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Abstract

This thesis describe.1 the implementation of Voice Messaging System, such system has

been ll'sed hy 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 net\\'ork, he

has to Juthentlcate himself and than he can hear \'Olee me~sagcs sent by other users of the

system, User can al80 reeord and send voice messages to other u<,ersorthc systcm.

Thc limitation of the present Voice Messaging System has been {hseussed in [he thesis,

Their proprietary nature and capabihlie; of handling speeificd number of users prohlhit

th~ir use in cost effcetive manner. The thesl, also idcntifies that source codes or

commercial systems are not open. Moreover, they are limlted to a fixed numbcr of nodes.

Afler identifYlllg limltations of cxisting systems. this work developed a new concept of

implementatlOll of Voice Messaging System which is open, cost effective ami capable of

future exponSlOn. In OHr proposed architecture Single Voice i>1e&saging Systcm

developed by open source tools shaH cover small geographic3l m-ea. than these Single

VOLec McssagLng SystGlllS will be liked "ith \VAN infrastmclure to co,~r large

geographical area. Prototype of our proposed system with opcn SOLlrCetools has been

d~\'eloped and tested to examine the p08,>ibilny of implementing largc scalc Integrated

Voice Messaging System,

Xl\'
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1.1 Il'\TRODUCTIOi\"

Voice
Messaging
System

Voice Messaging System [1,2,3,4,51 has been used as a non real-time communication

system tor a long lime. Olien we want to send message bullhe intended recip,~nt of the

message cannot be r~ached. Using Voice Messaging Syst~m we can send the m~s,age 1O

the recIpient's VOlcemail address as like as usual poslal services. In a very simple Voice

Mess~ging Sy"tem an JD and password are a8';lgned to cvcry user. User logs in to the

syslem \L~mgPSTNilP/Mobile telephone set, uses handsct bntton, for authenlicalion, for

receiving Jnd sending voice messages, These lypes of services have been used hy

Communlly Sernce Providers, Educational Institution,; and Commercial Organlzalions

for ma~y years

&9'----1
~8-------l I

Ilig 1.1: Simple Voice Messaging Sy,tem

Voice Jl,le,s~ging S,stem has similarity with Ansv.'ering Machme hut has ma~y advanced

i"ealures \'Olc~ Jl,kssaging Systcm record voice message, from an, One hul delivers only

(u (hc registered user or users group. Each reglstered uS~r lS aswciated with a message

bo\ and message box is pnyate for thal parlinLlar registcred user. Voice Messaging

Syswills arc siz~d according to required numbcrs of ports/connections, these

POits!collllcniolls cstablish conneclion hetwcen user phone systcm and the Voice

t\1cssagillg System, "'lore ports III a Voice Messaging Systcm will allow more users to

,end and rCll'1e,"c'"Olce mes"'ges sil1lullancously.

,



Voice Messaging System u~es pre recorded message or spoken instruction to guidc user.

'I hcse prerecorded messag~$ or personalized messages are played based on lime and

events slich as line busy. blls;ness hour closed etc. User may receive mes8age-waiting

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

Voice Mes8agmg Sy8tem provides subserihers to check and acceS8 mess~ges from any

phone and to perfoml the following tasks [3]:

o User can place multiple new messagcs and respond to multiple messages with a

single call to the Voiee Me~saging System. User 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 to proeess other messages with a single call.

o User Can place unicast. multicast or broadcast message to other user or group

o User ean rctricvc messages based on message priority,

o User can easily identify other user/group by user/group 10.

c User can fonvard ,Olce messages as e-mail attachments to any e-mail user,

enabling uscrs of different yoice-mail systems to share voice-mail messages.

1.2 BACKGROUND AND PRESEI\T STAl E

We h,Jve ,1llolYled features and ch~racteristlcs of e~isting Voice Messaging Services,

COL11mercmlVOlC" Mes,;aging Systems and Development Tools for voice messaging

systcms. We have also discussed pros and COilSof such systems and possibility ofllsing

sllch syslems to COVel'large geogr"pilic,,1 "rea.

1.2.1 L\:ISTING VOICE i\IESSAGll'iG Sl:R.\'ICES

\'"icC' :-'-Iess"gillg System hJS been llsed fol' con1l11L11lilysen lee., and wei"l services in



many countries. VMS has been used in agriculwral sedor, medical sector, weathcr

forccas! sector, disaster control ,eclor etc. Examples of VMS serVIces are Comm\lnity

Voice Mail (CVMJ in USA and A\lstralia, Lifelines in India, Telemmder in USA elC..

Community Voice Mail (C\'M) was founded in seattle, USA in 1991 and CVM is a

nationwide program for helping people in emergency [1]. CYM provides free 24-ho\lr

\Olce message access to people with 32 CYM sites. Each year CVM serves 40,000

people in 400 tov>ins/eitics nationwide, Common goals of CYM arc employment, housing,

domestic violence avoidance, acces,ing \'llal services etc. Target users of C\lM are

people in crisis, homeless, laId off workers, violence victims. runaway youths, fosler

childrcns, migrant workers etc, CVM has aho started working in Australia with help of

six govcrnment and non government agencIes.

Lifelines lndia is a telephone based infonllatiOll serviccs that provides guidance on

improvcd farming methods and proYides ad\'lce on market access to rural farming

communities [6.7J. Farnler can query on an automated \.Olcemail system with community

fixed phonc 01'\\,ith mobile phone, Comm\lmty workers search frequently askcd qucstion

datahase in the systcm or communicate with experts lo find an answer The ans\ver is

attached as a voice file with the original query mail and send to the farmcr to pickup

withm 24 hours. Lifeline India was started in 2006 and now serving 40,000 farmers in

700 villages. System rcceives 250 calls in average eyeryday and l>8,OOO frequently asked

qllcstions are now stored in database"

TeleMinder de,"eloped by "Community Voice Mail for Routine and Disastcr Services" is

a map based system which automatically calls people and gi\'e them emergency

instl'lInions /8), Tcleminder notify users in times of immine~t daoger, ask lO evac\late

older residents bcltlre disasters, helps getting emcrgeney sen'ices after disastels, helps

rdicf agencies to communicate during disaster recovery. In normal time system pronde

cOl1ll1lunilywidc scrvices sllch as daily chcck-Ilp c~lIs by old people, telephone b\llletm

hoard on cotl1l1111nitye'"enlS .md sen'ices,
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Mcdic,,1 se•..••.ICe pro,iders like lifeline USA. Bexhill Hospital UK are using Voice

t\lessaglng Sy"lems to give routine medical ,el',ices to aged people, Enterpnses like Wall

Streel Journal, AGiA Alliance, One Account Solutions Group are also using Voiee

i\1essilging Sel"ICes for scndll1g lI1bound and outbound mes,ages to customer. Campus

Voice Messaging Systems are widely used m Umversities like MlT, University of

IOWA, Yale Uni\'ersily, Concordia University, Uni\'ersily of Victoria, Umversity of

Arizona etc [I]. These Voice Messaging Syslems arc single system in nall.lre and

pro\'ides telephone hl.llietin board services to users.

1.2.2 EXISTli'OG COMMERCIAL VOICE MESSAGING SYSTEMS

vacr sySlem founded in 2000, is a fl.lll featured Call Answering and Voice Messaging

System [5]. It IS an open soureed system and now under Psychogenic ]1\'(:'s open projects

depol1melll VOCP is a software based single sile celllralu,ed system, VOCP requires

voice modem and LinuxiUnix variants operatmg system. VaC? supports unlimiled

number of \.oicemaiL user can access and navigate \\'lth their touch tone tclephone pad,

User can senu and receive faxes, listen to emal1 IIsmg text-lo-spcech convcrsion, filler

and redirect calls based on caller l[) infomlalion etc. A single exccmablc program and a

numher of Perl mouules comprise the core of tile vacp "y,tem, Voe? handles incoming

calk processcs user inpul and allow:; callers to navlgate the system to !cave and retrieve

\'oice messages, en];lll messages, pager llumbers and faxes. The core program i~ free but

allYtcclinical support or customization requIres cOllsl(lerablc amount a f charge.

[VM is a telephone ans\\ering machine, VOlCemassaglllg system, call altelld~nt, and

lt1lcraCli"e \oice response (lVR) program for Windows [9]. It connects 10 the phone

\Ioing" "tilndanl ,oice nwdGIll. professional telephony bOilrd or 10 a VolP SerVlce. IVM IS

sofl\\~re h,,-;cti SiLlgk system and ~n effective \'olce me"S<lgeserver. call attendant, info-

Ime am[ autodial solution for small to mcdiulll businesses IVM tan redireci III coming

u,11s <lming ol'lice hours or 3Ctas a PC ans\\er m:IChine and tak" Illc."agcs for a numbcr

of\oi("c Ill,lil bo~cs aft~1 business hours, All call, 'lilS\\ercd or non answercd arc logged

"ilb c1,lIc, lime ilnd u]llcl" [D. 'lbc recorded messages [,111 be played at nllY tim~,

5



lorwardcd to an cmail addre;', accessed via the interne! and if necessary, savet.llor future

reference. IVM can run on Windows 9S/NT4/9S/2000/Me/XP/2003/VlSta or Limlx

varionts. Licensing IS free to use as a personal answering machine, but licensing price IS

higher for commercial lise. IVM can be installed with failover optIOn in two machmes.

Panasonie has hardware ba;.et.l Voice Messaging system ranging from 6 pOrts/ (,4 voice

00\ to 64 pOitsiI024 voice boxes [3]. Panasonic VMS arc nOll configmable and costly.

SoundBite Commullication'8 Voiee Messaging Solutions are software based and hIghly

efi,cient system, SoundBite provides customized solution based on C\L81Omer

requircmcnts, AVAYA has Voice Messaging Solutioll but these solutions are mtegral

pan of IPT or IPCC solution. AVA YA JPT/lPCC solution can be purchased a; softwarc

or ean be purchased as bundled with hardware. Cisco Unity offers a reliable. secure,

~calahlc. and full-featured voice and umfieJ messaging platlorm [I OJ. Ciseo Unity can be

purchased as soliware or can be purchased a; bundled with hardware, Cisco Unity is

basically designed for LAN users and has failover option. It ean be designed for clustered

implemcntation. Both AVA YA and CJSCO sollition arc of single centralized archItecture.

1.2.3 EXISTING DEVELOPMENT TOOLS FOR VMS

Proprietary and non proprietary t(lols are available to devclop teIcphony and voice

applications. These Application Development Tools ciln be used to huild full fealured

Voice Messaging System on ",indowslhnu,:lunix operating system.

Telephony "'pplication Programming Interface (TAP!) was developed jOLntly by

Micl'Osoti and Ilitel, is sct of classes to write opphcation for telepbone c()mlnunicallOn

devices II I]. TAPI is set of API and by \Ising these sel of API, applicatlon can be \\'rllten

on windows platform for scnding and recei\'ing doto, voice and ra~. TAPI provlt.les

ilHell:lccS bClwecll computer telephony applications ,md telephony services It'> possible

10 de','clop "ide range of sySlems iLke VOW. PBX. CallControL IVR, VMS, Vidco

6



Conference, wIlh TAPI TAP I interfaces can be callcd from standard programming

language lJk~ C/C++, Java, V8 and CII.

Java Tclephony Apphcalion Programming Interface (JTAPI) is an objccl oriented

Applicalion Programming Interface for computer telcphony applications bascd on Java

language [12]. JTAP! is platfonn independenl and scrve as an interrace belwccn Java

applications and telepbonc systems. JTAPI ba~ sets of function packages, core function

package provides hasic structure for telephony proccsses as call placing, c"ll answering

and call droppmg. Othcr function packages provide additional telephony application

I~at\ll'cs. HAPI is similar to Microsoft and Intel's Telephony Application Programming

Interfoce (TAP!).

IVRS (Inleractive VOice Responsc System) is relalively new technology for Linux as,
aimcd 10 integrate compuler and telephony applications [13]. IVRS module is de\'eh'ped

in Perl, VMS can easily bc developed by using voice modcm or voice telephony cards

and Perl language. It can play message (sarnpImg rate 11025 b)1cs/sec), get Caller ill,

scnd !rcceive fax, Record messag~, dial out side number. generate fast rcsponse (no need

to wait t'lr mcssagc to complete), interfacc with data base, in short almost every thing

lhat a commcrcial IVRS can do Tbe only limitation is number of telephone line that can

bc suppoltcd on one macbme.

Onc of the most widely used module in Linux Wolid for Voice Application is thc

,\lodcm::Vgctty module [14]. Modcrn::\'gctty module is a Perl interface to thc vgctty

program. which can be 1I,ed for communication with lhe V01Cemodcrns. Vgctty is an

enCilr8~11"II"nobject for writing applications. The an,,,.ering machincs and sophisticated

\OlCCal'plicatiol\s can be 'Hillen uSing this module. Vgctty is distributed with Imux/um .•.

mgeu y PCilLbgc ~Ild ,1110'" 10writc voicc application ill Perl 1.anguage.

7



l.2.4 FINDINGS

ExislLllg Voiee Messaging Systems arC 01 small seale and confined to a small

geographical area, based on dedicated hardware or cllstomized software. Access to the

local system is by POTSlPSTl\' or IP Telephony [15,16]. These systems have the basie

feature of Voice Messaging but not suitable for covenng large geographical area,

be~ause

o Commercial Voice Messaging Systems [3,.5,9,10] are proprietary system, costly

m\(l rcquire huge physicul lmplemcntation which is impractlcal for large scale

projects.

Q Many Commercial Umfied Messaging Systems are for IF Telephony or Call

Centre Solution Voice Messaging is Optional Feature in those Systems [9].

Q De\eloping: non proprietary Voice Mes,;aging System is possible [11,l2,13,14],

hut sllch implementation usually covers a small geographical area,

o Deploying Single Voice Messaging System to covcr large area is impractical due

10 requirement of huge ports or connection points in hardware.

G Celltralizcd Single Voice Mes,aging System is not suitable for covering large

geographical area, User access to such centralized system by POTS/PST}, is

costly.

Q Use of IT' Telephony system [15,16j instead of PSTN reqlllTes II' tclephonc set

amI Nelwork lnfmstmclllre and it is not s\litable for a large n\lmber ofpeoplc and

large scalc inlplemenlation.



l.] OBJECTIVES WITH SPECIFIC AIMS AND POSSIBLE OUTCOMES

Obj eeti, e of tillS lh6is is \CIdevelop a VolCe ;viessaging Systcm for mass people eovenng

large geographical area. In our propose<J system we want to develop an lntegrated Voice

Me8'''ging System by linking multiple Single Voice Messagmg Systems (SVMS) with

TCP/IP network. Each SVMS will cover a small geographical area or a predefined small

numher of users, multiple SVMS will be linked together to cover a large geographical

area or a large number of users. SVMS are building block of our proposed Integrated

\'mce Messaging System ,llld each SVMS will act as a node (in upcoming sections

"SVMS" and "node" will ha\'e same meaning for our lntegra!cd Voice Messaging

Sy~lem) SVMS will reside In the local tclcphone exchange ami linking between these

~ode0" ill h~ hyTCP/IP Network,

4!I--i S\'.\1S 1

r---c-eL
SVMS 3 I

SVMS 2

Fig 1.2: Proposed lmegraled \'Olce Messaging System

b cry l"cr \\'111be registered to a particular SVMS (node) and thaI "y"lem "il\ bc callcd

his 11""1e VOice rv\esS<lgingSy'lCll1 (HVMS). User group can be reglqercd to a parliclilar

S\'~'lS or tnllll'l,k SVlvlS User \vill acccss his HVMS llSHlg any PSTN/Mobile/VOIP



telephony sy~tem. User will hc ahle to send VOicemcssages 10 any regislered user/group

resitlillg ill any systcm but only the registered user will hc able (0 retrieve message from

his home system.

Message retrieval, storing, sending and fOf\-vardlllgcan be done using telephone seL lfa

llser wants to send voice message to anolher user/grOllp in the same system (node),

lransfer is within that system and inler system communication will not occur. For sending

10 a user/group in another system, TCP/IP nelwork will be used for inter system

communication. 15P, ~SP and Lecal Exchauge can be used to provide such facilitv. for

Inter-system group messaging, only one mes~age "ill be for.varded to other system and

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

1.4 USES OF II\T£GRATED VOICE lHESSAGING SYSTEM

o Integrated Voiec Messaging System can be implemented as nation wide system for

pOOl'and roaming people 10 find jobs and olher social ser.'ices. An organization can

send inten iew sched\lle by voice me$sage to a roaming user or any heahheare

org~ml~lion can broadcast message regarding spread of diseases to all user,

o Broadcast Messages can help to mfonll Busmess Opportunities, Training

0pPol1unities and any other Comml.lnily AnnO\lncements to user and users grol.lP,

o Centrali~ed GrO\lp Messaging facility can he used for agrieultlll'al sector, medical

sector. w~ather forecast, disaster control sector etc.

o Commercial Organization can usc Intcgrated Voice Mess~ging System fol' nation

wide commercial services such as advct1iscment. user billing information, omine

suPPOrt scr\'ie~s etc,

o Voice Messaging Syslem ,,'n be used to provide telegraph lih facility in POSI

offices b, llSHlgspeech to text COll\'erS10n.

o D,ltl ~ath~rcd from Voice Messaging Systelll database can be used for Socio

Economics ,".nalysis.
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1.5 ORAGANIZA 1'10:" OF THE TllESIS

o Chaptcr] of the thesis ~tarts with an introduction to Voice Me~saging System. It

is follo\vcd by study (m existing services and system~, devclopmcnt tools,

objectives and organintion of the thesis.

o In chapter 2 Design of proposed system has been discussed. L'ser/Group ID

Scheme, U~er Authcntication, Message Storing, !\odc IP Addressing. Inter Node

and Intra Node CommunicatIOn etc, were discussed in this chapter,

o In chapter 3 Component,. Features and Security of the proposed system has been

discussed.

o In chapter 4 devclopment of the proposed system has been discussed. Prototype

system of our proposed Integrated Voice Messaging System has been developed

~nd lb,S prototype system is discussed m this chapter.

o In Chapter 5 Concl\lsion and Reeommcndation for future work have been

discussed, The thesls ends with citing refercnees and appendices.
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CHAPTER 2

DESIGN OF AN INTF.GRATF.D VOICE MESSAGE,C SYSTEM



2.11i'iTRODUCT10N

Proposed Integrated Voicc Messaging System is designed by linking mulliple Single

Voice Messaging System (SVMS) with TCP/IP network [17]. Every user or group must

be associ<lled wllh a home node (HVMS) and useI' can be l{)cal or user can be roaming

user. Message Delivery within a system is straight fOl'\vard, just copying the message to

the recipient box. Dehvery to a remote user is little complex, first the sender's system

h.ne to find lhe IP addrcss of the remote system and (hen it will transfer the message to

the remole system. Message retricval by any user IS only possihle from uscr home node,

user will not be pemliued to relrie\"e message from any non home node, Retrieval voice

messages from nOll home node will bring comphcacy like user authentication and

downloading full message box Irom remote node.

2.2 PROPOSF:D ID SCHEME

We need to assign 10 to users/groups with particular intcrnal stmeture for our proposed

syslenl. Every user/group musl have a HVMS (node) and must register wilh his h(']me

node, Group will reside within a smgle node or will reside in mulliple/e\'ery node. Same

ID structure will be used to identIfy both nnnllal user and group,

In {)Hrproposed scheme fir,l 3 digits of the 10 will be called System Digit, and will

l(len!ify any SVMS. ]t is possible to address nine hundred mne(y nine (999) nodes wilh

lliree (3) system digits. These 3 digits Jl11.18[be unique and every node must have an IP

address assoeiale with these 3 digits 1\e~( digit will be ealled Type Digil and will

l(l"n(ify whether (he 10 i, for nonnal user 01' for group. Last 5 {ligll will be called

IdcIl(ificatlOll Digits and will idcntify pat1iculm user or group, If req\llred number of

digits for any part "f(he 10 sclieme can bc incrcased,

13



xxx

VMS
(System Digit)

User or Group

(Type Digit)

xXXXX

ID

(Identification Digit)

ID with all "0" (OOO.x-xxxxx) in first three fields means that it ISapplicable to all system.

"I" In the fourth field (xxx-l.xxxxx) means normal user and "0" (xxx-O-xxxxx) means

u;er group.

Voice Messaging User/Group System Type ldentifiealion Proposed 10

Systcm Location Name DIgIts Digits Digits

'.loghbazar. Dhaka Mr. Amin 001 I 11111 0011]1]1]

(Nonnal U,er)

MlfPUI", Dhaka 1\lr. Sohrab 002 , ]1111 002111111

(Normal User)

Phulbari, Din~ipllr i\lr. Kamal "' I 11112 111111111

(NOlTnalUser)

FandgonJ, Doctors 222 0 11100 222011100

Chandp"r (Group)

Table 2.1: Proposed lD Scheme

2.3 IHr •.IF INPUT Al\D ASSOCIATED ACTIOi\

\"oice: Mc,""se will be send ,lIld relrieved by PSTNilVloblle telephone set or 11'telephone

SCI r 1.2.3.4.-'] User c"lIs to " node (HVMS), node ,In,w~rs the call, pla)S pre recorded

nll's,agc ;ltld .lsks for DTMf' input. In lespon,e to the culler', DTMF input, inf"mlatlOn

•
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Illay be retrieved or any other service requests will he executed, System guides user with

pre recorded digitind messages to select diffcrent option;, After makmg call to a node,

user must enter into message delivery or retrieval mode. User e~krs special

characters/numbers to enter delivery or retrieval mode, a simple dIal plan lS given below:

DTMF
]11#

222#

Action

Delivery mode

Retneval mode

In voice delivery mode amhenticatiClll is not needed, user will be asked to start voice

message for recording user needs tClconfiml recorded message and than will he asked

for recipient 10. User can perform following by pressing appropriate keys in hls keypad,

DTMF
1#

2#

3#

7#

8',

Action

Re\'lew recorded message

Diseal'd recorded message and record agam

Confiml recorded message

Hear help message

E"it Voice Delivery Mode

Exit Voice Mes,aging System

\Vhen in message retrieval mode. he mu;t provide his ]D and p,lss"onj After

,luthcntlcalinn the user may seleellhe following options: play or delete me5SageS in his

me'>Sagc ho\. hear help message or 'I"it. Each action hos an as",cmted special

cl,araeterS/'\1I1l1bcrs:

15
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on,11'
II!

ox:"

3#

7#

S#

'Jit

Action

Play I",r,tmessage

Play next message

Play message number X (X]S numeric digll), if message not found system

will play the first message

Delete mode and delete current message

Hear help message

Exit Voice Relneval Mode

Exit Voice Messaging System

Combination of these (hgils and associated actions \vill be customized according to need

during implementation phase,

2.4 USER AUTHENTICATION

User must call to HV]I,fS <lnd authenticate himself before reIne, ing messages. \VC can

~\lthenticale uSer by plain lext password file, system password file, access server or by

\lsing database ,yslem lI8,\9]. Plain text file authentication is not secured and we can

H<norethi>;melhod. We can write and use programmmg codes 10 authenticate user from

system password file, We can also use authentication server like RadiusrrACCAS, open

source authenticalion servers are available in net System password file is highly secured

and SlIllable for sland-alone system bul not suitable for O\lr integraled syslem, qllery to

relllOle databasc is less complex lhan query to remole system password file, Best way to

authcnticate a lIser for O\lr proposed syslem is from database system. Query to a database

IS lil'sl illlrl it's e"sy to wrile code 10 make qucry 10 a local or remote datab~se system.

T"hlcs ",11 be creillerl 10 .,1M" \loCrID and password as sho\\'n belo\\',

16
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User III Pa,sword

0011111 11 999#888

002111111 123*123

212011100 3211';'123

Table 2.2: Database Authentication Table

2.5 GROUP MEMBERSHIP

A group can reside in a single node or a group can re,ide lITlITulliplelal1 nodes. Every

node can keep group 10 and associated members ID \vltlun that system in databa.,e table,

Ils e~8)10make query to database tables to find out members ID of any gro",p. Tables

wlll be created with group 10 name and group members!D \"ill be stored in those !ahles.

Gruup ID: 212011100

Table Name: 222011100

User ID

001111111

001111112

001111113

Table 2.3 : Group Member lD

17
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2.6 MESSAGE BOX LOCATIOi'"

Standard Dalabase System will be used to storc inLommtion of u~cr voice message box

loc~lion Standard dalabasc systems are highly f1cxible and havc enonTIOUSfeature for

software developmcnt Qucry to a local database or remote database is easy, faster and

secured. Database tahles will be used to store voice messages folder location and any

prerecorded me.%age location. Message folder will be named according to user/group ID

or user/group "Typc Digits + Identificalion DIgits", Implementation will be make as
Independent by keeping message folder infonnation in database, Folder path should have

umqLLe<,\andard in every node else message uploadmg may become complicated. If any

nodc uses folder path structure "/aaalbbb/" than all other node should use the same path

Slrueturc.

lisrr/Group ID J\-'IessageFolder Location

001111111 IUser_ Voice_Folder/00lllII11

002111111 J1J5er Voice Foider/00211111- -

222011100 /Group_ Voice _Folder/22211100

Table 2:4: Uscr/Group Message Folder location

2.71\00£ IP ADDRESSING SCHEME

Every Ilode l1lLL'ithave an associated IP address nnd it must kno\\' System Digits ~nd

associated lP uddres,es of all othcr nodes of the imegmled system. We \\.iiluse d~lab~se

system in every node \0 store mfomlal;on ahout system digits and associated IP

add,-ess"" Procedure (() update d~laba~c mfOnllal;On will be customized according to

n~ed during ;mplL'l11cn\atLonphase. update will be inilimed by node administrator or will

be LlH\l"ledby a central database administrator



System Digits IP Address

001 192.168.1.1

n02 192.168.2.1

'" 192.168.31

1
222 192 168.4.1

T~blc 2.5: Kode IP Addrcss Scheme

2.8 I;'>;TER ;'>;ODE COMi\-'IU;o.(ICATION

We will design WAN connectivity structure to connect all thc nodes \vith open staml<!rd

TCPilP protocol. Existing MAN, Radio, V-SAT, GPRS, EDGE and DDN infrastruclure

will be used to support major locations throughout the country [20.21 ,22.23 J. We propose
lWOdilTerenl type of connection for every node, one as main link and onc as backup link.

Combination of existing WAN technology Wlll be used according to geographic factors.

llandwidth allocation for any node is specific to no. of users of that node. Reasonable

deby is acceptable as commumcation beh,een nodes is not rcal time commnnicmion

I 'PO I
~j SP2 I

Fig 2.1 : 'n(er 1'\odc Collll11ull1cation
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2.9 MF:SSAGE SENDll'iG

In our proposcd system user access to HVMS is by PSTN/MobileJVOIP telephony

svstCLlI Uscr will access his HVMS in any convenient method, user will use PST!\' or LP

telephony or Mobile Network. For sendmg messages user authentlCation is not needed.

User iust need to give recipient ID after ~oice recording and rest will be done by the

system. System will make query to find the loemioll of the recipient home node by US1l1g

system digits of the recipient ill. System will examine the type digit [0 find whcther the

mcssage is for any group or for any single llser. Messagc delivery within the systcm is

easy. first three digits of recipIent's JD wiII prove the user as a local user. We \\ ill create

uscr's voice mail folder using U8er's "type digit + identificmion digits" and system will

copy the message to user's home folder, [n case of group messaging, we will find group

identity by last five digits of lhe reCIpient's !D. We will keep ill of particular GrOtLp

Members in database and by making query to the database system we wiU copy the

mcssagc to members message box. Suppose, a user send a message to 121-1-44444, the

local systcm will query the database service to find the IP addrcss of system 121. Fourth

bit is "I", means it's the 1D ofa normal user. Now, if the IP address is of the local system

it will copy the message to the folder 144444 1fthe IP address is of a remote sener it

",111\lpload the file to the remute server', 144444 folder.

For group messaging if the address" 12\-0-44444, the server will copy the me"age to

local 044444 folder or remote 044444 folder based on system idenlificalJon dlg!t "121".

VI' e \\,i11write program, that wi II check every o~AX xX folder after particular time period to

see whether any me,;sage reside. 1f any message is found it will make query to (he

dmahasc tahk to lind the [0 of the gl'Oupmembers belongs to any particular group and

will copy the message to those group members \'oice l1le~sage fulder, 111the ahove

example. system ",ill find all group mcmbers III belongs to 44444 gro1Lpand "ill copy

message to those users \'oic"e message boxes. If for Jny reason destlllatlon folder is not

found. allY intra system 01'inwr systcm voice message dell\'ery will be cancelled, Nomlal

lIs~r, \\'111hc Jllo\\cd to selld message to groups resides ollly ITI)'" HVMS hut 110tto any

group th"l ,,-,sides in multiple nodc,. AllYmessage ",ith leading 000 will go to e\'eIY node

of the sy,lem and sendLllg such broadcast message should be done only by node's system

••
•



administrator not by any nomlal user or group member, Succe"sivc broadcast message

Illay bring network storm,

2.10 MESSAGE RETRIEVAL

AuthCL1licalionfrom home node is not difficult but complexl!y arises with authentication

from remote node. System will authenticate user by local authentication mechanism or

remote authentication mechanism, it's easy to wnte code to makc query to a local

database system bUl complicacy arises with query to remote database system Suppose,

any system Y needs 10 authenticate a user "AAA". system Y wIll examine first three

digits of user "AAA" TO to locate the home node. If user "AAA" reside on the same

nade. query to the local system datahase is straight fonvard, System will find "AAA"

"aLee message f"lder and wiIIplay voice file to "AAA".

AllO\'v"edto send voice mail to anywhere
Dehvery
MO(!e •

Retr;eval
Mode

Local
User

Remote
User

Allowed

No! allowed

•

•

F;g 2.2: MGssagc Retrieval



Probl~m arises with remote authentICation, If user "AAA" has remote home l10de

(SyslClll X). systcm Y will authel111cate"AAA" by making query to system X. Remote

authentication is 110tvery difficult, but system Y also needs to provide voice messages

inl,mnation to user "AAA" of X after authentication. System Y will do it in two ways, It

will eopy the whole message folder of the user from the remote system or it will initiate

an outgoing eall and redireet the user to remote system. But both are not feasible, In first

ease eopying the full directory is time consuming. any network intemlption will halt the

opcration and will annoy user. Call redirection is possIble, bill llnnecessary traffic will

!low ovcr the local system as every piece of infomlation will be redirected through the

local system. Call redirection also makes the system more complex.

We propose any llser will send inter system messages but for message retrieval user mu~t

eOllncct to localihome messaging server. User of any particular node will not be able to

rClrievc voice mcssages by log-in to another node but only from hi, local/home node.

2.11 S\',\'IS FOR PROPOSED SYSTEM

\Ne could have used existing commercial VMS as SVMS for our proposed system bllt

proprietary nalUre and customization complexity of commercial systems prohibited us

from such use. lVM is developed for Wmdows platfornl and lt is suitable for single sitc

implemcntation. Proprietary nature of Windows opcrating system is also a problem for

CQ1l51rleringI\'M.

VOCP call be a c,mdidale for Our SVMS as lt is developed on Linux platfoml and by

opcn SOurce tools. SuurcG cod" of VOCP is opcn but technical support and any

c\lslomization requires considerable amount of charges. VOCP is also designed for single

"te Implem~lltmi()1l

Sound13itc's Voice Solulion arc propnctary and closed systcm. Hardware bascd systems

I,lc P"Il<lsonic's VMS aI'" pre configured system, suitable for single site snlall scale



iml'kmenwtioll and any cListomization is not possible. AVAYA don't have separate

sohltion for VMS but bundled with IP Telephony or IP Call Centre Solution. Cisco Inc.

h"s Unity System as VMS but number of use~ is predefined, Both AVA YA anll Cisco

SOI\ltlon8 are for LA", specific lmplementatlOn, very costly and not sui(able for our

Integrated System,

One of our goals is to develop our Proposed Integrated System by using open source

platform and open source tools [24,25,26,27]. We can build SVMS for proposed

Integrated system by using open source tools, Developing SVMS on open source

platfotTIl and tool, wlil reduce design and development complexily, maintenance and

ells!omization cost and dependency on third parties, Possibility of using TAPI to build

our SVMS has been discarded due (0 proprietary nature of Windows operating system .

.!TAPI call be used to de\'elop O\lr SVMS as Java is supported on open source operatmg

systcms. IVRS and Modem::Vgelly both are open source tools for LinuxiUm\

environment, Full feamred VMS and sophisticated voice application can be developed by

nsing [VRS 01'Vgetty modules.

2.12 SCALABILITY AND ADAPTABILITY OF PROPOSED SYSTEM

E"eI'Y node of our proposed arehitectllre is independent of any other node, (here lS no

direct link het\\icen nodes, Every node is connected to \VA1\ cloud and addition 01'

deletion of allY node "ill not affect other nodes Every l1scr is rcgistered to a certain

SVIvIS ,1l1ddeletlOn of any SVMS will only affect user of that SVMS. Proposed m
Scheme is composed of nine digits and that will SUppOlt999 nodes and 99,999 llsers per

L1ode.Numhers of digits in our proposed ID Scheme ,an be increased to ,lCcommodate

morc nodes 01'users,

Our proposed ~rchllect\lre can adapl new technologics and changes, We ha\'c proposed to

de\'elop l'VCI'YSVMS" ,Ill 0pCll standard tools and protocols, New featllres call be adueu

to any 110d~without affccting allY other nodes dlle to II1dependent arcl1Lteclurc of nodes,



We can allow web access, outward dialing, message forv.-arding 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

nodes can be developed with different open source platforms and tools. We can use any

of Modem::Vgetly, IVRS or JTAPI to develop SVMS in different sites or locations. Our

proposed system is higWy manageable due to distnbuted nature, problem in one node will

not hinder operation of other nodes. Any node can be taken omine for reengineering, for

maintenance or for troubleshooting without affecting other nodes.

24



CHAPTER 3

COMPONENTS AND I<"EATURI:S OIi THE DESIGNED SYSTEM



3.1 INTRODUCTION

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

following basic components:

I. Access Component

2. Application Component

3, Database Componenl

4, Messaging Server and Storage Components

3.2 ACCESS COMPONENTS

Access componenls provide access to Application Components and the front-end user

tools of any Single Voice Messaging System, Subscribers will access Applicalion

Components with lradiUonal telephony equipment, lPT or Mobile Network.

Access Components include the following components'

• PSTN and its components

• IPT and its components

• Moblle Nel\\'ork and its components

• Analog 10Digilal and Digital to Analog conversion equipment

3,3 APPLICATlOl'i COMPONENTS

Applicalion Componcnts is the sofuvare that provides following features:

• User aulhenlicallon

• Sloring and retrieving messages
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Application Component query standard database or system password file to authenticate

user. Application Component uses the Database Services to find 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 SVMS, Application Component delivers the vOICe

message to the local voiee message box.

2. If the recipient HVM$ is remote, the Application Component performs the following

tasks.

a) Finds the IF address of the remote SVMS

b) Establishes a TCP/lP cOIUlectionto the remote SVMS

c) Uploads the message to the remote SVMS

SVMS can deliver voice message to any local user or to any roaming user. To deliver

voice message to a roaming user Application Component must find the IP address of the

remote SVMS, Application Component than retrieve message from remote SVMS.

Application Component will complete the followlllg steps to retrieve message from a

remote node:

a) Application Component find the remote SVMS IF address by querying

database,

b) Establish WAN cOlmection with remote SVMS.

c) Retrieve the voice message from remote node.

3.4 DATABASE COMPONENTS

The basic function of a database in our proposed integrated system is to store and retrieve

additional infonnation by few digits of user id or by user input. User/Group details such

as 10, password, Message Folder and any otber infomlation will be kept in standard

database, Database mbks will also be used to store node IP addresses. Application

Components uses Database Tables to store, retrieve and update information. Free DBMS

like MySQL will be used to store user/group ID and any other infomlation.
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3.5 MESSAGING SERVER AND STORAGE CO:\IPONENT

SVMS needed to run on stable hardware and OS platform. Storage device IS needed to

store voiec messages rehably and securely, Database Components also store database

infonnation in storage devices. Servcr hardware and storage device will be selected based

on number of user and volume of messages. Storage redundancy is suggested for

Mes,aging Server,

3.6 ADVANCED FEATURES OF PROPOSED INTEGRATED SYSTEM

Proposed Integrated Voiee Messagmg System can have many features [6,7J in addition to

basic voice messaging service. Some of attractivc features are:

I. Caller 1D detection

2, Text-to.Speech Conversion

3. Group Messaging

4. Web Access

5. Message Fonvarding

6. Outgoing Call

3.6.1 CallerJD Detection

Voice messaging system may have provision for caller lD detection. Voice messaging

,ystem may detect and use Caller lD to view the origin of incoming calls or filter calls

based on tile eID infonnalion. 1l is also possible to redirect a call based on caller !D.
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3.6.2 Text-to-Speech Conversion

Text-to-speech and speech-to-text support can be added to a standard voice messaging

system, can be used to convert cmails to voice mail messages and voice mail messages to

email. Integratio~ of Fax service is pDssible due to this feature. Speech-to-text conversion

technology can be used to provide postal like sen.iccs in rural arcas, voice message can

be converted tD text mcssage in rural post offices and can be delivered tD recipient

address.

3.6.3 Group Messaging

Voice messaging system can have group messaging facility. A single message to the

group ID will forward the voice messages to a number of different group member boxes.

Group Messaging Facility Catl be used for agricultural sector, medical sector, \veather

forecast, disaster contwl sector etc.

3.6.4 Web Access

Voice messaging system can fOl"\vardvoice file to user E-mail address and can receive

voice file altached with E-mail trom the user. It's also possible to develop software to

allow user to access his voice mail folder fwm internet. User email address can be kept in

user infornlation database and new voice mail can be fonvardcd to user email address.

3.6.5I\1essage Ilorwarding

Mes,>age forwarding allov,'s messages left for one individual to be fonvarded to another

individual. It is very similar to mail for"mrding, can be done manually or can be done

automatically. User ca~ have alias ID or user can ask node administrator to forward all

his voice mail 10 some other user !D.
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3.6.6 Outgoing Call

Voice Messaging system can place an outgoing call to a designated remote telephone

number when a message is left in a user's mailbox. User telephone numbers can be kept

in database and SVMS can originate outgoing calls to those number to deliver voice

messages, Such outgoing calls can bring outgoing call cost on SVMS and may result toll

fraudulent.

3.7 VOICE MESSAGING SYSTEM SECURITY

Provision must be made to secure SVMS from any unauthorized access [28,29].

Messages left on voice message boxes can contain critical information or corporate

secrets, Gaining access to any SVMS or to any voice message box may permit an

attackcr to take away vali,mble information and by using any compromised box attacker

can furtbcr attacks on other in frastrneture component.

Data Networks are usually kept secured with use of as firewall, dedicated firewall,

TDS/lPS sensor etc. In our proposed system SVMS to SVMS connections are data

network and tight security measures needed to be implemented. Uses of dedicated

firewall is eostly but we can lise as based firewall, every LinuxiUnix as comes with

built in firewall like lptables or PF. We can configure the SVMS to prevent logins ofany

user aftcr a predetemlined number of unsuccessful attempts. User password should be

stored in as password file or in database table, not in plain text file. We can enforce user

to choose long password with combination or different digits and different signs.

Confidential information mnst not be send by voice messages, ifnecessary slich messagc

must be deleted after reception. Following two events should be e,amined very carefully:

:;;.. Sign ofunuslial activity in any voice message box.

y Problem accessing the SVMS and passwonl has been changed

30



Advanced realure like Call Forwarding and Call Transfer can bring risk oftol! fraud [30].

Recommendation is not to implement Call Forwarding feature in our SVMS and if

mandatory restrict calls only to local numbers.
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CHAPTER 4

DEVELOPMENT OF PROTOTYPE SYSTEM



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 onr lab:

>- Voice message sending

:.. Voice message retrieval

'" Intra System and Inter System voice message de!lvery

4.2 l'LA TFORI\1S AND TOOLS

Objeclive of this thesis is to develop nation wide distnbuted Voice Messaging System

and mtegration orthose VMS with PSTN and TCP/II' Network.

We have used Redhat AS 4 as onr OS and Pentium 4 desktop pc as our voice messaging

senu, US Robotics 56K Voicefax modem has been used as our voice modem. Vie have

used Modem::Vgctty voice module as our development tool and Perl was installed during

the installation of Linux OS. Both system (system A and system B) was in similar

platform and '~ere connected directly to LAN switch.

4.3 VorCE MODEMS AND TELEPHO]\,'Y CARDS

Voice Messaging System records sounds it hears from the phone line as voice file and we

nced voice modem or voice telephony cards to do so. Voice modem record and play

audio over a telephone line. Tn addition to playing and recording audio many voice

modems arc capable of advanced fcatnrcs like DTMF detection, call transfers and

outbound dialing. Example of voice modems are ZyXEL U1496, US Robotics Sportstar
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etc. It is possible to use PCI multi port serial interface card to allow multiple modem to

connect to the same PC or Server.

Telephony card is very similar to Voice Modem but provide much better quality audio

recording and output and may support multiple pholle lines on a single card. Example of

telephony cards are Octopus, Dialogic etc.

The modem/telephony card understands only rmd (raw modem data) format and record as

rmd file. Voice fonnat tool like pvftools (portable Voice Fonnat Tools) which is included

with VgeUy has excellent utilities to convert sound files from one fonnat to another

fomlat. Voice Modem or Telephone Card [10, II] should have some basic features as:

o It should milJate and terminate hardware perfectly

o It should receive and terminate call

o It should be able to play voice file and record voice file

o It ShOlllddetect DTMF properly

o It should be capable of call forwarding, outward dialing

o The modem should detect bong tone, busy lOne, call \\failing, dial tone, handset on/off

hook etc.

4.4l\10DEM VOICE MODULE INSTALLATION

We have used Rcdhat Linux AS 4 as our as and it comes with rollowing rpm packages

nccessary ror installing mgetty-1.1.31-2.i38G.rpm and mgetty- voice-1.1.31-2 ;386.rpm

module. Perl dcvelopmcnt package was installed during installation of the operating

system,

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

# rpm -qa mgclty

)4
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Packages were not installed, so we install with

II rpm -ivh <package name>.rpm

Conl'guration file for Vgetty is letc/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 tlySO port and we

changed it to

# voice devices uysa

We searched for the line "rings 3" or a similar line, \ve wanted our modem to answer

afler three rings and we changcd it to

it rings 3

We searched for the line 'kith "port", our modem port was UySa and wc changcd it to

Ifport tty SO

\Ve kepI defaull voice dircctorics indicated in voice.conf by "voice_dir" keyword as

/var1spoollvoice, Ivar/spoo lIvoice/incoming and /var/spool/voice/messages. In /etc/inittab

we inserl following line for invocation of vgell y by init dllring startup:

S I :345 :respawll:/llsrisbinlvgetty ttySO

Our vgctty log file was ill defalilt location ivarllog/vgetty.tlySO. log

\Ve have named our calling program as answer.pl and placed it under Ihome/sohebi

direClory. We gave appropriate input in voice.conf file

# voice_shell/usrfbinlperl
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# call -'program Ihornelsoheh/ans",er.pl

4.5 MODEM VOICE MODULE METHODS

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

as dIscussed below

4.5.1 communication Iuitialization

We need to create Modem::Vgelty object thai \~ill initiali~e communication to the vgctly.

communication can be terminated closed by the shutdown method:

"# usc Modcm::Vgctty:

# my Sv ~ new Modem :Vgetty;

communication can bc terminated by the shutdown method:

# $v->shutdown;

4.5.2 Voice Commands

beep ($frcq, Slen) - Wc can send a beep with frequency "$freq" (HZ) and length "len"

(in miliseconds), vgetty Retnms a defined value on success or undef on failure, The state

of the vgetty changes to "BEEPING" and vgetty retums "READY" after a beep is

finshed. Example:

$v->beep(50,10);

dial(Snumber) - We can make outbound call and dial to a number

play($filcnamc) - vgetty "ith play the file given in "$filename"
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reeord($filename) - vgetty wilh record voice as file given in "$filename"

wait($seeonds) - modem will wait for "Sseconds" and will return "READY" after

waiting finished

$v->"'ait(5);

$v->waitf or('READY');

slop - vgelty stops current work

piaL and_wait(Sfile) - abbreviation of the following:

$v->play($file );

Sv->waitfor('READY'),

4,5.3 Event Handler Methods

ad<'Ulandler($event, $handlcr_name, $handler) - This event handler will instal! a call-

back r(lllline "$handler" for the event type "$event". The first argument is the

Modem::Vgetty object, second argnment is the event name and third argument is optional

eyent argument.

del_handler(Sevent, $handler_name) - This will deletes the handler given as second

argument for the event as first argument.

enable_events - vgetty voice shell will start to dispatch cvent. No evcnts are sent by

default.

disable events - ygetty voice shell will stop to dispatch event. No events are sent by

default.
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Some common events handled by vgetty are:

BUSY TONE - Line is busy

CALL WAITING - Line has received another call

DIAL TONE - Modem has received dial tone online

NO DIAL TONE - Modem has not received dial tone on line- -

HANDSET ON HOOK - Handset is on hook.

HANDSET OFF HOOK - Handset is offhook.- -

NO ANSWER - Modem didn't detect answer for the time give in dial timeout m

voicc,conf.

RING_DETECTED - Modem detected an incoming ring.

RECEIVE DTMF - Modem detected a DTMF input code.

SILENCE_DETECTED - Modem detected no voice energy

VOICE_DETECTED - Modem detected voice energy on the line

UNK1\10WN EVENT - Modem detected unknown event.

4.5.4 The Readnum Method

rcadnllm($mcssagc, $tmollt, $rcpcat) -

W,th thlS method we can read user DTMF input. This routine w,jl play voi~e instruction

given as S"message" and accept sequence of the DTMF keys finished hy the "#" key. If

no key is pressed for "$tmollt" of seconds, it re-plays the message again.

Number of repetation is controlled by "Srepeat" argument. It returns any available string

irrespective of termlllation sign "#", after "$tmout" seconds or completion of repetation

indiacted by "Srepeat"'. DTMF tones are accepted during playing of message and if

DTMF is recelved playing of the message is stopped.

J8
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4.6 PERL VOICE MODEM PACKAGE

Perl Modem package is an essential package for writing applications using voice modem

or telephony. The answering machines and sophisticated voice applications can be

written uSlllg this module. We have downloaded perl-Modem-Vgetty-O.03-

1.2.eI4,rf.noarch.rpm package and installed with

# rpm - lvh perl-Modem-Vgetty-O.03-1.2.eI4.rf.noarch.rpm

4.7 GNU WGET AND WPUT PACKAGE

We have used GNU wget and wput packages for uploading and downloading voice file to

and from remote node. We have downloaded package wget-1.9, l-17.i386.rpm and "''Put-

0.6.1-1 ,eI4.rf.i386,rpm and installed with

# rpm - ivh wput-O.6.1-1.e14.rf.i386.rpm

tirpm-ivh wget-1,9.1-17.i386.lpm

4.8 CALLING PROGRAM TO VOICE MODULE

Main calling program to Modem::Vgetty for our prototype system was named as soheb.pl

(Appcndix A.l) and was kcpt under /home/soheb/ directory, We have used very simple

programnung logic for our prototype system and password authentication was not

implemented, user is identified by user namc. Script gct_voice (Appendix A.2) to

download voice messages from remote nodc and script put_voice (Appendix A.3) for

uploading voice messages to remote node will executed from the main calling program.

Both ofthcsc are shell script and placed under folder /home/soheb/voicel.

Prerecorded voice files for instnlcting users Were stored under/varlspool/voice/messagesl

directory and user's voice directory wel'e created under folder /home/soheb/voicel. Three

prerecorded voice messages are used 10 guide user in our prototype system, Prerecorded
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message "I,rmd" will guide user to choose voice retricval mode or vOice

sending/delivery mode, Prerecorded message "2.rmd" is used to instmct user to provide

user/group ID to the system. Prerecorded message "3.rmd" will instruct user to utter

voice message for recording.
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4.9 USER CREATION AND TESTING

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

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

/i;J_. ---I ',"<Om A 1 I Systcm B ~.-
Fig 4.2: User Creation and Testing

User ID S)'stem IP Address

111 IA 192.168.2.9

122 A 192.168.2.9

333 B 192.168.2.10

Table 4.1: User Information of Prototype System

T"D users were created in system A WIth 10 t 11 and 122, voice folder~ Were

Ihome/soheb/voiee/l111 and lhomclsoheb/voiee/1221. System B has one user with ID

333, voice folder location was lhome/sohcb/voice/333/. All these voice folder has t\vo

subfolder named "in" and "out" for holding incoming and outgoing voice message. We

have tested ilra node messaging and inler node messaging wilh system A and syslem B.
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4.10 RESULTS AND DISCUSSION

4.10.1 VOICE MESSAGE SENDING

To check message sending capability of our prototype system, we first dialed to system

A. Prerecorded message instrueted us to enter either in voice retrieval mode or in voice

dehvery mode. We pressed key '2' from our telephone dial pad as per instruction to enter

into voice delivery modc. 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 "111" as recipient 10, We repeated

the cycle in system A to send message to user 122 and did the same in system B to send

message to user 333, From eLI we ha~e found voice messages were recorded and

delivered successfully in both systems.

4.10.2 VOICE MESSAGE RETRIEVAL

We dialed to system A and pressed key '1' from our telephone dial pad as per spokcn

instruction to enter into voice retrieval mode. According to instruction we entered "111"

as our TO and message sent for user III in "Message Sending" step was listened

successfully, We repeated the same in system A with user 1D "]22" and message sent for

user 122 "'as listened successfully. Next we dialed system B to hear the message from

"in" box of user user 333 and message was retrieved successfully.

4.10.3 INTER SYSTEM MESSAGE DELIVERY

We entered into voice delivery mode in system A and entered recipient TD "333" after

recording of voice message. User 333 was a user of system B and according to our

prototype system design, script put_voice should execute and deliver the message to

remote system B. Next we entered into voice retrieval mode in system B with user ill

"333" and found message recorded in system A was successfully delivered to System B.
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To sho" 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 retrieval mode, we gave II) "333" to download message from

message folder of user 333 in system B to temporary folder of system A. We found script

get_voice executed accordingly, dO\Vl1loadedmessage 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 is independent of

other nodes, Number of ports in any particular SVMS will depend on number of

users/groups belong to that SVMS and will be changed later. SVMS developed with open

source tools arc highly eonfigurable as source code is open and reengineering is not

needed as every system will be developed according to our requirements, We have

estimated, budgetary cost OF main unit of 16 port SVMS FOR unlimited users as given

below:

Product Unit Unit Price (BOT) Total Price (BOT)
Quad Core Xeon Server, 2 GB
Ram, 2 x 146 GB SAS HDD 1 250,000,00 250,000.00with Raid Controller, Linux
as
Cyclades/TELeT AS 16 port 1 90,000.00 90,000.00Serial PCI adapter

US Robotix Voice Modem or 16 5,000.00 80,000.00Equivalent
Estimated Cost: 420,000.00

Table 5.1; Estimated cost for SVMS developed with open source tools

VOCP is based on open system and it can be downloaded and used for free. License

charge is not required but support and eustomization fees are charged according to
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reqllirements. vacp system is designed for single system and eustomization is required

for our Integrated Voice Messaging System.

We also have ca1culated cost needed to implement commercial product like IVM as our

node. IVM can be used with failover option but IVM is not developed for distributed

architecturc. IVM needed to be customized to align with our architecture, Cost of such

reengineenng of commercia1 product is very high, Estimated cost of IVM for unlimited

users is given belmv:

Product Unit Unit Price (BOT) Total Price (BDT)
Quad Core Xeon Server, 2 GB
Ram, 2 x 146 GB SAS HOD 1 320,000.00 320,000,00with Raid Controller,
Windows as
CycladesnELCT AS 16 port 1 90,000.00 90,000,00
Serial PCI adapter:

US Rohotix Voice Modem or 16 5,000.00 80,000.00Equivalent
SllPP0rtJYear 3 years 300,000,00 900,000.00
F.timated Cost; 1,390,000.00

Table 5.2: Estimated cost for lVM

CISCO Unity is unified messaging solution suitable for LAi'J implementation, cost is

very high and require purchasing license based on number of users, CISCO Unity

implementation requires additional high end router, FXOiFXS cards to connect with

lelephone servIce provlder and high capacity LAN switches. CISCO or AVA YA voice

messaging solution is not suilablc for our imp1cmentation. Estimated cost of CISCO

Unity for 300 users is given below:
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Product Unit Unit Price (BOT) Total Price (BOT)

Quad Core Xeon Server, 2
GB Ram, 2 x 146 GB SAS 1 320,000.00 320,000.00HDD with Raid Controller,
Windows OS
Uni Release 5 1 0.00 0.00
Unity UM Exehg, 300 users, 1 2,700,000.00 2,700,000.0016 seSSlon
Messa e Store 2003 1 0.00 0.00
SP Essential SW Unit Rel5 3 0,00 0.00
S, ort 3 ears 144,000.00 432,000,00
Estimated Cost: 3,452,000.00

Table 5.3: Estimated cost for CISCO Unity
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CHAPTERS

CONCLUSION
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5.1 COr.:CLUSION

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 Smgle Voice Messaging System to build up our Integrated Voice Messaging

System.

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 implemen(ed (0 reduce complexity in prototype system. Three Ilsers wcre created in

(wo systems and inter system and intra system message delivery and retrieval was done

sllccessfully. Voice messagc for roaming user can be downloaded from any node other

than user home has been shown in prototype system. But recommendation is not to give

such facilities to any roaming user as it will increase bandwidth contention in WAN

connectl\'ity,

In our proposed design operation of every node is independent. If two nodes can

communicate successfully \vith one another, multiple nodes will be able to communicate

successfully with each other. Design of Ollr proposed systcm is highly flcxible and any

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

We have found some problem with DTMF detection with "readnum($message, $tmout,

$rcpcat)" mcthod, lftelephonc keys are pressed while prerecorded message are played,

DTMF should be detcctcd properly. But we have found DTMF are not received properly

if we press key before finishing of pre recorded message. We are working to solve this

Issue.
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5.2 FUTURE WORK

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

further work is outhned below

1) Highly efficient Integrated Voice Messaging System can be developed with proposed

architect lIre and tools. Uniqucncss of each mcssage can be assured by adding time stamp

and sender 10 with namc of the message file. Incoming Message and Outgoing Messagc

for cach uscr can be stored in different folders and application can be developed to

retrieve messages based on user DTMF input. Prerecorded voice messages can be added

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

2) Advanced Voice Messaging System fealUres like caller 10 detection, \Veb access,

Message fOl"\varding can be implemented with our proposed system, Speech to text

conversion facilities can be added with our proposed system to provide traditional mail

like facilities in post offices. We have proposed not to allow any user from retrieving

message from non home node, ifin future high WAN bandwidth become available and

affordahle message retneval from non home node can be allowed.

3) Perl is a very strong high level programming language and efficient program can be

written for lext manipulation, file manipulation, system software and management tasks,

database application, graphical programming, networking and web programming, IVRS

funclionahty of VMS can be used to add additional services to the integrated system as:

user commodity bJiling information, offline help services, social services, users mandate

Ollcommon issues etc.
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Appendix A

PERL PROGRAM AND BASH SCRIPTS FOR PROTOTYPE SYSTEM

A,l Calling Program to Modem::Vgetty

#!/usr/bln/perl

use Modem: :Vgetty;

my $volcemaster = 'root@localhost';

# Declare VOiceDirectory

my $voicedlr = '/var/spool/voice/messages';

my $volce = '/home/soheb/vOice';

# Declare Vanables

my $x = "1";

my $y = "333";

my $tmout = 5;

my $flnish = 0;

it Declare new Vgetty Instance

my $v " new Modem: ;Vgetty;

# Declare Event Handler for busy tone silence etc.

$v->adcChandler('BUSY_TONE', 'finish', sub {$v->stop; $finish=l; });

$v->add_handler('SILENCE_DETECTED', 'finish', sub {$v->stop; $fjnish=l; });

local $SIG{ALRM} = sub { $v->stop; };

$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 = $v->readnum("$voicedir/1.rmd",10,2);

# make a 50 Hz, 10 mili seconds beef to user

$v-:>beep( SO,10);

# make the modem ready for hearing

$v- >waitfor('READY');

'* Check whether vgetty is busy

if ($flnish == 0) {

# User input is 1 and user wants to retrieve message

if ($option eq $x) {

# Ask user to give lD and take DTMPInput

$id = $v->readnum("$voi<::edir/2.rmd",10,2);

$v->beep(lOO,10};

$v- >wa itfor(' READY');

# If ID is 333, remote home node user. run get_voice script to download voice

message to temporary folder and play

if ($Id eq $y)

{

system "/home/soheb/voice/get_ voice";

$v-:>plaLa nd_wait( "$voice!temp/O. rmd"};

}
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# IF ID is 111 or 122, user is local and play from his voice message directory

Else

{

$v- > play_and_waitt "$voice/$id/i n/O.rmd");

$v- > beep( 100,10);

$v- > waitfor('READY');

}

}

# User input IS3 and user wants to record message

Else

# Ask user to start uttering message

{

$v- > play_a nd_wait(" $voicedir/3. rmd");

$v->beep(100,10};

$v- >waitfor('READY');

# Record the message to a temporary location

$v- > record ("$voice/temp/O. rmd");

alarm(8);

$v->beep(lOO,lO);

$v- >waitfor('READY');

# Ask user to give lD and take DTMPinput

$other_id ~ $v->readnum("$voicedlr/2..rmd", 10,2);

# If lD is 333, recipient is remade node user, run put_voice script to send voice

message to remote node

56



If ($otheUd eq $y)

{

system "/home/soheb/voice/put_ voice" ;

$v->beep(lOO,lO);

$v- >w(litfor('READY');

}

# If ID is 111 or 122, recipient is IOC(lI,just copy the message to user voice box

else

{

system "cp $voice/temp/O.rmd $volce/$otheUd/in/";

}

}

$v- > beep( 100,1 0);

$v- >waitfor('READY');

}

# kill vgetty instance and exit from the script

Sv->shutdown;

exit 0;
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A.2 Basb Script for Downloading Voice Message

#! ibinibash

cd ihome/soheb/voice/templ

wget ftp:l/soheb:testI23@172,16, 12,136/~oice/333/il1/0,rrnd

chmod 777 .I0.rrnd

cd Ihome/sohebl
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A.3 Bash Script for uploading Voice Message

II! Jbinfbash

wput --reupload ihomclsohcb/voice/templO. rmd

fip:/ /soheb.test 123@172.1lJ.12.136/voice/333/in/O,nnd
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