
Abstract
Realization of cost effective packet telephony solutions over 
mobile ad-hoc networks is one of the attended area by the 
computer science research fraternity. As with other ideas it 
is difficult to test new proposals on mobile ad-hoc networks 
using a real time environment. So researchers need to resort to 
simulation based environment. To model packet telephony over 
mobile ad-hoc network generation of relevant traffic is central to 
the success. Authors in this work are proposing an algorithm to 
model the application layer of a mobile ad-hoc network carrying 
packet telephony, thereby generation of relevant telephony 
data to be transported over the network. 
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I. Introduction
Packet Telephony [1] represents implementation of conventional 
telephony using IP packets. This essentially represents computer 
network carrying voice conversations. Packet telephony is 
also sometimes termed as Voice over Internet Protocol. This 
technique has the potential of being highly useful for offering 
services like video conferencing, fax, SMS over the internet.  
Traditionally all of these services have been offered using circuit 
switched network which require dedicated copper path. The 
technique of Packet Telephony does not require any copper path 
reservation and hence can help achieve a number of parallel 
voice conversations through same media.
These days a number of companies are offering VoIP service 
where call rates are much cheaper as compared to traditional 
telephonic calls. VoIP offers a number of advantages over 
the traditional circuit switched telephony technique like 
simultaneous calling, data service in parallel with voice services, 
less operational cost and flexibility etc. Packet Telephone over 
wireless networks can be used to extend the reach of fixed 
telephony over an area, termed as fixed-to-mobile convergence 
(FMC) [2]. 
VoIP as a technique do have some limitations also like security 
and legal issues. The successful implementation of packet 
telephony is constrained by a number of Quality of Service, 
QoS, parameters [3]. These parameters include end to end 
delay, jitter, throughput, packet delivery rate, call drop rate etc 
Implementation of Quality of Service based Packet Telephony 
is a challenge. 
During recent times, mobile ad-hoc networks have been 
favorite research area for computer scientists. One of the most 
attended research area in the field of mobile ad-hoc networks 
is implementation of Quality of Service based applications over 
them. One such service being explored is Packet Telephony 
over a mobile ad-hoc network. 
Packet telephony over mobile ad-hoc network can be highly 
beneficiary in realizing fixed-to-mobile convergence, mobile-
intercom etc. Fixed-to-mobile convergence refers to extending 
the reach of fixed telephonic infrastructure over an area using 
wireless media.

II. Background
A mobile ad-hoc network, MANET, may be defined as self-
configuring collection of autonomous nodes. In a mobile 
ad-hoc network each node acts as a potential router and 
the system lacks a centralized routing system. Every node 
can move freely within the premises of the network. Every 
other node within the range of a given node is termed as its 
neighbor. A node needs to maintain and update route to every 
other node in the network so that it can forward the packets 
toward their (packet’s) destination. Mobile ad-hoc networks 
are distinguished from other wireless networks in terms of 
certain unique features these networks possess. Some 
notable characteristics of a mobile ad-hoc network are limited 
bandwidth, dynamic topology, decentralized routing, limited 
node range, dependency on willingness of participating nodes 
etc. Mobile ad-hoc networks are also prone to security threats 
and denial of service attacks. The dynamic nature of mobile 
ad-hoc networks has been illustrated in Fig..In this Fig.dynamic 
nature of route from source, s to destination, d is illustrated. In 
first instance route from ‘s’ to ‘d’ passes through nodes ‘b’ and 
‘c’. While in second instance both nodes become neighbors 
and has a direct link. 
The research in the area of mobile ad-hoc networks has gained 
popularly after launch of computing device working in license-
free ISM (Industrial-Scientific-Military) bands, thereby providing 
cost free solution to communication. These networks are found 
to be very useful in areas like rescue & search operations, 
warfronts and natural calamity where available setup time is 
small. 

Fig. 1: Dynamic Nature of Mobile Ad-hoc Neeworks

To implement packet telephony over mobile ad-hoc network one 
need to test his ideas, for this purpose a researcher resorts to 
either a real environment or a simulated environment [4]. It is 
not always possible to setup real time environment. So, one 
has to setup simulated environment. For creation of simulated 
environment one either develops whole environment by himself 
or uses software tools that provide some inbuilt feature to setup 
the simulation. One such software tool is network simulator 
(ns2). Network simulator is most used software tool to test 
ideas on mobile ad-hoc networks. In each scenario one need 
to model the packet telephony traffic. So, a need was felt by 
the authors to propose an algorithm for generation of packet 
telephony traffic and hence modeling the application layer of 
packet telephony.
Overall system representing packet telephony over mobile 
ad-hoc network should minimally consist of five layers [6-7] 
viz. application layer, transport layer, network layer, data ink 
layer comprising of medium access control layer & logical 
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link layer and physical layers. A number of solutions to the 
problem of packet telephony with respect to different layers 
exist, for example at transport layer level either TCP or UDP in 
combination with RTP may be employed. Similarly different 
solutions for network layer [7-15], medium access sub layer 
[16-20] and physical layer [21-24] exists. But all these layers 
are meant to provide service to the application layer and hence 
application layer solution is central to the successful modeling 
of packet telephony in mobile ad-hoc networks.  The authors 
in this work are proposing an algorithm to create application 
layer data that can be readily used for production of packet 
telephony traffic for both users created software tools as well 
as readymade simulation tools like network simulator,ns2 to 
test packet telephony ideas over mobile ad-hoc networks.

III. Time parameters of Packet Telephony
Packet Telephony calls differs from traditional PSTN based 
calls in term of method of charging fees, in PSTN call charges 
depends upon the time of call. While in case of Packet Telephony 
charges may be applied on the basis of traffic generated i.e. 
packets transmitted. Traffic generated will depend upon the 
call holding [25] time and its distribution. A number of theories 
exist on call holding time for Packet Telephony some argues that 
call holding time distribution is exponential while some argue 
it as lognormal distribution [26]. Apart from call holding time 
other important parameters associated with packet telephony 
includes call inter-arrival time, talkspurt period and silence 
period. While simulating Packet Telephony one needs to look 
into the probability distribution of these important packet 
telephony parameters.

A. Call Holding Time
To simulate Packet Telephony in mobile ad-hoc networks 
realistically, call holding time plays an important role. The 
overall traffic in the network depends upon the call holding 
time. So, accurate approximation of call holding time is needed. 
It has been argued in a number of literatures that Pareto 
probability distribution plot fits upto 95% with real call holding 
time curve. So, we can approximate call holding time using 
Pareto Distribution. Further, a large bandwidth can be saved if 
we identify voiced and unvoiced sounds, thereby transmitting 
only the voiced sounds. This is done using Voice Activation 
Detection (VAD) system. With Voice Activation Detection system 
call holding time is bifurcated into talkspurt and silence periods.  
In telephonic conversations it is observed that although the 
communication type is full-duplex yet rarely both sides speak 
simultaneously. In other words at a given time one direction of 
communications contains more silence periods than talkspurt 
period. So, these periods are modeled separately during this 
work for better approximation of real Packet Telephony and 
hence save valuable bandwidth.  

1. Talkspurt period
It has been shown that for smaller periods of talkspurt both 
exponential and pareto distribution can be used to model 
talkspurt, in case of higher talkspurt times lognormal distribution 
provides a better approximation.

2. Silence Period
With the help of VAD speech is partitioned into talkspurt and 
silence periods. Bandwidth was saved by avoiding transmission 
of silence periods. So, a better approximation of silence period 
will help in better simulation of packet telephony. It has been 
shown that silence period can be quite accurately approximated 

using pareto distribution. 

B. Call Inter-Arrival time
After having approximated the call holding time, we need to 
use realistic approximation of call inter-arrival times i.e. the 
time between alternate calls. It has been argued by various 
authors that call inter-arrival time can be approximated using 
exponential distribution. 

IV. Time parameters of Packet Telephony
The basic mechanism behind implementation of Packet 
Telephony can be explained as:
Initially, the caller tries to connect to the callee by dialing his 
number; this starts the process of session creation using 
various session control protocols like SIP (Session Initiation 
Protocol). After the connection is complete, conversations may 
start. Next step in implementing packet telephony would be to 
convert this analog voice into digital voice. To transmit original 
voice without any compression one would require 64 kbps 
bandwidth. As already mentioned mobile ad-hoc networks has 
the scarcity of available bandwidth.  In order to overcome limited 
medium bandwidth, digital voice must be compressed using 
some suitable audio codec (codec stands for coder-decoder). 
Usually both the processes of digitization and compression are 
done by the same hardware/software as a single step. Various 
types of speech compression techniques that can be classified 
into three categories have been proposed. 

A. First category includes those compression techniques 
which try to model the audio waveform. These techniques 
stress more on creating true replica of audio, thereby would 
require larger bandwidth. In telephonic transmissions 
human speech frequencies upto 4 kHz are to be transferred, 
this would mean a sampling rate of 8 kHz as per Nyquist 
theorem. If one signal level is represented using 8 bits 
it give rise to 64 kbps signal for exact transmission of 
speech.

B. Second category of speech compression techniques 
includes algorithms which try to model the human vocal 
system and thereby approximate the speech. These 
techniques would require lesser bandwidth for voice 
transmission.  These speech compression techniques 
are based on the principle that shape of human vocal 
tract with excitation changes slowly; it remains in a given 
state i.e. stationary, for atleast 20ms of time. This means 
20ms frames can be reconstructed in a single step thereby 
reducing total signal size from 64 kbps. These systems 
would require lesser bandwidth. The choice of a particular 
codec depends upon the media and data transfer rate. 

C. In third category those algorithms which employ a 
combination of above two techniques are included.

Due to their inherent limitations, mobile ad-hoc network cannot 
employ the first category techniques rather those voice coding 
techniques which exploit the limitations of human vocal system 
to produce lesser data are to be used. Some common speech 
compression standards endorsed by ITU are: 

1. G .711 Codec
This is one of the most used telecommunication system codec 
producing output at 64 kbps. G.711 codec is based on Pulse 
Code Modulation (PCM) speech compression technique taking 
samples at 8000 samples per second. Major advantage offered 
by G .711 codec is it's lesser processor requirements. Major 
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drawback of G .711 codec is high bandwidth requirements, as 
it would require 128 kbps for full duplex communications.

2. G .722 Codec
G .722 codec can produce coded voice at the rates of 48, 56 
and 64 kbps respectively. In this codec speech is sampled at 
a rate of 16 KHz. This codec is able to produce high quality 
speech output and is best suited for VoIP applications in LAN 
environment where available bandwidth is quite good.

3. G .726 Codec
This codec is based on Adaptive Differential Pulse Code 
Modulation (ADPCM) technique producing speech output at 
16, 24, 32 and 40 kbps as per user requirements. This codec 
is used in international trunks as it works at half the bandwidth 
required for G .711 codec. 

4. G .729 Codec
G .729 codec [27] is the de-facto standard for VoIP environment 
where available bandwidth is small compared to traffic. G 
.729 uses Conjugate Structure Algebraic Code Excited Linear 
Prediction (CS-ACELP) algorithm to generate digital voice at 
8 kbps. This speech compression technique is based on one 
of the most widely used algorithm in Code Excited Linear 
Prediction (CELP) which is an improvement over the Linear 
Prediction Compression (LPC) technique for production of low 
bit rate coded voice signals.  Basic principle behind production 
of low rate voice output in this algorithm is the fact that the 
sound produced by human speech system can been classified 
into three categories viz. voiced sounds, unvoiced sounds and 
plosive sounds and this codec is able to distinguish various 
sounds from a give input, thereby modeling only first category 
of sound i.e. voiced sounds. Unvoiced sounds as modeled as 
noise. 
International Telecommunication Union has adopted G .729 
codec for lowest bit rate standard. In G .729 voice conversations 
are input as 10ms frames, in response codec generates 10B 
digital compressed frame. Codec takes 5ms look ahead thereby 
causing an overall delay of 15ms. This codec supports both 
half and full duplex modes of communications. As already 
mentioned, in G.729 whole of the audio is not synthesized rather 
human vocal system is tried to be modeled for approximation 
of speech devoid of other audio types. Basic mechanism of G 
.729 is given next:
To start with in Linear Predictive coding algorithm human vocal 
system is modeled through a series of acoustic tubes placed 
in series. When some speech is input into it, it tries to guess 
parameters of vocal tract filter. Afterwards the inverse of filter 
is applied to input speech giving rise to residue signal. After 
analyzing this residue signal original speech can be easily and 
accurately modeled. Further modification to the algorithm of 
Linear Predictive Coding comes in form of Code Excited Linear 
Prediction where variety of sample excitation signals are stored 
in form of codes and input speech is modeled by performing 
an exhaustive search of a code that produces minimum error. 
Finally the CS-ACELP algorithm, on which G .729 is based, does 
not sends any signal when there is no speech thereby reducing 
bandwidth requirement.  In ACELP (Algebraic Code Excited 
Linear Prediction) every entry in codebook is represented as 
algebraic expression rather than a numeric value. G .729 codec 
is very beneficiary for transfer of voice conversations but for 
high quality audio and other telephony application it cannot 
be used efficiently. The conversion algorithm behind G .729 is 
complex, but this is ignored as the quality of voice compression 

provided by this algorithm is unmatched for low bandwidth 
environment. Overall one could say that use of G.729 codec 
represents of voice quality for the sake of saving precious 
medium bandwidth.

V. Packet Telephony Traffic Modeling
Overall problem of packet telephony in a mobile ad-hoc network 
to be modeled can be explained as:
Let us imagine a mobile ad-hoc network covering a rectangular 
area in which all nodes are capable of random movement [28] 
within the given speed range. Each node can act as potential 
router. At a given time a number of nodes may be engaged into 
telephonic conversations within the network. The system will 
be modeled based on following assumptions:
A. Mobile ad-hoc network consists of ‘n’ mobile nodes.
B. At a given time more than one telephonic conversation, 

upto a max represented with ‘c’, may be present in the 
network.

C. The communication happens in full duplex mode with 
telephonic conversations in both directions i.e. caller to 
callee & vice-versa assumed to be consuming half the call 
holding time.

D. The voice of telephonic conversations is compressed using 
G .729 codec, as explained above, before transmitting in 
form of IP packets.

E. For every node call arrival time is chosen randomly using 
exponential distribution.

1. Call holding time of each involved node is represented by a 
random number calculated through Pareto distribution.

2. Talkspurt are calculated using Pareto distribution.
3. Silence period are modeled as Pareto distribution.

The detailed algorithm to implement above system is given 
below:

Algorithm PacketTelephony
{
 // modeling a mobile ad-hoc network that can support 
a max of 'max_con' calls identified with Connection(i).
 // Step 1: Clear all calls
 
 for i:= 1 to max_con do
 {
  soucr[i]:=NULL;
  dest[i]:=NULL;
 }

 time:=0
 for i := 1 to max_con do Connection[i] := "VACANT";
 
 for i:= 1 to max_node do
 {
 busy[i]:=FALSE;
 }

 while (time < sim_time) do
 {
  i:=1;
  while(Connection[i] != "VACANT" AND i<=max_
con) i++;
  if (i := max_con + 1) then continue;
  
  // Create new call arrival time using 
exponential distribution
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  inter_ar_time=expo_random(iat_range);
  time=time + inter_ar_time;

  // Create a random call source node
  repeat
   s:=rand(node_range);
  until( busy[s] := FALSE);
  sourc[i]=s;

  // Create a random call destination node
  repeat
   d:=rand(node_range);
  until(busy[d] := FALSE);
dest[i]=d;
// Set up initial call parameters Find call holdtime using pareto 
distribution over call range.
  stime[i]:=time;
  etime[i]:=time + pareto_random(holdtime_
range);
  t:=etime[i]-stime[i];
  Connection[con]:="BUSY";
// Create two traffic in rverse directions from source to 
destination & destination to source for period of half the call 
hold time
  create_pareto_traffic(s,d,time,t/2);
  create_pareto_traffic(d,s,time+t/2,t/2);
 }
}

//Cerate or use existing data structure for implementation of 
pareto connection between source and destination
ParetoTraffic = record
 {
 float rate;
 integer packetSize ;
 integer burstTime ;
 integer idleTime;
 }

Algorithm create_pareto_traffic(source,destination,start
_time,duration)
{ ParetoTraffic par_con;
 // calculate talkspurt and silence periods using pareto 
distribution
 talkspurt:=pareto_random(duration)
 // No need to transfer data for silence period.
 silence:=duration-talkspurt
 par_con.rate:=8000;  //8kbps 
 par_con.packetSize:=20
 par_con.burstTime:= talkspurt;
 par_con.idleTime:=silence;
 // Create VoIP connection with above settings
 VoIP(source,destination,start_time,par_con);
}.

V. Observation
The authors implemented the above algorithm in Network 
Simulator (ns2) running over Fedora14 operating system. The 
resultant trace files were then analyzed using NAM. The screen 
shot of NAM trace is presented in Fig..

Fig. 2: NAM Trace output

VI. Conclusions
Implementation of Quality of Service based applications over 
a mobile ad-hoc network has been a popular research area for 
computer science fraternity. One such application is successful 
implementation of packet telephony over a mobile ad-hoc 
network. Performance of mobile ad-hoc network carrying packet 
telephony is constrained with some quality of service parameters 
like end to end delay, packet delivery rate, jitter, throughput etc. 
To authenticate his idea one need to test them either in real 
time environment or simulated environment. Authors felt a need 
to propose an algorithm for generation of traffic for mobile ad-
hoc networks carrying packet telephony. The data can be then 
used to test various proposals in term of network architecture 
or new network protocols etc for supporting packet telephony. 
In this work authors first of all presented a detailed view on the 
packet telephony in mobile ad-hoc networks. Then an algorithm 
is presented for the generation of traffic for simulating packet 
telephony in mobile ad-hoc network.   
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