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ABSTRACT

In telecommunication, traditionally telephone networks uses
basic concept called circuit switching for doing
communication between sender and receiver such as Public
Switched Telephone Network (PSTN). Nowadays this type of
switching is being replaced by packet switching where the
transmission of data is done in packets and networks based on
this are referred to as connectionless networks. Voice over
Internet Protocol (VOIP) is an emerging technology which is
based on packet switching and is going to be used for the
transmission of voice and multimedia over the Internet
Protocol (IP) based network, especially the Internet. Another
is WIMAX Technology which is also an upcoming wireless
technology that provides us high speed mobile data and
telecommunication services. These technologies are in use to
replace the traditional telephone networks i.e., Public
Switched Telephone Network (PSTN). In this paper
performance of such networks which uses VOIP technology is
investigated and for which OPNET 14.5 Simulator is chosen
as the platform. OPNET Simulator provides simulated real-
life environment, in order to study the performance of the next
generation networks. The parameters used to evaluate the
performance of the networks are jitter and end to end delay.
Finally based on the simulations best VOIP codec is also
found out.
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1. INTRODUCTION

A Telecommunication protocol such as Worldwide
Interoperability for Microwave Access (WiMAX) provides
wireless Internet access for fixed and mobile nodes. It is based
on IEEE 802.16 wireless Metropolitan Area Network standard
and has been deployed extensively in recent years to solve the
problems associated with point-to-multipoint broadband
outdoor wireless networks [1]. There are two types of Wimax
which are used for different applications and the
implementation of each has been optimized to suit particular
application. Voice over IP over Wimax, is the best application
in IEEE 802.16e which aims at providing multimedia
Application services [2], [3]. As NGN networks are all-IP
networks, voice service over NGN are implemented as Voice
over IP (VolP). The data rate generated by VolIP codecs
differs from one codec to another as there is a tradeoff
between the voice quality, generated date rate and complexity
of codec [4]. In this paper the performance of VoIP QOS in
NGN networks like WIMAX will be investigated, by using
some VolP codec according to standard of International
Telecommunication Union (ITU). The rest of this paper is
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organized as follows. Section Il describes the QOS in IEEE
806, VoIP and VolP codecs. Section Il provides the model
design and configuration networks. Results are given in
Section IV. Finally, section V concludes the paper.

2. LITERATURE REVIEW
In this section description of VOIP, VOIP codecs and QOS
parameters are discussed.

2.1 Quality of Service (QOS) in NGN

Networks

Quality of Service (QOS) is what determines if a wireless
technology can successfully deliver high value services such
as voice and video. To support the different types of traffic
with their various requirements IEEE 802.16 defines five
QOS service classes: Unsolicited Grant Scheme (UGS),
Extended Real Time Polling Service (ertPS), and Real Time
Polling Service (rtPS), Non Real Time Polling Service (nrtPS)
and Best Effort Service (BE). Fixed WiMAX offers 4
categories for the prioritization of traffic and mobile WiMAX
has 5 categories. These categories are given in Table 1.

Table 1: QOS Service Classes

Service Applications S ec%cc)astions
Class p
- Jitter tolerance
Unsolicited )
- Maximum
Grant Service VolP latency tolerance

(UGS) - Maximum
sustained rate

- Traffic priority

- Maximum
latency tolerance
Real-time Packet Streaming y
Services (RTPS) Audio/Video - Maximum

reserved rate

- Maximum
sustained rate

Extended real time
Packet Services
(ERTPS)

VolIP (VolP with
Activity
Detection)

- Traffic priority
- Jitter tolerance

- Maximum
latency tolerance

- Maximum
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reserved rate kHz, the 10 ms frame contains 80 audio samples. The
. codec algorithm encodes each frame to 10 bytes, so the
. Ma_mmum resulting bitrate is 8 Kbit/s for one direction. Next one is
sustained rate G.723 which is a result of a competition that ITU
Non-real - Traffic priority announced with the aim to design a codec that would
time ] allow calls over 28.8 and 33 Kbit/s modem links.
Packet FTP - Maximum Because of that, we have two variants of G.723. They
Services reserved rate both operate on audio frames of 30 milliseconds (i.e. 240
(NRTPS) - Maximum samples), but the algorithms differ. The bitrate of the first
sustained rate variant is 6.4 Kbit/s and the second variant is 5.3 Kbit/s.
The encoded frames for the two variants are 24 and 20
bytes long, respectively. G.723 is a licensed codec.
Best Effort (BE) Data transfer “Traffic priority Comparisons of the three codecs on various parameters are
- given in Table 2.
web browsing - Maximum
sustained rate Table 2. VolP codecs characteristics
Codec Bit Packets Palciet
CODEC | Algorithm | Delay | Rate Per Si
ize
2.2 Voice Over IP (me) | (Op) | Second | (oytes)
Voice is analog in nature and is converted into the digital G.711 PCM 0.375 64 100 120
format before transmitting it over Internet. This process is
called encoding and the reverse is called decoding. Both the G.729 ACELP 35 8 100 S0
tasks are performed by voice codecs [5]. As bandwidth
utilization is becoming a great concern, voice compression G.723 | CS-ACELP | 975 53 33 60
techniques are used in practice to reduce the bandwidth

consumption. VolP, or Voice over Internet Protocol, is a
method for taking analog audio signals and turning them into
digital data that can be transmitted over the Internet. VolP
uses a combination of protocols for delivering the phone data
over networks. Various signaling protocols are used, SIP and
H.323 can be regarded as the enabler protocols for voice over
IP (VolIP) services [6]. VolP communications require these
signaling systems to setup, control, initiate a session and
facilitate real-time data transfer in order to provide clear
communications [7].

2.3 VoIP Codecs

The CODEC (Coder/Decoder) is the component in an IP
phone that digitizes the voice and converts it back into an
analog stream of speech. The CODEC is the analog-to-digital
and digital-to-analog converter. The CODEC may also
perform the voice compression and decompression. There are
several voice digitization standards and from that some
proprietary techniques are in use for VolP transmission. Here
some generally used codecs are discussed.

e (G.711 is a codec that was introduced by ITU in 1972 for
use in digital telephony, i.e. in ISDN, T.1 and E.1 links.
The codec has two variants: A-Law and u-Law. A-Law is
being used in Europe and in international telephone links,
u-Law is used in the U.S.A. and Japan. G.711 uses a
logarithmic compression. It squeezes each 16-bit sample
to 8 bits, thus it achieves a compression ratio of 1:2. The
resulting bitrate is 64 Kbit/s for one direction, so a call
consumes 128 Kbit/s (plus some overhead for packet
headers). This is quite a lot when compared with other
codecs. This codec can be used freely in VolP
applications as there are no licensing fees for it.

e Second one is G.729. It is a codec that has low
bandwidth requirements but provides good audio quality
(MOS = 4.0). MOS means Mean Opinion Score. The
codec encodes audio in frames, each frame is 10
milliseconds long. Given the sampling frequency of 8

3. SIMULATION MODEL

Simulations are performed by using OPNET Simulator
version 14.5. Three designs are considered with varying
subscriber stations. These designs are shown in Figure 1, 2, 3.

Mobile 1 10

.,( & -
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Mobile_1_ g

Mobile 1
Mobile_1_24

Figure 2. Design 2 with 50 Subscriber Stations
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Figure 3. Design 3 with 90 Subscriber Stations

Every design consists of one cell and IP backbone, and cell
radius is set to 1 km. Subscriber node transmission power is
set to 0,5 W. base station transmission power is set to be 5 W.
The path loss and multipath model are set to free space. For
the Design 1 Base station has 12 Nodes (Figure 1). Design 2
Base station with 50 nodes (Figure 2) and Design 3 Base
station has 90 nodes (Figure 3).The parameter of base station
and subscriber station can be seen in Table 3 and Table 4.

Table 3. Base Station Parameters

Ant(ednEr;ia) Gain 15 dBi
Mo e
Channel Quality averaging 8/16
parameter
Number of Transmitters SISO
Maximum Transmission 02
Power (W) '
Phy Profile Wireless OFDM 20 MHz
PHY profile Type OFDM

Table 4 .Subscriber Station Parameters

Antenna Gain (dBi) -1 dBi
Maximum Transmission 02
Power (W) '
. Wireless OFDM 20
Phy Profile MHz
PHY profile Type OFDM
Multipath Channel ITU Vehicular A
Model
Path IOSS MOdel Free Space
Terrain Type

(Suburban Fixed) Terrain Type A

Ranging Power Step 0,25
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(mW)
Contention Ranging Retries 32
Piggyback BW Request Enable
CQICH Period 3
Contention Based 32
Reservation Timeout
Request Retries 32
Multipath Channel ITU Vehicular A
Model
Path loss Model Free Space
Terrain Type Terrain Type A
(Suburban Fixed)
Ranging Power Step 0,25
(mW)
Contention Ranging Retries 32
Piggyback BW Request Enable
CQICH Period 3
Contention Based 32

Reservation Timeout

Request Retries 32

4. SIMULATION RESULTS AND

ANALYSIS

For Design 1:

Figure 4 shows comparative results of design 1 with 12
subscriber station in 1 base station. Figure 4 shows
comparative result of jitter for codecs that are used in this
experiment. It can be seen that the G.723 codec scheme has
large value of jitter variation of -4,70E-06. The negative value
of jitter means that the time difference between the packets at
destination is less than that source. Figure 5 shows
comparison for packet End to End delay. The result G.723
codec have highest voice packet delay averaging around 116,9
ms, and the lowest voice packet is G.711 codec averaging
around 76,9 ms. In Figure 6 show comparative results for
throughput of all codecs. G.711 codec has the highest
throughput as a result of highest packet size with expected
value 863,2 packet/sec. The G.723 codec has the lowest
throughput.
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Figure 4. Results for Jitter variation for 12 Subscriber
Stations
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Figure 6. Results for Throughput for 12 Subscriber
Stations

Comparative Results of Design 1 are given in Table 5.

Table 5 — Comparison of codecs for 12 Subscriber Stations

QOs G.729 G.723 G.711
Jitter 200806 | -470e-06 | L4OE06
Packet End to End
Delay 0,0759 0,1169 0,0769
Throughput
865,1411 2770950 1 gg32
For Design 2:

Figure 7 shows comparative result for design 2 in the
experiment with 50 subscriber station for all codecs. When 50
SS result average jitter for G. 723 bigger than others (codec),
and expected value G.723 expected value -6,24E-06 sec
(Figure 7). Figure 8 shows comparative packet End to End
delay. It is seen from the graph that the package End to End
delay is very high in the case of G.723 and the expected value
of 0,1173 seconds. G.711 codec has the lowest among the
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three codecs with the expected value 0,0768 sec. In Figure 9
shows comparative result throughput. G.729 codec has the
highest throughput as a result of highest packet size with
expected value 2116,327 packet/sec.
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Figure 7 Results for Jitter Variations with 50 Subscriber
Stations
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Figure 8 Results for End to End Delay with 50
Subscriber Stations
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Figure 9 Results for Throughput with 50 Subscriber

Stations

Comparative Results for Design 2 are shown in Table 6
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Table 6 — Comparison of Codecs for 50 Subscriber

Stations
QOS G.729 G.723 G711
Jitter 4,88E-06 | -6,24E-06 'S’SSE'
Packet End to 0,0780 0,1173 0,0768
End Delay
Throughput 2116,3278 709,8778 2125
For Design 3

Figure 10 shows comparative results for design 3 in this
experiment with 90 subscriber station. Result average jitter for
G. 711 codec for this design lower than other codecs (Figure.
10). For End to End Delay in this design G.729 Codec lowest
with expected value 0,082271 sec then another codec (Figure
11) and comparison result for throughput gives G.729 codec
highest with expected value 4545,1822. package/sec (Figure
12).

1o O3 2n O3 = 0=

Figure 10. Results for Jitter Variations with 90 Subscriber
Stations

sversps (N Vocs Packet Erato-Srd Deday (==c))
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Figure 11. Results for End to End Delay with 90
Subscriber Stations
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Figure 12. Results for Throughput with 90 Subscriber
Stations

Comparative Results for Design 3 for various codecs are
shown in Table 7.

Table 7— Comparison of Codecs for 90 Subscriber Stations

QOs G.729 G.723 Gl
Jitter -1,66E-05 | -6,39E-06 1,36E-04
Packet End to 0,0823 0,1205 0,3527
End Delay
Throughput 45451822 | 1672,1744 | 4065,5147

5. CONCLUSIONS

Next Generation Networks such as WIMAX allows for more
efficient bandwidth use, interference avoidance, and is
intended to allow higher data rates over longer distances.
Voice over Internet Protocol (VolP) technology facilitates
packet based IP networks to carry digitized voice, it uses
internet protocol for transmission of voice as packets over IP
networks. In this paper Simulations were conducted to
evaluate performance of VOIP over NGN networks. For this
purpose Simulator OPNET 14.5 have been used as the
simulation platform. The parameters in this simulation which
are evaluated are jitter, packet end to end delay and
Throughput. Three voice codecs G.711, G.723 and G.729 are
compared as the parameters of this experiment. Comparative
results between the three designs in this experiment give a
performance evaluation of VOIP over NGN networks.
Simulation results shows that the performance of the G.711
codec is better than other codecs if seen from throughput
value of which is derived. The greater the number of
subscriber station, the greater the value of throughput for the
G.711 codec. Thus G.711 codec can be considered as best
codec. As a future work, one can take more number of QOS
parameters with varying subscriber stations and simulate them
to find other best possible codecs for different network
applications.
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