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 Background: LTE has the capability to move towards the 4G wireless systems. Initially, 

3GPP considers higher data rates, lower latencies and offeringmultimedia services such 

as VoIP, video streaming and BE. Thus, a good packet scheduling scheme that can 

copes with both service classes simultaneously, delivers balanced QoS and utilizes the 

system radio resources efficiently is the solution to this.The objective of this study is to 
determine the most suitable packet scheduling algorithm in order to schedule the video 

and VoIP flows. The performance of these packet scheduling algorithms are evaluated 

based on the performance metric of throughput, delay, and jitter. The results show that 
CQA algorithm outperformedthe other algorithms since it has the lowest delay and high 

throughput. Thus it can be concluded that CQA is the most suitable algorithm to 

schedule the video and VoIP flows. 
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INTRODUCTION 

 

Recent advance research has developed a large variety of smart mobile devices, which are powerful enough 

to support a wide range of multimedia traffic (e.g. voice over internet protocol (VoIP), video streaming, and 

multiplayer interactive gaming) and also the legacy mobile services such as voice, Short Message Service (SMS) 

and Multimedia Messaging Service (MMS). These new multimedia applications require high data rates and 

power to provide better Quality of Service (QoS). However, due to the low transmission rate and high service 

costs, the 3G (third generation) technology has been unsuccessful in delivering ubiquitous/high-speed mobile 

broadband [1]. 

To address the mobile broadband requirements, the Third Generation Partnership Project (3GPP) introduced 

the new radio access technology namely the Long Term Evolution (LTE) which has the capability to move 

towards the fourth generation (4G) wireless systems. Initially, 3GPP considers higher data rates, lower latencies 

and offering emerging multimedia services such as VoIP, HD video streaming, and multiplayer interactive 

gaming. These performance parameters have created new challenges, which are required to be handled in an 

efficient way. 

Furthermore, the equal growth of the real-time (RT) and non-real time (NRT) services has become a 

challenge to the providers.  More services are transmitted through the wireless networks, such as video streaming, 

VoIP and Best Effort (BE) [2]. Thus, a good packet scheduling scheme that copes with both service classes 

simultaneously, delivers balanced QoS and utilizes the system radio resources efficiently is the solution to this. 

 

Overview of scheduling in LTE network: 

Scheduling is a process of allocating the physical radio resources among users so as to fulfill the QoS 

requirement of the multimedia services. The aim of the scheduling scheme is to maximize the overall system 

throughput while maintaining the fairness, delay and packet loss rate within the QoS requirements to satisfy the 

end users’ quality experience (QoE) [3]. 

Generally, users are classified depending on their traffic characteristics such as RT and NRT traffics. For RT 

traffic such as video, VoIP and online gaming, the scheduling must guarantee that the QoS requirements are 

satisfied. The parameters of packet lost rate and delay play a vital role in provisioning the QoE. The RT traffic 

packets must arrive to user within certain delay threshold, otherwise the packet is considered lost or discarded [3]. 

The NRT services do not have strict requirements and are categorize as the best-effort service class. They are 
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served when there arespare resources available [4]. Thescheduling decisions can be made on the basis of the 

following parameters: QoS parameters, Channel Quality Indicator (CQI), resource allocation history, and the 

buffer status of both, the eNodeB and the UE [3]. 

LTE system is adopting the Orthogonal Frequency Division Multiple Access (OFDMA) in the downlink 

which is OFDMA as a multicarrier access technology that divides the available bandwidth into multiple narrow-

band subcarriers and allows packet scheduling to be performed both in time and frequency domains [4]. Although 

the LTE specification define both Frequency Division Duplex (FDD) and Time Division Duplex (TDD), the 

market preferences dictate that majority of the deployed system will be using the FDD [5]. 

In the downlink transmission, each user experiences different instantaneous downlink channel conditions 

(e.g. signal to noise ratio, SNR) at each time due to the frequency-selective fading nature and the movement of 

users respectively [6]. The radio resource that is allocated to a user in the downlink transmission contains both 

frequency and time domains and is called a resource block (RB). In the frequency domain, the RB consists of 12-

subcarriers (with a total bandwidth of 180 kHz) while in the time domain it is made up of one time slot of 0.5 ms 

duration [7]. A time slot consists of either 6 or 7 OFDM symbols, depending on whether it is a long or short 

cyclic prefix [8]. Scheduling in this system is performed at 1 ms interval (transmit time interval, (TTI)) and two 

consecutive RBs (in time domain) are assigned to a user for a TTI [9]. The graphical representation of the 

downlink LTE resource block is shown in Figure 1. 

 

 
 

Fig. 1: The Resource Block of LTE in the downlink transmission [7] 

 

A generalized model of packet scheduling algorithm in the downlink 3GPP LTE system is illustrated in 

Figure 2. It is observed that, each user is assigned a buffer at the serving eNodeB. Packets arriving into the buffer 

are time stamped and queued for transmission based on a first-in-first-out basis. In each TTI, the packet scheduler 

determines which users are to be scheduled based on a packet scheduling algorithm. In this system, there is a 

possibility that a user may be allocated zero, one or more than one RBs at each TTI [9]. 

 

 
Fig. 2: Generalized Model of Packet Scheduling in the Downlink 3GPP LTE System [9] 
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1. Packet scheduling algorithm in NS-3: 

a) Round Robin (RR) Scheduler: 

The RR scheduler is probably the simplest scheduler found in the literature. It works by dividing the 

available resources among the active flows, i.e., those logical channels which have a non-empty radio link control 

(RLC) queue. If the number of resource block groups (RBGs) is greater than the number of active flows, all the 

flows can be allocated in the same subframe. Otherwise, if the number of active flows is greater than the number 

of RBGs, not all the flows can be scheduled in a given subframe; then, in the next subframe the allocation will 

start from the last flow that was not allocated [10]. 

 

b) Proportional Fair (PF) Scheduler: 

The PF scheduling algorithm provides a good tradeoff between system throughput and fairness by selecting 

the user with highest instantaneous data rate relative to its average data rate. However, in every block PF 

scheduler informs the UEs about their allotted slot positions of radio resources thus increasing scheduler 

complexity and overhead [11].   

Let i, j denote generic users; let t be the subframe index, and k be the resource block index; let 𝑀𝑖 ,𝑘  (𝑡) be 

modulation coding and scheme (MCS) usable by user i on resource block k according to what reported by the 

analog and modulation coding (AMC) model. Finally, let 𝑆 (𝑀, 𝐵)  be the transport block (TB) size in bits for 

the case where a number B of resource blocks is used. The achievable rate 𝑅𝑖(𝑘, 𝑡) in bit/s for user i on resource 

block group k at subframetis defined as  

 

𝑅𝑖 𝑘, 𝑡 =  
𝑆  𝑀𝑖 ,𝑘   𝑡 ,1 

𝜏
                                                                                                                                            (1) 

 

where𝜏 is the TTI duration. At the start of each subframet, each RBG is assigned to a certain user [12]. 

 

c) Priority Set Scheduler (PSS): 

PSS is a QoS aware scheduler which combines time domain (TD) and frequency domain (FD) packet 

scheduling operations into one scheduler. It controls the fairness among UEs by a specified Target Bit Rate 

(TBR). 

In TD scheduler part, PSS first selects UEs with non-empty RLC buffer and then divide them into two sets 

based on the TBR: 

•  set 1: UE whose past average throughput is smaller than TBR; TD scheduler calculates their priority 

metric in Blind Equal Throughput (BET) style: 

𝑖𝑘  𝑡 = 𝑎𝑟𝑔𝑚𝑎𝑥𝑗 =1,….,𝑁  
1

𝑇𝑗  𝑡 
                            (2) 

 set 2: UE whose past average throughput is larger (or equal) than TBR; TD scheduler calculates their 

priority metric in Proportional Fair (PF) style: 

𝑖𝑘  𝑡 = 𝑎𝑟𝑔𝑚𝑎𝑥𝑗 =1,….,𝑁 (
𝑅𝑗  (𝑘 ,𝑡)

𝑇𝑗  𝑡 
)             (3) 

UEs belonged to set 1 have higher priority than ones in set 2. Then PSS will select 𝑁𝑚𝑢𝑥  UEs      with highest 

metric in two sets and forward those UE to FD scheduler. In PSS, FD scheduler allocates RBG k to UE n that 

maximum the chosen metric [13]. 

 

d) Channel and QoS Aware (CQA) Scheduler: 

The Channel and QoS Aware (CQA) Scheduler is an LTE MAC downlink scheduling algorithm that 

considers the head of line (HOL) delay, the guaranteed bit rate (GBR) parameters and channel quality over 

different subbands. The CQA scheduler is based on joint TD and FD scheduling. In the TD (at each TTI) the 

CQA scheduler groups users by priority. The purpose of grouping is to enforce the FD scheduling to consider first 

the flows with highest HOL delay [14].  

The grouping of metric, 𝑚𝑡𝑑  for user j = 1,…,N is defined in the following way: 

𝑚𝑡𝑑
𝑗

(𝑡) =   
𝑑𝐻𝑂𝐿
𝑗

(𝑡)

𝑔
                (4) 

where𝑑𝐻𝑂𝐿
𝑗

(𝑡) is the current value of HOL delay of flow j, and g is a grouping parameter that determines 

granularity of the groups, i.e. the number of the flows that will be considered in the FD scheduling iteration. The 

groups of flows selected in the TD iteration are forwarded to the FD scheduling starting from the flows with the 

highest value of the 𝑚𝑡𝑑  metric until all RBGs are assigned in the corresponding TTI.  

In the FD, for each RBG, k = 1,…,K, the CQA scheduler assigns the current RBG to the user j that has the 

maximum value of the FD metric which we define in the following way: 

 

𝑚𝑓𝑑
(𝑘 ,𝑗 )

(𝑡)  =  𝑑𝐻𝑂𝐿
𝑗

(𝑡). 𝑚𝐺𝐵𝑅
𝑗

(𝑡). 𝑚𝑐𝑎
𝑘 ,𝑗

(𝑡)             (5) 
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Simulation environment and parameters: 

This paper has been implemented in the NS-3 simulator [15] along with the LTE-EPC Network Simulator 

(LENA) module. The applications studied are three video traffic and VoIP traffic flows per UE. For the video 

application, an MP4 video is streamed using Evalvid Server Helper. EvalVid is an open-source project, and 

supports trace file generation of MPEG-4 as well as H.263 and H.264 video [16]. On the other hand, the VoIP 

application used the G.711codec to represent the on-off application. 

The COST-231propagation loss model was used in this simulation. This model is similar to the Okumura 

Hata Model and the frequency ranges from 1500 to 2000 MHz. Moreover, COST-231 model demonstrated 

highest path loss estimation values for urban environments. Table 1 tabulated the paramaters deployed in the 

simulation. 

 
Table 1: Lte Downlink Simulation Parameters 

Parameter Value 

Simulation duration 5s 

EnodeB 1 

Frame structure FDD 

Bandwidth 25 (DL transmission bandwidth in no. of RB) 

Packet Interval 1ms 

Radius 60m 

UEs number From 20 to 100 

User speed Constant velocity (10 m/s) 

QoS Services 1)GBR Conversational video 

2)GBR Conversational VoIP 

VoIP codec G.711 

VoIP guaranteed bit rate 12.2 kbps 

Video file st_highway_cif (MPEG-4) 

Video guaranteed bit rate 64 kbps 

Pathloss Model Cost231 Propagation Loss Model 

 

2. Simulation results and discussion: 

This paper evaluates four scheduling algorithms Round Robin (RR), Proportional Fairness (PF), Priority Set 

(PSS) and Channel and Quality Aware (CQA). CQA, PF and PSS are define as the channel aware scheme 

because the algorithms consider the channel information when making the scheduling decision. A channel-

aware scheduler is more suited especially for the wireless environment. The performance metrics of throughput, 

delay, and jitter were analyzed.  A single cell with multiple UE and downlink traffic was considered for this 

paper. In this simulation, we focus on the real-time traffic deployment since the QoS requirement is quite 

stringent. Furthermore, with a large variety of smart mobile devices in the market recently, it will be easier for 

users to stream and download video while calling through VoIP. VoIP mobile phone service allows users to 

make unlimited inexpensive or free calls using voice over IP technology at any time. 

Figure 3 shows the video throughput performance with the increasing number of UEs which is from 20 to 

100 respectively. We observed that when the UE exceeds 60, CQA algorithm delivers the lowest throughput 

while PF and RR are delivering the highest. The RR and PF schedulers in the NS3 are mainly develop to 

maximize the system throughput. Simulation results have shown that the RR and PF algorithms are delivering the 

highest throughput. The throughput parameter in this simulation represents the total amount of packets 

successfully transmitted through air interface from eNodeB to all the active flows of all UEs in bits/s [18]. 

There is no significant variation of throughput delivered for the VoIP flows as shown in Figure 4. This is 

because; packets associated with voice traffic must be given very high priority and assigned to a guaranteed 

bandwidth channel to ensure the packet delivery within an acceptable delay limit [19]. 
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Fig. 3: Average throughput per video flow 

 

 
 

Fig. 4: Average throughput per voice flow 

 

Delay is define as the time measured from a user sending a piece of data, request download or a webpage to 

load, to the time when the user gets a response, whichis sometimes more important than the bit rate offered [17].  

Figure 5 and 6 demonstrate that video and VoIP flows have longer latency when there are more UEs in the 

cell. It is obvious that the delay suffered by both flows is higher when the number of user exceeds 60. The delay 

of video and VoIP flows for the CQA algorithm is the lowest as compared to the other three algorithms. The 

CQA algorithm considers the HOL delay in allocating the RB to the UE thus, contributing to the lowest delay 

delivered.  
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Fig. 5: Average delay per video flow 

 

 
 

Fig. 6: Average delay per voice flow 

 

Jitter occurs when packet are sent and received with timing variations, which can degrade the user’s 

perceived quality of voice or video.To ensure QoE, the 3GPP standard has specified the delay and jitter 

guideline for VoIP and video streaming to be less than 100ms and 150ms respectively [19]. We can observe 

from Figure 7 and 8, the RR scheduler has the lowest jitter as compared to other three algorithms. Basically, 

packets arriving into the buffer are time stamped and queued for transmission based on a first-in-first-out basis. 

In each TTI, the packet scheduler determines which users are to be scheduled based on the packet scheduling 

algorithm. Thus, if the packets are schedule in a form of resource block group, the timing variation between one 

packet to another is smaller and the packet lost is lower.  
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Fig. 7: Average jitter per video flow 

 

 
 

Fig. 8: Average jitter per voice flow 

 

A scheduling algorithm is said to be fair if the difference in the normalized services received by different 

service flows in the schedule is bounded.  

𝑓(𝑥) =  
( 𝑥𝑖)

2

𝑛  𝑥𝑖
2  𝑥 ≥ 𝑖               (6) 

This equation of 6 [20] measures the equality of user allocation, 𝑥. If all users get the the same amount of 

throughput, which is𝑥𝑖’s are equal, then the fairness index is equal to 1, and the system is said to be 100% fair.  

From the fairness evaluation, we observed that the fairness value for CQA, PSS and PF are much higher 

than the RR which is0.7 whereas the fairness value for RR algorithm is 0.6.  

 

Conclusion: 

This paper evaluates the performance of four packet scheduling algorithms in LTE cellular networks. The 

performance metric such as throughput, delay and jitter are analyzed for the video streaming and VoIP 

applications. The results from simulation show that CQA algorithm outperformed the other algorithms in video 

and voice flow since it has the lowest delay, delivers high throughput and has the high value for fairness. Even 

though the CQA algorithm has the highest jitter but it is still within the range specified by the3GPP standard. 

Hence, it can be concluded that CQA algorithm is the most suitable algorithm to schedule video and VoIP flow 

Future research will focus on identifying the non-real time applications such as TCP and BE. 
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