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The main objective of this article is to propose and evaluate solutions for QoS guarantee of voice 

and multimedia traffic at the radio uplink interface of LTE networks. A novel queue named a Dynamic 

queue management of Partial shared buffer with Mixed Priority (DPMP) system for QoS control in 

LTE Uplink is proposed. DPMP scheme provides dynamic preferential treatment to the different mixed 

traffic flows to suit their QoS requirements. With DPMP queuing system, the real-time component of 

the mixed traffic, which is delay sensitive and loss tolerant, is given time transmission priority with 

active management of the time queue length; while the non-real-time component, which is loss 

sensitive and delay tolerant, is given space priority. A new buffer management algorithm for joint QoS 

guarantee of the different components of users concurrently running multiple services is proposed. A 

DPMP based buffer management real time simulation model for LTE Uplink is designed. The article 

presents results of extensive performance studies undertaken via simulation modeling demonstrating 

the effectiveness of the proposed queuing system and the DPMP based buffer management schemes. 
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I. Introduction 

Cellular communication systems have continued to 

evolve beyond the currently deployed 3G systems 

with the aim of providing higher traffic capacity. The 

4G systems are expected to give a wide variety of 

services such as voice, data, image transmission, 

video, as well as multimedia services consisting of a 

combination of these. With the air interface being the 

bottleneck in mobile networks, recent enhancing 

technologies such as the LTE and LTE-Advanced 

incorporate major changes to the radio access segment 

of 3G Universal Mobile Telecommunications System 

(UMTS). LTE and LTE-Advanced introduces new 

features like faster data rate transfer, fast packet 

scheduling, physical layer retransmissions in the base 

stations. The air interface again is a bottleneck to end-

to-end communication. If we want to guarantee end-

to-end Quality of Service (QoS) to multimedia 

services in LTE, we will need a efficient buffer 

management schemes at the air interface.  

Though LTE offers high peak bit rates because of 

limited radio resources, big number of proposed 

services, new features and new requirements, the 

wireless link is still likely to be the bottleneck of an 
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end-to-end connection. In an overload situation, 

meaning a situation where the incoming data rate to 

the link is larger than the outgoing data rate from the 

link, the excess data is temporarily stored in the 

memory. If the overload continues, the data queue 

will accumulate and finally exceed the physical 

limitation of the buffer. Then some data have to be 

discarded. The straightforward way to handle this 

problem is discarding the incoming data when the 

buffer is full. This approach is intuitive and easy to 

implement, however, it may cause a number of 

problems e.g. large packets delay, unfair sharing, 

buffer overflow etc. In order to overcome these 

problems, some more sophisticated methods are 

developed; for example, Drop-tail [1], Random Early 

Detection (RED) [2], Packet Discard Prevention 

Counter (PDPC) [3]. The main idea of all these 

methods is to drop packets before the buffer is full 

which will maintains the queue size, delay and losses 

in an appropriate value. 

II. QoS guarantee methods in radio access 

network of 3G and 4G 

According to [4], QoS is defined as the ability of 

the network to provide a service at an assured level. 

QoS include all methods, mechanisms and procedures 

in the core network, wireless network and terminals 

that ensure the provision of the negotiated service 

quality or quality attributes (bearer service) between 

the user terminal (UT) and the core network (CN). 

Some QoS methods and mechanisms in different parts 

of the network will be joined to work together in 

delivering an end-to-end QoS (consistent treatment 

and inter-working between QoS mechanisms 

implemented in different network domains). 

In a 3G and 4G network environment, there is a 

wide range of QoS parameters. The basic QoS 

parameters are packets delay (latency), bandwidth, 

packets jitter, and packets loss. However, to provide 

QoS for the multi-class traffic in the 3G and 4G 

network environment is not as easy task. Mobile 

communication today has providing varying levels of 

coverage and QoS. [5] 

Networks for mobile communication are typically 

divided into a Radio Access Network (RAN) and a 

Core Network. The RAN handles functionality related 

to the physical and link layers such as coding, 

interleaving, modulation, header compression etc. It 

may also handle security functions, ciphering and 

functions related to managing the radio resources. The 

core network handles for example subscriber 

information, data policy control and interconnection to 

external networks. The work with the specification of 

the core network in LTE is called System Architecture 

Evolution (SAE). Important design philosophies for 

LTE were to have a RAN with only one type of node, 

called the eNode-B, and a core network that as far as 

possible is independent of the radio access technology 

used, the later in order to let the core network be able 

to use legacy systems and other technologies such as 

WiMAX .[17] 

The QoS management functions in the Radio 

Access Networks (RAN) are responsible for efficient 

utilization of radio interface and transport resources. 

They are also commonly known as Radio Resource 

Management (RRM) algorithms in the literature. 

RRM algorithms are needed to guarantee QoS and 

they include: power control (PC), handover control 

(HC), admission control (AC), load control (LC) and 

packet scheduling (PS). [6] 

Power control is a connection-based function 

required to keep interference levels at a minimum. 

Handover control is also a connection-based function 

needed in cellular systems to handle the mobility of 

terminals across cell boundaries. AC, LC and PC are 

cell-based QoS management functions required to 

guarantee the QoS and to maximize the cell 

throughput for a mix of different bit-rates, service 

applications and quality requirements. 

The interference situation is more complex for the 

LTE uplink compared with LTE downlink. The 

influence of Signal to Interference plus Noise Ratio 

(SINR) not only depends on the occupation of 

resource blocks (RBs) in the interfering cell, but also 

on which user terminal (UT) is occupying these RBs. 

Moreover, there is greater interference variance in the 

uplink channel as compared to the downlink. For these 

reasons we can concluded that the uplink is a 

bottleneck for voice and data capacity. 

Uplink admission control and packet scheduling 

of LTE has been considered in previous papers. 

Representative works are: [7] considers allocation of 

fixed size resource chunks of information to UTs, [8] 

extends this approach where each RB and UT is 

associated with a metric (which cannot capture 

power constraint at power limited UT), a similar 

(RB, UT) metric is considered in [9]. These methods 

do not extend to solving a general QoS guarantees 

problem considered in this paper. Semi-persistent 

scheduling for voice over IP (VoIP) is considered in, 

for example, [10]. In [11] heuristics for maximizing 

utilities of UTs in each sub frame in the presence of 

frequency selective fading but no fractional power 

control were considered. Similarly, heuristics to 

satisfy minimum rate constraints of most users and 

maximize the sum rate were considered in [12], 
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heuristics to maximize sum weighted rate were 

designed in [13], and algorithms for long term 

proportional fairness were considered in [14], [15]. 

All types of packet scheduling and admission control 

approach does provide class differentiation to 

support users that are running several applications 

simultaneously, it does not take buffer or queue 

management into account. Whereas, because the 

packet scheduling functionality necessitates data 

buffering at the edge of the radio access network, 

where the bottleneck to end-to-end communication 

exists, buffer management techniques are vital to 

enhancing network and radio resource utilization as 

well as improving traffic performance. Most 

importantly, buffer management will allow for QoS 

control to cater for the diverse performance 

requirements of multiple flows simultaneously 

transmitted to the same user on LTE shared channel. 

The benefits of the buffer management schemes at 

the base stations and user terminals, rather than 

relying on packet scheduling algorithms and 

admission control alone for QoS provisioning, are 

manifold. Here are some of the main benefits of the 

buffer management [17]: 

• Queue-based service differentiation: Most of the 

existing scheduling algorithms are designed for 

inter-user / multi-user scheduling assuming of 

single service per user. Buffer management 

schemes can be designed to allow such 

algorithms with multiple services per user, by 

enabling differentiated queuing mechanisms.  

• Enhanced QoS control: Buffer management 

schemes can allow not only delay differentiation, 

but also loss differentiation through effective 

buffer access control mechanisms. This multi-

dimensional differentiation / prioritization 

property of buffer management allows various 

combinations of different types of priorities to be 

attached to multiple flows thereby enabling a 

more powerful QoS control capability.  

• Efficient buffer utilization: The efficient 

utilization of buffer space can lead to improved 

traffic performance. 

• Flexibility: Buffer management allows inter-

class priority handling to be separated from the 

inter-user packet scheduling functionality; thus 

allowing efficient buffer management schemes to 

be designed for priority handling and QoS 

control while re-using existing packet scheduling 

(and admission control schemes). 

In LTE, packet delays are not explicitly reported 

by the UT to the base-station. 

 

III. Dynamic queue management of partial 

shared buffer with mixed priority  

Because the packets are queued at UT, the end-to-

end QoS of multiple-flow connections may be 

affected if appropriate queue management techniques 

are not used. When the multimedia sessions have 

flows or services with diverse QoS requirements such 

as concurrent Real Time (RT) and Non-Real-Time 

(NRT) services in the same session, the problem of 

QoS provisioning becomes even more challenging. 

The 3GPP LTE and LTE-Advanced specifications do 

not include specific buffer management algorithms for 

user terminal operation therefore allowing for network 

performance optimization through any 

implementation the operator may see fit. Furthermore, 

due to the fact that queuing delays at the air interface 

nodes typically exceed the transmission delays to the 

mobile nodes, especially when the cell is highly 

loaded, application of buffer management techniques 

at the radio interface is particularly crucial to QoS 

performance enhancement. Additionally, employing 

buffer management techniques at the air interface can 

improve both network and radio resource utilization 

efficiency leading to an increase in system capacity. 

[17] In this paper we propose a user terminal buffer 

management model for LTE Uplink based on the 

mixed priority queuing scheme as a solution for user 

sessions with RT and NRT services being uploaded 

concurrently from the same user.  

Dynamic Queue Management of Partial Shared 

Buffer with Mixed Priority (DPMP) is a fine-buffer 

priority queuing system with capacity of k packets that 

enables joint QoS control of ongoing multimedia 

session with real-time and non-real-time flows at the 

user terminal uplink over a shared wireless channel. In 

DPMP a single queue is utilized as shown in Figure 1, 

with a threshold Th, which controls the admission of 

RT packets into the queue. Since RT flow is delay 

sensitive, the queuing of arriving RT packets proceeds 

in a FIFO manner in front of the NRT packets. We 

can say that this is a class 1. On the other hand, RT 

flow is to some extent loss tolerant, hence threshold 

Th is used to limit the total number of RT packets in 

the queue and at the same time accord the NRT 

packets buffer space priority (class 2). Consequently, 

RT delay is minimized with time priority, while at the 

same time, NRT loss is minimized with the space 

priority mechanism. In the buffer the RT packets are 

placed all the time in front of the NRT packets, until 

they reach the threshold limit Th. 

Another important feature of the DPMP queuing 

system is that RT packets assume a limited ‘higher 

space priority’ up to the threshold limit Th, at 
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instances when a full buffer is encountered by an 

arriving RT packet. This is achieved implementing a 

Last in First Drop (LIFD) policy where the packet at 

the tail of the (NRT) queue is dropped to admit the 

arriving RT packet that meets a full buffer, as long as 

the total number of RT packets in the DPMP is less 

than the threshold Th. Note that the effect of this 

‘LIFD displacement’ policy is expected to give only a 

slight increase in overall NRT loss if the threshold Th 

is small in comparison to the total DPMP size k. 

Hence, the total number of NRT packets allowed in 

the buffer can range from k, the total queue capacity, 

to k-Th, which further minimizes loss of NRT packets. 

The complete sharing of the buffer space by both 

classes also ensures high buffer utilization and results 

in lower overall packet loss probability compared to 

non-sharing. Furthermore, NRT packet loss 

minimization in the user terminal buffer results in 

better network resource utilization and improves the 

performance of higher layer protocols, because lost 

NRT packets typically must be retransmitted by 

means of error control mechanisms with consequent 

degradation in end-to-end throughput and waste of 

transmission resources. 

The Dynamic Queue Management Processor is a 

responsible for a dynamic threshold Th. A viable way 

of assuring continuous QoS provisioning for both 

classes of traffic is to jointly optimize the QoS 

parameters for a given set of system and traffic 

parameters. This can be achieved by deriving the 

optimum DPMP threshold Th, through a cost function 

G. The weighted grade of service cost function G is 

used to determine the optimum operating threshold 

position for a given set of traffic and system 

parameters. This function is calculated form Head of 

Line Delay (HoLD), Buffer Status Report (BSR) and 

the intensities of the input flows. In order to facilitate 

semi real-time optimization of the multimedia QoS, 

Dynamic Queue Management processor needs to be 

invoked to update the optimum threshold Th, which 

can be done in the following possible ways: 

• Time period update (TPU): it will involve 

updating the input traffic and service process 

parameters at regular intervals, so that the 

analytic model can be used to find the Th value 

that minimizes the G criterion, which will then 

be used as the threshold value in the time space 

priority buffer management algorithm until the 

next update.  

• QoS requirements update (QoSU): If an initial 

value for Th is determined using the QoS 

requirements given in the traffic profile of the 

user, the system is then invoked to update the 

threshold Th whenever a given QoS performance 

measure (blocking or delay) exceeds a given 

allowable value. 

• Arrival pattern update (APU): Changes in the 

traffic arrival pattern can also be used to invoke 

the system to calculate a new optimum value Th 

for the buffer optimization. For example, when 

variation in arrival rates of RT and NRT traffic is 

detected, a new optimum value for Th can be 

recalculated. 
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Fig.1. Dynamic Queue Management of Partial Shared Buffer with Mixed Priority (DPMP) 
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IV. Simulation model description 

A functional model of mixed priority buffer and 

dynamic queue management processor has been 

offered and described. A real-time simulation model 

of DPMP has been developed. The model is designed 

in MatLab and C language. For the different RT and 

NRT traffic classes are used models from LTE Link 

Level Simulator (Vienna LTE Simulators v1.4r715). 

The basic system modeling assumptions are: User 

terminal maintains a session comprising two classes of 

flows; a real-time (RT) flow and a non-real-time 

(NRT) flow with independent packet arrivals to the 

buffer. For RT flows are used models of three 

different RT services: Conversational Voce (QCI=1) - 

Source rate 12.2 Kb/s, Encoder frame length 20 ms, 

Voice activity factor (VAF) 50% α = β = 0.01. Live 

Streaming Conversational Video (QCI=2) – Source 

rate 64 Kb/s. Inter-arrival time between the beginning 

of each frame is Deterministic at 100 ms (10 frames 

per second); The number of packets in a frame are 

with Deterministic distribution (8 packets per frame); 

Packet size have a Truncated Pareto distribution, 

mean = 10 Bytes, maximum = 250 bytes (before 

truncation). Real Time Gaming (QCI=3) – An initial 

packet arrival time is uniformly distributed between 0 

and 40 ms; The packet inter-arrival time is 

deterministic with a packet appearing every 40 ms. 

The packet size has Fisher–Tippett distribution. The 

packets are queued according to the described DPMP 

mechanism in a single queue of limited capacity of 

700 packets (k=700) for the connection. Packet 

transmission times independent and exponentially 

distributed. Packets are transmitted on an uplink 

channel in a non-preemptive manner.  

A Complete Buffer Sharing (CBS) with Drop-tail 

mechanism and Complete Buffer Partitioning (CBP) 

models are developed to investigate the DPMP 

functionality. 

The weighted grade of service cost function for the 

Dynamic Queue Management Processor [17] is: 
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In this function λ1 and λ2 are the arrival intensity of 

class 1 (RT traffic flow) and class 2 (NRT traffic 

flow). B1 and B2 are the loss probabilities of the two 

input flows. Wq1 and Wq2 are delay times for the RT 

and NRT flow. Correspondingly CB1 and CB2 are the 

blocking weighted coefficients, while CW1 and CW2 

are the head of line delay weighted coefficients. It’s 

used TPU to update the optimum threshold value Th. 

The replacement strategy known as Last in First Drop 

(LIFD) is used for Push-Out mechanism of the time 

priority queue.  

V. Numerical results and analysis 

In Figure 2, the results on investigation of 

teletraffic system G+M/G/1/k(Th) are shown. The RT 

traffic is Live Streaming Conversational Video 

(QCI=2) and the NRT traffic is Poisonian. The overall 

traffic (RT traffic + NRT traffic) is 0,85 Erl and k=10. 

The maximum value of the threshold during the 

simulation is 5.  

It can be seen that DPMP and the CBP schemes 

generally achieve the lowest mean RT flow delay due 

to the service prioritization. Note that even though 

DPMP also uses a limiting threshold, Th, the 

precedence queuing and service (time) priority for RT 

flow, which are features absent in CBS, not only 

minimizes RT queuing delay but also allows transfer 

of RT packets from user terminal. 
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Fig.2. Mean RT waiting time as a function of  NRT traffic 

component in concurrent RT and NRT traffic for DPMP, 

CBP and CBS queuing. 

An increase in the traffic ratio on the x-axis 

represents increase in NRT traffic component and a 

corresponding decrease in RT component i.e. the 

increase in the NRT flow component causes further 

stalling of RT flow in the user terminal RT queue, 

leading to corresponding increase in delay. The 

opposite effect can be observed in the DPMP or CBP 

curves i.e. RT delay lowers with decreasing RT flow 

component. 

From Figure 3, it can be observed that the total 

blocking probability (loss probability), B2, of NRT 

flow generally increases as the buffer partition 
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threshold Th is increased from 50 to 500. Several 

factors influence the loss of NRT packets in the 

DPMP system. One is the priority access to service 

given to RT packets, which causes longer retention of 

NRT packets in the buffer and consequent loss due to 

blocking of arriving NRT packets on full buffer. The 

other is the intensity of the NRT flow arrival itself. 

The higher NRT intensity implies greater losses due to 

blocking since the buffer fills up quicker. 
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Fig.3. NRT total loss probability (B2) as a function of 

threshold length Th. 

The third factor is the LIFD displacement policy 

which allows arriving RT packets to displace (drop) 

queued NRT packets at full buffer. The increase in 

threshold Th gives more space for RT packets to 

occupy at the expense of NRT packets, thus leading to 

higher NRT losses; but the effect of this will not be 

very noticeable if NRT intensity is low. Figure 3 also 

shows that the increase in NRT service (web 

browsing) total loss probability B2, is more dramatic 

and sharp when we have input flow with the higher 

bursty traffic of the real time gaming (QCI=3). When 

we deal with RT arrival intensity of conversational 

video (QCI=2), buffer utilization is lowered, hence, 

increase in NRT loss probability is less dramatic with 

higher buffer threshold. With low bursty RT traffic the 

conversational voice (QCI=1), the graph shows that 

increasing the buffer threshold Th has very little 

influence on the NRT loss, incurring only a negligible 

amount of NRT packet losses for all the Th values. 

The reason for this is that the impact of RT time 

prioritization in preempting access to service for the 

NRT flow is significantly lower. with low RT arrival 

intensity.  
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Fig.4. RT waiting time (Wq1) as a function of threshold 

length Th. 

From Figures 4, it can be observed that although 

higher Th threshold, aided by the LIFD displacement 

policy, RT delay increases at high rate of the real time 

gaming service (QCI=3). It can be seen that if 

threshold value Th is below 150, RT delay at high rate 

of the real time gaming service (QCI=3), is closer to 

the mean RT delay of conversational video (QCI=2). 

This suggests that lower Th threshold provide better 

RT delay bound that prevents excessive RT delay at 

high RT arrival intensity, albeit at the expense of 

some RT losses. Thus, the DPMP threshold Th, serves 

to provide a delay (and hence jitter) bound, as well as 

guarantees some space for RT packets regardless of 

buffer occupancy via the LIFD (NRT packet) 

displacement policy. Hence, it is important that for a 

given finite total buffer size k, the Th threshold should 

be chosen to minimize RT loss and delay, and at the 

same time minimize NRT loss especially due to LIFD 

displacement.  

VI. Conclusion 

The aim of the work presented in this article is to 

improve QoS guarantees methods with Dynamic 

Queue Management of Partial Shared Buffer with 

Mixed Priority (DPMP) queuing system for in LTE 

Uplink. With DPMP queuing system, the real-time 

component of the mixed traffic, which is delay 

sensitive and loss tolerant, is given time transmission 

priority with active management of the time queue 

length; while the non-real-time component, which is 

loss sensitive and delay tolerant, is given space 

priority. In a dynamic environment such as mobile 

cellular systems, where traffic and channel conditions 

are constantly changing, selecting an optimum Th 

threshold is quite a challenging problem. From the 
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results shown and discussed in the previous section 

we can make some global conclusions for QoS 

parameters in LTE Uplink with DPMP in user 

terminal buffers.  

Packet dropping probability decreases when 

threshold position increases but in case of delay 

tolerant traffic it continuous to increase.  

Latency is high because, response time increases 

for both delay tolerant and delay sensitive traffic 

streams when threshold position increases.  

Jitter employs space priorities for different 

multimedia traffic classes in order to avoid the jitter. 

Throughput depends upon delays.  

Buffers are highly utilized for high priority traffic 

data. It uses a threshold value that limits the access to 

buffer space against priority traffic, and hence it 

cannot achieve better fairness among the resources. 

The average queue length plays an influential part for 

allocating the threshold positions. 

The work in this article could be extended in 

investigating the performance of new optimization 

strategy for RT threshold based on SINR of the uplink 

channel or in extending DPMP providing priority 

control to enable layered prioritization of real-time 

traffic such as video frames when multiplexed with 

non-real-time data in a multimedia session. 
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