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Abstract — In Voice over Internet Protocol (VoIP) networks, 

bandwidth consumption depends on the coding scheme or 

encoding algorithm used. The lower the coder/decoder 

(CODEC) bit rate, the less bandwidth is required for 

transmission, leading to a more efficient system. On the other 

hand, the higher the bit rate of the encoded bit stream, the 

higher the voice quality but at a higher cost. That is, more 

bandwidth or transmission capacity is required. However, the 

greater the savings in transmission data rate (that is, lower bit 

rate), the worse the perceived quality as a result of the longer 

time it takes to encode the voice samples. Hence, a trade-off is 

necessary to satisfy the demands of a particular application. 

This paper presents the performance evaluation comparison of 

the G.711, G.726 and G.729 coding schemes in an optimized 

quality of service (QoS)-based packet scheduling algorithm for 

bandwidth-constrained VoIP networks. The design of an 

optimized packet scheduling model as well as an analytical 

appraisal of the developed model were carried out. Riverbed 

(formally OPNET) Modeler version 17.5 was used to simulate 

the developed model. Simulation results for CODEC end-to-end 

delay performance gave 34.19%, 33.86% and 31.94% 

respectively for G.711, G.726 and G.729. Packet loss probability 

performance gave 60%, 33.33% and 6.67% respectively. 

Resource utilization performance gave 44.44%, 37.04% and 

18.52% respectively. The results obtained show that the G.729 

coding scheme, which has the lowest bit rate offers the best 

performance and therefore guarantees better network QoS 

performance. This fact validates the optimal performance of the 

proposed QoS-based model in bandwidth-constrained VoIP 

networks. 
 

Keywords — coder, decoder, performance, evaluation, delay, 

packet-loss, resource, utilization 

I. INTRODUCTION 

Two critical quality of service (QoS) metrics in Voice 

over Internet Protocol (VoIP) networks are optimal 

bandwidth consumption and end-to-end, absolute 

transmission (mouth-to-ear (M2E)) delay. Owing to the 

increasing demand for voice communication over the 

Internet, voice compression technology has become a critical 

component of optimizing QoS. This is because voice 

compression conserves system capacity. Voice compression 

is a procedure to represent a digitized speech using as few bits 

as possible but maintaining at the same time a reasonable 

level of voice quality. Every application on the network 

utilizes a portion of the available bandwidth. Hence, 

maximizing bandwidth consumption is one of the most 

critical aspects of network management and one of the major 

tasks faced by network designers and administrators [1, 2]. 

In VoIP networks, bandwidth consumption naturally 

depends on the coding scheme or encoding algorithm 

(commonly referred to as coder/decoder (CODEC)) used [3]. 

The lower the CODEC bit-rate, the less bandwidth is required 

for transmission, leading to a more efficient system. This 

requirement is in constant conflict with other good properties 

of the system, such as speech quality [1]. The higher the bit 

rate of the encoded bit-stream, the higher the voice quality 

but at a higher cost - more bandwidth or transmission capacity 

is required. On the other hand, the greater the savings in 

transmitted data rate (that is, lower bit rate), the worse the 

perceived quality as a result of the longer time it takes to 

encode the voice samples [1]. This is because increase in the 

coder or processing delay increases the overall mouth-to-ear 

(transmission) delay. A trade-off is therefore necessary to 

satisfy the demands of a particular application. 

The Telecommunication Standardization Sector of the 

International Telecommunication Union (ITU-T) Series G 

defines the coding of voice and audio signals of digital 

terminal equipment of transmission systems and media, 

digital systems and networks. Some of the common schemes 

employed in VoIP networks are the traditional sample-based 

G.711 CODEC with a data rate of 64 kbps [1, 4, 5], the G.726 

with 16-40 kbps [5, 6], the G.728 with 16 kbps [1, 7, 8]. The 

more recent frame-based encoders provide drastic rate 

reduction (for example, 8 kbps for G.729 as well as 5.3 and 

6.3 kbps for G.723.1) at the expense of additional complexity 

and encoding delay as well as lower quality [9, 10]. This 

paper therefore investigates the impact of voice compression 

on the quality of service of bandwidth-constrained VoIP 

networks and presents a comparison of the performance 

evaluation of G.711, G.726 and G.729 coding schemes 

employed in an optimized QoS-based packet scheduling 

algorithm. 

II. RELATED WORKS 

Several optimization solutions, including [11, 12, 13, 14, 

15, 16, 17, 18, 19, 20], employing different approaches have 
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addressed the QoS issues of VoIP networks on both wired 

and wireless topology implementations. Similarly, several 

proposals, including [21, 22, 23, 24, 25, 26, 27, 28, 29, 30], 

have investigated the impact of different voice coding 

schemes on QoS optimization in VoIP networks. Earlier 

works lumped critical and best-effort data together. In this 

work, an optimized voice and critical-data QoS-based hybrid 

packet scheduler is proposed. The paper therefore presents a 

comparative performance evaluation of common voice 

coding schemes in bandwidth-constrained VoIP networks. 

III. DESIGN OF AN OPTIMIZED QOS-BASED PACKET 

SCHEDULING MODEL 

The architecture of the proposed model, illustrated in 

Figure 1, is an integration of packet classifiers, Token Bucket, 

Differentiated Services (DiffServ) and Weighted Round 

Robin (WRR) modules. The Packet Classifier module 

comprises two packet classifiers. Classifier1 classifies the 

packets of the incoming source traffic (p) into two main 

classes, namely: voice (p1) and non-voice (p2) flows. Packet 

Classifier2 classifies the non-voice flows into two other 

classes, namely: business/mission-critical data (B/MCD, p3) 

and others (p4 - consisting of video and remaining (best 

effort) data traffics). The essence of Classifier2 is to capture 

and accord B/MCD flows the necessary priority and fairness 

they deserve. 

 

 
Figure 1: Architecture of the Optimized QoS-Based Packet Scheduler 

 

The Token Bucket module is used to split the incoming 

voice or B/MCD traffic into two sub-flows. The first sub-flow 

is a well-shaped flow with maximum rate equal to γ 

bits/second generated by the Token Bucket. The second sub-

flow is the packet (p5 - still of voice or B/MCD traffic) 

rejected by the Token Bucket. Non-preemptive priority 

scheduling discipline is employed for forwarding voice and 

B/MCD traffics to the Token Bucket. This implies that there 

is no interruption to any traffic being transmitted through the 

Bucket. Voice traffic is classified into the high priority class 

while B/MCD traffic is classified into the low priority class 

at the output queue. 

In the DiffServ module, video traffic is mapped to 

Assured Forwarding (AF) traffic class. Voice or B/MCD 

traffic, which was rejected from the Token Bucket is mapped 

to the Expedited Forwarding (EF) traffic class. The remaining 

data traffic (such as email, file transfer, and so on) is mapped 

by default to the Best Effort (BE) class. 

The WRR scheduler module is used to adaptively 

regulate the bandwidth utilization among the competitive 

traffic flows from the DiffServ module. The output 

(constrained) bandwidth is divided into two parts, namely: 

the reserved (dedicated) link and the shared link. The 

reserved link is used to service the specified portion of voice 

or business/mission-critical data traffic from the Token 

Bucket. The shared link is used to service the other traffics as 

scheduled fairly and adaptively by the WRR scheduler [31, 

32, 33, 34, 35, and 36]. 

IV. ANALYTICAL APPRAISAL OF THE  DEVELOPED MODEL 

The approximation method of analysing queuing 

networks by decomposition is hereby adopted. It is the 

decomposition of the whole network or the aggregation of 

portions of the network. The arrival rate is assumed to be 

Poisson and the service times of network elements are 

exponentially distributed in this method. The steps involved 

in the analysis by decomposition is given as follows [32]: 

(a) Isolate the queueing network into subsystems 

(such as single servers or transmission links). 

(b) Analyze each subsystem separately, 

considering its own network surroundings of 

arrivals and departures. 

(c) Find the average delay and packet-loss 

probability for each individual queueing 

subsystem, and 

(d) Aggregate all the delays and packet-loss 

probabilities of queueing subsystems to find the 

average total end-to-end network delay and 

packet-loss probability. 

The offered or traffic load (traffic intensity or server 

utilization factor, which is the load rate at which packets 

arrive) at the network is defined as: 

𝜌𝑛𝑒𝑡 = 
𝛽𝑛𝑒𝑡

𝜇𝑛𝑒𝑡
    

     = 
𝐴𝑣𝑒𝑟𝑎𝑔𝑒 𝑠𝑒𝑟𝑣𝑖𝑐𝑒 𝑐𝑜𝑚𝑝𝑙𝑒𝑡𝑖𝑜𝑛 𝑡𝑖𝑚𝑒 (1 𝜇𝑛𝑒𝑡⁄ )

𝐴𝑣𝑒𝑟𝑎𝑔𝑒 𝑖𝑛𝑡𝑒𝑟𝑎𝑟𝑟𝑖𝑣𝑎𝑙 𝑡𝑖𝑚𝑒 (1 𝛽𝑛𝑒𝑡
⁄ )

  

    A critical optimal network QoS requirement demands that 

the offered load (𝜌𝑛𝑒𝑡) should be less than 1. This implies that 

the arrival rate (𝛽𝑛𝑒𝑡) should not be allowed to exceed the 

maximum capacity (𝜇𝑛𝑒𝑡) of the network. This work therefore 

ensures adequate bounding in the in-built congestion control 

mechanisms of the proposed model, which ensures that 

𝛽𝑛𝑒𝑡 < 𝜇𝑛𝑒𝑡 (𝜌𝑛𝑒𝑡  <  1).  
 

The total number of packets in a given network (𝑁𝑛𝑒𝑡), 

by employing Little’s Theorem [19, 20], is defined as: 
 

𝐴𝑣[𝑁𝑛𝑒𝑡] =  𝛽𝑛𝑒𝑡(1 −  𝑃𝑝𝑙−𝑛𝑒𝑡)𝐴𝑣[𝐷𝑛𝑒𝑡]  
 

    where 𝛽𝑛𝑒𝑡  is the total packet arrival rate to the 

network,  𝑃𝑝𝑙−𝑛𝑒𝑡  is packet-loss probability and 𝐷𝑛𝑒𝑡  is the 
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sum of the waiting times and servicing times experienced by 

the packet in the network. 𝛽𝑛𝑒𝑡(1 −  𝑃𝑝𝑙−𝑛𝑒𝑡) is the actual 

packet arrival rate into the network. 

In a network comprising several transmission links in several 

domains, equation (2) can be rewritten for every transmission 

link in every domain. Hence, for the kth transmission link, the 

average number of packets is given by: 
 

𝐴𝑣[𝑁𝑘] =  𝛽𝑘(1 − 𝑃𝑝𝑙−𝑘)𝐴𝑣[𝐷𝑘]   
 

where 𝛽𝑘 is the packet arrival rate at the kth transmission 

link, 𝑃𝑝𝑙−𝑘 is the packet-loss probability and 𝐴𝑣[𝐷𝑘] is the 

average delay experienced by the packet in the link. 
 

The average of the total number of packet in the network is 

therefore equal to the sum of the average number of packets 

in all the transmission links in the network and is given by: 
 

 𝐴𝑣[𝑁𝑛𝑒𝑡] =  ∑ 𝐴𝑣[𝑁𝑘]𝑘  

     = ∑ [𝛽𝑘(1 −  𝑃𝑝𝑙−𝑘)𝐴𝑣[𝐷𝑘]]𝑘     
 

     Hence, the average total delay (𝐴𝑣[𝐷𝑛𝑒𝑡]) experienced by 

packets in transversing the entire network is derived from 

equation (2) as:  

𝐴𝑣[𝐷𝑛𝑒𝑡] =  
1

𝛽𝑛𝑒𝑡(1 −  𝑃𝑝𝑙−𝑛𝑒𝑡)
𝐴𝑣[𝑁𝑛𝑒𝑡] 

   = 
1

𝛽𝑛𝑒𝑡(1 − 𝑃𝑝𝑙−𝑛𝑒𝑡)
∑ [𝛽𝑘(1 −  𝑃𝑝𝑙−𝑘)𝐴𝑣[𝐷𝑘]]𝑘   

 

Equation (5) therefore states that the total network delay 

depends on the actual packet arrival rate to the network 

(𝛽𝑛𝑒𝑡(1 − 𝑃𝑝𝑙−𝑛𝑒𝑡)) as well as the actual packet arrival rate 

(𝛽𝑘(1 −  𝑃𝑝𝑙−𝑘)) to, and the delay (𝐷𝑘) in every transmission 

link in every domain constituting the network [32]. 
 

Figure 2 illustrates the state transition diagram for 

determining the probability (𝑃𝑛) of 𝑛 number of packets in 

the network at time 𝑡. The number increases by 1 in the next 

small interval of time ∆𝑡 seconds (just before time, 𝑡) with 

probability 𝛽∆𝑡  and decreases by 1 in the next ∆𝑡 seconds 

with probability 𝜇∆𝑡 [34, 39, 40]. 

 

           
Figure 2: State transition diagram [21, 22] 

 

In the single-server queuing model, network stability is 

attained when the long-run transition rate (𝑃𝑛𝛽∆𝑡) from state 

𝑛 to state 𝑛 + 1 equals the long-run transition rate (𝑃𝑛+1𝜇∆𝑡) 

from state 𝑛 + 1 to state 𝑛. This implies that [34, 39, 40]: 

 𝑃𝑛+1 = [
𝛽

𝜇
] 𝑃𝑛,   𝑓𝑜𝑟 𝑛 = 0, 1, … , 𝐾   

         = [
𝛽

𝜇
]
𝑛+1

𝑃0     

The probability of being in state 𝑛 (that is, the probability that 

𝑛 packets are in the network), which is also the proportion of 

time that the network is in state 𝑛 is defined by: 

  𝑃𝑛  =  [
𝛽

𝜇
]
𝑛

𝑃0,   𝑓𝑜𝑟 𝑛 = 0, 1, … , 𝐾 

         = 𝜌𝑛𝑃0     

where 𝑃0 is the proportion of time that the network is 

empty and K  is the maximum occupancy (or capacity) 

of the network. 

 

Applying the normalization condition where all probabilities 

add up to 1 gives: 

 

 1 =  ∑ 𝑃𝑛
𝐾
𝑛=0    

     = 𝑃0(1 +  𝜌 + 𝜌2 + 𝜌3 + …𝜌𝐾) 

     = 𝑃0 [
1− 𝜌𝐾+1

1 − 𝜌
]     

≫ ≫               𝑃0  = [
1 − 𝜌

1 − 𝜌𝐾+1]    

 

Hence, the probability for the number of packets in the 

network is given by: 

 

 𝑃[𝑁𝑛𝑒𝑡(𝑡) = 𝑛] =  𝑃𝑛 

= 𝜌𝑛𝑒𝑡
𝑛 [

(1 − 𝜌𝑛𝑒𝑡)

(1 − 𝜌𝑛𝑒𝑡
𝐾+1)

] , 𝑓𝑜𝑟 𝑛 = 0, 1, … , 𝐾  

The average number of packets in the network is given by: 

 

  𝑨𝒗[𝑵𝒏𝒆𝒕] =  ∑ 𝒏𝑷𝒏
𝑲
𝒏=𝟎  

 = ∑ 𝒏𝑲
𝒏=𝟎 𝝆𝑛𝑒𝑡

𝒏 [
(𝟏 − 𝝆𝑛𝑒𝑡)

(𝟏 − 𝝆𝑛𝑒𝑡
𝑲+𝟏)

] 

 = {[
𝝆𝑛𝑒𝑡

(𝟏 − 𝝆𝑛𝑒𝑡)
] −  [

(𝑲 + 𝟏)𝝆𝑛𝑒𝑡
𝑲+𝟏

(𝟏 − 𝝆𝑛𝑒𝑡
𝑲+𝟏)

]}   

 

The packet-loss probability of the network, which is also the 

proportion of time that the network is full, is given from 

equation (10) by: 

 𝑃𝑝𝑙−𝑛𝑒𝑡 = 𝑃𝐾   

  = 𝜌𝑛𝑒𝑡
𝐾 [

(1− 𝜌𝑛𝑒𝑡)

(1− 𝜌𝑛𝑒𝑡
𝐾+1)

]    

Hence, the probability of the average delay in the network is 

given by: 

 𝐴𝑣[𝐷𝑛𝑒𝑡]  =  
𝐴𝑣[𝑁𝑛𝑒𝑡]

𝛽𝑛𝑒𝑡(1− 𝑃𝑝𝑙−𝑛𝑒𝑡)
   

        

= [
{[

𝜌𝑛𝑒𝑡
(1 − 𝜌𝑛𝑒𝑡)

]− [
(𝐾 + 1)𝜌𝑛𝑒𝑡

𝐾+1

(1 − 𝜌𝑛𝑒𝑡
𝐾+1)

]}

{𝜌𝑛𝑒𝑡𝜇𝑛𝑒𝑡[1 −𝜌𝑛𝑒𝑡
𝐾 (

(1− 𝜌𝑛𝑒𝑡)

(1− 𝜌𝑛𝑒𝑡
𝐾+1)

)]}

]  

 

In this analysis, packets are transmitted in one domain 

(or Service Provider) via two links. The dedicated 

transmission link services the reserved flow of voice or 

B/MCD that has an upper bound rate that is equal to 

𝛾 𝑏𝑖𝑡𝑠/𝑠𝑒𝑐𝑜𝑛𝑑 in the Token Bucket module while the shared 

transmission link services the flow regulated by the WRR 

scheduler from the DiffServ module. This implies that the 

average delay and packet loss encountered by traffic flows in 

each domain are accounted for by these links.  

 

In the Token Bucket module [32, 34], let 𝑇𝑃 be the total 

number of packets (played out from the priority scheduler) of 

voice (𝑇𝑃𝑉) or B/MCD (𝑇𝑃𝐵/𝑀𝐶𝐷). Each of these traffics is 

divided into two parts, namely: the reserved (or dedicated) 

and rejected (or surplus) flow. The reserved flow, 𝑇𝑃𝑟𝑒𝑣 

(𝑇𝑃𝑉−𝑟𝑒𝑣  or 𝑇𝑃𝐵/𝑀𝐶𝐷−𝑟𝑒𝑣 ) has an upper bound rate that is 

equal to 𝜸 𝑏𝑖𝑡𝑠/𝑠𝑒𝑐𝑜𝑛𝑑 and is expressed as (𝛼𝑇𝑃), where 𝛼 

is the splitting ratio of the Token Bucket and is defined as 

Number of 

packets in 

the network 

https://aeuso.org/
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(0 ≤ 𝛼 ≤ 1). 𝑇𝑃𝑉−𝑟𝑒𝑣 or 𝑇𝑃𝐵/𝑀𝐶𝐷−𝑟𝑒𝑣 is transmitted via the 

reserved link only if 𝑇𝑃𝑉−𝑟𝑒𝑣 or 𝑇𝑃𝐵/𝑀𝐶𝐷−𝑟𝑒𝑣 is less than (<) 

or equal to (=) 𝜸 𝑏𝑖𝑡𝑠/𝑠𝑒𝑐𝑜𝑛𝑑 . The rejected flow, 𝑇𝑃𝑟𝑒𝑗  

(𝑇𝑃𝑉−𝑟𝑒𝑗  or 𝑇𝑃𝐵/𝑀𝐶𝐷−𝑟𝑒𝑗 ) is directed to the DiffServ (DS) 

module and is expressed as[(1 − 𝛼)𝑇𝑃]. A splitting ratio of 

𝛼 = 0 implies that all the packets are scheduled via the WRR 

scheduler only (that is, 𝑇𝑃𝑟𝑒𝑣 = 0). A splitting ratio of 𝛼 = 1 

implies that 𝑇𝑃𝑟𝑒𝑗 = 0. The splitting ratio of the token bucket 

is used to ensure that the reserved link is never redundant at 

any time, t. That is, even if 𝑇𝑃𝑉 or 𝑇𝑃𝐵/𝑀𝐶𝐷 is greater than 

(>) 𝜸 𝑏𝑖𝑡𝑠/𝑠𝑒𝑐𝑜𝑛𝑑, the splitting ratio is used to ensure that 

𝑇𝑃𝑉−𝑟𝑒𝑣  or 𝑇𝑃𝐵/𝑀𝐶𝐷−𝑟𝑒𝑣  is less than (<) or equal to (=) 

𝜸 𝑏𝑖𝑡𝑠/𝑠𝑒𝑐𝑜𝑛𝑑. These imply that: 

 

𝑇𝑃𝑟𝑒𝑣 (𝑇𝑃𝑉−𝑟𝑒𝑣 𝑜𝑟 𝑇𝑃𝐵/𝑀𝐶𝐷−𝑟𝑒𝑣) =  𝛾 =  (𝛼𝑇𝑃)  

𝑇𝑃𝑟𝑒𝑗  (𝑇𝑃𝑉−𝑟𝑒𝑗  𝑜𝑟 𝑇𝑃𝐵/𝑀𝐶𝐷−𝑟𝑒𝑗) =  [(1 − 𝛼)𝑇𝑃]  (14) 

 

Let us now consider a typical run of the proposed hybrid 

scheduling model during a time interval (0, 𝑡) of the run. 

Since the voice and B/MCD traffic flows are each divided 

into two sub flows, the rate of the first sub flow (𝛼𝑇𝑃) will 

never exceed the token bucket rate 𝛾 bits/second. Hence, the 

upper bound of bits serviced by this flow in the time interval 

(0, 𝑡) is equal to 𝜸(0, 𝑡). By effectively varying the splitting 

ratio, adequate precedence to both voice and B/MCD traffic 

workloads as well as bandwidth utilization fairness are 

ensured in the network. Applying Little’s Theorem (equation 

2) in the Token Bucket gives: 

 

𝐴𝑣[𝑁𝑇𝐵] =  𝛽𝑇𝐵(1 − 𝑃𝑝𝑙−𝑇𝐵)𝐴𝑣[𝐷𝑇𝐵] 

≫ ≫           𝐴𝑣[𝐷𝑇𝐵] =  
1

𝛽𝑇𝐵(1− 𝑃𝑝𝑙−𝑇𝐵)
𝐴𝑣[𝑁𝑇𝐵] (15) 

 

where 𝐴𝑣[𝑁𝑇𝐵] is the average number of packets in the 

bucket, 𝛽𝑇𝐵 is the arrival rate (that is, the average number 

of packets arriving the bucket per unit time) and 𝐴𝑣[𝐷𝑇𝐵] 
is the average delay (or time spent) in the bucket. 𝛽𝑇𝐵(1 −
 𝑃𝑝𝑙−𝑇𝐵) is the actual packet arrival rate into the bucket. 

 

    This implies that for a run time (0, 𝑡), the average time 

spent by the average number of packet in the bucket equals 

the time spent in transmitting the reserved flow through the 

dedicated link. Hence, for the dedicated link, the state 

probabilities are defined according to Equations (equations 

12 and 13). The average number of packets in the bucket is 

given by: 

𝐴𝑣[𝑁𝑇𝐵]  =  {[
𝜌𝑇𝐵

(1 − 𝜌𝑇𝐵)
] −  [

(𝐾𝑇𝐵 + 1)𝜌𝑇𝐵
𝐾𝑇𝐵+1

(1 − 𝜌𝑇𝐵
𝐾𝑇𝐵+1)

]}  

 

where 𝜌𝑇𝐵 = 𝛽𝑇𝐵 𝜇𝑇𝐵⁄   is the offered load (or load rate at 

which packets arrive at the bucket); 𝜇𝑇𝐵 is the maximum 

departure rate at which packets are serviced or transmitted 

via the reserved (or dedicated) link and 𝐾𝑇𝐵  is the 

maximum occupancy in the dedicated link. 

 

 

 

The packet-loss probability of the reserved link (RL) is 

defined as: 

 𝑃𝑝𝑙−𝑅𝐿  =  𝑃𝑝𝑙−𝑇𝐵 = 𝜌𝑇𝐵
𝐾𝑇𝐵 [

(1 − 𝜌𝑇𝐵)

(1 − 𝜌𝑇𝐵

(𝐾𝑇𝐵+1)
)
]  

Hence, the probability of the average delay in the reserved (or 

dedicated) link is given by: 

 𝐴𝑣[𝐷𝑅𝐿]  =  𝐴𝑣[𝐷𝑇𝐵]  =  
𝐴𝑣[𝑁𝑇𝐵]

𝛽𝑇𝐵(1− 𝑃𝑝𝑙−𝑇𝐵)
  

        

= 

[
 
 
 
 
 

{[
𝜌𝑇𝐵

(1 − 𝜌𝑇𝐵)
]− [

(𝐾𝑇𝐵 + 1)𝜌𝑇𝐵
𝐾𝑇𝐵+1

(1 − 𝜌𝑇𝐵
𝐾𝑇𝐵+1)

]}

{𝜌𝑇𝐵𝜇𝑇𝐵[1 −𝜌𝑇𝐵
𝐾𝑇𝐵  (

(1− 𝜌𝑇𝐵)

(1− 𝜌𝑇𝐵
(𝐾𝑇𝐵+1)

)

)]}

]
 
 
 
 
 

  

 

In the DiffServ module [32, 34], the surplus flow 
[(1 − 𝛼)𝑇𝑃] rejected from the token bucket is marked and 

classified by Expedited Forwarding (EF) Differentiated 

Service Code Point (DSCP) value [41]. Similarly, video 

traffic is marked and classified by Assured Forwarding (AF) 

DSCP value [42] while the remaining data traffic is marked 

and classified as default by Best Effort (BE) DSCP value. The 

average input packet arrival rates for the EF, AF and BE 

traffics are respectively defined as 𝛽𝐸𝐹 , 𝛽𝐴𝐹  and 𝛽𝐵𝐸 . The 

total available buffer and shared link bandwidth (SLB) are 

distributed to the different classes of services. The buffer 

allocation procedure is adaptive with the current offered load, 

𝜌 (or the current queue length, 𝑞𝑙) to that queue. The SLB 

procedure uses the buffer size to compute the queue weight 

(or service rate) in the Weighted Round Robin (WRR) 

scheduler module. The service rate of each queue is 

proportional to the allocated bandwidth to that queue. From 

this background, the allocated buffers (the current offered 

loads or queue lengths) for the queues of EF, AF and BE 

classes of traffic are respectively computed as follows [32, 

34, 43]: 

𝜌𝐸𝐹  =   
𝛽𝐸𝐹  ×  𝛿𝐸𝐹  ×  𝑁𝐸𝐹

𝑃𝑆𝐸𝐹
        

𝜌𝐴𝐹  =   
𝛽𝐴𝐹  ×  𝛿𝐴𝐹  ×  𝑁𝐴𝐹

𝑃𝑆𝐴𝐹
       

𝜌𝐵𝐸  =   
𝛽𝐵𝐸  ×  𝛿𝐵𝐸  ×  𝑁𝐵𝐸

𝑃𝑆𝐵𝐸
        (19) 

where: 𝛿𝐸𝐹 , 𝛿𝐴𝐹  and 𝛿𝐵𝐸  are respectively the 

allowable packet delays; 𝑁𝐸𝐹 , 𝑁𝐴𝐹   and 𝑁𝐵𝐸  are 

respectively the number of sessions; 𝑃𝑆𝐸𝐹, 𝑃𝑆𝐴𝐹  and 

𝑃𝑆𝐵𝐸  are respectively the average packet sizes for EF, 

AF and BE traffics. 

 

In the WRR scheduler module [32, 34], the traffic queues 

are serviced according to the service rate (𝑠𝑟 ) (or queue 

weight) of each class of traffic. Service rate is adaptive with 

the current offered load (𝜌) of a particular class of traffic. In 

any time interval (0, 𝑡) of any round robin execution of the 

proposed model, the policing procedure is such that the traffic 

with the maximum computed service rate is serviced first. If 

the computed service rates for the three classes at this 

particular time interval are equal, the scheduling algorithm 

uses the assigned priority values. In this proposal, EF traffic 

has the highest priority value (PV) of 3, followed by AF 

traffic (2) and then BE traffic (1). The computed service rates 

(𝑠𝑟) or queue weights [32, 34, 43] for the three classes of 

traffic are given as follows: 
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𝑠𝑟𝐸𝐹(𝑡)  =   
𝜌𝐸𝐹(𝑡) ×  𝑃𝑉𝐸𝐹

𝜌𝐸𝐹(𝑡) +  𝜌𝐴𝐹(𝑡) +  𝜌𝐵𝐸(𝑡)
      

𝑠𝑟𝐴𝐹(𝑡)  =   
𝜌𝐴𝐹(𝑡) ×  𝑃𝑉𝐴𝐹

𝜌𝐸𝐹(𝑡) +  𝜌𝐴𝐹(𝑡) +  𝜌𝐵𝐸(𝑡)
         

𝑠𝑟𝐵𝐸(𝑡)  =   
𝜌𝐵𝐸(𝑡) ×  𝑃𝑉𝐵𝐸

𝜌𝐸𝐹(𝑡) +  𝜌𝐴𝐹(𝑡) +  𝜌𝐵𝐸(𝑡)
      (20)  

 

where: 𝑃𝑉𝐸𝐹 , 𝑃𝑉𝐴𝐹  and 𝑃𝑉𝐵𝐸  are respectively the 

priority values for EF, AF and BE traffics at the 

interval (0, 𝑡). 

 

Equation (20) clearly shows that the service rate of a 

particular service queue is adaptive to the ratio of the buffer 

size (or length of that queue) to the sum of the buffer sizes 

(queue lengths) of all service queues at the interval of time 

(0, 𝑡). This implies that the service queue that has the longest 

queue length is services first, followed by that with the next 

longest queue length, and so on. By the round robin 

operation, every service queue present is considered in that 

order in every round robin execution. As stated earlier, if the 

service rates of all the three traffic classes are equal, the 

proposed model employs the priority values (3 for EF, 2 for 

AF and 1 for BE traffics) in forwarding the service queue to 

the shared link. Again, if there is no packet present in a 

particular traffic class at the time interval under 

consideration, the algorithm forwards the available service 

queue, and so on. 

 

If the transmission rate of the shared link (SL) is 𝑅𝑇−𝑆𝐿 , 

the throughputs of the three classes of traffic are respectively 

given as follows: 

 

       𝑇ℎ𝑟𝑜𝑢𝑔ℎ𝑝𝑢𝑡𝐸𝐹 = 
(𝑅𝑇−𝑆𝐿) × (𝑠𝑟𝐸𝐹)

𝑠𝑟𝑊𝑅𝑅
 

𝑇ℎ𝑟𝑜𝑢𝑔ℎ𝑝𝑢𝑡𝐴𝐹 = 
(𝑅𝑇−𝑆𝐿) × (𝑠𝑟𝐴𝐹)

𝑠𝑟𝑊𝑅𝑅
  

𝑇ℎ𝑟𝑜𝑢𝑔ℎ𝑝𝑢𝑡𝐵𝐸 = 
(𝑅𝑇−𝑆𝐿)× (𝑠𝑟𝐵𝐸)

𝑠𝑟𝑊𝑅𝑅
   (21) 

 

where 𝑠𝑟𝑊𝑅𝑅  is the service rate of the weighted 

round robin scheduler and defined by: 

𝑠𝑟𝑊𝑅𝑅 = 𝑠𝑟𝐸𝐹 + 𝑠𝑟𝐴𝐹 + 𝑠𝑟𝐵𝐸      

  

The arrivals at the EF, AF and BE priority classes are 

Poisson with rates: 𝛽𝐸𝐹 , 𝛽𝐴𝐹  and 𝛽𝐵𝐸  respectively. The 

average servicing (or transmission) times for the queues are 

respectively defined as: 𝐴𝑣[𝑆𝐸𝐹] =  1 𝜇𝐸𝐹⁄ , 𝐴𝑣[𝑆𝐴𝐹]  =
 1 𝜇𝐴𝐹⁄  and 𝐴𝑣[𝑆𝐵𝐸]  =  1 𝜇𝐵𝐸⁄ ; where 𝜇𝐸𝐹, 𝜇𝐴𝐹 and 𝜇𝐵𝐸 are 

respectively the maximum departure rates for EF, AF and BE 

traffics. Hence, the respective loads offered by EF (the 

highest priority class), AF (the next highest priority class) and 

BE (the least priority class) are given as: 

 

 𝜌𝐸𝐹 = 𝛽𝐸𝐹𝐴𝑣[𝑆𝐸𝐹] 
𝜌𝐴𝐹 = 𝛽𝐴𝐹𝐴𝑣[𝑆𝐴𝐹] 
𝜌𝐵𝐸 = 𝛽𝐵𝐸𝐴𝑣[𝑆𝐵𝐸]    (23) 

 

In a typical priority class-based system, if the total offered 

load for 𝐶 (number of) priority classes is less than 1, that is: 

 𝜌 =  𝜌1  +  𝜌2  + ⋯ + 𝜌𝐶   < 1   

 

then the average waiting time for a type  𝐶 packet is given by 

[39]: 

𝐴𝑣[𝑊𝐶]  =  
𝛽𝐴𝑣[𝑆2]

(1 − 𝜌1 − 𝜌2 − … − 𝜌𝐶−1)(1 − 𝜌1  − 𝜌2 − … − 𝜌𝐶)
  

  

where 𝜌1 is the offered load of the highest priority 

class, and so on. 

In this work,  𝐶 = 3. This implies that the total offered load 

𝜌𝑊𝑅𝑅 (of the weighted round robin scheduler) is: 

 𝜌𝑊𝑅𝑅 = 𝜌𝐸𝐹 + 𝜌𝐴𝐹 + 𝜌𝐵𝐸 < 1    

 

and the average waiting times for the EF, AF and BE flows 

are respectively defined as: 

 

𝐴𝑣[𝑊𝐸𝐹] =  
𝛽𝑊𝑅𝑅 𝐴𝑣[𝑆𝑊𝑅𝑅

2 ]

(1− 𝜌𝐸𝐹)
  

𝐴𝑣[𝑊𝐴𝐹] =  
𝛽𝑊𝑅𝑅 𝐴𝑣[𝑆𝑊𝑅𝑅

2 ]

(1− 𝜌𝐸𝐹)(1− 𝜌𝐸𝐹 − 𝜌𝐴𝐹)
 

𝐴𝑣[𝑊𝐵𝐸] =  
𝛽𝑊𝑅𝑅 𝐴𝑣[𝑆𝑊𝑅𝑅

2 ]

(1− 𝜌𝐸𝐹 − 𝜌𝐴𝐹)(1− 𝜌𝐸𝐹 − 𝜌𝐴𝐹 − 𝜌𝐵𝐸)
  (27)  

 

where: 

𝐴𝑣[𝑆𝑊𝑅𝑅
2 ] =  

𝛽𝐸𝐹

𝛽𝑊𝑅𝑅

𝐴𝑣[𝑆𝐸𝐹
2 ] +  

𝛽𝐴𝐹

𝛽𝑊𝑅𝑅

𝐴𝑣[𝑆𝐴𝐹
2 ]  

+ 
𝛽𝐵𝐸

𝛽𝑊𝑅𝑅
𝐴𝑣[𝑆𝐵𝐸

2 ]     

 

and 𝛽𝑊𝑅𝑅  =  𝛽𝐸𝐹 + 𝛽𝐴𝐹 + 𝛽𝐵𝐸    

 

The average delay for each class of flow is determined by 

adding the average of the service (or transmission) time to the 

corresponding average waiting time. That is: 

 

𝐴𝑣[𝐷𝐸𝐹] =  𝐴𝑣[𝑊𝐸𝐹]  +  𝐴𝑣[𝑆𝐸𝐹] 
𝐴𝑣[𝐷𝐴𝐹] =  𝐴𝑣[𝑊𝐴𝐹]  +  𝐴𝑣[𝑆𝐴𝐹] 
𝐴𝑣[𝐷𝐵𝐸] =  𝐴𝑣[𝑊𝐵𝐸]  +  𝐴𝑣[𝑆𝐵𝐸]   (30) 

 

The average delay of the shared link, 𝐴𝑣[𝐷𝑆𝐿], which is the 

average delay of the weighted round robin scheduler, is 

therefore given as: 

 𝐴𝑣[𝐷𝑆𝐿] = 𝐴𝑣[𝐷𝑊𝑅𝑅] =  
1

3
{ 𝐴𝑣[𝐷𝐸𝐹] +

 𝐴𝑣[𝐷𝐴𝐹] +  𝐴𝑣[𝐷𝐵𝐸]}     

 

The packet-loss probability of the shared link is defined as: 

𝑃𝑝𝑙−𝑆𝐿  =  𝑃𝑝𝑙−𝑊𝑅𝑅 = 𝜌𝑊𝑅𝑅
𝐾𝑊𝑅𝑅 [

(1 − 𝜌𝑊𝑅𝑅)

(1 − 𝜌𝑊𝑅𝑅

(𝐾𝑊𝑅𝑅+1)
)
]  

 

where 𝜌𝑊𝑅𝑅  is the offered load and 𝐾𝑊𝑅𝑅  is the 

maximum occupancy in the shared link. 

By aggregating the mean delays of the reserved and 

shared links, the total average delay of the proposed 

optimized model is obtained from equation (5) as: 

𝐴𝑣[𝐷𝑀𝑂𝐷𝐸𝐿]  =

 [
1

𝛽𝑀𝑂𝐷(1 − 𝑃𝑝𝑙−𝑀𝑂𝐷)
{𝛽𝑇𝐵(− 𝑃𝑝𝑙−𝑇𝐵)𝐴𝑣[𝐷𝑇𝐵] +   𝛽𝑊𝑅𝑅(1 −

 𝑃𝑝𝑙−𝑊𝑅𝑅)𝐴𝑣[𝐷𝑊𝑅𝑅]}]      (33) 

where 𝛽𝑀𝑂𝐷(1 − 𝑃𝑝𝑙−𝑀𝑂𝐷)  is the total actual 

packet arrival rate to the optimized model; 𝛽𝑇𝐵(1 −

 𝑃𝑝𝑙−𝑇𝐵) and 𝐷𝑇𝐵  are the actual packet arrival rate 

and delay for the reserved link while 𝛽𝑊𝑅𝑅(1 −
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 𝑃𝑝𝑙−𝑊𝑅𝑅)  and 𝐷𝑊𝑅𝑅  are the actual packet arrival 

rate and delay for the shared link. 

Similarly, by aggregating the packet-loss probabilities of the 

reserved and shared links, the total packet-loss probability of 

the proposed model is defined as: 

 𝑃𝑝𝑙−𝑀𝑂𝐷𝐸𝐿 = 𝑃𝑝𝑙−𝑅𝐿 + 𝑃𝑝𝑙−𝑆𝐿   

 = [[𝜌𝑇𝐵
𝐾𝑇𝐵 (

(1 − 𝜌𝑇𝐵)

(1 − 𝜌𝑇𝐵

(𝐾𝑇𝐵+1)
)
)] +

 [𝜌𝑊𝑅𝑅
𝐾𝑊𝑅𝑅 (

(1 − 𝜌𝑊𝑅𝑅)

(1 − 𝜌𝑊𝑅𝑅

(𝐾𝑊𝑅𝑅+1)
)
)]]   (34) 

 

The fundamental QoS requirement that 𝜌 < 1 (𝛽 < 𝜇) is 

therefore ensured in the reserved link by the traffic regulation 

of the Token Bucket. Here, the upper bound of  𝛾  bits/second 

must not be allowed to exceed the bandwidth capacity of the 

reserved link. In the shared link, the traffic regulation of the 

WRR scheduler also ensures that what plays out at every 

instant in time within the run time does not exceed the 

bandwidth capacity. In fact, the computed throughputs 

(equation 21) show that only a fraction of the capacity of the 

link is allocated to each aggregated flow.  
 

V. SIMULATION MODEL 

The proposed QoS-based model is hereby simulated with 

Riverbed (formally OPNET) Modeler version 17.5 [44, 45]. 

Figure 3 illustrates the network topology used for the 

simulation. Nodes n1, n2, n3 and n4 are respectively the 

voice, business/mission-critical data (B/MCD), video and 

best-effort data sources (generators). These nodes are 

connected to the edge switch (n5), which in turn is connected 

to the edge router (n6), all at the sending end. The edge router 

is then connected to the network via a constrained 

(bottlenecked) bandwidth. The connection is similar but 

reversed at the receiving end. At this end, the edge router 

connects the edge switch, which in turn connects the voice, 

B/MCD, video and best-effort data sinks. The link capacity 

between the data sources/sinks and edge switches is 100Mbps 

while that between the edge switches and routers is 1Gbps. 

The capacity of the bottlenecked-link is 2Mbps. The nodes, 

switches, routers and links were appropriately configured 

[33, 34, 35]. The end-to-end delay, packet loss, network 

throughput and resource utilization QoS impairment 

parameters were monitored at the receiving end using each of 

the Coding Schemes. 

 
Figure 3: Simulation Network Topology 

VI. RESULTS AND DISCUSSIONS 

The G.711 (64kbps); G.726 (32kbps) and G.729 (8kbps)) 

coding schemes were each used for the simulation runs. The 

impacts of the different coding schemes on the performance 

of the proposed scheduler algorithm were determined. Hence, 

the performance evaluation comparison of these coding 

schemes in the optimized QoS-based packet scheduling 

algorithm for bandwidth-constrained VoIP networks is 

presented. 

A. CODEC end-to-end Delay Determination 

Figure 4 shows a comparative analysis of the impact of 

the coding schemes on the performance of the proposed QoS 

model in terms of end-to-end packet delay. In the network, 

the variation of the source intensities gave 34.19%, 33.86% 

and 31.94% respectively for G.711, G.726 and G.729. The 

plot shows that the G.729 coding scheme offers the best end-

to-end delay at 8kbps bit rate and therefore guarantees better 

network QoS performance. Recall that of the three coding 

schemes investigated, the G.729 has the least bit rate. This 

fact further validates the optimal performance of the proposed 

QoS model. 

 
Figure 4: Average End-to-End Delay evaluation using  

G.711, G.726 and G,729 CODECs 

 

B. CODEC Packet loss Determination 

In real-time communications, packet losses occur when 

traffic/packets that fail to arrive the receiver timely are 

discarded. Eliminating or reducing packet losses therefore, 

optimizes the quality of service obtainable for time-sensitive 

services such as voice and BCMD. Figure 5 shows a 

comparative analysis of the impact of the coding schemes in 

terms of packet loss. From the Riverbed statistic engine 

script, the plot of G.711, 726, and 729 offered 60%, 33.33% 

and 6.67% respectively. The plots therefore show that G.729 

guarantees lower packet loss in the network, thereby 

validating the optimal performance of the proposed QoS 

model. 
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Figure 5: Average Packet Loss Probability Evaluation using 

G.711, G.726 and G.729 CODECs 

C. CODEC Throughput Determination 

It is know that the lower the CODEC bit-rate, the less 

bandwidth is required for transmission and this translates to 

efficient system performance. However, reliable delivery of 

speech quality is affected by the type of CODEC in place. 

With G.711 higher bit rates of the encoded bit-stream, this 

will give higher voice quality with a trade-off cost on the 

bandwidth or transmission capacity. The lower data rate 

offers good savings in transmitted data rate (i.e., lower bit 

rate). The implication is that this could generate delays for 

voice encoding. A good CODEC scheme compresses the 

voice signal for stable network throughput.  

 

Figure 6 shows a comparative analysis of the impact of 

the coding schemes in terms of total available throughput. 

From the Riverbed statistic engine script, the plot of G.711, 

726, and 729 offered 57.38%, 32.78% and 9.83% 

respectively. The plots therefore show that the G.711 coding 

scheme has the highest throughput, followed by G.726 and 

then G.729. This result is obvious since the G.711 has the 

highest bit rate.  As such a trade-off is necessary to satisfy the 

demands of network QoS. For VOIP networks, G.729 offers 

a satisfactory throughput while maintaining optimal 

bandwidth consumption, packet loss probability and end-to-

end, absolute transmission (mouth-to-ear) delay.  

 
Figure 6: Average Throughput Performance Evaluation using  

G.711, G.726 and G.729 CODECs 

 

D. CODEC Resource Utilization Determination 

Figure 7 shows the network resource utilization 

considering the offered load intensities. By controlling and 

managing network resources through priority setting for 

traffic sources on the network, resource utilization is fairly 

distributed. It was observed that with traffic connection 

request, resource allocation/utilization for G.711, G.726 and 

G.729 normalized with increasing source intensity. The 

utilization offerings were obtained as 44.44%, 37.04% and 

18.52% respectively. This shows that G.729 had the least 

resource utilization, hence suitable for high performance 

network. This fact also validates the optimal performance of 

the proposed hybrid architecture since G729 has the least bit 

rate compared with G.711 and G.726 schemes.  

 
Figure 7: Average Resource Utilization Performance Evaluation using 

G.711, G.726 and G.729 CODECs 

 
Table 1: Comparison of QoS Performance of the Proposed Algorithm using different CODEC Schemes 

 
 

S/N 

Quality of Service Performance Metrics CODEC Schemes 

G.711 (64kbps) G.726 (32kbps) G.729 (8kbps) 

1 End-to-End Delay 34.19% 33.86% 31.94% 

2 Packet Loss 60% 33.33% 6.67% 

3 Throughput 57.38% 32.78% 9.83% 

4 Resource Utilization 44.44% 37.04% 18.52% 

5 Mean Opinion Score (MOS) 4.1 3.85 3.92 

VII. CONCLUSIONS 

A summary of the comparison of the QoS performance 

evaluation for G.711, 726, and 729 coding schemes is given 

in Table 1. The Mean opinion score (MOS) are respectively 

placed at 4.1, 3.85 and 3.92. From industry perspective, the 

highest MOS score is 4.1. But this has serious cost 

implications in bandwidth-constrained VoIP networks as 

observed in network throughput performance. Hence, the 

G.729 coding scheme, which has the lowest bit rate offers the 
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best performance in end-to-end delay, packet loss and 

resource utilization. It therefore guarantees better network 

QoS performance. This fact validates the optimal 

performance of the proposed hybrid QoS-based multimedia 

model in bandwidth-constrained VoIP networks. Owing to 

the growing volume of critical data generated by cyber-

physical computer and other online electronic systems, the 

need for the development of more robust multimedia 

architectures has become imperative. 
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