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Abstract: With the arrival of LTE standard, it is expected that the mobile voice services 
paradigm will shift from the circuit switched to fully packet switched mode supporting the VoIP 
services. VoIP services took quite a bit of time before they were accepted as the main stream 
telephony service in the fixed networks. To provide VoIP services over the LTE networks with 
appropriate QoS, it is necessary to analyse the performance of such services and optimise the 
network parameters. This paper analyses the performance of VoIP services on the LTE network 
using the FD and the SMP packet scheduling techniques. This work identifies and analyses the 
features of above LTE packet scheduling techniques to enhance the QoS of VoIP services. An 
OPNET-based simulation model is used to analyse the performance of VoIP services on the LTE 
network by incorporating G.711 and G.723 speech coders. The work also studied the 
performance of VoIP services in variable transmission channel conditions. 
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1 Introduction 

Voice is a fundamental telecommunication service which is 
currently implemented in the circuit switched mode in 
mobile telephone networks. With the arrival of long-term 
evolution (LTE) networks, it is expected that the voice 
service paradigm will shift from circuit switched mode to 
packet switched mode. Such a paradigm shift needs to be 
well managed particularly in terms quality of service (QoS) 
management. When the voice over internet protocol (VoIP) 
service will be introduced on the mobile networks it is 
expected that the quality of calls should be at least 
comparable or better than current circuit switched services. 
To support this crucial need, it is necessary to analyses the 
performance of the LTE network to develop packet 
scheduling techniques appropriate for future VoIP services. 
Internet protocol (IP)-based services are already supported 
by the high speed packet access (HSPA) standard of the 3rd 
generation partnership project (3GPP), but the importance 
of IP services will be even higher for the LTE networks, 
which will only support the packet service (PS) domain.  
The evolved universal terrestrial radio access network  
(E-UTRAN) is targeted to support a high number of VoIP 
users. The maximum VoIP capacity of the LTE network 
was reported by the outage limit defined in the TR 25.814 
document and updated in the report 3GPP R1-070674 
(2007). 

Recently, several works have studied the VoIP 
performance on the LTE network concentrating on the 
effect of semi-persistent scheduling on service quality for 
voice users (Puttonen et al., 2008a, 2008b; Persson, 2007; 
Jiang et al., 2007; Fan et al., 2008). Various multi-user 
scheduling strategies such as fair scheduling (FS), dynamic 
subcarrier assignment (DSA), and adaptive power allocation 
(APA) algorithms were examined in the context of the 
orthogonal frequency division multiple access (OFDMA) 
downlink in references (Wong et al., 1999; Kivanc et al., 
2003; Ergen et al., 2003; Song and Li, 2005; Yin and Liu, 
2000). The uplink capacity of VoIP services on the  
E-UTRAN was also investigated in Boussif et al. (2008), 
and Wang and Jiang (2008). These studies took a closer 
look on the capacity and the coverage of the LTE services 
depending on channel conditions based on physical (PHY) 
layer functionalities, and studied the resulting VoIP 
throughput and delay performance of LTE radio access 
network. 

In this paper, we analyse the medium access control 
(MAC) layer functionalities and investigate the VoIP 
service capacity of a LTE frequency division duplex (FDD) 
network, and examine the VoIP capacity of a LTE network 
using a combined PHY/MAC layer simulation model. In 
particular, we compare the service performance of voice 
users in a LTE frequency division network using the  
fully dynamic (FD) and the semi-persistent packet (SMP) 
scheduling techniques. We also analyse the VoIP capacity 
of a LTE network depending on channel bandwidth and 
modulation and coding scheme (MCS) values. Finally, we 
study the impact of the link adaptation and hybrid automatic 
repeat request (HARQ) on the QoS of VoIP users. 

The rest of the paper is organised as follows: in  
Section 2, the overall description of LTE system 
architecture is provided; Section 3 gives a detailed 
description of LTE MAC layer framework; in Section 4, we 
present the simulation model and outline the VoIP services 
models and QoS criterions used for VoIP capacity definition 
in a LTE network; in Section 5, simulation results are 
presented, and the impact of PHY/MAC layer parameters on 
service performance is discussed; the paper is finalised with 
conclusions in Section 6. 

2 LTE system architecture 

Although the main focus of this article is on the LTE MAC 
layer protocols, this section will introduce some background 
information about the overall design of LTE FDD system. 
More detailed description of LTE can be found in reference 
(Holma and Toskala, 2011). 

The LTE-based evolved packet system (EPS) is an 
evolution of the 3GPP system architecture where the vision 
of an all-IP network is finally realised. EPS comprises the 
core network part, called the evolved packet core (EPC) and 
E-UTRAN radio access network, called LTE RAN or 
simply LTE (Figure 1). The functional split between the 
EPC and LTE is illustrated in Figure 2. EPC provides access 
to external IP networks and performs a number of the core 
network related functions (QoS, security, mobility, etc.) to 
terminals in active and idle state. The EPC can also be 
connected to other 3GPP (such as GERAN/UTRAN, GPRS 
and UMTS), and non-3GPP (such as WiMAX or 
cdma2000) networks. LTE performs all radio interface 
related functions to terminals in active state (3GPP  
TS 36.300, 2010; Larmo et al., 2009). 

As shown on Figure 1, EPC consists of one control-
plane node, called a mobility management entity (MME), 
and two user-plane nodes, called a serving gateway (S-GW) 
and a packet-data network gateway (P-GW). LTE comprises 
the base station, called enhanced NodeB (eNB) and mobile 
terminals, called user equipments (UEs). The eNBs are also 
connected to the EPC by means of the S1 interface. The 
interface between eNBs is called the X2 interface. The 
eNBs are also connected to the EPC by means of the S1 
interface (3GPP TS 36.300, 2010; Larmo et al., 2009). 

The LTE user-plane protocol stack is shown on  
Figure 3. The physical layer or LTE Layer 1 (L1) is 
responsible mainly for coding, interleaving and modulation. 
The LTE Layer 2 (L2) is divided to three sublayers:  
the packet data convergence protocol (PDCP), the  
radio link control (RLC) and the MAC sublayers. The 
PDCP sublayer performs IP header compression and 
ciphering, supports lossless mobility in case of inter-eNB 
handovers, and provides integrity protection to higher layer 
control protocols. The RLC sublayer provides automatic 
repeat-request (ARQ), data segmentation and concatenation 
(to minimise the protocol overheads). The MAC sublayer is 
responsible for HARQ, scheduling and random access (RA) 
(3GPP TS 36.300, 2010; Larmo et al., 2009). 
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Figure 1 EPS architecture (see online version for colours) 

 
Source: 3GPP TS 36.300 (2010) and Larmo 

et al. (2009) 

Figure 2 Functional split between EPC and LTE (see online 
version for colours) 

 
Source: Larmo et al. (2009) 

Figure 3 LTE user-plane protocol stack (see online version  
for colours) 

 
Source: 3GPP TS 36.300 (2010) and Larmo 

et al. (2009) 

The downlink transmission scheme of LTE system is based 
on conventional OFDM, where the available spectrum is 
divided into multiple subcarriers, which are modulated 
independently by a low rate date stream. The key features of 
OFDM are robustness against multipath fading and efficient 
receiver architecture. Besides, OFDMA supports multiple 
users on the available bandwidth, i.e., within one 
transmission time interval (TTI) subcarriers can be allocated 
to different users. The uplink transmission scheme of LTE 

system is based on single-carrier frequency division 
multiple access (SC-FDMA), which has better peak-to-
average power ratio (PAPR) properties then OFDMA-based 
signals (3GPP TS 36.300, 2010; Larmo et al., 2009). 

The frame structure of the LTE FDD mode is shown on 
Figure 4. According to this structure, one radio frame with 
duration Tf = 10 ms is divided into 10 equal subframes with 
duration Tsf = 1 ms. Each subframe consists of two basic 
time units (slots) with duration Ts = 0.5 ms (3GPP TS 
36.211, 2009). A basic radio resource unit in the  
LTE standard is called a resource block (RB). One RB 
consists of 12 subcarries with a constant subcarrier spacing 
Δf = 15 kHz, and has a duration of 1 slot. The number of 
RBs, NRB, depends on the channel bandwidth. NRB for 
different bandwidth values is given in Table 1. The capacity 
of one RB depends on the MCS which determines the bit 
rate. The possible MCS values and their code bit rates are 
given in Table 2 (Kela et al., 2008; 3GPP TS 36.321, 2011). 

Figure 4 Frame structure in LTE FDD (see online version  
for colours) 

 
Source: 3GPP TS 36.211 (2009) 

Table 1 The number of RBS for different bandwidth 

Channel bandwidth, 
MHz 

1.4 3 5 10 15 20 

Number of resource 
blocks, NRB 

6 15 25 50 75 100 

Source: 3GPP TS 36.211 (2009) 

Table 2 MCS description 

MCS 
index Modulation Coding 

Rate 
MCS 
index Modulation Coding 

Rate 

0 - - 8 16QAM 0.478516
1 QPSK 0.076172 9 16QAM 0.601563
2 QPSK 0.117188 10 64QAM 0.455078
3 QPSK 0.188477 11 64QAM 0.553711
4 QPSK 0.300781 12 64QAM 0.650391
5 QPSK 0.438477 13 64QAM 0.753906
6 QPSK 0.587891 14 64QAM 0.852539
7 16QAM 0.369141 15 64QAM 0.925781

Source: 3GPP TS 36.211 (2009) 

3 MAC layer design 

3.1 HARQ and link adaptation 

As in any communication system, wireless LTE channels 
experience occasional transmission errors due to noise, 
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interference, and/or fading. Since most of the RLC 
protocols are not prepared to deal with errors in packets, in 
LTE system the erroneous packets are dropped on MAC 
sublayer without forwarding to higher layers. The MAC-
based HARQ scheme is used for this purpose (Larmo et al., 
2009). 

HARQ is a combination of forward error correction 
(FEC) with ARQ. It enables to compensate for errors and to 
provide a better throughput performance. To detect the 
errors, the receiver node uses the cyclic redundancy check 
(CRC). The standard generator polynomials for parity bits 
used in LTE system are given in 3GPP TS 36.212 (2009). If 
the receiver node detects erroneous packet, it will discard it, 
and will send negative acknowledgement (NACK) message 
to the packet sender node. The packet sender node will 
retransmit the packet in 8 ms after receiving the NACK 
message. This process will be repeated until the positive 
acknowledgement (ACK) message is received or until the 
maximum retransmission limit will be reached. If the 
maximum retransmission limit for a packet is reached, and 
it still contains the errors, it will be dropped (packet loss due 
to channel errors) (Larmo et al., 2009; 3GPP TS 36.212, 
2009). 

Three types of HARQ can be deployed in LTE system: 
HARQ Type I, HARQ with chase combining (CC) and 
HARQ with incremental redundancy (IR). In HARQ type I, 
erroneous packets with error are simply retransmitted until 
the ACK message received, or maximum retransmission 
limit is reached. In CC after receiving a NACK message, a 
node retransmits the packet with the same data and parity 
bit pattern as the original packet. The receiver node 
combines erroneous packet with its retransmission, and 
sends the combined signal to the decoder. CC increases the 
accumulated received signal to noise ratio for each 
retransmission, but does not give any additional coding 
gain. In IR after receiving a NACK message, a node 
retransmits the punctured data and parity bit pattern 
different from the original packet. To detect the error, the 
receiver node combines the original (erroneous) packet with 
the retransmitted. Thus, IR results in a higher coding gain 
when compared to CC (3GPP TS 36.212, 2009). 

For signalling, HARQ uses the following information: 
HARQ process number (currently, LTE supports up to  
eight parallel HARQ processes are supported per UE); new 
data indicator (indicates whether the packet is a new 
transmission or a retransmission); the redundancy version 
(each redundancy version corresponds to a different set of 
parity bits); ACK/NACK (3GPP TS 36.212, 2009). 

In LTE system, HARQ is combined with adaptive 
modulation and coding (AMC) to maximise the data rate by 
adjusting transmission parameters to the current channel 
conditions. AMC is one of the realisations of dynamic link 
adaptation. In AMC algorithm, the appropriate MCS for 
packet transmissions is assigned periodically (within short 
fixed time interval usually equal 1 TTI) by eNB based on 
instantaneous channel conditions reported to eNB by UEs. 
The higher MCS values are allocated to the channels with 
good channel quality to achieve higher transmission rate 

and throughput. The lower MCS are assigned to the 
channels with poor channel quality to decline the 
transmission rate and, consequently, to ensure the 
transmission quality (3GPP TS 36.212, 2009). 

The method for choosing MCS can be expressed as 
follows. Based on the instantaneous radio channel 
conditions the signal-to-interference-and-noise ratio (SINR) 
is calculated for each UE. Assume that entire SNR range is 
partitioned into is expressed as: 
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where SINR is the SINR of the channel between UE and 
eNB; γi is the SINR threshold corresponding to –10 dB bit 
error ratio (BER) given by the additive white Gaussian 
noise (AWGN) curves for each MCS [the standard AWGN 
curves can be found, for instance, in Ghosh and Zhang 
(2010)]. The LTE standard defines m = 29 MCS values 
(3GPP TS 36.211, 2011). However, since a UE only have  
4 bits feedback to indicate its preferred MCS, the eNB uses 
only the first 15 MCS levels from the list provided in 3GPP 
TS 36.211 (2009). 

3.2 Random access procedure 

A random access procedure (RACH) is used in LTE system 
for initial access, i.e., for originating, terminating or 
registration call in the network. The objective of a RACH is 
to keep the transmissions from different UEs aligned with 
the frame timing at the eNB (Larmo et al., 2009; 3GPP  
TS 36.321, 2011). 

Two types of a RACH are defined in LTE standard:  
a contention-based RACH and a non-contention-based 
RACH. The difference between these two types of RACH 
in that in a contention-based RACH there is a possibility  
for failure in case if overlapping RA preambles, whereas in 
a non-contention-based RACH RA preambles are unique for 
each UE (Larmo et al., 2009; 3GPP TS 36.321, 2011). 

A contention-based RACH is illustrated on Figure 5(a). 
It is implemented in four steps: 

Step 1 A UE randomly selects a 5-bit long RA preamble 
sequence from the set of sequences available in the 
cell, and transmits it on an RA channels. 

Step 2 A eNB detects the preamble transmission, 
estimates the uplink transmission timing of the UE, 
and responds by providing the UE with the correct 
timing-advance value to be used for subsequent 
transmissions and with a first grant for an uplink 
transmission. 

Step 3 Since it is possible that multiple UEs attempted RA 
with the same RA preamble sequence on the same 
RA channel, the UE provides its identity to the 
eNB with the first scheduled uplink transmission. 
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Step 4 The eNB resolves the (potential) contention by 
echoing the received UE identity back. The UE, 
seeing it own identity echoed back, concludes  
that RA was successful and proceeds with the  
time-alignment (3GPP TS 36.321, 2011). 

Figure 5 (a) Contention-based RACH (b) Non-contention-based 
RACH (see online version for colours) 

 
(a) 

 
(b) 

Source: 3GPP TS 36.321 (2011) 

A non-contention-based RACH is illustrated on Figure 5(b). 
It is implemented in three steps: 

Step 1 The eNB assigns the 5-bit long RA preamble to a 
UE, and transmits it on an RA channels. 

Step 2 The UE transmits the assigned preamble to eNB. 

Step 3 A eNB detects the preamble transmission, 
estimates the uplink transmission timing of the UE, 
and responds by providing the UE with the correct 
timing-advance value to be used for subsequent 
transmissions and with a first grant for an uplink 
transmission (3GPP TS 36.321, 2011). 

3.3 Scheduling 

The LTE standard is based on the packet scheduling (PS) 
domain where the packets are normally scheduled using the 
FD packet scheduler, which allocates available resources to 
UEs separately for every packet transmission. Resources are 
allocated to UEs for uplink and downlink data transmission 
in terms of RBs. Thus, one UE can be allocated only the 
integer number of RBs in frequency domain, and these RBs 
do not have to be adjacent to each other. Resource 
allocation (scheduling) is usually performed periodically 
within a fixed time interval (scheduling period) with 
minimal duration 1 TTI. The scheduling is done by L2 
packet scheduler in the eNB both for uplink and downlink 
transmissions. Depending on the implementation, the packet 
scheduling can be based on the QoS requirements, 

instantaneous channel conditions, fairness, etc. Besides, the 
scheduler has to ensure that HARQ retransmissions are 
performed on a timely basis (in LTE system a packet 
retransmission should be send in exactly 8 ms after 
receiving a NACK message) (Larmo et al., 2009; Kela et 
al., 2008; 3GPP TS 36.321, 2011). After resource 
allocation, the user data are carried by the PUSCH in uplink 
direction and physical downlink shared channel PDSCH in 
downlink direction. The scheduling decisions are carried by 
the PUCCH and PDCCH in uplink and downlink directions, 
respectively (3GPP TS 36.211, 2009). 

Being very flexible a FD scheduling is ideal for bursty, 
infrequent and bandwidth consuming data transmissions 
(e.g., web surfing, video streaming, e-mails), but less suited 
for real-time streaming applications like voice. In FD, the 
average number of control channels per TTI (the number of 
control channels #CCH), can be estimated using (Jiang  
et al., 2007): 

( )1 2# / (1 ) /CCH n I Iλ ν ν= + −  (2) 

where ν is the voice activity factor (VAF); λ is the average 
number of transmissions; I1 and I2 are the inter-arrival times 
of voice packets and SID packets respectively. For the  
5 MHz bandwidth and 100 voice users using a G.723.1 
(12.2 kbps) codec the number of control channels, estimated 
according to (1), will be equal to 4.17 [a typical assumption 
is 6 to 10 downlink control channels per TTI for uplink 
traffic in the 5 MHz bandwidth (3GPP TSG-RAN WG2, 
2007)]. 

To reduce the amount of L1/L2 control signalling, a  
so-called semi-persistent scheduling (SMP) has been 
proposed for the VoIP traffic (3GPP TS 36.321, 2011). The 
SMP persistent scheduling is used for initial transmissions, 
and dynamic scheduling for retransmissions. For initial 
transmissions, radio resource control (RRC) signalling is 
used to allocate the PRBs and transmission parameters 
including the MCS to voice users at the beginning of an 
active or an inactive period (signalling for inactive period is 
necessary to notify the PS, that UE does not need any 
resources to keep effective channel utilisation). The  
semi-persistent allocation technique is valid until the UE 
receives another control channel indication, which happens 
when the channel conditions have changed. The allocations 
for initial transmissions are sent on the PDCCH and 
PUCCH. Retransmissions are scheduled dynamically using 
the L1/L2 control channels. 

The scheduling priority order for SMP PS in frequency 
domain can be described as follows: 

1 reserve resources for HARQ retransmissions 

2 schedule semi-persistent UEs on pre-assigned resources 

3 schedule dynamic UEs 

4 schedule HARQ transmissions on the reserved 
resources (3GPP TS 36.321, 2011). 

Note, that since available retransmission resources in  
SMP are few compared to the FD case, the dynamic 
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retransmission is very important for the SMP, because it 
allows the scheduler to utilise any unused PRBs to increase 
the amount of retransmission opportunities (Jiang et al., 
2007; 3GPP TS 36.321, 2011). 

Assuming that initial transmissions are scheduled using 
SMP, the average number of control channels necessary per 
TTI can be estimated according to (Jiang et al., 2007): 

( )1 2# ( 1) / (1 ) /CCH n I Iλ ν ν= − + −  (3) 

Using parameters same as the FD scheduling, (5) provide 
the #CCH value of 0.69, which is about 17% of that number 
in the FD case. 

3.4 Buffer status report 

A buffer status report (BSR) is used to provide the network 
with information about the amount of data in the uplink 
buffer of a UE. For this, BSR generates a BSR MAC control 
element, which includes information about the amount of 
data available for transmission in the RLC and PDCP 
layers, when being triggered. The BSR shall be triggered 
when the uplink data becomes available for transmission 
and the data belongs to a logical channel with a higher 
priority than those for which data already existed in the UE 
transmission buffer, in this case the BSR is referred to as 
‘regular BSR’. When the BSR is triggered but there is no 
allocated resource for a new transmission, the UE would 
then trigger SR procedure for requesting uplink resources, 
i.e., uplink shared channel (UL-SCH) resources, to send the 
BSR MAC control element. Only the regular BSR can 
trigger the SR procedure when the UE has no UL resources 
allocated for a new transmission for a current TTI (3GPP 
TS 36.321, 2011). 

When a BSR MAC control element is transmitted, the 
network may not be able to successfully receive the BSR 
MAC control element, and thus would not allocate any 
uplink transmission resources to the UE. In this case, if the 
reason for triggering the BSR is no longer satisfied, such as 
no higher priority data becomes available for transmission. 
For example, the UE would have no uplink transmission 
resources for use and enter into a ‘deadlock’ situation. In 
this case, the BSR retransmission mechanism will be 
applied, which utilises the retransmission BSR timer to 
enhance the reliability of BSR transmission. The UE starts 
the timer when a BSR MAC control element is generated, 
and restarts (if running) the timer when UL resources 
allocated for new transmission are received, e.g., on the 
PDCCH or in a RA response, which indicates the BSR 
MAC control element is successfully received by the 
network. When the timer expires and the UE has data 
available for transmission in the buffer, the UE shall trigger 
a BSR, in which case the BSR is also referred to as ‘Regular 
BSR’ (3GPP TS 36.321, 2011). 

4 Simulation model and parameters 

In this work, we use a basic LTE FDD network model 
comprising one eNB, one EPC and a communication server, 

connected through the IP links with 1 Gbit/s data rates 
(Figure 6). The eNB served a number of fixed VoIP users 
randomly positioned in the system area with a 1,000 m 
radius. The radio channel between eNB and each UE is 
calculated according to the path loss model provided in the 
ITU-T Recommendation M.1225 (1997) for the outdoor to 
indoor and pedestrian test environments. Log-normal 
shadow fading is assumed with a standard deviation of  
10 dB for outdoor users and 12 dB for indoor users. The 
spatial channel model (SCM) is used for multipath fading. 
Transmitter/receiver antenna gains are 10 dBi for the 
pedestrian and 2 dBi for the indoor environment. Receiver 
noise figure and thermal noise density values used are 5 dB 
and –174 dBm/Hz, respectively. The average building 
penetration loss is 12 dB with a standard deviation of 8 dB. 
Other losses (in cables, connectors, combiners) are assumed 
to be equal 2 dB. 

Figure 6 Simulation model (see online version for colours) 

 

The VoIP services models deployed in simulation complies 
with the requirements of the real-time delivery session 
initiation and session description protocols (SIP/SDP) 
provided in Rosenberg et al. (2002), and Handley and 
Jacobson (1998). During each session, a VoIP user might be 
either in an active (talk-spurts period) or an inactive (silent 
period) state. The duration of each state is exponentially 
distributed with burst lengths of 0.65 s and 0.352 s 
respectively. In this paper, we consider two different voice 
coders: G.711 (64 Kbps) and G.723.1 (12.2 Kbps). Codec 
payload size is 160 byte for G.711 codec, and 40 byte for 
G.723.1 codec. The payload generation intervals of G.711 
and G.723 coders are 20 ms and 30 ms, respectively. The 
silence insertion descriptor (SID) packet inter-arrival time is 
160 ms for both codecs. For bandwidth calculations, we 
consider that the packet payload is typically adding 6 bytes 
for the L2 header, and 2 bytes for the RTP/UDP/IP 
compressed header (3GPP TS 26.114, 2007). Discontinuous 
transmission, voice activity detection and comfort noise 
generation are also applied. The delay values and their 
effects on voice communication are provided in 3GPP  
TS 22.105 (2002). According to these values and criterions 
given in 3GPP R1-070674 (2007), we define the voice 
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system capacity as the maximal number of users in the cell 
with mean voice packet end-to-end delay less than 100 ms, 
and mean buffer overflow is less than 2%. 

In all simulations, we utilise a de-coupled round Robin 
(RR) packet scheduler in the time domain and proportional 
fair (PF) throughput packet scheduler in the frequency 
domain described in Kela et al. (2008) and illustrated on 
Figure 7. In this algorithm, the time domain PS assigns the 
priority metrics to all users connected to eNB based on their 
average and predicted throughput, and appends the users 
with the largest priority metric to a so-called scheduling 
candidate set (SCS), which is then passed to the frequency 
domain packet scheduler. The objective of the frequency 
domain packet scheduler is to allocate RBs to the users in 
SCS. Starting from the user with the highest priory metric 
the frequency domain scheduler calculates the capacity to 
be assigned to the user based on its average and predicted 
throughput. Described proportional FS scheme provides 
flexibility (since both domains can be configured 
separately), reduces the overall complexity of scheduling 
algorithm, and insures that available resources are shared 
equally among the users when they have same load and 
channel conditions (Kela et al., 2008). 

Figure 7 The structure of the decoupled packet scheduler  
(see online version for colours) 

 
Source: 3GPP TS 36.321 (2011) 

Common simulation parameters assumed in the model are 
provided in Table 3. Description of simulation scenarios are 
listed in Table 4. In all simulations, a non-contention-base 
RACH is deployed. In simulated scenarios with ideal 
channel conditions, no link adaptation and no HARQ are 
applied (they are unnecessary due to absence of errors). 
First, we compare the capacity of a LTE network using two 
voice coders. For all other simulations the G.723.1 coder 
was used. We also simulate a scenario with semi-persistent 
scheduling in order to observe its influence on the VoIP 
capacity. In real channel condition scenarios, the link 
adaptation (AMC) is assumed. Based on the instantaneous 
radio channel conditions the SINR is calculated for each 
UE. The link adaptation algorithm tries to maximise the 
spectral efficiency by choosing the best MCS for a given 
SINR (detailed description of AMC algorithm was provided 
in III.A). Two types of HARQ are simulated: in HARQ  
type I packets with error are simply retransmitted until the 
errorless packets received, or retransmission limit (up to 3 

retransmissions) is reached. In other scenario, HARQ with 
chase combining is applied (description of HARQ CC were 
given in III.A). In this mechanism, we deploy eight parallel 
stop-and-wait processes per UE in uplink and downlink 
directions. 

Table 3 Common simulation parameters 

Parameter  Value 

Operation mode FDD 
Cyclic prefix type Normal  

(7 symb/slot) 
EPC bearer definitions 348 kbit/s  

(non-GBR) 
Carrier frequency 2 GHz 

PHY profile: 

Subcarrier spacing 15 kHz 
Periodic timer 5 subframes BSR 

parameters: Retransmission timer 2,560 subframes 
Reserved size 2 RBs L1/L2 

parameters: Allocation periodicity 1 TTI 
Max no. of retransmissions 3 
HARQ retransmission 
timer 

8 TTI 
HARQ 
parameters: 

Max no. of HARQ 
processes 

8 per UE 

Table 4 Simulation scenarios 

Simulation description 
No. 

Channel Link 
adaptation HARQ Packet 

scheduling 

1 5 MHz ideal MCS = 9 No 
HARQ 

FD 

2 5 MHz ideal MCS = 15 No 
HARQ 

FD 

3 10 MHz ideal MCS = 9 No 
HARQ 

FD 

4 5 MHz ideal MCS = 9 No 
HARQ 

SMP 

5 5 MHz real AMC HARQ 
Type I 

FD 

6 5 MHz real AMC HARQ 
with CC 

FD 

5 Simulation results 

5.1 VoIP capacity in ideal channel conditions 

In this part of the article, we compare the performance of 
the LTE FDD network for VoIP users in ideal channel 
conditions, i.e., when the bit error rate (BER) and the packet 
error rate (PER) are equal 0 for all channels. No HARQ and 
no link adaptation is applied in these scenarios since they 
are unnecessary due to the absence of channel errors. 

First, we compare the capacity of an LTE FDD network 
with 5 MHz bandwidth and MCS = 9 for voice users using 
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G.711 and G.723.1 codecs. Figures 8(a) and 8(b) show the 
mean MAC-layer uplink and downlink packet delay in LTE 
radio interface; Figures 9(a) and 9(b) show the mean uplink 
and downlink packet loss; Figure 10 shows the mean 
application layer packet end-to-end delay (comprising the 
network, codec and play out delays) for VoIP users in an 
LTE network. 

Results show that the lower bit rate codec rate (G.723.1) 
provides much higher capacity than the higher codec rate 
(G.711). With the QoS levels defined in previous section 
(voice packet end-to-end delay less than 100 ms, and mean 
buffer overflow is less than 2%) the LTE network can 
support not more than 30 users with G.711 coder, and up to 
80 to 90 users with G723.1 coder. Results also show, that 
the downlink offers much higher capacity than uplink 
because of the following reasons: 

1 the downlink spectral efficiency of multiple-input-
multiple-output (MIMO) OFDMA is higher than the 
uplink spectral efficiency of SC-FDMA (Holma and 
Toskala, 2011) 

2 the downlink delay comprises only the buffering, 
transmission, queuing and processing delay 
components, while in the uplink the delay comprises 
not only buffering, transmission, queuing and 
processing delay components, but also the delay due to 
uplink packet scheduling (Holma and Toskala, 2011). 

The bit rate of the LTE network also depends on the channel 
bandwidth and MCS. The following results (Figures 11, 12 
and 13) summarise the capacity of LTE network for VoIP 
users using G.723.1 codec in scenarios with same MCS  
and different bandwidth (5 MHz and 10 MHz), and in 
scenarios with same bandwidth and different MCS (MCS9 
and MCS15). Figures 11(a) and 11(b) show the mean  
MAC-layer uplink and downlink packet delay in LTE radio 
interface; Figures 12(a) and 12(b) show the mean uplink and 
downlink packet loss; Figure 13 shows the mean application 
layer packet end-to-end delay for VoIP users in an LTE 
network. 

These results show that a scenario with 10 MHz 
bandwidth and MCS9 has the better performance mainly 
because of the lowest uplink packet delay and loss compare 
to scenarios with 5 MHz bandwidth. Such results 
correspond to the theoretical channel capacity which can be 
estimated using the modified Shannon capacity expression 
given by (Vieira et al., 2008): 

2 1logBW
SE

SNR
R Bη

η
⎛ ⎞+= ⎜ ⎟
⎝ ⎠

 (4) 

where B is the bandwidth, SNR is a signal/noise ratio, ηBW 
and ηSE are the bandwidth efficiency and the spectral 
efficiency of the LTE network model respectively. 

 
 
 
 

In (4), the bandwidth efficiency of a LTE network is 
reduced by several other issues including the adjacent 
channel leakage ratio (ACLR), cyclic prefix, reference 
signals, synchronisation signal, RA preamble and L1/L2 
control channel overheads. Due to the requirements of the 
ACLR, the bandwidth efficiency of 0.9 is for a single 
antenna configuration considered in simulations. The other 
overheads reduce the downlink efficiency up to 0.62, and 
0.78 for the uplink channel (Pokhariyal et al., 2006). Full 
SNR efficiency is not possible in LTE due to limited code 
block length which depends on the link adaptation and 
scheduling. There are also restrictions to the maximum 
spectral efficiency from the supported values of MCS. In 
other words, the SNR efficiency is much more complicated 
to analytically compute than the bandwidth efficiency. 
Therefore, in this paper, the value of ηSE is extracted by 
using curve fitting to link-level simulation results provided 
in 3GPP TR 36.942 (2009), which gives us ηSE = 0.88 for 
uplink and downlink directions. 

Figure 8 Mean MAC-layer packet delay in uplink and downlink 
channels of LTE radio interface (see online version  
for colours) 

 
(a) 

 
(b) 
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Figure 9 Mean packet loss in uplink and downlink channels of 
LTE radio interface (see online version for colours) 

 
(a) 

 
(b) 

Figure 10 Mean application-layer packet end-to-end delay for 
VoIP users (see online version for colours) 

 

 

 

With the defined QoS limits (mean voice packet  
end-to-end delay less than 100 ms, and mean buffer 
overflow less than 2%), the experimental VoIP capacity of  
5 MHz – MCS9 network is 80 users, in 5 MHz – MCS15 
network is 100 users, and in 10 MHz – MCS9 network is 
140 users, which corresponds to the values of theoretical 
channel capacity in MHz obtained from expression (4). 

The last parameter that which has an influence on 
service performance for VoIP users in LTE network is the 
design of the packet scheduler (FD or SMP). The following 
graphs (Figures 14, 15, and 16) show the mean MAC-layer 
packet delay and loss in uplink and downlink channels, and 
the mean application-layer packet end-to-end delay for 
voice users with G.723.1 codec using FD and SMP packet 
scheduling. The results show that SMP technique increases 
the VoIP capacity of a LTE network. However, although the 
SMP technique shows better performance than FD, the 
VoIP capacity of SMP technique still does not reach the 
capacity of the network with FD and 10 MHz bandwidth. 

Figure 11 Mean MAC-layer packet delay in uplink and downlink 
channels of LTE radio interface (see online version  
for colours) 

 
(a) 

 
(b) 
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Figure 12 Mean packet loss in uplink and downlink channels of 
LTE radio interface (see online version for colours) 

 
(a) 

 
(b) 

Figure 13 Mean application-layer packet end-to-end delay for 
VoIP users (see online version for colours) 

 

 

 

Figure 14 Mean MAC-layer packet delay in uplink and downlink 
channels of LTE radio interface (see online version  
for colours) 

 
(a) 

 
(b) 

5.2 VoIP capacity in real channel conditions 

In this part of the article, we compare the performance of 
the LTE FDD network for VoIP users in real channel 
conditions. In particular, we compare the performance of 
two HARQ techniques (HARQ Types I and HARQ with 
CC), and benchmark these results with the results obtained 
in ideal channel conditions. The following graphs  
(Figures 17 and 18) show the performance of 5 MHz LTE 
network for VoIP users with G.723.1 codec in scenario with 
ideal channel conditions and MCS9 and in scenarios with 
real channel conditions with AMC and HARQ Type I and 
CC. Figure 14(a) shows the application layer packet  
end-to-end delay; Figure 14(b) shows the total (uplink and 
downlink) packet loss; Figure 15 shows the mean PER for 
VoIP users in scenarios with real channel conditions  
(PER = 0 in real channel conditions). 
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Figure 15 Mean packet loss in uplink and downlink channels of 
LTE radio interface (see online version for colours) 

 
(a) 

 
(b) 

Figure 16 Mean application-layer packet end-to-end delay for 
VoIP users (see online version for colours) 

 

 

 

Figure 17 The application layer packet end-to-end delay for  
VoIP users in scenarios with real channel conditions 
(see online version for colours) 

 
(a) 

 
(b) 

Figure 18 The mean PER for VoIP users in scenarios with real 
channel conditions (see online version for colours) 
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It follows from these graphs that HARQ with CC decreases 
the PER by accumulating received signal (detailed 
description of different types of HARQ was provided in 
III.A). This means that HARQ with CC needs smaller 
number of retransmissions to successfully decode the 
channel errors that HARQ Type I. As the result, the mean 
packet delay and loss values achieved by HARQ with CC 
are smaller than those in HARQ Type I (smaller amount of 
time is required for retransmissions, and less packets are 
lost due to channel errors). 

6 Conclusions 

In this paper, we provided extensive simulation-based 
analysis of the performance of the LTE FDD network for 
VoIP users. In particular, we studied the performance of the 
network in real and ideal channel conditions for voice  
users using different voice coders (G.723.1 and G.711), 
depending on channel bandwidth, MCS and packet 
scheduling technique (FD and SMP). We also compared the 
performance of two types of HARQ: HARQ Type I and 
HARQ with CC. The main findings of this paper can be 
summarised as follows: 

1 the VoIP capacity of LTE network can be significantly 
increased if the low bit rate codec, such as G.723.1, is 
used for VoIP services 

2 the SMP packet scheduling technique which was 
proposed for VoIP services offers only a slight QoS 
advantages over the FD technique 

3 in contrast to the idea that the ARQ techniques are not 
generally suitable for voice services, HARQ with CC 
gives substantial improvement in terms of PER, mean 
packet delay and loss compare to the simple HARQ 
Type I. 
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