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ABSTRACT 

In recent times, the financial sector has become one of the most vibrant sectors of 

the Nigerian economy with about twenty five banks after the bank consolidation / merger 

exercise. This sector presents huge business investments in the area of Information and 

Communication Technology (ICT). It is also plausible to say that the sector today is the 

largest body of ICT services and products users.  

It is no gainsaying the fact that so many Nigerians now carry mobile phones across 

the different parts of the country. 

However, applications that provide voice access to real-time banking transactions 

from anywhere, anytime via telephone are still at their very low stage of adoption across the 

Nigerian banking and financial sector.  

A versatile speech-enabled mobile banking application has been developed using 

VXML, PHP, Apache and MySQL. The developed application provides real-time access to 

banking services, thus improving corporate bottom-line and Quality of Service (QoS) for 

customer satisfaction. 
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1.0 INTRODUCTION 

The need to improve customers’ 

services and provide efficient banking 

services has resulted in a dramatic increase 

in the use of Information and 

Communications Technology (ICT) based 

solutions in the financial institutions. The 

banks in Nigeria have to a good extent 

adopted recent advances in information 

technology for e-banking [1]. E-banking is 

a means whereby banking transactions are 

carried out using automated processes and 

electronic devices such as personal 

computers, telephones, fax machines, 

Internet, card payment, Automated Teller 

Machine (ATM) and other electronic 

channels. Today, the development of 

banking is no longer focused on the growth 

of basic services (money transactions), but 

rather on distribution channels via which 

self-service platforms are extended to the 

clients. Clients are looking for easy and 
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inexpensive access to information on their 

banking transactions. Electronic access via 

the Internet and ATM are only few 

options, which is attracting an increasing 

number of users, saving them the time 

spent waiting at bank counters.  Other 

types of e-banking include: PC banking, 

telephone banking, mobile banking, etc. 

Some of the services provided through e-

banking are: Utility bill payments, setting-

up standing orders, funds transfer from one 

account to another, confirmation of 

account balances and electronic statement 

of account and account history [2]. Some 

of these solutions are available via, ATMs, 

Mobile (GSM-based) banking, Smart Card 

Technology, etc. The advent and 

proliferation of telephones (particularly 

mobile phones) in Nigeria has further 

challenged the Nigerian financial 

institutions to provide banking services 

while on the move. The telephone cannot 

only be used for presenting visual 

application and data, but can also support 

speech-enabled transactions. With speech, 

bank customers are capable of sending 

debit requests to their banks through the 

use of mobile or land phones. Users of 

public utilities such as Power Holding 

Company, Nigerian Telecommunication 

Plc, Water Board, etc, can give a standing 

order for funds to be transferred from their 

account to the account of any of the utility 

providers. 

This paper discusses the addition of 

voice functionalities enabled by the 

VoiceXML technology to the design of 

mobile banking applications for enhanced 

QoS and wider acceptance in the 

application domain. The application 

developed allows a caller to access the 

system over the phone where he/she will 

be prompted for user name, password and 

account information for authentication. 

Once authenticated, the caller will be 

presented with a selection of banking 

services such as balance inquiry, funds 

transfer, etc. 

The remaining part of the paper is 

organized as follows: Section 2 presents 

VoiceXML development infrastructure, in 

section 3 we present a UML model and the 

system design architecture. In section 4, 

the development and deployment of the 

application is discussed and section 5 

concludes the paper in section 5. 

  

2.0 VOICEXML DEVELOPMENT 

INFRASTRUCTURE 
 

VoiceXML (also known as VXML) 

technology allows a user to interact with 

the Internet through voice-recognition 

technology by using a voice browser 

and/or the telephone [3]. Using 

VoiceXML, the user interacts with the 



 

 

61 

voice browser by listening to audio output 

that is either pre-recorded or computer-

generated by submitting audio input 

through the user's natural speaking voice or 

through a keypad, such as a telephone. A 

VoiceXML platform is a foundation for 

developing and operating voice automation 

applications [4]. During the human 

computer interaction, it executes the 

commands and logic specified by 

applications written in VoiceXML. It also 

provides the speech processing capabilities 

(speech recognition, speech synthesis, 

voice authentication, etc). VoiceXML 

platform architecture is based on 

HyperText Transfer Protocol (HTTP) 

protocol, and uses both phone and Internet. 

The web server is often connected to a 

database which the user can query and 

update. See Figure 1 for a telephony web 

system architecture. The components of 

the telephony web system architecture are 

described as follows [5]: 

 

 

    Figure 1: Telephony Web System Architecture      Sources [5] 

 

Voice Server: The voice server (also 

called VoiceXML gateway) is responsible 

for communicating with the user over the 

telephone and performs telephony tasks. 

The VoiceXML gateway pulls VoiceXML, 

grammar and “.wav” files from the web 

server over the Internet or depending on a 

dedicated link application requirements 

and implementation architecture. The 

voice browser in the VoiceXML gateway 

collects speech input from the user over 

the telephone and presents to the inner 

components of the VoiceXML gateway for 

processing. The voice browser also 
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presents it the output to the user in the 

form of spoken words over the telephone. 

VoiceXML code itself is neither generated 

nor stored by the VoiceXML gateway. The 

VoiceXML gateway fetches the 

VoiceXML code from the web server over 

the Internet. In some cases, voice server 

and application servers can be co-located 

in order to reduce dependency on the 

Internet link between the two servers.  

 

VoiceXML Browser: A VoiceXML brow-

ser is the human machine interfacing 

component of web-based speech driven 

voice application. A voice browser 

provides an interface between the caller 

and the different components of the voice 

server.  The voice browser is an equivalent 

of the HyperText Markup Language 

(HTML) browser (Internet browser). Just 

like an HTML browser interprets the 

application server code and presents to the 

user and accepts inputs (HTML forms) 

from the user for processing by the server, 

the voice browser interprets the voice 

server code and presents to the caller over 

the phone and accepts speech input 

(VoiceXML forms) for further processing 

by the server. 

From an architectural point of 

view, the main difference between a web 

and a telephone application is that in a web 

application, the browser is provided by the 

client machine. As a result of that, 

application designer can rely on client 

resources in using technologies like 

Javascript and Flash to present and accept 

the data. The voice browser on the other 

hand is a part of the VoiceXML gateway 

and does not reside on the client, which is 

the calling device (telephone) for voice 

applications.  

Speech Recognition: This is also called 

Automatic Speech Recognition (ASR) or 

Speech Recognition Engine. The main 

purpose of ASR is to convert human 

speech into the text form that application 

can understand. It interprets callers’ 

spoken words and makes decisions based 

upon the spoken language and application 

rules defined in the grammar files.  

 

Text to Speech: Affectionately called 

TTS, a Text-to-Speech system provides the 

reverse of the speech recognition process: 

that is converting text to speech. A TTS 

system announces text provided by the 

application to the caller in the form of 

spoken words.  

Application Server: The Application 

server houses the database and necessary 

codes that are used to communicate with 

the user of the application and performs 

tasks related to business logic. The 
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application can either be resident on the 

web server or hosted on a separate 

database server. 

VoiceXML grammar: A VoiceXML 

grammar identifies different words or 

phrases that a user might say, the 

recognized vocabulary and syntax are 

decided a prioi by the programmer. The 

VXML grammar is the core of a VXML 

application, since it determines the 

recognisable inputs. Grammars can range 

from a single word to phrases. A voiced 

grammar could be given in the body of the 

VoiceXML script (inline grammar), or in 

separate file (external grammar). Here, the 

important thing to understand is that a user 

can only pronounce a sentence predefined 

in the VoiceXML application’s grammar. 

For example, it means that it will be 

impossible for the computer to understand 

“Nicholas” or “Azeta”, for instance, if they 

are not available in the grammar. 

 

2.0 UML MODELLING AND 

DESIGN ARCHITECTURE 

 

The Unified Modelling Language 

(UML) was used to capture and model 

some of the functionalities in the 

application. The UML is a visual language 

that provides a means to visualize, 

construct and document the artefacts of 

software systems [6]. The sequence 

diagram for accessing information in the 

application is contained in Figure 2. 

 

 

                          Figure 2: Sequence Diagram for Access to the System 
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The architecture presented allows easy 

access to banking transaction information 

from any point in real-time using either a 

mobile phone or land phone.  Further 

more, we present client-server architecture 

for the physical infrastructure and a 3-tier, 

client-server architecture for the logical 

implementation and deployment. The two 

architectures are depicted by Figure 3 and 

4 respectively. 

 

3.1 Logical Architecture  

Figure 3 gives a logical overview 

of the architecture of the banking 

application. The architecture shows the 

locations of each of the services in the 

system and consists of the client interface, 

middleware and database repository. The 

database is separated from the client by the 

middleware. The middleware concept 

helps to improve scalability, load 

balancing, transactional processing and 

interoperability issues by providing a 

means that allows for non-propriety/multi-

platform banking services. 

                                                   Figure 3: Software Architecture for the Application  
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The presentation layer provides client 

access to the banking application through 

the middle-ware. The solutions provided 

on this layer include Security and 

Authentication (SA), Enquiries, Payment 

of bills and Standing order.  These services 

do not store or process any form of data. 

The phones deployed on this layer only 

serve the purpose of VUI. They only 

provide an interface for the middle layer 

and the data layer. Currently, server side-

processing solutions offer the best 

alternative in most dynamic situations 

because they carter for the limited memory 

and processing power of many mobile 

devices [7]. It is important that any mobile 

access to the e-Banking enterprise 

application be strictly controlled and 

regulated to secure the system.  

 

3.1.1 Middleware 

The servers house all the 

application codes and are organized in 

three-tier architecture. The presentation 

tier communicates with the voice gateway 

component of the middle-tier through the 

voice browser. The middle-tier contains 

the voice gateway and the application 

logic. 

Users access the application from 

various supported devices such as personal 

digital assistants and cell phones within 

and any where outside the bank provided 

there is network coverage. The application 

user interface allows users to access the 

application module. All users are 

authenticated before they can access any of 

the modules in the system. Once a user has 

been authenticated, the user’s query is 

translated by the ASR to text and passed to 

the database server for execution. A user 

can only access the module for which s / 

he is authorised. The client application 

interfaces to the application layer using the 

voice gateway. The database server 

provides data services and data base 

management system function.  

The application is developed for 

telephony and allows voice browsers 

(running on the voice gateway) to be used 

as the interface. The information from the 

database is presented in a form compatible 

with the client using the voice browser. 

 

3.1.2 Data layer 

The data layer is responsible for the 

storage, retrieval, maintenance and 

integrity of the data manipulation within 

the system. Though we used MySQL for 

the implementation of the data layer, the 

architecture presented in Figure 3 could 

allow other databases such as MS SQL / 

SQL stored procedures, Oracle Database, 

MS Access, etc, to be implemented.  

Stored procedures are complex queries 

stored in a compiled form inside the 
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database, which can be executed by the 

Database Management System (DBMS) on 

the server side to enhance the robustness 

and reliability of the system [8, 9].  

 

 

 

3.2   Physical Architecture 

The architecture employed for this 

prototype consists of a complete range of 

robust high performance client and server 

platforms with integrated enterprise 

application and data extendable to banking 

customers in real-time.  

         Figure 4: Hardware Architecture for the Application  

The client systems include hand-held 

devices such as mobile phones and 

personal digital assistants and telephones. 

The servers are used to maintain 

connectivity to enterprise resources for the 

mobile banking solutions that include the 

customer’s service, teller/cashier, standing 

order and payment of bills. The availability 

of an enterprise application and servers is 

crucial to banking services where customer 

records must be available 24/7.   

A major benefit of the multi-tier 

architecture used is that it increases 

application scalability and performance by 

enabling several banking customers to be 

connected concurrently to the system. In a 

multi-tier architecture only application 

servers connect directly to databases. In 

this way, the application server can process 

multiple requests from many banking 

customers within the telephone network 

and Internet through a pool of pre-

allocated database connection, thus 

reducing the database server load. 

Furthermore, the load on the application 

server tier is balanced by using multiple 

application servers. The multi-tiering of 

the servers support the implementation of 

thinner clients, since most of the logic 
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would be made to run in the application 

server and database tier [10, 11].  

 

3.3 System Design Pseudocode 

The pseudocode presented in 

Figure 5 was used to implement the 

prototype application discussed in this 

paper. 

 

BEGIN  

  SYSTEM PROMPT ‘Welcome to secure  

  Bank Nigeria Ltd, Automated Phone 

   Banking System’; 

  //Caller suppler a username and password 

  SYSTEM AUTHENTICATES A  

   CALLER;  

  //Caller suppler an Account Number 

   SYSTEM AUTHENTICATES  

   CALLER’S ACCOUNT NUMBER; 

    WHILE NOT EOF DO 

        SYSTEM request enquiry from  

        caller; 

        CALLER supplies enquiry; 

        IF enquiry is in database THEN 

         SYSTEM supplies answer from  

         database; 

        ELSE 

SYSTEM process enquiry; 

SYSTEM sends a notification to  

CALLER; 

         ENDIF 

      ENDDO 

END 

Figure 5: Pseudocode for phone banking 

application

 

 
   Figure 6: Partial code for the application 
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4.0 SYSTEMS DEVELOPMENT  

AND DEPLOYMENT  
 

We developed the application using 

VoiceXML to render voice response to the 

phone interface.  Hypertext Pre-processor 

(PHP) and Apache web server were used 

for the application layer. MySQL database 

was used for the data layer. The 

VoiceXML was preferred amongst other 

competing tools for developing telephony 

application, such as Microsoft .NET 

Speech Technologies because it seems 

most likely to persist in the long term and 

is the most powerful, most general and 

popular [12]. The choice of PHP, Apache 

and MySQL is because they are free and 

open source[13], which makes it more 

economical to develop with at the 

prototyping stage. 

In developing the application (see 

Figure 6 for the partial code), first, we 

downloaded the voxeo free phone emulator 

(prophecy) from [14] and install on a local 

computer to facilitate execution of the 

application as a localhost. Second, we 

deploy the application on a voxeo voice 

network so that it can be accessed 

anywhere, anytime via the Internet. 

Simply dial 009-1-312-4360541 or 

009-1-857-3628433 from any mobile or 

land phone to connect and execute the 

application deployed in voxeo voice 

server. The default username is admin and 

password is admin. The default account 

number is 1234, for testing purposes. 

Figure 7 and 8 depict a live 

deployment of the phone banking 

application on a Nokia 6301 mobile phone. 

They show the screen shots representing 

the voice interaction between the caller and 

the system. The application is launched by 

dialling any of the recommended phone 

numbers. Once connected, the system will 

be prompted with a welcome message and 

go ahead to authenticate the user name, 

password and account number before any 

transaction can be processed. 

Once a valid username, password and 

account number are provided, the system 

will ask for the services or enquiries 

demanded by a bank customer. Figure 8 

shows a customer’s voice request for 

account balance and the system’s voice 

response. 
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Figure 7: Dialling and Authentication session 

 

 

Figure 8: Account balance request and response session 

 

5.0 CONCLUSION 

This paper has reported the design, 

development and deployment of phone 

banking application using VoiceXML to 

enhance the QoS derived from banks. 

 

The application ensures real-time 

availability of customers’ transaction 

information by enabling access to 

authorised bank information systems via 
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telephones within and outside the banking 

premises. This will eliminate the long 

queues that usually result during pick 

periods in the banks. In addition, the 

integration of the e-banking voice 

functionality will assist the visually 

impaired, the aged and the pensioners to 

access their banking transactions at 

suitable locations without physically going 

to the bank premises or using the ATM 

stand. 

Finally, the adoption of the product 

of this research in banking operations will 

offer a good contribution for banks and 

other financial institutions in providing 

better customer services thereby increasing 

the liquidity flow among individuals, small 

and medium scale companies, as well as 

big organisations, within a growing 

economy such as Nigeria. 
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