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Abstract - Fixed Virtual Network Operator (FVNO) is an association that supplies fixed line services with dispensing of its existing 
network infrastructure. The FVNO will share the same wireless network infrastructure that already exists to be able to provide its 
own fixed line services. From the end-user point of view, there is no any difference between the traditional fixed line service and 
FVNO. The essential difference is how the user delivers the service. In FVNO, a wireless network is used to get a fixed line service, 
in contrast to a traditional fixed line provider that uses physical cable needs for the customer's premises. FVNO is mainly based on 
IP Multimedia Subsystem (IMS) that is defined by 3rd-Generation Partnership Project (3GPP) which states IMS standards as a 
network domain specialized for the control and incorporation of multimedia services. The goal of the paper is to deliver guaranteed 
Quality of Service for voice using FVNO while maximizing the number of users served. 
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I. INTRODUCTION 
 

The paper initially deals with the necessary fundamental 
theory of IP Multimedia Subsystem (IMS) and queuing 
algorithms. In Section II explains what IMS is and why it is 
necessary. Section V explains what is queuing and what its 
different types are. Section VI discusses different Quality of 
Service (QoS) parameters and the offensive factors are 
stated like delay, jitter and packet loss and their critical 
effect on FVNO systems. In addition, Section VII gives a 
design of FVNO network using OPNET simulation tool. and 
the simulation output for different scenarios to know the 
best queuing algorithm. Section IX is the conclusion for the 
best queuing algorithm that gives the optimized Quality of 
Service (QoS) for FVNO network. 
 

II. IP MULTIMEDIA SUBSYSTEM (IMS) 
 

IP Multimedia Subsystem (IMS) is built on Internet 
Engineering Task Force (IETF) protocols like Session 
Initiation Protocol (SIP) and Session Description Protocol 
(SDP). In IMS, voice traffic is served using Internet 
Protocol (IP). IMS aim is to merge mobile and fixed voice 
communications and any other Internet services. It also 
provides the invention and running of IP-based multimedia 
services in the 3G networks. IMS allows IP real-time 
services between fixed and mobile networks and so gives 
easy converged voice/data services. The transparency and 
integration of services are main features for accelerating end 
user adoption. Two portions of IMS are of fundamental 
importance to give these features: 

• IP-based transportation for both real and non-real 
time services 

• Any call model is based on SIP (Session initiation 
Protocol). 

 
IMS is not a single network, but many different networks 

that integrate seamlessly by the use of roaming agreements 
between any types of IMS service provider. 
 

 
Figure 1. FVNO Network 

 
A. Session Initiation Protocol (SIP) 
 

Session Initiation Protocol (SIP) was raised by the IETF 
and published as RFC 3261, and is responsible for signaling 
phase of multimedia transfer over the network. SIP was 
chosen by 3GPP to be responsible for determining user 
location, user availability, and user capabilities for session 
setup and management in an IMS. 

SIP is preferred in IMS since it is scalable, easy to 
implement, and requires less setup time than its predecessor 
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protocols, also being text based, it is easy to program. In 
addition to voice, SIP can be used for video conferencing, 
instant messaging, media distribution and other applications. 
 
B. Session Border Controller (SBC) 
 

A Session Border Controller (SBC) is a device that is 
established in Voice over Internet Protocol (VoIP) networks 
to have control over the signaling and the media streams 
participated in setting up, conducting, and tearing down 
telephone calls or other interactive media communications. 
The SBC was introduced to allow traversal of IMS services 
between private networks and public networks because NAT 
cannot solve the problems that occur during traversal of IMS 
session messages between private networks and public 
networks. At present, the SBC is used to ensure network 
security. The SBC protects the functions of the UE side and 
core network side. The SBC functions as both a signaling 
proxy and media proxy for network security and subscriber 
control. 
 
C. Multi Service Access Node (MSAN) 
 

It is a device that is deployed in a telephone exchange, 
with the aim of merging customers’ telephones lines to the 
core network. 

It provides different services, such as: 
• Telephone 
• Integrated Service Digital Network (ISDN) 
• Digital Subscriber Line (DSL) 
It merges multitude operations into one platform which 

is able to serve customers requiring more than one service 
such as traditional voice, DSL, leased line services, IP 
services.. 
 

II. VOICE CODECS 
 

Codec is known as coder/decoder since it transfers the 
audio signal to digitized version for transmission over the 
channel and then back into the original uncompressed 
version of the receiver. VoIP services are built on this 
concept. There are various codecs used for VoIP 
communication each with its own bandwidth and features. 
The codecs vary by the modulation and demodulation 
technique such as Pulse Code Modulation (PCM), Algebraic 
Code-Excited Linear Prediction (CELP) and Conjugate 
Structure Algebraic Code Excited Linear Prediction (CS-
ACSELP). 

 

 
Figure 2. Voice Codecs 

 

A. Comparison between Codecs 
 

In the table below, three ITU-T standard voice codec 
algorithms G.711.1, G.723.1, and G.729 are differentiated.  
 

TABLE I.  VOICE CODECS 

Codec G.711 G.723.1 G.729a 

Bandwidth (kbps) 64 5.3/6.3 8 

Frame Size (ms) 20 30 10 

Processing delay 
(ms) 

20 30 10 

Payload (bytes) 160 20/24 20 

 
IV. CONGESTION 

 
Congestion in network causes starvation of resources 

due to excess traffic over a single path between routers 
which is predominantly caused by speed mismatches and 
aggregation usually due to a gigabit Ethernet link feeding a 
fast Ethernet or traffic travelling over to low speed WAN 
links from a high speed LAN links in a network. Congestion 
extremely degrades the performance of the network. 
 

V. QUEUING ALGORITHMS 
 

Algorithms are designed for congestion management of 
various packet types across the network to guarantee 
impartiality within the system. 

Queuing disciplines are implemented in routers to 
prioritize specific traffic over other based on configured 
algorithm. Queuing guides the various network traffic that 
ride a single data route between routers into a specific order, 
assigns bandwidth and buffer space, deciding which packets 
to serve first and which packets to drop. 

 

 
Figure 3. Queuing Algorithms 

 

A. First In First Out (FIFO) 
 

FIFO is an uncomplicated and straightforward algorithm 
which is also known as First in First Served. 
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Figure 4. First In First Out 

 

FIFO mechanism is to drop packets from t tail when the 
queue overflows, buffer is full. No certain ordering of 
packets is applied. As the congestion increases the queuing 
delay also increases causing poor quality for real time 
applications. 

 
B. Priority Queuing (PQ)  
 

The mechanism of PQ classifies the packets into 
different queues based on the specified priority. Traffic is 
served in order of highest priority first, followed by middle 
priority and the lowest priority packets are sent. PQ implies 
class based categorization in an effortless manner but this 
strategy causes bandwidth starvation if network is dense 
with high priority packets. 

 

 
Figure 5. Priority Queuing 

 

C. Weighted-Fair Queuing (WFQ) 
 

WFQ allocates weight for the queues based on the 
priority of the traffic. Bandwidth weight is located in the 
TOS field which is present in IP header. Correspondingly, 
low band-width traffic is specified high priority and thus 
sent first. Each class is served with a weighted amount of 
traffic each cycle. WFQ process avoids the occurrence of 
bandwidth starvation and opposes a greedy TCP session 
from using up the network resources at the cost of other 
traffic. Buffer Starvation is solved due to the fairness aspect 
of WFQ. 

 
Figure 6. Weighted Fair Queuing 

 

D. Modified Weighted Round Robin (MWRR) 
 

MWRR gives prioritization techniques to round robin. In 
MWRR we perform packets as in round-robin mechanism, 
but offering them priorities called "weights". The number of 
packets which is considered to be serviced in each 
scheduling turn is determined by the weight of the queue. 
WRR doesn't determine the exact sizes of the packets in 
buffers to schedule them. If queues have packets of different 
sizes, scheduling will be unfair. 

 

 
Figure 7. Modified Weighted Round Robin 

 

E. Deficit Weighted Round Robin (DWRR) 
 

The DWRR is an updated version of WRR. The number 
of ‘extra’ bytes sent over each round is specified using the 
deficit counter. 

We can define the Quantum as the maximum transfer 
unit (MTU) in the queue. And the sum of the quantum and 
the credits is defined as the deficit counter. Packets of 
variable size can be managed by DWRR. Although voice 
may be delayed and exposed to jitter due to the scheduling 
order with other queues. 

 

 
Figure 8. Modified Deficit Round Robin 
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F. Modified Deficit Round Robin (MDRR) 
 

Traffic is classified into seven round-robin queues (0-6), 
with an extra priority queue. If there are no packets in the 
priority queue, Queues are serviced in a round-robin 
technique. It merges the advantages of both WFQ and PQ. 
 

VI. QOS AND QOS PARAMETERS 
 

QoS is the efficiency of the network to provide excel- 
lent service that will be accepted by customers. The QoS for 
VoIP is measured by different parameters: Mean Opinion 
Score (MOS), end-to-end delay, packet loss and jitter. 

 
1) Jitter 
Jitter is the end-to-end delay variation between two 

consecutive packets. 
2) Packet Loss 
It defines all packets that don't arrive to the desired 

destination. This occurs where any incoming data is rejected 
at any time by a device such as a router, switch, and link. 

3) Packet end to end delay 
End-to-end delay is the length of time taken by the 

packet to arrive from the transmitter to the receiver.  
 

VII. PRACTICAL SIMULATION 
 

To find the optimum voice codec and the best queuing 
algorithm to be applied to FVNO, in this section practical 
analysis will be made. Two different networks will be 
implemented using OPNET Modular, one to test the voice 
codes in FVNO and the other is to analyze the various 
queuing algorithms for an FVNO network. The voice codecs 
will be tested by two cases one in which no packet loss is 
assumed and the other is with varying the packet loss. 
 
A. Optimum Voice Codec with No Packet Loss 
 

In this network, the performance of three voice codecs 
will be tested, applying the following network topology. The 
network consists of 2 IP phones and a proxy server 
connected to the internet. Links between the routers and the 
Internet are T1 with link speed 1.544 Mbps, links between 
the dialer, dialed, Proxy Server and the routers are 
1000Base-x, no packet loss is assumed. To asses and 
analyze the performance of the voice traffic we collected the 
Mean Opinion Score, traffic received and packet end-to-end 
delay for each voice codec. 

 

 
Figure 9. FVNO Network 

 

1) Network Simulation and Results 
a) Voice MOS 
Figure 10 represents the MOS of the three codecs 

applied on the FVNO network. The graph below indicates 
that G.711 has the highest MOS while G.729a has the 
lowest. 

 

 
Figure 10. Voice MOS 

 
b) Voice Traffic (packets) 
Figure 11 presents the sent packets when using the same 

network but different codecs are used. 
 

 
Figure 11. Voice packets sent 

 
Figure 12 presents the packets received when using the 

same network but different codecs are used. 
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Figure 12. Voice packets received 

 

c) Packet end to end delay 
Figure 13 presents the End-to-End delay packets when 

using the same network but different codecs are used. The 
below graph indicates that G.711 has the shortest delay 
while G.729A has the longest. 

 

 
Figure 13. End -to-End delay 

 

2) Conclusion: Table II below shows a Comparison between 
Codecs with No Packet Loss 

 
TABLE II. COMPARISON BETWEEN CODECS WITH NO PACKET 

LOSS 

Codec G.711 G.723.1 G.729a 

MOS 3.16 2 2.5 

Packets Sent 200 65 200 

Packets Recieved 200 65 200 

End-to-End delay 0.14 0.18 0.14 

 

B. Optimum Voice Codec with Packet Loss 
 

The same previous network is used to illustrate the 
impact of packet loss on the network with changing the 
voice codecs. Packet loss of 0.5%, 1% and 5% are observed 
below and to be compared with no packet loss network to 
reach an optimum voice codec for the FVNO network. 

 
1) Network Simulation and Results 
a) Voice MOS 
i) 0.5% Packet Loss 

 

 
Figure 14. MOS (0.5% packet loss) 

 

ii) 1% Packet Loss 
 

 
Figure 15. MOS (1% packet loss) 

 

iii) 5% Packet Loss 

 
Figure 16. MOS (5% packet loss) 

 

b) Voice received packets 
The impact of packet loss on voice received packets are 

observed below to be compared with other different packet 
loss percentages. 

i) 0.5% Packet Loss 
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Figure 17. Received packets (0.5% packet loss) 

 

ii) 1% Packet Loss 
 

 
Figure 18. Received packets (1% packet loss) 

 

iii) 5% Packet Loss 
 

 
Figure 19. Received packets (5% packet loss) 

 

c) Voice packet End-to-End delay 
i) 0.5% Packet Loss 

 

 
Figure 20. End-to-End delay (0.5% packet loss) 

 

ii) 1% Packet Loss 
 

 
Figure 21. End-to-End delay (1% packet loss) 

 

iii) 5% Packet Loss 
 

 
Figure 22. End-to-End delay (5% packet loss) 

  

2) Conclusion: Tables III to V below show Voice 
MOS, Traffic Received and Packet End-to-End delay with 
Packet Loss. 
 

a) Voice MOS 
 

TABLE III. VOICE MOS WITH DIFFERENT PACKET LOSS 

Packet 
Loss (%) 

Codec 

G.711 G.723.1 G.729.a 

0% 3.16 2 2.5 

0.5% 3 1.9 2.4 

1% 2.9 1.8 2.2 

5% 2.2 1.4 1.7 

 
b) Voice Traffic received 

 
TABLE IV. VOICE TRAFFIC RECIEVED WITH DIFFERENT PACKET 

LOSS 

Packet Loss 
(%) 

Codec 

G.711 G.723.1 G.729.a 

0% 200 65 200 

0.5% 195 62 195 

1% 192 61 190 

5% 188 58 187 
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c) Voice packet End-to-End delay 
 

TABLE V. PACKET END-TO-END DELAY 

Packet Loss 
(%) 

Codec 

G.711 G.723.1 G.729.a 

0% 0.14 0.18 0.14 

0.5% 0.14 0.18 0.14 

1% 0.14 0.18 0.14 

5% 0.14 0.18 0.14 

 
C. Optimum Queuing Algorithm 
 

For displaying the FVNO network and to show the effect 
of queuing algorithms on the behavior of the QoS 
parameters, we will modify the following network topology 
as seen in the figure below to be able to conduct a thorough 
comparison. The network consists of nine routers connected 
together using DS1 links and the rest of the links ftp, HTTP, 
video and voice. G.711 voice codec, medium load ftp, high 
resolution video, HTTP searching mode and RIP routing 
protocol in all scenarios. 
 

 
Figure 23. FVNO network topology 

 

 
Figure 24. Subnet 0 

 

 
Figure 25. Subnet 1 

 
1) Network Simulation and results 
a) Voice MOS 
Figure 26 presents the MOS for 6 different algorithms of 

queuing. The following graph shows that PQ has the 
maximum MOS. And at the same time the FIFO has the 
least MOS. 

 

 
Figure 26. Voice MOS 

 
b) Voice Traffic (packets) 
 

 
Figure 27. Voice traffic sent (packets) 

 

Figure 28 presents the packet received for 6 different 
algorithms of queuing. The below graph indicates that WFQ 
and PQ algorithms have the maximum packet received. And 
at the same time the FIFO has the least packet received. 
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Figure 28. Voice packets received 

 
c) Voice Jitter 
 

 
Figure 29. Voice Jitter. 

 

d) Voice End-to-End delay 
 

 
Figure 30. Voice End-to-End delay 

 

2) Conclusion: Table VI below shows the Opnet results 
with various parameters. 
 

TABLE VI. OPNET RESULTS 

Parameters 
Queuing algorithms 

FIFO PQ WFQ MWRR DWRR MDRR

Voice Jitter (sec) 0.033 0 0 0 0 0 

Voice End-to-End 
delay (sec) 

2.5 0.2 0.2 0.2 0.2 0.2 

Voice traffic Sent 
(packets/s ec) 

400 400 400 400 400 400 

Voice traffic 
received (pack 

ets/sec) 
265 400 390 387.5 387 387 

MOS 1 2.7 2.17 2.17 2.15 2.24 

VIII. RESULTS AND DISCUSSION 
 

This paper is intended to specify the preferred voice 
codec and the optimum queuing algorithm to guarantee the 
best end-to-end voice quality for an implementation of 
FVNO network using OPNET Modular. The simulation 
results analyzed concludes that the G.711 codec is the 
highest performing codec in the network under any packet 
loss percentage. The priority queuing algorithm is the best 
suited for voice traffic but this leads to degradation in the 
quality of other traffic such as ftp, HTTP, and video. If other 
traffic besides voice is a concern, WFQ algorithm is 
preferred. But due to the complexity of WFQ and since it is 
implemented by software, MDRR is preferable since it is 
implemented by hardware and merges between the pros of 
both PQ and WFQ. 
 

IX. CONCLUSION 
 

Convergence of fixed and mobile services benefits both 
the customers and operator and opens the door to more 
sophisticated services. The introduction of IMS facilitates 
the deployment of different technologies such as FVNO. 
FVNO will be the future of fixed networks, providing the 
consumer with plenty of new services with guaranteed 
quality of service. This paper presented practical tests and 
analysis to help decide the most suitable conditions to 
provide supreme end-to-end voice quality for FVNO 
network architecture. The results showed that the optimum 
voice codec is G.711 for both cases of no packet loss or 
varying packet loss and the most suitable queuing algorithm 
for assurance of prioritizing voice is the priority queuing 
algorithm. 
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