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I. ABSTRACT 
 

Public switched telephone networks (PSTN) has been used for decades to provide the 

telephony service but more and more subscribers are migrating to the modern mobile networks 

and the Internet. Subscribers are abounding PSTN, use it as a secondary communication option 

or a media to access the internet, though, legacy PSTN are expected to continue for many years 

before the complete extinction or total transformation to a pure broadband internet. PSTN 

operators are under continues pressure to provide new services and billing options rapidly and at 

low development costs and a possible solution is introduced here.  This paper introduces 

Asterisk, the voice over internet protocol (VoIP) server, and the Personal Home Page(PHP) 

programing language as a billing service platform to be used in PSTN or any telephony system 

that can provide the database level access to PHP. The proposed design defines a way to interact 

with the PSTN database directly using the Asterisk VoIP server as call processor triggers a PHP 

program to perform the required calculations or transactions for every call. 

A system design and call flow diagrams has been presented thenimplemented using 

Asterisk , MySQL Database management system and PHP among other open source tools. 

Multiple performance tests have been carried out to highlight the performance bottlenecks and 

the applicability of the system as well. 
 

 الملخص
ٌٚىٓ اٌّشخشو١ٓ ٠مِْٛٛ  ٌصٛحٟ ي١ٓ اٌّٛان٠ٓ١ٕخُ اسخخذاَ اٌشبىاث اٌٙاحف١ت اٌعاِت ِٕز عمٛد ٌخٛف١ش خذِاث الاحصالا

ياٌٙجشة اٌٝ شبىاث اٌٙاحف اٌّحّٛي ٚالأخشٔج يٛح١شة ِخصاعذة حا١ٌا. ٠مَٛ اٌّشخشو١ٓ يخشن شبىاث اٌٙاحف اٌخم١ٍذ٠ت ٔٙائ١ا اٚ 

اسخعّاٌٙا وٛس١ٍت احصاي ثا٠ٛٔت اٚ وٛسط ٔالً ٌخذِت الأخشٔج ٌٚىٓ عٍٝ اٌشغُ ِٓ رٌه فأٗ ِٓ اٌّخٛلع اْ حسخّش اٌشبىاث 

ٙاحف١ت اٌخم١ٍذ٠ت ٌعذة س١ٕٓ أخشٜ لبً الأمشاض إٌٙائٟ اٚ اٌخحٛي اٌىٍٟ ٌشبىاث ٔالٍت ٌخذِت الأخشٔج. اْ شبىاث اٌٙاحف اٌ

اٌخم١ٍذ٠ت ححج ضغط وب١ش ٌخٛف١ش خ١اساث ٚنشق ححاسب جذ٠ذة يسشعت ٚيىٍف حط٠ٛش ِٕخفضت ٚ٘زا اٌبحث ٠مذَ احذٜ اٌطشق 

 PHP)خادَ ٔمً اٌصٛث عبش يشٚحٛوٛي الأخشٔج( ٌٚغت Asteriskذَ اٌبحث اٌخادَ اٌّّىٕت ع١ٍّا ٌخحم١ك ٘زٖ الأ٘ذاف. ٠م

اٌبشِج١ت وّٕصت ٌخط٠ٛش خذِاث ححاسب١ت ١ٌخُ اسخعّاٌٙا فٟ شبىاث اٌٙاحف اٌعاِت اٚ أٞ شبىت حسخط١ع حٛف١ش لاعذة ي١أاث 

اث اٌٙاحف اٌعاِت ياسخعّاي اٌخادَ . اٌخص١ُّ اٌّمذَ ٠صف نش٠مت ٌٍخفاعً ِع شبى٠PHPّىٓ الاحصاي يٙا عٓ نش٠ك ٌغت 

Asterisk وّعاٌج ِىاٌّاث ٠عًّ عٍٝ حفع١ً يشاِج ِطٛسة يٍغتPHP  ٚظ١فخٙا اٌم١اَ ياٌع١ٍّاث اٌخحاسب١ت ٌىً ِىاٌّت

ٔظاَ إداسة لٛاعذ اٌب١أاث  ،Asteriskخادَ حُ حمذ٠ُ حص١ُّ إٌظاَ ِٚخططاث حذفك اٌّىاٌّت ثُ حٕف١ز٘ا ياسخخذاَ ِسخٍّت.

MySQL  ٌٚغتPHP اخخباساث أداء ِخعذدة لإيشاص  حُ اجشاء. الاخشٜدٚاث ِفخٛحت اٌّصذسيالإضافت اٌٝ ِجّٛعت ِٕالأ

 .طب١ك إٌظاَاخخٕالاث اٌّحخٍّت ٚاثباث اٌماي١ٍت اٌع١ٍّت ٌخ

II.INTRODUCTION 
 

Few years ago, average citizens had no alternatives to public switched telephone networks 

(PSTN) as the communication solution for the daily usage, though, the speedy rising of the mobile 

networks and broadband internet is offering more mobility and features which is pushing the 

subscribers away from PSTN towards these alternatives[1], however, traditional PSTN are expected 
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to continue to exist for many years before the complete extinct or change to some other kind of 

networks like broadband internet networks. 

Session initiation protocol (SIP) and the digital audio codecs arrived alongside broadband 

internet and quickly become the dominating standards of voice over internet protocol (VoIP) and 

eventually enable the broadband users to do cheap or free voice calls.  VoIP can be seen as the way 

to use the internet or any packet network for voice transmission.  

VoIP‟s wide adoption triggered the development of all kinds of hardware and software to route, 

process, monitor and bill SIP calls with a huge variety in features and capacity.  As a result, SIP 

based trunks and devices started to invade the PSTN world as a cheap, flexible alternative for the 

time division multiplexed (TDM) links. Deeper VoIP applications in the legacy PSTN core 

switching elements or services is also possible and the proposed work will provide an example for 

this kind of integration.  

The proposed work shows one possible approach to use VoIP standards and equipment to 

develop three services to PSTN and demonstrates how Asterisk VoIP server can be used to power a 

low cost service development environment. These new service will enable the PSTN user to query 

the bill ,check how much a call will cost and what was the cost of the last call. The proposed work 

can be used as a way to enhance PSTN customers‟ billing and management experience without the 

need to change anything in the existing PSTN installation.  The basic concept is to transfer the call 

flow from PSTN to Asterisk, execute some call processing codeand play the results to the caller 

then hang-up.This is possible even if the PSTN switch doesn't support SIP by transforming the call 

back and forth between SIP and TDM via voice gateways or TDM cards. 
 

III. REVIEW  
A. PSTN Billing 
 

PSTN switching cores evolved to fully automatic computerized routing elements capable of 

serving huge numbers of subscribers and capable of establishing thousands of concurrent calls with 

smaller space and power consumption. Billing methods and usage metering started to shift from 

periodic pulse metering(PPM)to the modern and more flexibleintelligent networks(IN)based billing.  

In PPM, the charge is determined by charging pulses given to the counter of the A subscriber 

during the call. First pulse may be given as soon as the destination telephone is answered, and after 

that with predetermined time intervals [2]. 

Intelligent Network billing works differently,when a user calls a destination within the IN 

switch,the service switch  point (SSP) will send a request to the service control point(SCP).The SCP 

usually responds with the charging and routing needed for the call [3]. When the call ends, SSP will 

signal SCP that the call has been ended; the SCP will start a sequence of processes which normally 

include the creation of a call detail record (CDR). 

The generated CDRs normally are saved in text or binary files which can be converted laterto 

database records. Each CDR contains at a minimum the following field: the number making the call, 

the number receiving the call, when the call started (date and time), how long the call was 

(duration)[4]. More fields are normally included like call charge and some charging calculation 

details. These CDRs will be used to calculate the total monthly bill for the post-paidsubscribers; 

they are also exchanged with the PSTN service providers to calculate and audit the arrangement 

between the interconnected providers. 
 

B. VoIP and SIP 
 

VoIP usesinternet protocol (IP) based networks like Internet, Intranets and local area networks 

(LAN) as a media to transmit voice between two points. The voice will be digitalized to pulse code 

modulation (PCM), compressed using voice codecs, and transmitted as an IP packets from the first 

point to be reconstructed at the second point. This means that voice communication will be treated 

as just another application running on the internet instead of a service running over a dedicated 
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network.VoIP has been implemented in various ways using both proprietary and open protocols and 

standards. The most extended are H.323 and SIP[5]. 

SIP has been standardized by the internet engineering task force (IETF) for establishing VoIP 

connections [6]. It‟s an application layer protocol based on the client/server model. The protocol 

itself is very similar to HTTP in the way the two nodes communicate throw a series of textual 

representation request-response messages.SIP represents the signalling part of the call and it doesn‟t 

carry the voice packets which are transmitted over UDP.SIP signalling commands are sent in clear 

text between the clients and the server to establish the media channel link and only after that point 

the media will be transmitted from the caller and the called clients. 
 

C. Asterisk 
 

Asterisk is an open source VoIP server which can offer communication channels using almost 

all the VoIP protocols including SIP. It supports SIP, H.323, Media Gateway Control Protocol 

(MGCP), inter-Asterisk exchange (IAX2) and T1/E1 lines when equipped with the required TDM 

interfacing cards. Asterisk is a powerful free alternative for the commercial VoIP serversas a result 

of many reasons, mainly because of the fact that it is being developed and operated over the open 

source Linux operating system beside the active community of users and developers.  

The main applications of Asterisk are deploying a low cost communication system for 

enterprises in the form of IP private branch exchange (PBX) or as a gateway to convert voice calls 

from one protocol to another. Combined by a billing software, Asterisk has been used as prepaid 

calling systems. It has been also used as a custom interactive voice response (IVR) server, 

conferencing server,number translation,predictive dialler, call queuing with remote agents and 

remote offices for existing PBX [7]. Another powerful usage of Asterisksis to buildthe routing 

element in low cost GSM networks like OpenBTS which uses the Asterisk as a VoIP backhaul to 

build a cellular network that can be deployed and operated at substantially lower cost[8]. 

All calls directed to Asteriskare processed inside a dial plan; the dial plan is a prioritized list of 

instructions or steps that Asterisk will follow when the calls arrive to the system[9]. Dial plans are 

divided into contexts completely isolated of each other. Eachcaller (SIP client or SIP peer) will be 

assigned context for its calls and each context should be capable of handling all the valid extensions 

or destinations for that caller including the special extensions like voicemail and IVR menus. 

Applications are the main building blocks of the contexts instructions; they perform various 

kinds of functionality like playing sound files, getting input from callers or calling a SIP client. 

Most Asterisk applications accept arguments and return some values to reflect the success or the 

failure of the application execution. 

Asterisk also provide an Asteriskgateway interface (AGI) which is an interface for adding 

functionality to Asteriskusing many programming languages like Perl, PHP, C, Pascal, Bourne 

Shell[9]. Using AGI application in a dialplan will provide the call channel parameters (caller 

number, called number, channel type, etc.) to an external program write in any supported language 

like PHP or Perl[10]. Some Functions and classes will be used inside the program (the PHP file for 

example) to get the channel variables or to instruct Asterisks to do some actions with the call. Using 

this architecture, the flexibility of the mature programing language will be added to Asterisk 

capabilities in call management to provide powerful telephony applications like the one presented in 

this work. 
 

IV. RELATED WORK: 
 

The ideas of extending Asterisk functionality and extending legacy telephony systems have 

been proposed in different contexts. Hitchcock[11]  investigated Asterisk capability to provide the 

depth of services that will be required for a VoIP solution and the available options to extend the 

core system functionality by using four methods of modifying the core system functionality were 

presented: dial plans, external interfaces, AGI, and the Application API. His study focused and 

provided detailed experiments using the AGI interface. Heexaminedthese methods and investigates 
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the advantages and disadvantages for each. Two simple example services have been developed; 

AGI weather service to provide local temperature information on demand, and a service application 

to play music. 

In [12]Femminella et al used JAVA Application program interface for integrated networks 

(JAIN) to reduce time-to-make and extend the service portability over multiple networks and 

devices. The work provided a system design and performance tests for three different service 

architecture alternatives. 
 

V. ASSUMPTIONS: 
 

An imaginary core of a PSTN system will be used to demonstrate the methods and design 

introduced in this paper. We will assume that this PSTN system consists of a switching element and 

a simplified databases schema of three tables. 

The first table is in the PSTN database is the charging matrix table shown inTable 1; it 

basically holds the prefix-rate information and it will hold the charge of a 1 minute call to any 

number start with the specified prefix.  

The second table holds the CDRs of the system. A new record will be added to this table after 

each call,  

Table 2shows example CDRs for the PSTN system.The CDR format will be assumed to have 

the caller number, called number, timestamp, call duration, and call cost. At the CDR creation phase 

a matching prefix should be found for the called number to calculate the call cost for that 

destination. The call duration will be rounded to minutes and multiplied by the rate to calculate the 

cost for this particular call.  

The last tableis the billing table which will save the billing and invoicing history for each client 

(PSTN subscriber). This table will have a new record whenever the system generates a new bill and 

the subscriber pays that bill; a sample data is shown in Table 3. 

The billing database will contain a record for the last payment for each user and thetimestamp 

of bill generation. 
 

Table 1. Charging matrix table 
 

prefix Cost (cents) 

0770 15 

0780 13 

0790 10 

001 100 

00962 110 
 

Table 2. CDR table 
 

caller called timestamp Call_duration 

(minutes) 

Call_cost 

(cents) 

032348622 07706227766 2012-09-07  

01:22:00 

3 45 

032346373 07807384950 2012-09-07  

12:24:03 

1 13 

032355631 07807356345 2012-09-07  

13:10:29 

2 26 

032355631 00962567694345 2012-09-07  

14:42:07 

10 1100 

032387634 07709278346 2012-09-07  

16:33:21 

4 60 

032383484 07709349784 2012-09-07  

16:34:07 

2 30 



Journal of Kerbala University , Vol. 11 No.4 Scientific . 2013 
 

174 

Table 3. Billing table 
 

Phone_number bill_generation_timestamp amount (cents) 

032387634 2012-09-07  10:42:07 5010 

032387634 2012-08-07  11:02:33 7652 

032387634 2012-11-07  10:21:53 23411 

032387634 2012-10-07  10:22:55 7682 

033587243 2012-08-07  12:44:22 6345 

VI. SYSTEM DESIGN: 
 

The system design is shown in 

Figure (1).The system consists of an Asterisk server connected to the PSTN main switch via a 

voice trunk.  A voice gateway or a TDM interfacing will be used to convert the E1 link to a VoIP 

link if the PSTN switch doesn't support VoIP trunks. This link is required to receive the incoming 

calls from the PSTN subscribers by the Asterisk server which will trigger all the database query 

operations involved to provide the caller with the required service. The PSTN switch should be 

configured to forward the calls from the subscribers to the Asterisk server if they call a predefined 

service number or a short code, 777 for example. The forwarded call must contain information 

about the caller id which will act as input variables for Asterisks dial plans.Asterisk will be also 

connected to the database server which contains the CDR, billing and charging matrix tables via a 

LAN.  

Figure (2) shows the call flowchart for the design. The flowchart is divided into two parts,the upper 

part is executed inside the PSTN switch and the lower part by the Asterisk server using AGI and 

PHP.  
 

 
 

Figure (1) System design 
 

The subscribers' calls will be forwarded to the VoIP gateway trunk only if the call destination is 

777. The gateway job is to transform the TDM calls sent from the PSTN side in to a VoIP calls 

directed to the Asterisk server. When the call reaches Asterisk the caller will hear a welcome 

announcement generated by the server and he/she will be asked to choose a service code number 

then press the hash sign key in the phone. Depending on the user input, the required service will be 

triggered.  
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If the user choose the call cost calculator service by pressing 1 then he/she will be asked to 

enter the destination number and then press the hash sign key. A php code will be executed to 

access the charging matrix and execute a query against Table 1 to find the call cost per minute for 

this particular destination.    

By pressing 2 the caller will choose the last call cost query which will trigger a PHP code to 

access the CDR database and execute a query against CDR table shown in  

Table 2 to find the CDR of the last call made by the caller and play that particular call cost to 

the caller. 

Choosing the current bill calculation service by pressing 3 will trigger a PHP code to access the 

CDR database and execute a query against CDR table shown in  

Table 2 and the billing table shown in Table 3 to calculate the current bill for the user by 

aggregating the calls cost for all the calls made after the last payment. 
 

A. Test Bed Setup 
 

A simulation environment has been prepared to test the applicability and performance of the 

proposed system. The following tools have been used: 

- mysqlslap, a benchmark tool designed to simulate workloads and measure MySQL database server 

performance. 

- SIPp, SIP traffic generator and analyser.  

- vmstat, system resources monitoring tool. 

MySQL 5.5.24 has been installed on a 64 bit windows 7 machine with Intel i5-2430@2.40GHz 

and 4GB RAM. The server has been loaded with a CDR table identical to  

Table 2 in structure and contains 100000 random call records belongs to one thousand random 

subscribers. Asterisk 1.8.11.0 has been installed on another machine with Intel i5-2450@2.50GHz 

and 4GB RAM running 64 bit Centos 5.7. Fast Ethernet network has been used to connect all the 

nodes including a third machine used to generate the SIP traffic.  
 

A. Performance and Numerical Results 
 

 

Figure (3) shows the results of a performance test has been applied to the MySQL server to 

investigate the variation of query execution time compared to the number of the simultaneous 

connections trying to execute a read query on the CDR table.  This performance matric has been 

used to investigate the existence of a bottleneck in the database query operations required during 

every call made to the service short codes. Mysqlslap has been used to simulate 25 to 1300 

concurrent connection (in steps of 25) to the MySQL server.Each connection is trying execute the 

structured query language (SQL) query identical to the one that will be used by Asterisk to find the 

cost of the last call from the CDR table.   
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Figure (2)  System flowchart 
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Figure (3) Query execution time vs. concurrent connections 

 

 

 

Figure (4 ) Throughput vs. calls arrival rate. 
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Figure (5 ) Percentage CPU usage vs. calls arrival rate. 
 

VII. PERFORMANCE EVALUATION 
 

SIPp has been configured to generate 15 second callsat avariable call arrival rate rangesfrom 2 

to 80 calls per second (cps) in steps of 2 cps. Each step last for 5 minutes in which SIPp calculated 

the call success rate and vmstat recorded the system resources usage. Three short codes has been 

defined inAsteriskto answer the calls and play a sound file for 1 second then wait for the caller to 

end the call or forcibly end it after 16 seconds.  

Three performance tests has been done on the proposed system, the first test include calling a 

short code to activate anAsterisk dial plan without AGI functionality.  The second test has been 

applied using a short code to trigger a dial plan which includes a call to a minimum PHP AGI code 

to measure the impact of using AGI on the system performance without using any functions in the 

PHP code itself. The third test has been made to a short code to activate the actual last call cost 

service that includes a PHP AGI call and a MySQL query. Figure (4) shows the successful call rate 

for the three tests.The system was able to handle 22, 6 and 4 cps for the three tests respectively and 

then reached an unstable state.Introducing the PHP AGI to the dial plan produced significant 

overhead and reduced the system performance, the system was capable of handling 6 cps only for 

the calls to the short code with no PHP AGI calls in its dial plan and become unstable at higher call 

rates. Adding the functionality of querying the CDR database and playing the last call cost to the 

caller to the PHP script reduced the system performance further to 4 cps which is by far less than 

the capacity of the MySQL server since it is clear from  

Figure (3) that the database server is capable of handling more than 1200 query per second 

without introducing any significant delay, therefore, the database does not create a bottleneck in the 

simulation environment. 

 

Figure (5) shows the central processing unit (CPU)utilizationpercent of the VoIP server during 

the load tests described above. It shows that the system bottleneck is the processing power of the 

CPU. Increasing the call rate at each test lead the system to unstable state and increased the CPU 

utilization further thereforethe VoIP server started to drop the calls since the CPU was unable to 

process the new calls and keep the previously established calls alive. 
 

VIII. CONCLUSION: 
This paper successfully introduced the open source VoIP server "Asterisk" as service creation 

and deployment platform for the legacy phone systems. Three services to the PSTN subscribers has 
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been developed as an example of how to build new services over the existing PSTN infrastructure 

using Asterisk as the core call processing element. A simulation environment has been prepared and 

multiple performance tests has been done against the proposed system. The simulation was able to 

process scale 4 cps for the 15 second calls and up to 60 concurrent calls (4 cps* 15 second) which 

can be seen as an acceptable rate compared to the limited hardware resources used in the tests. The 

paper also highlighted the performance impact of using PHP AGI in Asterisk dial plans and how it 

reduce the server capabilities by approximately 80%  due to the cost of starting the PHP interpreter 

and starting the execution of the PHP code.  

Although the work focused on PSTN but the same ideas and methods can be ported to any 

mobile networks as long as these network can provide the required database level access to the 

CDRs and charging calculation related tables. This will enable the mobile operators to develop new 

services rapidly and at low cost compared to the usually expensive and complicated alternatives 

offered by the commercial vendors. 
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