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Abstrace

This thesis describes the implementation of Voice Messaging System. such system has
been used by organizations as a non-real-time communication system for a long time. In
Voice Messaging System when a uscr dials to a system using any telephone network, he
has to authenticate himself and than he can hear vowee messages sent by other users of the

system. User can also record and send voice messages 10 other users of the system.

The limitation of the present Voice Messaging System has been discussed in the thesis,
Their proprictary nature and capabilities of handling specified number of users prohubit
their use in cost cficetive manner, The thesis alse identifies that source codes of

commercial systems are not open. Moreover, they are limited to a lixed number of nodes.

A Rer identifying limmtations of existing svstems, this work developad a new concept of
implementation of Voice Messaging System which is open, cost effective and capable of
futire expansion. In our proposed architecture Single Voice Messaging System
developed by open source {ools sball cover small gcographical arsa. than these Single
Vowee Messaging Systems will be liked with WAN infrastructure o cover largc
geographical arca. Prototype of our proposed system with open source tools has bean
developed and tested 1o examine Lhe possibiliy of implementing large scale Inteprated

Voice Messaging System.
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CHAPTER 1

INTRODUCTION
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[.1 INTRODUCTION

Voice Messaging System 11,2,3,4,5] has been used as a non real-time communicalion
system for 2 long time. Often we want to send message but the intended recipient of the
message cannot be reached. Using Volec Mcessaging Syslem we can send the message to
the recipient’s voice mail address as like as usual postal services. 1n a very simple Voice
Messaging System an 1D and password are agsigned to every user. User logs in to the
system using PSTN/IP/Mobile telephone set, uses handset buttons for authentication, for
receiving and sending voicc messages. These {ypes of scrvices have been used by
Comnuuntty Service Providers, Educational Instilutions and Commercial Orgamzations

for many years

Voice
Messaging
Systent
IPT
d PSTN :
Vi M |

Fig 1.1; Simple Voice Mcssaging System

Voice Messaging System has similarity with Answering Maching hut has many advanced
features Vorce Messaging System record voice messages from anyone but delivers only
w the registered user or users group. Each registered user 15 associated with a message
boy and messape box is private for thal particular registered user. Voice Messaging
Systems ace  sized  according to requited numbers of  portsfconnections,  these
portsiconnections ¢stablish connection hetween uscr phone system and the Voice
Messaging Systom. dlore ports i a Voice Messaving System will allow more users

send anel retneve voice messages simultancously.

ot



Vaice Messaging System uses pre recorded micssage or spoken instruction to guide user.
‘These prerecorded messages or personalized messages are played based on time and
cvents such as line husy, business hour closed etc, User may receive message-waiting

indication by pager, stutter dial tonc or indicator light on telephone.

Voice Messaging System provides subscribers to check and access messages from any

phone and to perform the fillowing lasks [3]:

o User can place mulliple new messages and respond to multiple messages with a
single catl to the Voice Messaging System. Uscr of a Voice Messaging System
can respond to a message, place a new message or forward a message and can

return to the messaging system 1o process other messages with a single call.
o User can place unicast. muiticast or broadcast message ta other user or group
o Liser can retricve messages based on message priority.
o Uscr can casity identify other user/group by user/group 1.

e User can forward voice messages as e-mail allachments to any e-mail uscr,

enabling users of different voice-mail syslems lo share voice-mail messages,

1.2 BACKGROUND AND PRESENT STA'LE

We have analvzed features and characleristics of exmisting Voice Messaging Scrvices,
Commercial Voice Messaging Systems and Developnient Tools for voice messaging
ayvstems, We have also discussed pros and cons of such systems and possibility of using

such sysiems 1o cover large geographical arga.

1.2.1 EXISTING YVOICE MESSAGING SERVICES

Vioice Messaging System has been used for community semices and social services i



many couniries. VMS has been used in agriculiural secior, medical scetor, weather
lorecast scctor, disaster control sector etc. Examples of VMS services are Community

Voice Mail {CVM) in USA and Ausiraba, Lifelines in India, Telemmmder in USA ete..

Community Voice Mail (Cv¥M) was founded in seattie. USA in 1991 and CYM 15 &
nationwide program for helping people in emergency [1]. CVM provides free 24-hour
volce message access to people with 32 CVM sites. Each year CVM scrves 40,000
people in 400 towns/citics nationwide. Commen goals of CVM are employment, housing,
domestic violence aveidance, accessing vilal services cte. Target users of CVM are
people in crisis, homeless, taid off workers, violence victims. runaway youths, foster
childrens, migrant workers etc. CVM has also slarted working in Australia with help of

K SoVCTimCnt and non EOVEIMITENL agenC1es.

Lifelines India is a telephone based mformanon services that provides guidance on
improved farming methods and provides advice on market access to rural farming
contniunitics [6.7]. Farmer can query on an auiomated voicemail system with community
fixed plione or with mobile phone. Community workers search frequently asked question
databasc in the systemy or communicate with experts to lind an answer The answer is
attached as a voice file with the original query mail and send to the farmer to pickup
within 24 hours. Lifeline India was started in 2006 and now scrving 40,000 farmers in
70 villages. Systemy reeeives 250 calls in average evervday and 88,000 frequently asked

questions are now stored in database.

Teleminder developed by “Community Voice Mail for Routine and Disaster Services™ is
a map based systern which automatieally calls people and give them emergency
instructions |8). Teleminder netify users in times of imminent danger, ask to evacuate
alder residents before disasters, helps getting cimergency services afler disasters, helps
eehich avencics to communicate during disaster recavery. In normal time systenl provide
community wide services such as daily check-up calls by old people, telephone hulletin

board an conumunity events and services.



Medical service providers like lifeline USA. Bexhill Hospital UK are using Voice
Messaging Svstems to pive routing medica! services to aged people. Enterprises like Wall
Street Joumal, AGIA Afliance, One Account Solutions Group are also using Voice
Messaging Senvices for scnding inbound and outbound messages to customer. Campus
Voice Messaging Systems are widely used i Umversities like MIT, University of
IOWA, Yale University, Concordia University, Universily of Victona, University of
Arizona etc [1]. These Voice Messaging Systerns are single system in nature and

provides telephone bulletin board services to users.

1.2.2 EXISTING COMMERCIAL YOICE MESSAGING SYSTERMS

VOCP system founded in 2000, is a full featured Call Answering and Voice Messaging
Systen1 [3]. It 15 an open sourced system and now under Psychogenic INC's open prajects
department  VOCP is a softwarc based single site cemtralized system, VOCP requires
voice modem and Linux/Unix variants operating system. YOCP supports unlimited
number of voicemail, uscr can access and navigate with their touch tone telephone pad.
User can send and receive faxcs, listen to email using lext-lo-speech conversion, filter
and redirect calls based on calier 1D information elc. A single exceutable program and a
number of Perl modules comprise the core of the VOCP system. VOCP handles incoming
calls. processes user input and allows callers 1o navigate the system to {eave and retrieve
volce messages, emal messages, pager munbers and faxes. The core program 15 free but

any Leehmical suppott or custonlization requires considerahle amount of charge.

(WM is a telephone answening machine, voice massaging system, call attendant, and
mkeractive voice response ((VR) program for Windows [9]. It connects to the phone
using o standand 1 oice modenw professional telephony board or to a VoIP service. IVM 13
soflware based single systeny and an clfective voice message server, call attendant, info-
hne and awtodial solution for small to medium businesses VM can redireet in coming
calls during otfice hours or act as a PC answer machine and take messages for a nuniber
of voice mail boxes atter business hours. All calls answered or non answered are logged

with date, time and caller [D. The recorded messages can be plaved at any time,

LA



forwarded to an email address, accessed via the intemet and if necessary, saved lor future
reference. IVM can run on Windows 95/NT4/98/2000Me/XP2003Vsta or Linux
variants. Licensing 15 free to use as a personal answering maching, but licensing price 1s

higher for commercial usc. 1VM can be installed with failover option in two machimes.

Panasonic has hardware bused Voice Messaging system ranging from 6 ports/ 64 voice
hox to 64 ports/1024 voice boxes [3]. Panasonic VMS are non configurable and costly.
SoundBitc Communication’s Voice Messaging Solutions are software based and highly
cliicient system, SoundBite provides customized solution based on  cusiomer
requircments. AVAY A has Voice Messaging Selution but these solutions are mtegral
part of IPT or 1PCC solution. AVAYA IPT/IPCC solution can be purchased as soltware
or can bo purchased as bundled wiath hardware. Cisco Unity offers a reliable, secure,
scalable. and full-fratured voice and unihed messaging platiorm [10]. Cisco Unity can be
purchased as software or can be purchased as bundled with hardware. Cisco Unity 1s
basically designed for LAN users and has fallover option. It can be designed for clustered

implementation. Both AVAY A and CTSCO solution are of single centralized architecturs.

1.2.3 EXISTING DEVELOPMENT TOOLS FOIR VMS

Proprictary and non proprielary lools are available to develop telephony and voice
applicattons. These Application Development Tools can be used to bwbd full teatured

Volce Messaging System on windows/linu</unix operating systenl.

Telephony  Application Programming Interface (TAPD was developed jountly by
Microsolt and Intel, is set of classes to write appheation {or telephone communication
devices [ 11]. TAPT s set of API and by using these set of AP, application can be wnilen
on windows platform for sending and receiving data, voice and fax. TAPI provides
intei faces hetween computer telephony applicanons and telephony services 1's possible

w develop wide range of systems like VOIP. PRX. CallControl, IVR, ¥MS, Video

i




Conferences with TAPI TAPL interfaces can be ealled from standard programming

tanguage hke C/C+H+, Java, VB and CH.

Java Telephony Application Programming Interface (JTAPI) is an object onented
Application Programming Interface for computer telephony applications based on Java
language [12]. JTAPI is platfonn independent and serve as an inierface between Java
applications and telephonc systems. JTAPI has sets of function packages, core function
package provides hasic structure for telephony processes as call placing, call answering
and call dropping. Other function packages provide additional teclephony application
fzaturcs. JTAPI s similar to Microsoft and Intel's Telephony Application Programming
Interface {TAP.

IVRS {lnteractive Voice Responsc Systemn) is relatively new technology for Linux O3,
aimed to integrate computer and telephony applicalions [13]. IYRS module is developad
in Perl, VMS can easily be developed by using voice modem or voice telephony cards
and Perl language. It can play message (samplng rate 11025 bytes/sec), get Caller 1D,
send freceive fax, Record message. dial out side number. generate fast response (no need
to wait lor message to compleie), interface with data base, in short almosi every thing
thal a commercial IVRS can do The ealy limitation is number of telephone line that can

be supported on one machine.

One of the most widely used module in Linux Woild for Voice Application is the
Modem:Veeity module [14]). Modem::Veetty module is a Per] mnterlace to the vpctty
program. which can be used for communication with the voice modems. Vactty is an
encapsulalion abject for writing applications. The answering machines and sophisticated
voree applications can be wrilten using this module. Veelty is distributed with hnux/ums

meetty peackage and aliow s to write voice application in Perl Language.



1.2.4 FINDINGS

Exishng Voice Messaging Systems are of small scale and conflined to a small
seographical arca, based on dedicated hardware or customized software. Access o the
local system is by POTS/PSTN or IP Telephony [15,16]. These systems have (he basic
feature of Veice Messaging but not suitable for covenng large geographical areg,

hecause

o Commercial Voice Messaging Systems [3,.5,9,10] are proprielary system, costly
and require huge physical mplementation which is impractical for large scale

projects.

o Muny Commercial Umfied Messaging Systems are for IP Telephony or Call

Centre Solution Voice Messaging is Oplional Featurc in those Systemns [9].

o Developing non proprietary Voice Messaging System is possible [11,12,13,14],

hut such implementation usually covers a small geographical area.

o Deploving Single Voice Messaging System to cover large area is impraclical due

to requircnicnt of huge ports or conneclion points in hardware.

o Centralized Single Voice Messaging Systeim is not suitable for covenng large
seographical arca. User access to such centralized system by POTS/PSTN 1s

costly.

o Use of T Telephony system [13,16] instead of PSTN requires TP telephone sct
and Network Infrastructure and it is nol suitable for a large number of peeple and

large seale nnplementation.



.3 OBJECTIVES WITH SPECIFIC AIMS AND POSSIBLE OUTCORES

Ohjectis e of this thesis is to develop a Voce Messaging System for mass people covenng
large geographical arca. In our propased system we want to develop an Integrated Voice
Messaging System by linking multiple Single Voice Messaging Systems (SYMS) with
TCPR/IP network. Each SVMS will cover a small geographical arca or a predefined small
nusber of users, multiple SVMS will be linked together to cover a large geographical
area or a large nuniber of users. SVMS are building block of our proposed Integrated
Voice Messaging Systen and each SVMS will act as a node (in upcoming sections
“QVMS” and “node” will have same meaning for our Integrated Voiwce Messaging
System} SVMS will reside in the local telephone exchange and linking between these

nodes will be by TCP/IP Network.

g

M—i SVMS 1 i ! SYMS 2

‘ SVMS 3

Fig 1.2: Proposed Integrated Vowce Messaging Sysiem

Exory user will be registered 1o a particular SVMS (nede) and that system will be called
his Heme Volce Messaging Systemy (HVMS)., User group can be registercd to a particular
SVMS or muliple SYMS Uscr will access his HYBMS vaing any PSTN/Mobile/VOIP



tefephony system. User will be able to send voice messages (o any registered user/group
residing in any system but only the registered user will be able to retrieve message [rom

his home system.

Message retricval, storing, sending and forwarding can be done using telephone set. If a
uscr wants to scnd voice message to another user/group in the same system (node),
iransfer is within that system and inter system communication will not occur. For sending
o a uscr/proup in another system, TCPIP network will be used for inter system
communication. ISP, NSP and Local Exchange can be used to provide such facility. For
Infer-system group messaging, only one message will be forwarded to other system and

distribution to group member's message box within that systern will be done locally.

1.4 USES OF INTEGRATED VOICE MESSAGING SYSTERM

o Integrated Voice Messaging System can be implemented as nation widc system for
poor and roaming people o find jobs and other social serviecs. An organization can
send intenview schedule by volce message o a roarming user or any healthcare

orgarunzation can broadeast message regarding spread of diseases to all usor.

o Broadcast Messages can help to mmfoom  Business Opportenities, Training

Opportunities and any other Communily Announcemenis to user and users group.

o Centralized Group Messamng Facility can be used for agricultural sector, medical

seetor. weather (orecast, disaster conteol sector ete.

o Conunercial Oreamzation can use Ilntegrated Voice Messaging System for nation
wide commercial services such as adverisement. user billing information, offline

sUppOrt services cie.

o Voice Messaging Systent can be used 1o provide telegraph hke [acility in post

offices by using speech to lext conversion.

< Doty gathered from Voloe Messaging Systom database can be used for Socio

Eeononics Analysis.

10



1.5 ORAGANIZATION OF THE TUHESIS

o Chapter 1 of the thesis starls with an introduction to Voice Messaging System. It
is followed by study on existing services and systems, development tools,

objectives and arganization of the thesis.

o In chapter 2 Design of proposed system has been discussed. User/Group ID
Scheme, User Authentication, Message Stoning, Node [P Addressing, Inter Node

and Tntra Node Communication etc. were discussed in this chapter.

o In chapter 3 Components, Features and Seccurity of the proposed system has been

discusscd.

o Tn chapter 4 devcloprcnt of the proposed system has been discnssed. Prototype
system of our proposed Integrated Voice Messaging System has been developed

and this prototype systen is discussed n tus chapter.

o In Chapter 5 Conclusion and Recommendation for future work have been

discussed. The thesis ends with citing references and appendices.



CHAPTER 2
DESIGN OF AN INTEGRATED YOICE MLESSAGING SYSTEM



21 INTRODUCTION

Proposed Integrated Voice Messaging System is desipned by linking mulliple Single
Voice Messaging Systern (SYMS) with TCP/IP network [17]. Every user or group must
be associated with a home node (HVMS) and user can be lucal or user can be roaming
user. Message Delivery within a system is straight forward, just copying the message 10
the recipient bex. NDehvery to a remote user is little complex, first the sender’s system
have to find the II* address of the remote system and then it will transfer the message to
the remote system. Message retricval by any user 15 only possible from uscr home node,
user will not be permitted to retrieve message from any non home node, Retrieval voice
messages flom non heme node will bring complicacy like user authentication and

downloading full message box from remote node.

2.2 PROPOSED ID SCHEME

We need 1o assign 1D to users/groups with parlicular internal structure for owr proposed
sysleny, Every uscrigroup must have a HVMS {node) and must register with his home
node. Group will reside within a single node or will reside in multiple‘every node. Same

1D structure will be used to identify both normal user and group.

Tn our proposed scheme firsl 3 dipits of the ID will be called System Digits and wili
identify any SVMS. Tt is possible to address ning hundred mnety nine (999} nodes with
ihree (33 system digits. These 3 digits must be wuque and cvery node must have an IP
address associate with these 3 digits Neat digit will be called Type Digit and will
identify whether the 1D is for normal uscr or for group. Last 5 dhgit wall be called
Identification Digits and will identify particular user or group. IF required number of

digits for any part of the [D scheme ean be increased.

L]
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XXX
VMS

(System Digit)

- X

User or Group

(Type Digit)

KNXEX

1D

{ldcntification Digit)

ID with all 07 {000-x-xxxxx) in first three fields means that 1t 15 applicable to alf system.

“1" 1n the fourth Aeld (xxx-1-xxxxx) means normal user and “07 (xxx-0-xxxxx) means

USEF ZTOUp,

Vaice Messaging User/Group System Type i ldentificatton | Proposed 1D

System Location Name Digits Digits | Digits

Moghbazar, Dhaka | Mr. Amin 001 1 11111 DOILLIILL
{Normal User)

rirpur, Dhaka hir. Sohrab (02 l 11111 OO2111111
{Narmal User)

Plulbari, Dinajpur | Mr. Kamal 111 1 11112 11It1i12
{Nomal User)

Fandgon, Doctors 222 0 111400 222011100

Chandpur {Group)

23 DTNE INPUT AND ASSOCIATED ACTIONM

Table 2.1: Proposed 1B} Scheme

Voiee Message will be send and retrieved by PSTN/Mobile telephone set or P telephone

set [1L2.34.5] User calls to a node (HYMS), node answers the call, plays pre recorded

message and asks for DTME input. [ 1esponse to the caller's DTMFE input, mformation

14




may be retrieved or any other service requests will be executed. System guides user with
pre recorded digitized messages 1o select difforent options, After makng call Lo & node,
user must cnter into messape delivery or retricval mode. Uscr enters special

charactersinumbers to enter delivery or retrieval mode, a simple dhal plan 1s given below:

DTMF Action
1114 Declivery mode
2228 Retneval mode

fl

In voice delivery mode anthentication is not needed, user will be asked to starl voice
message for recording User needs to confirm recorded message and than wiil be asked

for recipient 1D, User can perform following by pressing appropriate keys i hus keypad.

DTME Action

137 Review recorded message

24 Discard recorded message and record again
3% Canfirm recorded message

Th Hear help message

8% Exit Voice Delivery Mode

O Exit Voice Messaging System

When in message rctricval mode. he must provide his 1D and password After
authentication the user may select the following options: play or delste messayes in his
message box, hcar help message or quil. Each action has an associated special

charactersnumbers:

15



DTMF Action

1# Play first message
RS Play next mmeassage
{1x= Play message number X (X 15 numeric digit), il message not found system

will play the first message

38 Delete mode and delete current message
7 Hear help message

& Exit Voice Retrieval Mode

Ot Exil Voice Messaging Systein

Combination of these digils and associated actions will be customized according to need

during nmplementation phase,

2.4 USER AUTHENTICATION

User must call to HYMS and authenticate himself before retnesing messages. We can
authenticate user by plain text password lile, system password file, aceess server or by
using database systern {18,191, Plain text file authentication 1s not sccurcd and we can
1gnore this method. We can write and use programmming codes 1o authenticate user from
system password file. We can atso use authentication server like Radius/TACCAS, open
source authentication servers are available 1n net. Svstem password file is hughly secured
and switahle for stand-alone systermn but not suitable for our integrated system, query to
remole database is less complex than query to remole system password file, Best way to
authienticate a user for our proposed syslem 1s lrom database systam. Query to a database
15 firsl and 1's easy 1o wrile code 1o make query to a local or remote database system.

Tables will be created (o store user 1D and password as shown below.



User (12 Password

OOETTIE] GOOFEEE
QO21T1111 123%123
222011100 3217123

Fahle 2.2 Database Authentication Table

2.5 CROUP MENMBERSHIP

A group can reside in a single node or a group can reside in multiple/all nodes. Every
node can keep group TD and associated members 1D witlun that sysiem 1 database table.
Iis easy o make guery to database tables to {ind out members ID of any group. Tables

will be created with group ID name and group members [D will be stored in thase lables.

Group [D: 222011100

Table Name: 222017 100

Liser 1D

EVIRRURA D!
GOITLILE2
DOITLILL3

Tabte 2.3 : Group Member 1D



2.6 MESSAGE BOX LOCATION

Standard Database System will be used to store information of user voice message box
location Standard databasc systems are highly flexible and bave enormous feature for
software development. Query to a local database or remole database is easy, faster and
secured. Database tables will be used to store voice messages folder location and any
prerecorded message location. Message folder will be named according to user/group ID
or user/group “Type Digits + [dentification Digits™. Implementation will be make OS5
independent by keeping message folder infonnation in database. Folder path should have
umque standard in every node else message uploading may become complicated. If any

node uscs folder path structure “/aaadbb/™” than all other node should use the same path

strueture.
User/Group LI} Message Folder Location
ORERRSN {User_Voice Folder/UDTI11111
O02E1L111 Aser_Vowe Folder/00211111
222011100 {Group Vowe Folder/22211100

Table 2.4: Uscr/Group Messaze Folder location

2.7 NODE IP ADDRESSING SCIIEME

Every node must have an associated [P address and it must know Swstem Digits and
agsocialed [P addresses of all other nodes of the integrated system. We will use database
system e every node 1o store mformation about system digits and associated 1P
addresses Procedure o updale database wfommation will be customized aceording to
need during mmplementation phase, update will be initiated by node administrator or will

be mtiated by a centrat database administrator
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System Digits IP Address
{0k 192.1658.1.1
002 192.168.2.1
B 192.168.3 1
222 192 168.4.1

Table 2.5: Node [P Addrcss Scheme
2RINTER NOQBE CONMMUNICATION

We will design WAN connectivity structure (o connect all the nodes with open standard
TCPF/P protocol. E}Listinlg MAN, Radio, V-SAT, GPRS, EDGE and IDDN infrastructure
will be used to supporn major locations throughout {he country [20,21,22.23]. We propose
two dilferent type of conncetion for every node, one as main link and one as backup link.
Combination of cxisting WAN technology will be used according to geographic factors.
Bandwidth allocation for any node 1s specific to no. of uscrs of that nods. Reasonable

delay is acceptable as commumecation beilw een nodes 15 not real time communication

1 e 1

SP? T
@l/) s 2

Fig 2,1; Inter Node Communication
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2.9 MESSAGE SENDING

In our proposcd system user access to HVMS s by PSTN/Mole/VOIP telephony
systewn User will access his HVMS in any convenient method, user will use PSTN or [P
telephony or Mobile Network. For sending messages user authentication 1s not needed.
LIger just need to give tecipient ID afier voice recording and rest will be done by the
svstem. Systemn will make query (o find the location of the recipient home node by using
system digits of the recipient T, System will examine the type digit o Ond whether the
message is for any group or for any single user. Message delivery within the system is
casy, {irst throe digits of recipient’s 11 will prove the user as a local user. We will ereate
user's voice mail folder using user’s “type digit + identification digits™ and system will
copy the message to user’s home folder. In casc of group messaging, we will find group
identity by last five digits of the rempient’s ID. We will keep LD of pariicular Group
Mcmbers in database and by making query to the databasc system we will copy the
Inessage to members message box. Suppose, a user send a message to 121-1-44444, the
local system will query the database service to find the IP address of system 121, Fourth
hit is **17, means it's the IT? of a normal user. Now, if the IP address is of the local sysiem
it will copv the message to the folder 144444 10 the [P address is of a romote server tt

will upload the file to the remuote server’s 144444 folder.

For group messaging if the address 15 121-0-44444, the server will copy the message to
tocal 144444 lolder or remote 044444 folder based on system 1dentificaton dugit “ 1217
We will write program, that will check every Ovaxax folder after paticular time periad to
see whether any message reside. I any message is found it will make guery to the
datahasc table 1o find the ID of the group members belongs to any particular group and
will copy the message to those group members voice message folder, In the above
example, system will find all group members [1Y belongs to 44444 group and will copy
message to those users voice message boxes. [f for any reason destination folder 1s not
found, any intra system or inter system voice message delivery will be cancelled. Nomaal
users will he allow ed to send message to groups resides only 10 b HYMS but not 1o any
erovp that resides in muluple nodes. Any message with Tcading 000 will go o every node

of the system and sending such broadeast messape should be done only by node's system

20
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administrator not by any notmal user or group member, Suecessive broadcast message

may brine notwork storm.

LI MESSAGE RETRIEVAL

Authenticalion from home node is not difficult but complexity arises with authentication
from remeote node. System will authenticate user by local authentication mechanisin or
remote authentication mechanism, it’s easy to wrnite code 1o make query to a local
database system bul complicacy arises with query to remete database system Suppose,
any sysiem Y needs 1o authenticate a user “AAA", system Y will examine hrst threc
digits of user “AAA" TD to locate the home node. If user "AAA™ reside on the samc
node, query o the local system database is straight forward. System will find “AAA”

voloe messave folder and will play voice file to "AAA"

Allowed to send voice matl {o anywhere

Delivery .

Mode
Allowed
N Laeal N
" User "
Retrieval
Mode
Mot allowed
N Remote n
v User v

Fig 2.2: Mcssage Retricval



Probiein arises with remote authentication, 1f user “AAA” has remote home node
(System X} system Y will authenticate “AAA™ by making query ko system X, Hemote
awthentication is not very difficult, bul system Y alse nceds to provide voice niessages
information to user “AAA"” of X afler authentication. System Y will do it in two ways, 1l
will copy the whole message folder of the user from the remote system or it will initiate
an cutgoing call and redirect the user to remote system. But both are not fcasible, In [irst
case copying the full directory is time consuming. any network interruption will halt the
opcration and will annoy user. Call redirection 1s possible, bul unnecessary traffic will
flow over the Tocal system as every piece of information will be redirected throngh the

local system. Call redirection also inakes the systen1 more complex.

We propose any user will scod inter system messages but for message retneval user musi
commeet to local/home messaging server, User of any patticular node will not be able to

retricve voice mcssages by log-in to another node but only from his local/home node.

2.11 5¥MS FOR PROPOSED SYSTEM

We could have uscd cxisting commercial VMS as 5VMS for our proposed system but
proprietary nature and customization complexity of commercial systems prohubited us
from such use. IVM is developed for Windows platform and 1015 sutlable for single site
implementation. Proprictary nature of Windows operating system is also a problem for

considering VM.

YVOUCP can be a candidate for our SVMS as 1t 15 developed on Linux platform and by
open source tools. Source code of VOCP is open but technical suppom and any
customization requires considerable amount of charges, VOCP 15 also designed for single

ste Implementation

SoundBite’s Yoice selution are proprictary and closed systent. Hardware based systemis

bke Panasonic’s VWS are pre configured system, suitable for single site smalt scale

1
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tmplementation and any customization is nol possible. AVAYA don’t have separate
solution for VWS but bundled with IP Telephony or IP Cali Centre Solution. Cisco [ne.
has Unity System as VMS but number of users is predefined. Both AVAYA and Cisco
solutions are for LAN specific implementation, very costly and ot suitable for our

[nteyrated System.

One of our goals is to develop our Proposed Integrated System by using open source
platform and open source lools [24,25.26,27). We can bulld SVMS for proposed
Intcgrated gysten by using open source tools, Developing SVMS on open source
platform and tools will reduce design and developnient complexity, maintcnance and
customization cost and dependency on third parties. Possibility of using TAPT to build
our VS has been discarded due o propnetary nature of Windows operating syslem.
ITAPI can be used to develop our SYMS as Java is supporied on open source operating
systems. IVRS and Modem::Vgetty both are open source tools for LinuxUmx
cnvironment, Full featured VMS and sophisticated voice application can be developed by

using [VRS or ¥Vgetty modules.

212 SCALABILITY AND ADAPTABILITY OF PROTOSED SYSTEM

Every node of our proposed architecture 1s independent of any other node, there 15 no
dircet link between nodes. Every node 15 comnecled to WAN cloud and addition or
deletion of any node will not affect other nodes Every vscr is registered to a certain
SVMS and deletion of any SVMS will only affeet user of that SVMS. Proposed D
Scheme 15 composed of nine digits and that will support 999 nodes and 99,999 users per
node. Numbers of digits it our proposed 1D Scheme can be mcreased (o accommaodate

more nodes or uscrs,

Qur proposed architeciure can adapt new techoologics and changes. We have proposed to
develop every SVYMS wath open standard tools and protocols. New features can be added

1o any node without aftecting any other nodes due to independent architecture of nodes,



We can allow web access, outward dialing, message forwarding features to users of some
particular node while only basic messaging features to users of other nodes.
Communication between nodes depends only on user/group ID and node IP addresses, so
nades can be developed with different open source platforms and tools. We can use any
of Modém::\-’getty, IVRS or JTAPI to develop SYMS in different sites or locations. Our
proposed system is highly manageable due to disinbuted nature, problem in one node will
not hinder operation of other nodes. Any node can be taken offiine for reengineening, for

maintenance or for iroubleshooting without affecting other nodes.



CHAPTER 3
COMPONENTS AND FEATURES OF THE DESIGNED SYSTEM




3.1 INTRODUCTION

Like other Voice Messaging System [6,7], every SVMS of our integrated system has

following basic components :
1. Access Component
2. Application Component
3. Database Component

4, Messagzing Server and Storage Components

3.2 ACCESS COMPONENTS

Access components provide access to Application Components and the front-end user
tools of any Single Voice Messaging System. Subscribers will access Applicalion

Components with traditional telephony equipment, 1PT or Maobile Network.

Access Components include the following components
« PSTHN and its componenis

« [PT and its components

* Molnle Network and its components

« Analog to Digilal and Digital to Analog conversion equipment

LI APPLICATION COMFPONENTS

Application Components is the software that provides following features:

« [Izer authentication

» Storing and refrieving messages
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Application Component query standard database or system password file to authenticate
user. Application Component uses the Database Services to [ind user/group information
in the system. Application Component queries the database server with System Digit to

find recipient Home Voice Messaging System.

1. If the recipient is local to the SVYMS, Application Component delivers the voice

message to the local voice message box.

2. Tf the tecipient HVMS is remote, the Application Component performs the following
tasks.

a) Finds the IP address of the remote 5VMS
bh) Establishes a TCP/IP connectien to the reniote SYMS

c) Uploads the message to the remote SYMS

SVMS can deliver voice message to any local user or to any roarmung user. To deliver
voice message to & roaming user Application Component must ind the IP address of the
remote SVMS, Application Component than retrieve message from remote SVMS.
Application Component will complete the following steps to retrieve message from a

remote node:

a} Application Component hnd the remote SVMS IP address by querying

database,
b} Establish WAN connection with remote SVMb5.

¢} Retricve the voice message from remote node.

3.4 DATABASE COMPONENTS

The basic function of a database in our proposed inlegrated system s to store and retneve
additional information by few digits of user id or by user inpul. User/Group details such
as 1D, password, Message Folder and any other information will be kept in standard
database. Database tables will also be used to store node 1P addresses. Application
Components uses Database Tables to store, retrieve and updale information. Free DBMS

like MySQL will be used to store user/group 1D and any other information.
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3.5 MESSAGING SERVER AND STORAGE COMPONENT

SVMS needed to run on stable hardware and OS platform. Storage device 1s needed to
slore voice messages telably and securely. Database Components also siore database
information in storage devices. Server hardware and storage device will be selected based
on number of user and volume of messapes. Storage redundancy is suggested for

Messaging Scrver.

3.6 ADVANCED FEATURES OF PROPOSED INTEGRATED SYSTEM

Proposed Integrated Voice Messaging System can have many features [6,7] in addition to

basic voice messaging service. Some of attractive features are:

1. Caller 1D} detection

2. Text-to-Speech Conversion
3. Group Mecssaging

4. Web Access

5. Message Forwarding

6. Quigoing Call

3.6,1 Caller IT) Detection

Voice messaging system may have provision for caller ID detection. Voice messaging
systenl may detect and use Caller ID to vicw the origin of incoming ¢alls or filter calls

based on the CID informalion. It 15 also possible to redirect a call based on calter TD.
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3.6.2 Texi-to-Speech Conversion

Texi-to-speech and speech-to-text support can be added to a standard voice messaging
system, can be used to convert emails to voice mail messages and voice mail messages to
email. lntcgratioﬁ of Fax service is possible due to this {cature. Speech-to-text conversion
technology can be used to provide postal like services in rural areas, voice message can
be converted to text message in rural post offices and can be delivered to recipient

address.
3.6.3 Group Messaging

Voice messaging system can have group messaging facility. A single message to the
group 1D will forward the voice messages to a number of different group member boxes.
Group Messaging Facility can be used for agricultural sector, medical sector, weather

forecast, disaster control ssctor cte.
3.6.4 Web Access

Voice messaging syslem can forward veice file 1o user E-mail address and can receive
voice file attached with E-mail from the user. It's also possible te develop sollware to
allow user to access his voice mail folder from internet. User email address can be kept in

user information database and now voice mail can be forwarded to user email address.
3.6.5 Message Forwarding

Messape forwarding allows messages lelt for onc individual to be forwarded to another
individual. Tt is very similar lo mail forwarding, can be done manually or can be done
automatically. User can have alias 1D or user can ask node administrator to forward all

his voree mail to some other user 3.
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3.6.6 Outgoing Call

Voice Messaging system can place an outgoing call to a designated rcmote telephone
number when a message is lelt in a uscr's mailbox. Uscr telephone numbers can be kept
in database and SYMS can originate outgoing calls to those number to deliver voice
messages. Such outgoing calls can bring outgoing call cost on SYMS and may result tol}

fraudulent.

3.7 VOICE MESSAGING SYSTEM SECURITY

Pravision must be made to secure SVMS from any unauthonzed access [28,29].
Messages left on voice message boxes can contain critical information or corporate
gecrets. (Gaining access (o any SYMS or to any voice message box may permit an
atlacker to take away valuable information and by using any compromised box attacker

can further attacks on other infrastruchure compenent.

Dala Networks are usually kept sccured with use of OS firewall, dedicated Nirewall,
TDS/IPS sensor ete. In our proposcd system SVMS to SVMS connections are data
network and tight security measures nceded to be implemented. Uses of dedicaled
Grewall is costly but we can use OF based firewall, every Linux/Unix OS comes with
built in firewall like Iptables or PF. We can configure the SVMS to prevent logins of any
user after a predetermined number of unsuccessful attempts. User password should be
stored in O8 password file or in database table, not in plain text file. We can enforce user
to choose long password with combination of different digits and different signs.
Confidential information must not be send by voice messages, if necessary such message

must be deleted alter reception. Following two events should be examined very carciuliy:

% Sign of unusuai activity in any voice mcssage box.

5 Problem accessing the SVMS and password has been changed
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Advanced feature like Call Forwarding and Call Transfer can bring risk of tell fraud [30].
Recommendation is not to implement Call Forwarding feature in our SVMS and if

mandatory restrict catls only to local numbers.
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CHAPTER 4
DEVELOPMENT OF PROTOTYPE SYSTEM
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4.1 INTRODUCTION

We have developed a prototype distributed system to judge the possibility of our
proposed Integrated Voice Messaging System. We have used Redhat Linux and US
Robotics 56K Voice Faxmodem to develop and test our prototype system. We have tested

followings in our lab:

# Voice message sending
~ Voice message reineval

¥ Intra System and Inter System voice message delivery

4.2 PLATFORMS AND TOOLS

Objective of (his thesis is to develop nation wide disinbuted Voice Messaging System
and integration of those VMS with PSTN and TCPE/IP Network.

We have uscd Redhat AS 4 as our OS and Pentium 4 desktop pe as our voice messaging
server, 1JS Robotics 56K Voicefax modem has been used as our voice modem. We have
used Modem::Veetly voice module as our development tool and Perl was installed during
the installation of Linux OS. Both system (system A and syslem B) was in similar

platform and were connected directly to LAN switch.

4.3 VOICE MODERMS AND TELEPHONY CARDS

Voice Messaging System records sounds it hears from the phone line as voice file and we
need voice modem or voice telephony cards to do so. Voice modem record and play
audio over a lelephone line. In addition to playing and recording audic many voice
modems arc capable of advanced features like DTMF detection, call transfers and

outhbound dialing. Cxample of voice modems are ZyXEL 171496, US Robotics Sporistar
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etc. It is possible to use PCI multi por serial interface card to allow multiple modem to

connect to the same PC or Scrver,

Telephony card is very similar to Voice Modem but provide much better quality audio
recording and output and may support multipte phoue lines on a single card. Example of

telephony curds are Qctopus, Dialogic ete.

The modem/telephony ¢ard understands only rmd {raw modem data) format and record as
rnd file. Veoice format tool like pvflools (Portable Voice Format Tools) which is included
with Vgetly has excellent utilities to convert sound files from one fonnat to another

format. Veice Modem or Telephione Card [10,11] should have some basic features as:

o It should inibate and terminate hardware perfectly

o It should receive and temminate call

o It should be able to play voice file and record voice file
o Ttshould detect DTMF properly

o It should be capable of call forwarding, cutward dialing

o The modem should detect bong tone, busy tone, call wailing, dial tone, handset onfoff

hogk etc.

4.4 MODEMN VOICE MODULE INSTALLATION

We have used Redhat Linux AS 4 as our OS and it comes with following rpm packages
neccssary for installing mgetty-1.1.31-2.i380.pin and mgetly-voice-1.1.31-21386.pm
module. Per] development package was installed during imstatlation of the operaling

Systei,

First, we made query to see whether these packages are installed with

# rpm -qa megetty
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Packzizes were not installed, so we install with

# mm -ivh <package name=>.rpm

Conliguration file for Vgetty is fetc/mgetty+sendfax/voice.conf, we opened voice.conf

with vi editor to make necessary changes.

First scarchd for the line voice_devices, our modem was connected to ttyS0 port and we

changed it to

# voice_devices ttyS0

We searched for the line “rings 3 or a similar line, we wanted our modem to answer

afier three nings and we changed it to

r rings 3

We searched for the line with “port”, our modem porl was ttyS0 and we changed it to

¥ port ty =)

We keptl defaull voice directories indicated in voice.conf by “voice dir” keyword as
fvarspoal/voice, fvar/spool/voicefincoming and /var/spool/voice/messages. In /etc/imittab

we insert following line for invocation of vigelly by 1mit dunng startup:

S1:345respawn:/usr/shin/vgetty ttyS0
Our vgetry log file was in default locaticn /var/log/vgetty.ttyS0.log

We have named our calling program as answer.p! and placed it under /home/soheb/

directory, We gave appropriate input in voice.conf file
# voice_shell fust/bin/perl
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# call_program /home/soheb/answer.pl

4.5 MODEM VOICE MODULE METHODS

We have used some common Modem::Vgetty methods to develop our prototype system

a5 discussed below

4.5.1 communication Initialization

We need to create Modem:: Vgetty object thal will mihalize communication to the vgetty.

communication can be terminated closed by the shutdown methed:

# nsc Modem:: Veetty,
# my Sv = ncew Modem:Veetty;

communication can be terminated by the shutdown method:

# fv-»shuldown;

4.5.2 Yoice Commands

beep ($freq, $len) — We can send a beep with frequency “$freq” (HZ) and length “len”
{in miliseconds). vgetty Retums a defined value on success or undef on failure. The state
of the vgelly changes to "BEEPING" and wvgetty returns "READY" after a beep is
linshed. Example:

Sv-=beep(50,10);

dial{Snumber) — We can make cutbound call and dial to a number

play{$hilcname) - vegetty with play the hle given in “$filename”
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record{$Nlename) - vectty wilh record voice as file given in “$flename”

wait{$scconds) — modem will wait for “Sseconds” and will retum “READY™ afier

watrling finished
$v->wait(5});

$v=waitfor{'READY™);

slop — vgetty stops current work

play_and wait{§file) - abbreviation of the following:
$v-=plav($file);

Sv-=wartfor{' READY™,

4.5.3 Event Handler Mcthods

add handler{$event, $handler name, $handler} — This event handler will install a call-
back rouline “$handler” for the event type “$event”. The fArst argument is the
Modem::Vegetly object, second argument is the event name and third arpument is opticnal

cyvent argument.

del_handter{Sevent, $handler name) - This will deletes the handler given as sccond

argument for the event as hirst argument.

enable_evenls — vgetly voice shell will start to dispatch event. No events are sent by
default.

disable events - voetty voice shell will stop to dispaich event. No events are sent by

default,
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Some comunon events handled by vgetty are:

BUSY_TONE - Line is busy

CALL WAITING - Line has received another call
DIAL_TONE — Modem has received dial tone on line
NO_DIAL TONE - Modem has not received dial tone on line
HANDSET ON_HOOK - Handset 15 on hook,
HANDSET OFF _HOOQK - Handsct is off hook.

NO ANSWER - Modem didn’t detect answer for the time give in dial_limeout in

voice.conf.

RING_DETECTED - Modem detected an incoming ring.
RECEIVE _DTMF - Modem detected a DTMFE input code.
SILENCE_DETECTED — Modem detected no voice energy
VOICE_DETECTED - Modem detected voice energy on the line

UNKNOWN_EVENT - Modem detected unknown event.

4.5.4 The Readnum Method

rcadnum($message, $tmout, $repeat) -

With this method we can read user DTMF 1nput. This routine wall play voice instruction
erven as S"message” and accept sequence of the DTMF keys finished by the “#"” key. If

no key 18 pressed for “$tmont” of sceonds, it re-plays the message again.

Number of repetation is controlled by “Srepeat” argument. It retums any available string
imespective of lermunation sign %7, after "$tmout” seconds or completion of repetation
indiacted by “Srepeat”. DTMF tones are accepted duning playing of message and if
DTMF is recerved playing of the message is stopped.
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4.6 PERL YVOICE MODEM PACKAGE

Pcrl Modem package is an essential package for writing applications using voice modem
or telephony. The answering machines and sophisticated voice applications can be
written using this module. We have downloaded perl-Modem-Vgetty-0.03-
1.2.el4 rf noarch.rpm package and installed with

i rpm — 1vh perl-Modem-Vgetty-0.03-1.2 eld rfnoarch.rpm

4.7 GNU WGET AND WPUT PACKAGE

We have used GNU weget and wput packages for uploading and downleading veoice file to
and from remoete node. We have dewnloaded packags weet-1.9.1-17.i386.rpm and wput-
(.6.1-1.el4.1£i386.rpm and installed with

# rpm -~ ivh wput-0.6.1-1.el4.rfi3B6.rpm

# rpm —-ivh wget-1.9.1-17.i386.pm

4.8 CALLING PROGRAM TO YOICE MODULE

iain calling program to Modem::Vgetty for our prototype system was named as soheb.pl
{(Appendix A1) and was kepl under /home/soheb/! ditectory, We have used very simple
programming logic for our prototype syslem and password authentication was not
implemented, user is identified by user name. Script get voice (Appendix A.2) to
download voice messages from remote node and script put_voice (Appendix A.3) for
uploading voice messages to remote node will executed from the main calling program.

Beoth of these are shell senipt and placed under folder /home/soheb/voice/,

Prerecorded voice liles for instructing users were stored under fvar/spocl/voice/messages/
directory and user’s voice directory were created under folder fhome/soheb/voice/. Three

prerecorded voice messages are used to guide user in our prototype system. Prerecorded
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message “l.rmd” will guide user to choose wolce retricval mode or voice
sending/delivery mode. Prerecorded message “2.mmd” is used to instruct user to provide
user/group 1D to the systern. Prerecorded message “3.md”™ will instruct user to utter

volce message for recording,.

4)



Stan

h J
d /
Play prerecorded
mestape and read /
;'"Ir ustr DTMEF 1nput

N
N

£ ‘ ;
//'\\
.-/#
’f,.f Usrer leput =1 7 Input =2, e delivety mode / Hegard wser woiss /
OR o measage and ask
T Llser fopur =2 for recapaent 1D ,.-'"Ir
&

e

Tnpur =1, worce retrieval mode

¥
J,-'"r Flay prerecordsd J"'Ir cepaeae ID = [11/122 7
! sz ags and road J;"r R —
/' useriD Reeipient 1D = 333 7
/ !

AsrcriD= L1227

< OR
M. Umerliz=333 0

ID=111/122 I0=133 Th=111122 IDr=333

’ Phay v pice fl,r / Downlasd voice / / Copy voice J,.-"'r /' Uplaad vace /
messages fom / messages fom JII.-" INe3SAReE (O ! RIEssEes 1o ,-"'r
| i 5y & / remole syslem ri folder of local folder of remate
s agal sysiem / KI B und play f ;; system A system 8

Shop \

"

Pt
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4.9 USER CREATION AND TESTING

To show possibility of our proposed system three users were crealed on two different

Linux machine and both machine were in the same LAN as shown in the figure.

System A System B

Fig 4.2: User Creation and Testing

User ID System TP Address
111 A 19216825
122 A 192.168.2.9
333 B 192.168.2.10

Table 4.1: User Information of Prototype Systain

Two users were created i systern A walh ID 111 and 122, voice folders were
/homcisoheb/voice/1 11/ and /home/sohebivoice/122/. Systcm B has one uscr with ID
333, voice folder location was fhome’scheb/voice/3337. All these voice folder has two
subfolder named “in” and “put™ for holding incoming and cutgoing voice messaze, We

have tested 1tra node messaging and inter node messaging with syslemn A and system B.



4.10 RESULTS AND DISCUSSION

4.10.1 YOICE MESSAGE SENDING

To check message sending capability of our prototype system, we [irst dialed to system
A. Prerecorded message instructed us to enter either in voice retrieval mode or in voice
delivery mode. We pressed key ‘2" from our telephone dial pad as per instruction to enter
into voice delivery mode. Another prerecorded message asked us to start our voice
message for recording and 10 seconds were allowed for our voice recording. Pre recoded
message asked us to enter recipient ID and we enter “1117 as recipient 1D, We repeated
the cyele in system A to send message to user 122 and did the same in system B to send
message to user 333, From CLI we have found voice messages were recorded and

delivered successfully in bath systems.

4.10.2 YOICE MESSAGE RETRIEVAL

We dialed 1o system A and pressed key “1° from our telephone dial pad as per spoken
mstruction 1o enter into voice retrieval mode. According to instruction we entered 1117
as our ID and message sert for user 111 in “Message Sending” step was listened
successiully. We repeated the same in system A with user ID “122” and message sent (or
user 122 was listened successfully. Next we dialed system B to hear the message from

“in” box of user user 333 and message was retrieved successfully.

4. 103 INTER SYSTEM MESSAGE DELIVERY

We entered into voice delivery mode in system A and entered recipient ID “333™ aller
recording of voice message. User 333 was a user of system B and according to our
prolviype syslem design, script put_voice should execute and deliver the message 1o
remote system B, Next we entered into voice retneval mode in system B with user 1D

*333" and found message recorded in system A was successfully delivered to System B.
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To show possibility of downloading voice message for any roaming user, script was
written to download message of user 333 (User of machine B} in System A. We logged in
to System A in voice rctrdeval mode, we gave ID 333" 1o download message from
message folder of user 333 in system B to temporary folder of system A. We found script
get_voice executed accordingly, downloaded message from system B to system A and

the message was listened successfully.

4.10.4 COST EFFECTIVENESS OF PROPOSED SYSTEM

Our integrated system is of distributed architecture and every node 15 independent of
other nodes. Number of ports in any particular S¥MS will depend on number of
nsers/groups belong to that 8YMS and will be changed later. SYMS developed wilh open
source tools arc highly conligurable as source code is open and reengineenng is not
needed as every system will be developed according to our reguirements. We have

estimated, budgetary cost OF main unit of 16 port SYMS FOR unlimited users as miven

helow .
Product Unit Unit Price (BDT) | Total Price {BDT)
Quad Corc Xeon Server, 2 GB
Ram, 2 x 146 GB SAS HDD
' 3
with Raid Controller, Linux ! 250,000.00 250,000.00
05
Cyclades'TELCTAS 16 port
Serial PC1 adapter 1 90,000.00 90,000.00
s Rﬂbutix Voice Modeain or 16 . 5.000.00 80,000.00
Equivalent
Estimated Cost: 420,000.00

Table 5.1: Estimated cost for SYMS developed with open source teols

YOCP is based on open systern and it can be downloaded and used for free. License

charge is ot required but suppor and customization fees are charged according to
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requirements. VOCP system is designed for single systen and customization is required

for our Integrated Voice Messaging System.

We also have calenlated cost needed to implement commercial product like IVM as our
node. TVM can be used with failover oplion but ['VM is not developed for distributed
architecture. [VM needed to be customized to align with our architecture. Cost of such
reengineening of commereial product is very high. Estimaled cost of IVM for unlimited

uscrs is given below:

Product Unit Unit Price (BDT) | Total Price (BDT)
Quad Core Xeon Server, 2 GB

Ram, 2 x 146 GB SAS HDD

with Raid Controller, ! 320,000.00 320,000.00
Windows 05

Cyeladess TELCTAS 16 penl

Serial PCI adapter: 1 90,000.00 90,000.00
Us Rohﬂtix Voice Modem or 16 5,000.00 $0,000.00
Equivaleni

Supporl/Year 3 years | 300,000.00 900,000.00
Estimated Cost; 1,390,000.00

Table 5.2: Estimated cost for 1¥VM

CISCO Unity is umihed mcssaging solution suitable for LAN Implementation, cost is
very high and require purchasing license based on number of users. CISCO Unity
implementation requires additional high end router, FXO/FXS cards o connecl with
telephone service provider and high capacity LAN switches. CISCO or AVAYA voice
messaging solution 18 not suitable for our tmplementation. Estimated cost of CISCO

Linity far 300 users is given below:
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Product Unit Unit Price (BDT) | Total Price (BDT)
(Quad Corc Xcon Server, 2

GB Ram, 2 x 146 GB SAS

HDD with Raid Controller, | - 320,000.00 320,000.00
Windows OS

Unity Release 5 1 (.00 0.00

Unity UM Exchg, 300 users, | 2,700,000.00 2,700,000.00
16 session

Message Store 2003 1 0.00 0.00

SP Essential SW UnityRel 3 | 3 0.00 0.00

Support 3 vears | 144,000.00 432,000.00
Estimated Cost: 3,452 ,000.00

Table 5.3: Estimated cost for CISCO Unity
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CHAFPTER 5
CONCLUSION



5.1 CONCLUSION

Main objective of this thesis was to show the possibility of developing Integrated Voice
Messaging System for mass people by using non proprietary resources. Basic idea was to
develop Single Voice Messaging System by open source tools and than to interconnect
those Single Voice Messaging System te build up our Integrated Voice Messaging
Systern.

We have analyzed different possibilities and shows possibility of developing large scale
Integrated Voice Messaging System with open source tools. To show certainty of our
proposed system, we have developed a prototype integrated system with two voice
messaging system. Simple authentication mechanism and simple programming logic
were implemenied to reduce complexity in prototype system. Three nsers were created in
iwo systemns and inter system and intra system message delivery and retrieval was done
successfully. Voice message for roaming user can be downloaded from any node other
than user home has been shown in prototype system. But recornmendation is not to give
such facililies to any roaming user as it will increase bandwidth contention in WAN

connectivity,

In our proposed design operation of every node is independent. If twe nodes can
communicate successfully with one another, multiple nodes will be able to communicate
successfully with each other. Design of our proposed system is highly [lexible and any

number of nodes can be added or subtracted without affecting other nodes.

We have found some problem with DTMF detection with *'readnuni{$message, tmout,
frepeat)” method. If telephone keys are pressed while prerecorded message are played,
DTMF should be detected properly. But we have found DTMF are not received properly
if we press key before fuishing of pre recorded message. We are working to solve this

1a5U€,
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5.2 FUTURE WORK

Further work based on our proposed architecture can be carricd out. A few areas for

further work 15 outhned below

1) Highly efficient Integrated Voice Messaging Sysiem can be developed with preposed
architecture and tools. Uniqueness of cach mcssage can be assured by adding lime stamp
and scnder ID with name of the message file. Incoming Message and Outgoing Message
for each uscr can be stored in different folders and applicalion can be developed to
retricve messages based on user DTMF input. Prerecorded voice messages can be added

in the system for gniding user for telephone key pad digit selection.

2} Advanced Voice Messaging System features like caller ID detection, Web access,
Message forwarding can be implemented with our proposed system. Speech to text
conversion [acilities can be added with our proposed system to prowvide traditional mail
tike lacihines n post oflices. We have proposed not to allow any user from reineving
message {rom non home node, if in future high WAN bandwidth become available and

alfordable message retneval from non home node can be allowed.

3) Perl 15 4 very strong high level programming language and efficient program can be
written for text manipulation, [ile manipulation, system softwarc and management tasks,
database application, graphical programming, networking and web programming. [VRS
functionalily of ¥VMIS can be used to add additional services to the integrated systern as:
user commoedity ilhing information, oflline help services, social services, users mandate

01l COThMmon issies cte.
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Appendix A

PERL PROGRAM AND BASH SCRIPTS FOR PROTOTYPE SYSTEM

A.1 Calling Program to Modem::Vgetty

#fusribin/per

use Modem: :Vgetty;

my $voicemaster = 'root@localhost’;

# Declare Voice Directory

my $voicedir = "fvar/spool/voice/messages';

my $voice = Yhomefsoheb/voice';

# Declare Varahbles

my $x = "1%;
m.?, $1,r “333“;
my $tmout = 5;

i

my $finish = 0;

# Decdlare new Vgetty Instance

my $v = new Modem::Vaetty;

# Declare Event Handler for busy tone silence etc,
$v->add_handler{'BUSY_TONE’, 'finish’, sub { $v->stap; $finish=1; }};
$v-»add_handler{'SILENCE_DETECTED', 'finish', sub { $v->stop; $finish=1; });

local $SIG{ALRMY} = sub { $v-=stop; F;

$v-=enable_events:
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# Play Instruction to user and take user DTMF input, 1 for Voice retrieval and 2 for

voice delivery

$optlon = $vl—:=-readnum{"$voicedirfl.rrnd",lﬂ,zj;
# make a 50 Hz, 10 mili seconds beef to user
tv->beep(50,10};

# make the modem ready for hearing
$v->waitfor{"READY");

+ Check whether vgetty is busy

if ($finish == 0) {

# User input is 1 and user wants to retrleve massage
if ($0ption eq $x) {

# Ack user to give ID and take DTMP input

Fid = gv-=readnum{"fveicedir/2.rmd", 10,2},
$v-=beep(100,10};

$v-=waitfor{'READY"};

# If ID is 333, remote home node user, run get_wvoice script to download veice

message to temporary folder and play

if ($1d eq $y)

{

systern "fhome/soheb/voira/get_voice”;
$v-=play_and_wait{"$voice/temp/0.rmd"};
¥
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# IF ID is 111 or 122, user is local and play from his voice message directory

Else

{
$v-=>play_and_wait("$voice/$id/in/0.rmd");
$v->begp(100,10);

sv-=waitfor('READY'};

b
¥

# User input 15 3 and user wants to record message

Else

# Bsk user to start uttering massage

{
$v->play_and_wait{"$voicedir/3.rmd");
Sv->beep({100,10);
$v->waitfor{'READY'});

# Record the message to a temporary location
$v->record("$voice/temp/0.rmd");

alarm(A);

$v-=beepl{100,10);

sv-=waitfor("READY');

# Ask user to give ID and take DTMP input

tother_id = $v-=readnum{"Svoicedir/2.rmd", 10,2};

# If ID is 333, recipient is remode node user, run puk_voice script to send voice

massage to remote node
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if {$other_id eq $y)
{

system "/hame/schebfvaicefput_voice";
$v->beep(100,10%;
$v->waitfor{"READY"];

ke

#IfID is 111 ar 122, recipient is local, just copy the message to user voice box

elea

{
system "cp $voice/temp/0.rmd $voice/fother_idfin/";

¥

b

Sv->beep(100,10);
fv->waitfor{"READY"};
*

# kill vgetty instance and exit from the script

sv-=shutdown;

exit O;
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A.2 Bash Script for Downloading Voice Message

#! fhin;’hash

cd /home/soheb/voice/termnp/

wget [tp:/rsohebitest] 23(@i172.16.12. 136/ v01ce/33 3in/0.rmd
chmod 777 ./0.rmd

cd ‘home/soheb,
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A.3 Bash Script for uploading Voice Message

#! Mbin/bash
wput -—-reupload home/soheb/voice/lemp/).rmd
Bp:/fsohebtest123(@172.16.12.136/vo1ce/333/n/0.rmd
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