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ABSTRACT: This study adopted a simulation based network performance analysis to investigate the effects of the application of different voice encoder 
schemes on QoS of VoIP system ,deployed with UMTS network Through different network simulation experiments using realistic network scenarios in 
OPNET environment, the results indicated that the choice of suitable voice encoder scheme with a small number of voice frame size per packet have a 
significant impact over VoIP traffic performance when deployed with UMTS access technology the VoIP over UMTS network model   has been 
developed, where a VoIP server development  is connected in the UMTS  model  the QoS factors will be controlled and  managed to  ensure good 
quality in  VoIP call , the  design of layered coding  and multiple description coding is employed to address the bandwidth f luctuations and packet loss 
problems in the wireless network and to further enhance the error resilience,  this research provided an in depth network performance comparative 
analysis of VoIP over UMTS using performance parameters which indicate QoS such as end to end  packet loss ,throughput ,end to end delay ,uplink 
traffic sent ,uplink traffic received voice ,downlink traffic sent ,downlink traffic received, voice packet delay, average in voice packet end to end delay by 
using the GSM ,G729A CODEC in frames (20, 30 ms). The obtained simulation experiment results indicated that choice of suitable codec scheme can 
affect the QoS of VoIP traffic over UMTS network. 
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1 INTRODUCTION 

With the evolution of mobile networks and popularity of smart 
phones, more and more applications having Quality of Service 
requirements are coming up, mobile data services are pene-
trating mobile markets rapidly. The mobile industry relies heav-
ily on data service to replace the traditional voice services with 
the evolution of the wireless technology and market. A reliable 
packet service network is critical to the mobile operators to 
maintain their core competence in data service market. Fur-
thermore, mobile operators need to develop effective opera-
tional models to manage the varying mix of voice, data and 
video traffic on a single network. Application of statistical mod-
els could prove to be an effective approach each application 
requires different level of QoS according to the service. QoS is 
essential to maintain and provide better service for the users. 
Some applications are delay sensitive and some are not. 
Based on the sensitivity, the applications in UMTS network are 
categorized into different classes. The UMTS QoS require-
ments for some applications are mentioned in table 1 
[1].UMTS (Universal Mobile Telecommunications Systems) 
and third generation (3G) telecommunication systems offer a 
wide range of Services to the users. one of the biggest chal-
lenges with the fast growth of multimedia applications over 
Internet is to maintain Quality of Service (QoS), meaning that 
the service through Internet should be guaranteed. Different 
methods are suggested to maintain QoS, even though it is not 
always possible to guarantee the quality of all requirements. 
Basically, the QoS requirements are translated into some spe-
cific variables that define the performance experienced by us-
ers. Thus, different QoS parameters are assigned to each user 
depending on the application data it carries, enabling therefore 
differentiation among them. To this purpose, different classes 
of QoS services have been defined by means of QoS Class 
Identifiers (QCIs), which are scalar values used as a reference 
for driving specific packet forwarding behaviors [2]. Each QCI 
is characterized by a resource type (Guaranteed Bit Rate 
(GBR) or non-GBR), a priority level, the maximum permitted 
packet delay as well as the acceptable packet loss rate., since 
most traffic flows in the downlink (DL) side of the communica-

tion, this investigation is made to improve the performance on 
this link.  
 

1.1 Problem statement 
In Universal Mobile Telephone System (UMTS) there is some 
important parameters affect the system performance which 
leads the system to suffer degradation in quality of service 
(QoS(. In this paper will focus on the study and the perfor-
mance measurement for parameters affect on QoS specifica-
tions. Furthermore, In order to manage the resources and to 
handle the traffic properly in the network, to improve the over-
all network quality as experienced by the mobile subscribers 
and to ensure that the network resources are efficiently uti-
lized. This includes performance measurements, analysis of 
measurement results and updates of the network configuration 
and parameters QoS implementation is necessary to provide 
better service as well as to fulfill the users expectations, mo-
bile operators need to develop effective operational models to 
manage the varying mix of voice, data on a single network. 
Application of simulation models could prove to be an effective 
approach 
 

1.2 objectives 
The aim of this thesis work is to improving the QoS in UMTS 
(3G) network to be capable of satisfying the increasing data 
traffic and performance, evaluate the existing QoS perfor-
mance of voice call in the UMTS network based on some im-
portant performance metrics such as packet loss, delay, 
queuing delay throughput, uplink and downlink traffic and av-
erage end to end delay in  voice packet  
 

1.3 Research Methodology 
we have used OPNET Modeler, In our simulation, we have 
designed different scenarios for voice conference and meas-
ure the performance of some parameters such as throughput, 
jitter, packet loss, queuing delay  and average end to end de-
lay  in voice packet  according to the CODECs G729A and 
GSM, CODEC and uplink and downlink traffic, as well as meet 
the goal to analysis the quality voice in 3G/UMTS wireless 
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networks. Then we will evaluate the results improving the QoS 
to support in 3G network for successful transmission. 

 
1.4 Related Work 
There has been quite a lot of research done in the past, involv-
ing the quality of VoIP in 3G system and evaluated the perfor-
mance analysis and QoS. Several techniques that are be-
lieved to bring improvements in VoIP quality have been pro-
posed and techniques of how  to control call and data conges-
tion due to QoS factors. To initiate a VoIP call, at least, signal-
ing protocols, that include, Session Initiation Protocol (SIP), 
H.323, H.248 (MEGACO) and MGCP [3] are required. SIP is 
defined in [4, 5]. In VoIP technology, a codec is essential for 
encoding and decoding speech. There are many types of co-
dec's  that can be used for this function. [6] proposed packet 
loss reduction to VoIP by means of AMR codec speech, whe-
reby AMR codec maintains the toll quality of speech signals. 
According to [7], an AMR codec is a compulsory codec for 
conversational speech services within 3G systems. AMR co-
dec consists of eight bit-rates which range from 4.5 kbps to 
12.2 kbps and it is able to switch its bit-rate every 20 ms of 
speech frame depending on channel and network conditions 
[8].  [7] proposed an end-to-end quality of service analysis in 
VoIP over 3G networks, whereby they checked if jitter in 3G 
networks have a negative effect on the end-user voice quality. 
According to [1], an E-model technique evaluates the quality of 
VoIP in wireless networks. This E-model technique accepts a 
wide range of telephone damages into consideration, like 
damages due to low-bit rate coding, one-way delay, echo and 
noise [9]. In [10] QoS in VoIP over 3G network and Pricing 
Strategy , guaranteeing end-to-end quality to a VoIP call over 
UMTS network is proposed, whereby the VoIP application pa-
rameters (voice codec, packet size and de-jittering delay), and 
UMTS air interface parameters (coding rate and interleaving 
span) are used. To ensure the quality of the VoIP call, the de-
lay and the loss of voice packet over the air interface need a 
thorough control mechanism. A methodology to set VoIP appli-
cation parameters and UMTS Fezeka J. Mkhetshana, Karim 
Djouani and Guillaume Noel  French South African Institute of 
Technology (F’SATI) Department of Electrical Engineering 
Tshwane University of Technology, P. O. Box 680, Pretoria 
0001  Tel: +27 12 3824809, Fax: +27 12 3825294  Email: fe-
zekam6@gmail.com, {djouanik, NoelG}@tut.ac.za  air inter-
face parameters, so that the quality of VoIP calls within a 
UMTS party is ensured, was developed in [11]. Failure to fu-
ture network upgrades can be due to non-profit to internet pro-
viders. Therefore, this may cause poor internet services that 
lead dissatisfaction to end-users. Pricing strategy is another 
tool used in real-time application to ensure QoS. The dynamic 
pricing that maximizes revenue while satisfying blocking rate 
target has been developed in [12], whereby a calculus of varia-
tions and Lagran gian mechanism to solve the carried load 
problem is utilized. This carried load may be the result of 
packet delay on the network. In [13], a packet-marking based 
pricing scheme is proposed. This scheme is for networks with 
multiple service providers. 
 

2 . voip and codecs and protocols 

 

2.1 VOIP 
The demand for mobile and broadband services is rising day 
by day. The last decade has seen the ever-increasing VoIP 
users with the demand of reliable and quality services. VoIP is 

an emerging technology for voice communication used these 
days. The services are not only being used for long distance 
calls but also for the short distant communications. The devic-
es like IP phones and the VoIP enabled desktop systems are 
cost effective and also provide some new features to the us-
ers. Keeping in mind the demand of the users, the operators 
are forced to improve the quality of communication. This can 
be achieved by increasing the bandwidth and making the IP 
backhaul that fulfills the demand of the users at lower cost 
providing better QoS[14]. 
 

2.2 VoIP Codec's  
Codec is a coder/decoder which converts the audio signal to 
digitized version for transmission over the medium and then 
back into the original uncompressed version on the receiver 
side. This concept is the base of VoIP services. There are a 
number of codec used for VoIP communication each having its 
own bandwidth and characteristics. The codecs which are 
used in this research work are The CODECs G729A and 
GSM. CODEC uses different algorithms to compress and de-
compress the voice stream and each CODEC will contribute a 
processing delay to the overall end-to-end delay [14]. The 
popular CODECs are used in the Table 2 below. 
 

2.3 VoIP Protocols 
In a typical VoIP system, the voice stream is digitalized into 
voice frames. The voice frames are encapsulated and trans-
mitted in RTP packets which are managed using RTCP which 
provides stream control and statistical information [15].  Sig-
naling protocols have been introduced to provide overall man-
agement of VoIP calls. In the recent years, the Session Initia-
tion Protocol (SIP) [16] has become very popular and is play-
ing a major role in advancing VoIP. 
 

3.  NETWORK MODELS: 
The tool used for simulations is OPNET Modeler as it provides 
the results very closer to the real time environment. The mod-
els were created by selecting the nodes and links from the 
object palette such that to reduce the losses and impairments 
effect 
 

 
 

Fig 1: Simulation Environment 
 
The above network elements have been used to create the 
scenario .the UE, Node B, RNC, SGSN and GGSN form a 
simple UMTS network which is connected to the Internet via 
the GGSN. A workstation and a SIP server are connected to 
the Internet using a router. The SIP Server is used as a signal-
ing server to establish VoIP calls between the UE and the 
workstation, conversational class has been used. To evaluate 
the performance of the QoS, we import IP QoS attribute to 
implement QoS  in the network. Under the QoS, different types 
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of queuing mechanisms are available. For our simulation, we 
test queuing scheme and as a result, we use this queuing me-
chanism in our simulation to obtain better performance, we 
used Differentiated Services Code Point (DSCP) for the differ-
ent types of applications such as voice DSCP is used to mark 
the packets for classifying and forward these packets on the 
basis of Per Hop Behavior (PHB) that are associated with dif-
ferent traffic classes. PHB supports two types of forwarding 
scheme which are Expedited Forwarding (EF) and Assured 
Forwarding (AF), these are called Differentiated Service Code 
Point (DSCP).  The scenario with QoS is depicted in figure [1]. 
We design simulation model to evaluate the performance of 
network and   QoS for voice transmission in UMTS network. 
  

3.2   Simulation Setup 
In carrying out the network performance evaluation of voice 
over IP using UMTS network, we designed and simulated 
close to real life network scenarios to investigate the critical 
parameter that affect of overall performance in UMTS network, 
QoS of VoIP real time in a UMTS network using OPNET mod-
eler network simulator. The simulation only considered VoIP 
supported services and applications. We used a server back-
bone with one voice server. In this simulation setup, we per-
formed the following experiments:  Experiment 1: here we 
used scenario 1 simulation to study the performance and QoS 
parameters over UMTS network which leads the system to 
suffer degradation in quality of service (QoS) used in scena-
rio1 Experiment 2: here we used scenario 2 simulation to 
study the effect of different CODEC on VoIP services over 
UMTS networks. The encoder schemes used for the investiga-
tion include G.729 codec , GSM codec  with voice frame size 
used per packet set to (20,30 ms) and simulations have been 
done using the hybrid network. The G.729 and GSM frame 
CODEC with a 20 ms frame size has been configured and 
used with a varied number of voice call frames in each VoIP 
packet 
 

3.1 Simulation Result 
This section contains the simulation result for scenario that is 
described below. 
 
 

 
 

Fig 2: End to end packet loss 
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Fig 3: Throughput 
 

 
 

Fig 4: End to End Delay 
 

 
 

Fig 5: Queuing delay 
 

 
 

Fig 6: Uplink traffic sent 

 
 

Fig 7: Uplink traffic received 
 

 
 

Fig 8: Downlink traffic received 
 

 
 

Fig 9: Downlink traffic sent 
 

 
 

Fig 10: Average in (voice packet end to end delay) by using 
the G729A CODEC in frames (20, 30 ms) 
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Fig 11: average in (voice end to end delay for G.729 CODEC 

with multiple 20ms frame size) 
 

 
 

Fig 12: Average in (voice packet end to end delay) by using 
the GSM CODEC in frames (20, 30 ms) 

 

 
 

Fig 13: average in (voice end to end delay for GSM CODEC 
with multiple 20ms frame size) 

 

 
 
Fig 14: Utilization 
 
 

Tables: 
 

 
 

Table [1]: UMTS QoS requirement [1] 
 

 
Table [2]: Characteristics of VoIP CODECS [14] 

 

4.   ANALYSIS 

In this section the simulation results will be presented and dis-
cussed. Simulation results are displayed.  Fig 2 shows the 
packet loss value , Packet loss does large damage to the  sig-
nal, as resending  cannot be taken  as an option while trans-

ferring  voice. . we utilized the Advanced error detection and 
correction algorithms to fill the blank  done  by the fallen pack-
ets. A voice is warehoused  and is utilized  to do a new voice  
from an algorithm which endeavor to thereabout  the contents 
of the damage packets or lost packets and according to result 
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in fig 2 the simulation gives best result Figures  [3,4,5,6,7,8and 
9 ] evaluating the capability of wireless networks for VoIP 
transmissions, since they provide measures for the impact of 
the network on the perceived speech quality, the  QoS factors 
will be controlled and  managed to  ensure good quality VoIP 
call , the  design of layered coding  and multiple description 
coding is employed to address the bandwidth fluctuations and 
packet loss problems in the wireless network and to further 
enhance the error resilience, Figure 10 and Figure 12 show 
GMS and G.729A CODEC get less end to end delay when 
they are using 20ms frame sizes than 30 ms frame sizes. The 
actual end to end delay time is very close. Both CODECs are 
getting about 150ms end to end delay for a 20 ms frame size 
and 158ms end-to-end delay for a 30 ms frame size. The re-
sults shown in Figure 10 and Figure 12 are acceptable for 
VoIP calls. Figures 11 shows the results for GSM CODEC with 
Six simulations have using the hybrid network with a 20 ms 
frame size has been configured and used with a varied num-
ber of voice call frames in each VoIP packet. As shown in Fig-
ures 11 increasing the number of voice call frames per VoIP 
packet will increase the end to end delay. The 20 ms frame 
size still performs better than other length frame sizes with 
about 150 ms end to end delay and with a varied number of 
voice call frames in each VoIP packet about 365 as maximum 
value and 150 as minimum value. In Figure 13 show similar 
results were found for the G.729A CODEC. The simulations 
carried out were to identify if changes in the number of voice 
packets and CODECs affected the performance overall. Re-
search have confirm that packet delay of 150ms doesn't do 
any problem, but if the delay grow up  to 150ms the voice sig-
nal is damage . The service providers have to guarantee that 
the delay happen is equal or less than 150ms.Fig 14 shows 
utilization. 
 

5. CONCLUSION 

From simulation, we observe that the voice quality of service in 
3G/UMTS networks is influenced by several factors such as 
delay, throughput and packet loss. Packet loss and delay are 
the key parameters to measure the performance of QoS voice 
transmission in the Network, we have observed that the pack-
et loss and delay can occur due to several reasons. One rea-
son is large frame size and another is network congestion. 
The frame size should be properly sized for proper voice 
transmission.On the basis of results attained on simulation 
model, results showed that In UMTS network the best VoIP 
quality is given while using GSM voice calls with 20 ms frame 
sizes achieved better end to end delay results than voice calls 
with 30 ms frame sizes and much better results than for the 
other frame sizes. In this section voice calls with a 20 ms 
frame size will be used to investigate the relationship between 
end to end delay and voice call frames per packet, the  design 
of layered coding  and multiple description coding is employed 
to address the bandwidth fluctuations and packet loss prob-
lems in the wireless network and to further enhance the error 
resilience, Packet losses affect the quality of received voice 
data, We have selected these delays as metrics to measure 
the performance of voice quality of service. Throughput is 
another important parameter to measure the data rates of 
communication in the network. In our case, we choose 
throughput to measure the data rates for voice transmission in 
3G/UMTS network, overall the results showed that as more 
voice call frames are added to each VoIP packet the end to 
end delay will increase. The obtained results suggest that 

such an approach could enhance the native UMTS QoS 
. 
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