the signal to noise ratio is small and this function is based on the power of the 
signal. 

 
The second function studied has been the short time average zero-crossing rate. 

This function is based on the fact that when only noise is being recorded, the number of 
times the signal crosses the zero line is significantly bigger than when any kind of sound 
produced by the infant is made. The function shows an improvement on the main 
problem the short-time energy functions presents, providing better results on the 
segmentation of weak amplitude functions. However, the zero-crossing rate signal is not 
stable enough, presenting short time fast variations that sometimes make what it is 
suppose to be one unique crying segment to be divided in two different ones, even when 
this zero-crossing rate signal is toned down. The function also has another problem, that 
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is that somehow, there are some segments that initially look wide enough and an 
apparently with a big charge of energy which this function does not pick as crying 
segments.  

 
The third function developed processes the crying signal in the frequency 

domain, and makes the segmentation based on whether or not the part of the signal 
analyzed presents a harmonic structure. This function offers the best results between the 
three already mentioned and presents the same results either for weak or strong 
amplitude signals since the processing is made in the frequency domain instead of the 
time domain. It also provides good results concerning time of execution in the 
segmentation procedure. 

 
The forth function mixes both the segmented signals coming from the short-time 

energy function and the zero-crossing rate function, what solves all the problems both 
functions presented. The resulting segmented signal is analyzed in the frequency 
domain by the third function. This function also provides as a good quality segmented 
signal as the third function does, however, the time this algorithm takes to segment the 
original crying file is considerably higher. 

 
The results provided by these functions concerning the differences between 

healthy infants and the ones who had any kind of hearing disorders, in terms of 
fundamental frequency and average segment length, even being quite different, they are 
not as conclusive as it was expected. However, the close similarities found between the 
graphics from girls and boys induced to believe that if more crying files had been 
analyzed the results would have been more significant. 

 
For this purpose, a web-based application was also developed. To accomplish 

this task a web-page for data input was created, including a form and a jsp file in order 
to make the delivering of the audio file possible. Also, the possible web-data base 
structures were examined and a mySQL data base was finally chosen for storing the 
information coming from the form, which will be essential in future researching and 
classification of the above-mentioned signals. 
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Chapter 4 
Code 
 

4.1 Web application code 
 

In this section of the chapter the code developed for the web application will be 
showed and commented. 

 
4.1.1 Web page code 
 
 Following the code used to create the web page is explained. In order to make it 
shorter, only the first section of the form will be printed: 
 
 The first part of the web page starts with a JAVA portion of code: 
 
 <html> 

<% 
String lan=request.getParameter("lang"); 
Locale.setDefault(new Locale("en")); 

 
if (lan!=null){ 

 if (lan.equals("en")) Locale.setDefault(new Locale("en")); 
 if (lan.equals("es")) Locale.setDefault(new Locale("es")); 
 if (lan.equals("fr")) Locale.setDefault(new Locale("fr")); 
 System.out.println("lan ="+lan); 

    } 
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PropertyResourceBundle 
labels=(PropertyResourceBundle)ResourceBundle.getBundle("co
m.pfc.jorge.LabelsBundle", Locale.getDefault()); 

 
%> 

<head> 
 
This section is introduced before the “head” of the web page and it is used to set 

the language in which the form is going to be presented. For this purpose, the String 
objects (labels) that need to be translated are stored in a PropertyResourceBundle, 
which is backed up by a set of properties files. Anytime the client selects a language, the 
parameter “lan” is sent to the server with the label of the new language requested.  

 
The next part of the code showed bellow is the head of the web page. The head 

defines the classes in CSS which will be used to show the web page in the client’s 
browser. These classes contain style parameters such as font, font-size, colour, etc.  

 
<head> 

<style type="text/css"> 
      .language{ 
       position:absolute;              
       left:780px; 

font-size: x-small; 
color: gray; 
font-family: arial; 

} 
    .myFieldset{ 

position: absolute;  
background-color:rgb(220,220,0);   
left: 220px;  
width: 500px; 
font-size: 105%; 
font-weight: bolder; 
border-color:rgb(160,160,0); 

    } 
     .myText{ 

text-align: right; 
font-size: 85%; 
font-family: Times new roman; 
padding-top: 10px; 

} 
   </style> 
</head> 
 
Different classes are used for different parts of the web page. One class is used 

for the text used for the labels of the form, another to limit the boundaries of the text 
from the table that contains it, etc. 
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 After the “head”, the “body” of the web page follows. The body contains what it 
is going to be showed on the web page. In this case, it is mostly written in HTML 
except of the parts which the labels of the form have to be presented, where JAVA is 
used to instance the ResourceBundle object. Here is the code for the first section of the 
form, except of the date field: 
 
</head> 

<body style="background-color:rgb(190,190,0);height:1200px;"> 
<div class="required"> 
Fields marked with an asterisk <font color="red">*</font> are required 
</div> 
<fieldset id="personalInfo" class="myFieldset" style="top:40px;"> 

<legend><%=labels.getString("personal")%></legend> 
 

       <form action="test2.jsp" method="post" enctype="multipart/form-data"> 
 

<table cellspacing="0" border="0" style="padding-left: 100px;"> 
 <tr> 
      <td class="myText"> 
          <%=labels.getString("name")%>: 

            </td> 
   <td class="inputField"> 
        <input type="text" name="name" value=""/> 
   </td> 

 </tr> 
 <tr>   
      <td class="myText"> 

        <font color="red">*</font><%=labels.getString("gender")%>:  
            </td> 
           <td class="inputField"> 
                    <%=labels.getString("male")%> <input type="radio" name="gender" 
value="male" checked="checked" /> 
                <%=labels.getString("female")%> <input type="radio" 
name="gender" value="female" /> 

   </td> 
                </tr> 
                <tr> 
           <td class="myText">  

        <%=labels.getString("country")%>: 
   </td> 
   <td class="inputField"> 
        <input type="text" name="country" value=""/> 
   </td> 

</tr> 
               <tr> 

      </table> 
</fieldset> 

</body> 
</head> 
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The “form” tag defines the action that is requested to be done by the server, the 
way the form is sent and the encryption type of the form. In this application, the form is 
sent as “post” and the action requested is the JSP engine file allocated in the server 
(“test2.jsp”). 

 

4.1.2 JSP engine code 
 
 The code of the .jsp file which controls the web application is explained bellow. 
In this case, the file is mostly written in JAVA. 
 
 First, it stars importing the JAVA packages necessary to make the programmed 
be compiled: 
 

<%@ page language="java" contentType="text/html; charset=ISO-
8859-1"pageEncoding="ISO-8859-1"%> 

<%@ page import="java.util.*,java.util.logging.*,java.io.File"%> 
<%@ page import="org.apache.commons.fileupload.servlet.*"%> 
<%@ page import="org.apache.commons.fileupload.*"%> 
<%@ page import="org.apache.commons.io.output.*"%> 
<%@ page import="com.pfc.jorge.DBTestMySQL"%> 
<!DOCTYPE HTML PUBLIC "-//W3C//DTD HTML 4.01 Transitional//EN"> 

 
 Afterwards, the content type and the header are set, and the data coming from 
the form is first store in a List object to be converted and stored in an array after: 
  
 response.setContentType("text/html"); 

response.setHeader("Cache-control","no-cache"); 
 List fileItems = fu.parseRequest(request); 

Object[] items=fileItems.toArray(); 
 

A FileUpLoad object is created to store the file and the maximum size is set to 
5Mbits: 

 
FileUpload fu=new FileUpload(new DiskFileItemFactory()); 
Fu.setSizeMax(5000000); 

 
 A loop iterates on the array which contains the data and differs between what is 
information coming from the form and audio file using the following statement: 
 
 if(!fi.isFormFilled()) 

 
 If the audio file is found, first the name of the file is separated from its absolute 
path. After, it is saved in a File object and stored in a path in the local computer 
(server): 
 
 path=fi.getName(); 
     int index=path.lastIndexOf("\\"); 
   if (index!=-1)  
     name=path.substring(index); 
 else 
     name=path; 
   File fNew=new File("c://"+name); 
      path=fNew.getAbsolutePath(); 
      fi.write(fNew); 
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If the information is part of the form, the field name and the name contained in it 

are stored in two different vectors called fieldNames and names: 
 
fieldNames.add(fi.getFieldName()); 

      names.add(fi.getString()); 
 
 Finally, the jsp file makes an instance of the JAVA object that interacts with the 
data base and a function of this class is called passing the two vectors above-mentioned 
and the path where the file was saved: 
 
 dBTestMySQL db=new DBTestMySQL(); 

db.fillDataBase(fieldNames,names,path);  
 
 

4.1.3 Data base code 
 
 The code of the JAVA class which interacts with the mySQL data base of the 
server is detailed bellow. Five methods have been implemented in this class, four of 
them separates the information from the vectors for each section of the form since they 
will be stored in four different tables. Common JAVA statements of the vector API are 
used for this purpose, so only the names of the methods will be showed: 
 
public Vector<String> personalInf(Vector<String> fieldNames,Vector<String> names); 
public Vector<String> diseasesInf(Vector<String> fieldNames,Vector<String> names); 
public Vector<String> testInf(Vector<String> fieldNames,Vector<String> names); 
public Vector<String> fileInf(Vector<String> fieldNames,Vector<String> names); 
 

Each function returns a vector containing the specific information of each part 
of the form. The main method of the class is called fillDataBase() and is the one 
responsible of making all the statements in order two store these four vectors in its 
corresponding table of the data base. The JDBC API will be used to accomplish this 
task. 

 
First, the driver is loaded: 
 
Class.forName("com.mysql.jdbc.Driver"); 
 
After, the connection with the data base is made and an instance of a Statement 

object created in order to make the corresponding statements: 
 

          Connection conn=DriverManager.getConnection("jdbc:mysql://localhost/DB","usr","psw"); 
    Statement s=conn.createStatement(); 
 

 Then, the appropriate statements can be executed. Two different statements are 
used in this application; INSERT to store the data from the vectors in its table: 
 
 String query="INSERT INTO Personal(id,name,gender,country,birth,BirthWeight)
values (null,'"+pers.elementAt(0)+"', '"+pers.elementAt(1)+"','"+pers.elementAt(2)+"'
,'"+pers.elementAt(3)+"','"+pers.elementAt(4)+"')"; 
  
      s.execute(query); 
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 And SELECT to get the identification (id) given from the data base in the first 
query and thus, give the same identification to the rest of the vectors which are going to 
be stored: 
 
 String query2="SELECT @last:=last_insert_id()"; 

ResultSet result=s.executeQuery(query2); 
 
Since the engine utilised in the data base is an InnoDb engine, anytime an update 

or a delete is made on the main table, the same update or delete statement is applied on 
the rest of the tables. 
   

4.2 Signal Processing code 
 
 In this section of the chapter, the code developed to process the audio signals 
coming from the infants´ crying is showed. Since the code is already commented in the 
file, no extra explanations will be given. 
 

4.2.1 Energy function 
 
function [av_energy threshold new_signal seg_length positions] = 
energy(file,N) 

 
[data fs]=wavread(file); 
data=data-mean(data); 
L=length(data); 
time=[1:1:L]/fs; 
energy=zeros(1,L); 
segmentation=zeros(1,L); 
new_signal=zeros(1,L); 
  
%Calculates energy of the whole signal 
for i=1:N 
    energy(i)=(1/i)*(sum(energy(1:i))+(data(i))^2); 
end 
  
for i=N+1:L-N 
      energy(i)=(1/(2*N))*(sum(data(i-N:i+N).^2)); 
end 
  
for i=L-N+1:L 
    energy(i)=(1/(L-i+N+1))*(sum(data(i-N:end).^2)); 
end 
  
%Calculates average energy on every sample using 200 samples window 
av_energy=zeros(1,L); 
for i=101:L-100 
     av_energy(i)=(1/200)*sum(energy(i-100:i+100)); 
end 
  
  
%Sets an energy limit and length limit for segmentation 
threshold=sum(av_energy)/L; 
threshold=threshold-(0.1*threshold) 
counter=0; 
seg_length=[]; 
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positions=[]; 
for i=1:L 
    if av_energy(i)>threshold 
        segmentation(i)=av_energy(i); 
        new_signal(i)=data(i); 
        counter=counter+1; 
    else 
        if (i-counter==0) 
                pos=1; 
            else 
                pos=i-counter; 
        end 
        %only takes segments wider than 100ms 
        if counter>4410 
            seg_length=[seg_length counter]; 
            positions=[positions pos]; 
        else 
            segmentation(pos:i)=0; 
            new_signal(pos:i)=0; 
        end 
        counter=0; 
    end 
end 

 
4.2.2 Zero-crossing function 
 
function [av_crossing threshold segmented seg_length positions]=zerocrossing(file,N)
 

[data fs]=wavread(file); 
data=data-mean(data); 
L=length(data); 
time=[1:1:L]/fs; 
zerocross=zeros(1,L); 
  
%Calculates zero-crossing rate of the whole signal 
for i=1:N-1 
    for j=1:N+i 
        if (data(j)>0 & data(j+1)<0) || (data(j)<0 & data(j+1)>0) 
            zerocross(i)=zerocross(i)+1; 
        end 
    end 
end 
for i=N:L-N-1 
    for j=i-N+1:i+N        
        if (data(j)>0 & data(j+1)<0) || (data(j)<0 & data(j+1)>0) 
            zerocross(i)=zerocross(i)+1; 
        end 
    end 
end 
for i=L-N:L 
    for j=i-N:L-1 
        if (data(j)>0 & data(j+1)<0) || (data(j)<0 & data(j+1)>0) 
            zerocross(i)=zerocross(i)+1; 
        end 
    end 
end 
  
%Calculates average of "zero/crossing rate" on every sample using 
200 samples window 
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av_crossing=zeros(1,L); 
for i=101:L-100 
     av_crossing(i)=(1/200)*sum(zerocross(i-100:i+100)); 
end 
  
%Sets an zero-crossing limit and length limit for segmentation 
threshold=sum(av_crossing)/L; 
threshold=threshold+0.1*threshold; 
  
segmented=zeros(1,L); 
counter=0; 
seg_length=[]; 
positions=[]; 
for i=1:L 
    if av_crossing(i)<threshold 
        segmented(i)=data(i); 
        counter=counter+1; 
    else 
        if (i-counter==0) 
                pos=1; 
            else 
                pos=i-counter; 
        end 
         %only takes segments wider than 200ms 
        if counter>9000 
            seg_length=[seg_length counter]; 
            positions=[positions pos]; 
        else 
            segmented(pos:i)=0; 
        end 
        counter=0; 
    end 
          
end 
 
 

4.2.3 Frequency domain function 
 
function seg_signal=fundmtl_frec2(data,signal,seg_length,positions,fs) 
  

num_segments=length(positions); 
N=4096; 
f =(0:N-1)*fs/N; 
time=[1:1:length(signal)]/fs; 
fdtl_f=[]; 
num_fft=0; 
seg_signal=zeros(1,length(signal)); 
erased_signal=zeros(1,length(signal)); 
  
for i=1:num_segments 
     
    segment=signal(positions(i):positions(i)+seg_length(i))-             
mean(signal(positions(i):positions(i)+seg_length(i))); 
    L=length(segment); 
    av_crossing=[]; 
     
    %loop for each segment 
    for j=1:floor(L/N) 
        %FFT of the segment 
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        x=fft(segment(((j-1)*N)+1:((j-1)*N)+N),N); 
        x=abs(x); 
        av_crossing(j)=0; 
        num_fft=num_fft+1; 
        %FFT processed in 10 different windows for average-crossing 
        for t=1:10 
            p=(t-1)*50;     
            av=(sum(x(1+p:50+p)))/50; 
            y=(x>av); 
            for z=1:50 
                if (y(z+p)==1 & y(z+p+1)==0) || (y(z+p)==0 & y(z+p+1)==1) 
                    av_crossing(j)=av_crossing(j)+1; 
                end 
            end 
        end 
        %limit for segmentation 
        if av_crossing(j)>145 
            erased_signal(positions(i)+((j-
1)*N)+1:positions(i)+((j-1)*N)+4096)=signal(positions(i)+((j-
1)*N)+1:positions(i)+((j-1)*N)+4096); 
        else 
            seg_signal(positions(i)+((j-1)*N)+1:positions(i)+((j-
1)*N)+4096)=signal(positions(i)+((j-1)*N)+1:positions(i)+((j-
1)*N)+4096); 
        end 
        %calculates fundamental frequency of the segment 
        [k frec]=max(x(1:63)); 
        fdtl_f=[fdtl_f frec*fs/N]; 
   end 
end 
 
%results 
signal_length=length(signal)/fs 
segment_length=seg_length/fs; 
total_seg_length=sum(segment_length) 
num_seg=length(segment_length) 
av_seg_length=total_seg_length/num_seg 
max_seg_length=max(segment_length) 
min_seg_length=min(segment_length) 
Specific_segment_length=(total_seg_length/signal_length)*100 
fdtl_f=sum(fdtl_f)/num_fft 
 
%If any part of the signal has been erased, the function is called again 
if sum(erased_signal)~=0 
     [seg_signal seg_length positions]=reasign(seg_signal); 
    fundmtl_frec2(data,seg_signal,seg_length,positions,fs); 
end 

     
 

4.2.4 Sementation function 
 
function signal_added=segmentation(file,Nen,Nzer) 
  

[data fs]=wavread(file); 
data=data-mean(data); 
L=length(data); 
  
[av_energy threshold new_signal seg_length 
positions]=energy(file,Nen); 
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[av_crossing threshold2 segmented seg_length2 
positions2]=zerocrossing(file,Nzer); 
  
segs_en=length(seg_length) 
segs_zero=length(seg_length2) 
signal_added=zeros(1,L); 
  
for i=1:L 
    if new_signal(i)==0 & segmented(i)~=0 
        signal_added(i)=segmented(i); 
    end 
    if segmented(i)==0 & new_signal(i)~=0 
        signal_added(i)=new_signal(i); 
    end 
    if segmented(i)~=0 & new_signal(i)~=0 
        signal_added(i)=new_signal(i); 
    end     
end 
  
[signal_added seg_length positions]=reasign(signal_added); 
final=fundmtl_frec2(data,signal_added,seg_length,positions,fs); 
  
  
 
 
 
 

 
 
 
 
 
 
 
 
 



 67

 
 
 
 
 
 

Chapter 5 
Budget 

 
5.1 Introduction 
 
 The costs of material and personnel derived from the development of this project 
are explained on detail in this chapter. In order to calculate the costs associated to the 
time spent in the development of the work, the duration of it has been estimated in four 
months.  
 

5.2 Material costs 
 
 In this section, the costs concerning the material used for the implementation of 
the thesis are broken down: 

 
 LG Personal Computer valued at 700 €. If the useful life of a 

computer with these characteristics is estimated in 3 years, the total costs related 
to this work rise to 78 €.  
 

 IBM ThinkPad Laptop valued in 1100 €. If the same useful life is 
estimated for this computer, the costs rise to 122 €. 

 
 Work facilities located in the Department of Control Engineering 

and Information at BUTE, provided with appropriate material concerning 
working environment, internet broad band, etc, have no cost associated. 
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 Software Licences: Following the costs related to software 

licences will be broken down: 
 

 Windows XP: Costs included in PCs value. 
 Office XP: 250 €. (500 € Two computers) 
 Matlab 7.1: 300 €. 
 Eclipse SDK 3.3: Free. 
 Apache Tomcat 5.5: Free. 
 MySQL server 5.0: Free. 

 
If all is added up, the costs from software licenses rise to 800 €. 
 

 Expenses associated to printings and copies: 100 €. 
 

Taking it all on account, the material costs associated to the development of the 
project are estimated in 1200 €. 

 

5.3 Personnel costs 
 
Personnel costs are related to the resources required concerning manpower for 

the development of the project. 
 

 Costs involving the project’s author and engineer applicant, Jorge 
Arranz de la Peña, during the four months the achievement of the project has 
lasted, including formation tasks, documentation, design, implementation and 
development of the present work. 
 

Also, working days have been approximated to 22 each month, 
and 6 hours of work each day have been estimated, to finally come up to a total 
of 528 hours. 

 
Taking as a reference the scales of the Telecommunications 

Engineering School for the 2007 year, in which this work has been developed, 
the total number of hours is reduced to 300 after the reducing coefficient is being 
applied, and 72 € plus taxes (16%) is estimated as salary/hour. Thus, the total 
costs concerning the applicant’s work rise to 23.059 €. 

 
 Costs involving the direction and supervision of the project, in 

charge of Várallyay György, mean 7% of the material execution cost, which is 
composed of the material cost and the manpower cost. Thus, the total cost 
concerning direction and supervision rise to 1696 €. 
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5.4 Total costs 
 

 The total cost of the whole project is specified in this section, and corresponds to 
the sum of the three costs calculated above. 
 
 

Material costs 1200 € 
Personell costs (applicant) 23.059 €
Personell costs  (direction) 1696 € 
Total budget 25.955 €

Table 18. Total budget  
 

 The total budget of this project rise to twenty-five thousand, nine hundred and 
fifty-five Euros. 
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Glossary 
 
ABR Auditory Brainstem Response 
ACID Atomicity Consistency Isolating Durability 
API Application Programming Interface 
ASR Automatic Speech Recognition 
CGI Common Gateway Interface 
CSS Cascading Style Sheets 
DBN Dynamic Bayesian Networks 
EJB Enterprise Java Beans 
FEC Front End Clipping 
HMM Hidden Markov Models 
HTML Hypertext Markup Language 
HTTP Hypertext Transfer Protocol 
J2EE Java 2 Platform Enterprise 
JDBC Java Database Connectivity 
JSP Java Server Pages 
JVM Java Virtual Machine 
LDA Linear Discriminat Analysis 
LRT Likehood Radio Test 
MLR Maximum Likelihood Ratio 
MSC Mid Speech Clipping 
NDS Noise Detected as Speech 
NNs Neural Networks 
ODBC Open Database Connectivity 
OAE Otoacoustic Emissions 
VAD Voice Activity Detection 
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