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Priority which are based on user perception (i.e., MOS). In order to predict user satisfaction, we used E-model and WB E-model for narrowband audio users and wideband audio users, respectively. Both the E-model and the WB E-model predict voice quality without any reference to original signals. Thus they are very suitable for real-time services such as voice calls. Thanks to the presence of user perception in scheduling process, the system performance is increased significantly. The proposed schedulers have performance metrics such as delay, PLR, cell throughput, FI and SE improved significantly in comparison with several well-known schedulers including FLS, M-LWDF, and EXP/PF, etc. The performance evaluation is performed in a heterogeneous traffic with mobility in LTE-Sim software using featured voice codecs, including G.729 and AMR-WB for narrowband audio services and wideband audio services, respectively.

• Last, in order to evaluate the efficiency of the above proposed schedulers, we proposed new non-intrusive models for predicting voice quality in LTE networks. These models are the combination of the LTE-Sim software with E-model or WB E-model corresponding to narrowband audio quality or wideband audio quality. One of limitations of the E-model as well as the WB E-model is related to the way to measure their inputs exactly. In order to overcome this disadvantage, we propose to complement buffer jitter factor which is very important in evaluating voice quality into the Emodel thus we have the extended or enhanced E-model. In order to predict wideband audio quality, as the LTE-Sim software only support G.729 codec which is used to simulate narrowband audio services, we propose to add the AMR-WB codec into this software. Although the proposed models do not have exactly the same user perception as the other intrusive models such as PESQ or PESQ-WB, however, they are very suitable for predicting quality of live stream such as voice calls because they do not refer to the original signals.

It can be concluded that through the thesis, the E-model and WB E-model are the backbones of the proposals. For the application of these two models, we have proposed several solutions to enhance, improve, and predict voice transmission quality in LTE networks. Most of the proposed solutions are implemented in the LTE-Sim software which allows simulating the whole LTE network that is rather similar to a real system. The preliminary results prove the applicability of our proposals to enhance LTE channel codec and MAC scheduling schemes as well as to measure user satisfaction in LTE networks.

Résumé

LTE est une norme sans fil à bande large provenant de la UMTS réseau. Egalement connu comme l'une des technologies au-delà de la 3G de réseau sans fil, LTE est conçu pour avoir un service de livraison pour les applications multimédia, de voix et de vidéo destinées aux utilisateurs finaux. Transmettre ces services dans une bonne qualité sur les réseaux sans fil est un grand défi pour les fournisseurs de services, spécialement pour les services en temps réel tels que les appels vocaux et vidéo. A l'origine, le LTE était considéré comme un système cellulaire complètement IP permettant uniquement de transporter des données. Les opérateurs seraient ainsi en mesure de transporter la voix soit en revenant au système 2G/3G ou en utilisant VoIP sous une forme ou une autre. VoLTE est une technologie améliorée pour la voix et la transmission vidéo sur le réseau LTE. C'est une spécification basée sur IMS, et permet ainsi au système d'être intégré à la suite d'applications qui seront disponibles sur le LTE. Avec le VoLTE, le trafic vocal va sur le réseau de données à haute vitesse à la place de son réseau de voix. De ce fait, VoLTE devrait fournir une meilleure qualité sonore, un temps de latence plus court et une perte de paquets inférieure.

Cette thèse vise à présenter de nouvelles approches pour améliorer et prédire la qualité de transmission de la parole sur les réseaux LTE. Etant donné que LTE est un réseau entièrement IP, le déploiement de VoLTE est assez complexe, et comment faire pour assurer la qualité de VoLTE est un grand défi. Pour cette raison, de nombreuses solutions différentes doivent être déployées dans les systèmes LTE. Les solutions proposées dans cette thèse portent principalement sur les points suivants:

• Tout d'abord, nous avons proposé de nouvelles solutions pour améliorer la cahaine de codage LTE. Plus précisément, du côté de l'émission, nous avons proposé des solutions pour améliorer le canal de codage LTE. Ainsi quand une donnée sur la voix est transmise à travers l'interface d'air, il est codé par codage en chaine pour le protéger contre les effets de l'environnement tels que le bruit, l'altération, etc., Le codage en chaine est indispensable dans le réseau LTE et différents codes sont utilisés. Afin de choisir automatiquement le taux de code de canal approprié correspondant à chaque mode de codec source et offrir le meilleur choix pour tous les modes, nous proposons un algorithme d'adaptation de débit dynamique pour débit de la chaine de code source conjoint fondé sur plusieurs paramètres de qualité de service donné. Cet algorithme utilise WB E-model pour obtenir le facteur R. Ce facteur R est ensuite mappé au score MOS. Le MOS montre la satisfaction de l'utilisateur pour la qualité de la parole. Les résultats de simulation ont montré que le pourcentage de bits redondants générés par codage en chaine réduit de manière significative avec une réduction MOS acceptable. L'algorithme proposé présente de simples opérations de calcul, de sorte qu'il peut être appliqué à des applications en temps réel telles que des appels vocaux pour surveiller la qualité de la parole. Par ailleurs, du côté de la réception, nous avons proposé une solution pour améliorer la chaîne de décodage LTE. Plus précisément, nous avons proposé une nouvelle fonction de correction d'erreur qui est utilisée dans l'algorithme Log-MAP. Cette fonction a un rôle très important pour le décodage. Elle est basée sur la compréhension de la fonction de régression polynomiale. La fonction proposée a la performance approximative qui est normalement réalisée en BER, et la complexité de calcul est plus simple par rapport à celui de la fonction originale de l'algorithme Log-MAP. Cela permet de réduire le temps pour la tâche de décodage par chaine et contribuera à diminuer le délai de mise en bout pour tout le trafic de données, particulièrement les flux vivants tels que les appels vocaux ou vidéo, etc.

• Deuxièmement, nous avons proposé des solutions pour améliorer les systèmes de planification de liaison descendante dans les réseaux LTE. Les planificateurs proposés sont E-MQS, WE-MQS ou WE-MQS-VoIP Priority qui sont basés sur la perception de l'utilisateur (i.e., MOS). Afin de prédire la satisfaction des utilisateurs, nous avons utilisés le E-model et le WB E-model pour les utilisateurs audio à bande étroite et à bande large respectivement. Tous les deux prédisent la qualité vocale sans faire référence aux signaux d'origine. Par conséquent, ils sont bien appropriés pour les services en temps réel tels que les appels vocaux ou vidéo. En cas de présence de la perception de l'utilisateur dans le processus de planification, la performance du système augmente de manière significative. Les planificateurs proposés ont les indicateurs de performance tels que le retard, le taux de PLR, le débit de la cellule, l'indice de l'équité et de l'efficacité spectrale améliorée de façon significative en comparaison avec plusieurs planificateurs bien connu, comme le FLS, M-LWDF, et EXP/PF, etc. L'évaluation de la performance est réalisée dans un trafic hétérogène avec mobilité dans le logiciel LTE-Sim en utilisant les codecs vocaux en vedette, y compris G.729 et AMR-WB pour les services audio à bande étroite et à large bande des services audio respectivement.

• Enfin, pour évaluer l'efficacité des planificateurs proposées ci-dessus, nous avons proposé de nouveaux modèles non intrusifs pour prédire la qualité de la voix sur les réseaux LTE. Ces modèles sont la combinaison du logiciel LTE-Sim avec E-model ou WB E-model correspondant à la qualité audio bandes étroite ou large. Une des limitations des E-model et WB E-model est liée à la façon de mesurer exactement leurs intrants. Afin de remédier à cet inconvénient, nous avons proposé de compléter le facteur de gigue de tampon qui est très important dans l'évaluation de la qualité de la voix dans E-model. Ainsi nous avons le E-model étendu ou amélioré. Pour prédire la qualité audio large bande, comme le logiciel LTE-Sim ne prend en charge que le codec G.729 qui est utilisé pour simuler des services audio à bande étroite, nous avons proposé d'ajouter le codec AMR-WB dans ce logiciel. Bien que les modèles proposés n'aient pas exactement pas la même perception de l'utilisateur que celle des modèles intrusifs, tels que PESQ ou PESQ-WB, ils sont cependant très appropriés pour prédire la qualité du flux en direct, tels que les appels vocaux, car ils ne se réfèrent pas aux signaux originaux.

On peut dire que, grâce à ce travail, le E-model et WB E-model sont des propositions cruciales. Pour l'application de ces deux modèles, nous avons proposé plusieurs solutions pour renforcer, améliorer et prévoir la qualité de transmission de la voix sur les réseaux LTE. La plupart des solutions proposées sont mises en oeuvre dans le logiciel LTE-Sim qui permet de simuler l'ensemble du réseau LTE, qui est assez similaire à un système réel. Les résultats préliminaires démontrent l'applicabilité de nos propositions pour améliorer le codec de canal LTE et les systèmes de planification MAC ainsi que pour mesurer la satisfaction des utilisateurs dans les réseaux LTE. 
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Introduction Motivation

An LTE mobile network is based on an All-IP network. Thus, it does not support circuit switching method which is used to supply voice call services in 2G/3G networks. In order to deploy a voice communication service, additional technologies are required. The VoLTE service was developed to provide voice and video communication and SMS on the LTE networks. According to [1], until April 09 2015, in the world, there were 393 commercially launched LTE networks in 138 countries and 16 operators commercially launched VoLTE-HD voice in 7 countries. VoLTE is a VoIP-based multimedia service, in which, voice calls and video conference services can be provided. The basic difference between VoLTE and VoIP over LTE is that VoLTE traffic is guaranteed with given QoS parameters and is delivered over dedicated bear which has the highest priority while VoIP traffic is delivered over default bearer which only preserves "best effort" QoS.

With VoLTE, the end user can enjoy voice and LTE data speeds simultaneously on a single carrier. Since operators are currently relying on their 2G/3G CS networks for voice services, there is no way to offer voice and LTE data simultaneously without the use of dual-transceiver devices capable of simultaneously access to both 2G/3G network and LTE network [2]. While there are operators who have chosen such an approach, known as SV-LTE, it represents a challenge when it comes to device complexity, cost and power consumption. Operators who are using their 2G/3G networks for voice traffic are foregoing offering the SV-LTE and instead making use of the CSFB feature which combines the 2G/3G CS voice network with the LTE data network. Paging messages for voice calls from 2G/3G network are delivered to a device currently on the LTE network allowing that device to postpone data services on the LTE network in order to switch over to 2G/3G CS network to accept the voice call. While the simultaneous voice and LTE data capability is lost and network complexity is increased, these devices can be based on cost and power-efficient single transceiver architectures.

When deploying VoLTE, mobile network operators have to face many difficulties and challenges. It is important to examine the challenges that VoLTE brings to LTE. Traditionally, a voice service was carried over a CS network that allocated dedicated trunk and radio resources for the entire duration of the call. Those resources were dedicated to the call and not used for any other purposes. On the contrary, VoLTE uses PS for carrying the voice traffic end to end, as well as for the signaling, over an all-IP network. In packet switching, resources are requested and allocated on demand; they are not held for the duration of the call. This makes packet switching much more efficient than circuit switching because it can dynamically assign resources as needed. However, it also makes the underlying bearer less 6 Introduction predictable in terms of availability. In order to overcome this issue, mechanisms are defined in LTE specifications, such as SPS and TTI bundling, so that, VoLTE can be supported to deliver the same level of service quality as traditional circuit switch voice. For mobile operators, in order to ensure that VoLTE provides the same high level service that 2G/3G CS voice provides today, three following benchmarks have to be met:

• Call completion and call retention rates of 99% or better

• Total end-to-end delay of less than 300 ms

• Voice quality that is as good as or better than 3G circuit switch voice (as measured by PESQ, POLQA, and MOS).

Since 3GPP has standardized IMS based VoLTE for voice over LTE and SRVCC for call continuity, IMS adaption has been very slow mainly because of cost issues. VoLTE integrates VoIP, LTE radio network (i.e., E-UTRAN), LTE core network (i.e., EPC), and the IMS to support voice services. VoLTE is an aggregation of multiple technologies, protocols and implementation scenarios [3]. IMS is designed for call session control not only for LTE, but other network technologies as well, including UMTS, CDMA2000, WiFi and even wired networks. So there must be the combination of interworking VoLTE with traditional circuitswitched voice.

According to [3], the above challenges can be divided into three categories as follows:

• (1) Challenges of Technology: Due to the fact that VoLTE is based on IMS, there are many new protocols which are related to IMS such as IPv6, SigComp, IPSec and P-headers that make matters worse. The integration of the LTE protocol stack with the IMS control layer is to be taken care of and end-to-end IMS signaling must be tested over the LTE access network. In addition, implementation of mobility between the packet switched LTE and the circuit switched networks is also an issue.

• (2) Challenges of Implementation: Standards for voice services over LTE based on the 3GPP IMS architecture are still maturing. It would take time for subscribers based on LTE to be anywhere close to 2G/3G networks. Therefore, it is expected that the operators would look for temporary solutions before moving on to a full-fledged IMS architecture.

• (3) Challenges of User satisfaction:

Performance of the network for crucial real-time services need to be tested with realtime audio and video quality measurement tools. Network impairment simulation may be carried out to test voice call quality by inserting errors in the application data stream. Depending on the VoLTE solution deployed by the operator, there may be delay in call set up and degradation in quality. The service providers would therefore face a difficult choice in the short term and long term. Since IMS-based VoLTE has the support of 3GPP, the operators need to have a plan towards full IMS services.

VoLTE is expected to provide high quality speech, since LTE is based on an all-IP network, it requires voice calls to traverse the network utilizing VoIP. VoIP calls struggle to guarantee service levels, that's exactly what's required if MNOs are going to match the service quality level of existing CS calls. As a result, ensuring the VoLTE quality is a big challenge. Problems of VoLTE quality fall into three categories as follows:

• (1) Call setup failures: VoLTE utilizes IMS to setup the VoIP sessions which is extremely complex.

• (2) End-to-end QoS: Congested cells make havoc of VoIP calls, therefore, the dedicated bearer to deliver guaranteed bandwidth even when the rest of the cell is congested must be monitored.

• (3) Cell Edge Issues: LTE networks are still wireless networks and have the same RF issues as other wireless networks. Therefore, when a VoLTE user is on the edge of the cell, interference and noise often increases above acceptable thresholds.

MNOs have automated LTE call trace and bandwidth verification tools to manage the first two categories above, RF optimization is still very much a manual task. Today, VoLTE is optimized in the same manner voice calls have been optimized for years, VoIP calls are much more susceptible likely to higher levels of bit errors caused by noise and interference that change constantly on the edge of LTE cells. Existing optimization methods such as drive testing and walk around are not sufficient enough to meet the quality threshold required for VoLTE calls. The problem is: VoLTE users on the edge of the cell can experience a worse experience than VoLTE users in the rest of the cell.

Based on the above analyses, we see that ensuring voice call quality in VoLTE is a big challenge. When voice traffic is delivered over LTE network, it is affected by many network impairment factors such as delay, packet loss, jitter, etc. Especially, when it is transmitted over a noisy channel, it is distorted by noise, interference, etc. So its quality is decreased. In order to protect data when it is transmitted over a wireless channel, channel coding is used at the Physical layer. In order to compress audio data at the Application layer, source coding is used. Actually, the quality of VoLTE depends on many factors such as source codec, network architecture, channel codec, bandwidth and configurations of operators, etc. New optimization solutions are required in order to enhance voice transmission, improve and automatically monitor VoLTE call quality for every user in real-time. The platform needs to provide real-time incremental network adjustments to solve these issues with a real-time feedback mechanism that verify results.

For all those reasons, this thesis mainly proposes solutions to enhance and to improve voice transmission quality over LTE networks. Our proposals mainly concentrate on dressing some challenges of the third group of VoLTE challenges and the second and the third categories is dedicated to VoLTE quality issues.

This thesis is organized into six Chapters with three main Chapters corresponding to three contribution parts. The first part is related to the channel codec in LTE networks. It presents several solutions to enhance channel coding as well as channel decoding. The second part aims to improve scheduling schemes at MAC layer to reach an enhancement of QoS for voice services. Three scheduling schemes are made in contributions to this part. The third part focuses on the solutions for measuring voice quality over LTE networks. To archive this goal, two object non-intrusive models are proposed. The structure of the thesis is described as follows.
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Contributions and outline Chapter 1: Overview of LTE network and E-model

The objective of this chapter provide a brief overview of the related contents such as LTE technology, VoLTE, E-model as well as WB E-model. Firstly, we briefly introduce to LTE architecture and characteristics. We describe the main entities of this architecture and its main functions. Then we briefly introduce to QoS requirements in LTE networks. In particular, since LTE is an All-IP network, each service type has a specify bearer. This means each bearer has its QoS requirements. Next, we describe some enhanced technologies used in LTE systems such as Transmission Time Interval Bundling and Semi-Persistent Scheduling. Also in this chapter, an overview of VoLTE is introduced. Specifically, we focus on deployment strategies for VoLTE. Then, the radio protocol stack of VoLTE is also described. We also briefly describe all layers in this stack protocol to clear the process of voice transmission in LTE networks.

Next, this chapter also describes concisely the voice source codec (AMR-WB) which is proposed to complement into the LTE-Sim software in some our contributions. The Emodel and WB E-model are also described in this chapter because they are backbones of the proposals in this thesis.

Chapter 2: State-of-the-art

In this chapter, we present a literature review on state-of-the-art of the issues which will be solved in this thesis. The goal is to find out new trends for solving those problems. We first present a literature review on channel coding and decoding, especially using WB E-model for joint source-channel coding adaptation rate. Next, several channel decoding algorithms which are based on MAP algorithm are described. This work allows finding out trends for channel coding and decoding in LTE networks. This is the base to propose new solutions in Chapter 3. Second, we present the state-of-the-art of scheduling strategies in LTE downlink direction. For this work, we want to find out a strategy that is suitable for voice services and recent trends of scheduling strategies. We also classify those scheduling strategies into groups based on their characteristics and roles. We also analyze "pros and cons" of each of them. All this information is really useful for developing and presenting our scheduling schemes in Chapter 4. Last, approaches of QoE measurement and their applicability in LTE network are discussed. Through this work, we can find out a suitable method for predicting voice quality over LTE networks. This is served for proposals in Chapter 5.

Chapter 3: The proposed solutions based on wideband E-model and polynomial regression function for enhancing LTE channel codec

In order to enhance voice transmission over LTE networks, channel coding plays a very important role. If channel coding is executed well, voice quality will be improved and vice versa. The process of channel coding as well as channel decoding affect directly on end-toend delay as well as BER. This means the better channel codec, the higher voice quality. For this goal, we propose two solutions for enhancing voice transmission over LTE network. The first solution presents a dynamic adaptation algorithm of joint source-channel code rate for enhancing voice transmission over LTE network. In order to measure the speech quality (also known as QoE), we use the WB E-model. In this model, both end-to-end delay and packet loss are taken into account. The goal of this proposal is to find out the best suboptimal solution for improving voice traffic over LTE network with some constraints on allowed maximum end-to-end delay, allowed maximum packet loss, and the minimum required bandwidth. The best suboptimal choice is channel code rate corresponding to each mode of the AMR-WB codec that minimizes redundant bits generated by channel coding with an acceptable MOS reduction. Further, this algorithm can be also integrated with rate control in AMR-WB codec to enhance selection of the required mode.

When data is coded at sender by channel coding then at receiver it is decoded by channel decoding algorithms. For this task, the channel decoding algorithms also play an important role to improve voice quality. This is the reason for us to present the second proposal. It is an improved Log-MAP algorithm for Turbo decoding. In the proposed algorithm, we exploit the understanding of polynomial regression function to approximately compute the logarithm term (also called error correction function) in the Jacobian logarithmic function. The goal of this idea is to replace the correction function in the log-MAP algorithm on another one with the approximated performance and the reduced computational complexity.

We also investigate several well-known channel decoding algorithms which are based on MAP algorithm utilized in Turbo decoding. This allows us to compare them to our proposed solution.

Parts in this chapter were published in [4] and [5].

Chapter 4: The proposed LTE Downlink packet schedulers for voice traffics based on user perception and VoIP-priority mode

In this chapter, we present proposed scheduling schemes in LTE downlink direction. The main idea of this Chapter is proceeded from Chapter 2. We see that, QoE is becoming a new trend for enhancing real-time voice services such as VoLTE. Hence, we would like to enhance MAC scheduler in LTE downlink with the presence of QoE. QoE is estimated by using the extended E-model and WB E-model for narrowband audio and wideband audio users, respectively. First, we present a new scheduling scheme (called E-MQS scheduler) which is the combination of MQS factor, the modifications of M-LWDF-based scheduling algorithm, and user perception for narrowband audio services. In order to predict user satisfaction, we use the extended E-model. These proposals were published in [6] and [7].

Besides, for VoLTE service, AMR-WB is mandatory, but most of existing softwares which allow simulating VoLTE service do not support this voice codec including the LTE-Sim.

For this reason, we propose to complement the AMR-WB codec into the LTE-Sim software. This allows the LTE-Sim can simulate wideband audio services such as VoLTE. Then, we upgrade E-MQS scheduler to suit for the wideband audio services. In order to do this, the WB E-model is used to measure the user perception (so called WE-MQS scheduler). This proposed scheduling scheme was published in [8]. Due to LTE is fully based on IP network, VoLTE is also deployed in an All-IP network. This means VoLTE is also a VoIP service but its QoS requirements are guaranteed by the mobile network operators. VoLTE is a special service that is very sensitive to network impairments such as delay, PLR, jitter, etc. Therefore, it needs to have the special priority. For this goal, we proposed to integrate the VoIP-Priority mode into our proposed schedulers to enhance VoIP flows (so called WE-MQS-VoIP Priority scheduler). This proposal was published in [9].

In addition, we also investigate several other well-known downlink packet schedulers such
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as FLS, EXP/PF, M-LWDF and M-LWDF-based algorithms and compare their performance to our proposed schedulers.

Chapter 5: The proposed object non-intrusive models for predicting voice quality in LTE networks

In order to guarantee user perception, MNOs always have to monitor voice quality to adjust network impairments instantly. VoLTE is a new service in LTE network and based on IMS. So its deployment is very complex. Thus, how to monitor and evaluate VoLTE quality is a big challenge for MNOs. For this goal, we present two non-intrusive models for predicting voice quality in LTE systems. The first model is used for narrowband audio services whereas the second one is used for wideband audio services. Both of them are the combination of the LTE-Sim software with the extended E-model and WB E-model for measuring narrowband audio quality and wideband audio quality, respectively. The main idea is the usage of the extended E-model and WB E-model which are represented in Chapter 3 to predict voice quality. The numerical results show that these models may predict voice quality not as exact as the intrusive models such as PEQS or PESQ-WB, but they do not require any reference to original signal. They are thus very suitable for predicting real-time speech quality such as VoLTE. When user satisfaction can be automatically monitored, MNOs can adjust network impairments, choose suitable schedulers, thus, the better MCS can be used for enhancing LTE channel codec. The proposed models can be also useful for researchers in laboratories to evaluate VoLTE quality for many different scenarios which are configured in the LTE-Sim software. These two proposals were published in [10] and [11].

Chapter 6: Conclusions and perspectives

Chapter 1

An overview of LTE technology and E-model In this Chapter, we present a brief overview of the general LTE architecture standardized by the 3GPP specifications, VoLTE, and the E-model. First, we describe an overview of LTE technology in Section 1.1. Concepts such as EPS, E-UTRAN are discussed. We extend a general overview of the QoS architecture in LTE network. In this subsection, we highlight on how the QoS is handled. Next, an overview of VoLTE is described in Section 1.2. Several main layers in VoLTE radio protocol stack are discussed. We describe detailedly VoLTE source codec, MAC and PHY layers which are closely related to our proposals in this thesis. Third, in Section 1.3, we present an overview of the E-model and the WB E-model which are the backbones of our contributions in this thesis. Last, we summarize the main content in this Chapter such as shown in Section 1.4.
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An overview of LTE technology and E-model

Overview of LTE technology 1.LTE architecture

According to [12], a typical LTE network consists of three main components such as UE, E-UTRAN and EPC. • The Evolved Packet Core (EPC): It is also called SAE. It is the new All-IP core defined by 3GPP in Release 8. It performs functions such as network access control, mobility management, security and network management. The subscriber information is stored in the HSS. The MME control the setup and release of connections between the user and the packet data network. Is also does UE authentication location registration and handover using information from the HSS. The P-GW perform the function of GGSN and SGSN of the 3G network, i.e. connectivity to the IP network. The S-GW routes the data between the base stations and P-GW.

1.1.2 Quality of Service

1.1.2.

The bearer

The QoS in LTE introduces a central element called bearer. A bearer identifies packet flows that receive a common QoS treatment between the terminal and the GW. All packet flows mapped to the same bearer receive the same packet-forwarding treatment (e.g. scheduling policy, queue management policy, rate-shaping policy, link-layer configuration, etc.). In LTE, all the applications are mapped to GBR and non-GBR bearers as shown in Figure 1.2. Non-GBR bearers are also known as default bearers, and GBR-bearers are also known as dedicated bearers. A GBR guarantees a minimum bit rate requested by an application.

In GBR, packet loss is assumed does not occur because of overflow of buffer, but services in non-GBR may encounter packet loss issue. Bearers are established, deleted and modified at the gateway by an entity called 'Policy Controller'. The Policy Controller makes its decisions based on QoS parameters such as QCI, ARP, MBR, GBR [13]. GRB bearers are established on demand basis since these bearers block transmission resources by reserving them. Otherwise, non-GRB may exists for long time since this is non-blocking resource transmission [12]. Non-GBR bearers do not guarantee any particular bit rate, and are typically used for applications as WWW, e-mail, chat, FTP, etc. In order to choose a bearer, the QCI is used. A bearer consists of information of barer type, priority, packet delay budget, and packet loss rate. LTE architecture supports hard QoS, each bearer has its separate QoS requirements as in Table 1.1. The ARP is used to decide whether a bearer establishment or modification request can be accepted or must be rejected due to resource limitations. The MBR is the bit rate that traffic on the bearer must not exceed, and the GBR is the bit rate that the network guarantees to users. Bundling provides a way to increase the aggregation time without having to segment the packet. Small TTIs are good for reducing round trip latency, but do introduce challenges for UL VoIP coverage. TTI bundling was introduced in Rel-8 which combined four subframes spanning 4 ms. This allowed for a single IP header over a bundled 4 ms TTI that greatly improved the subframe utilization (from 1/8 to 1/2) and thus the coverage (by more than 3 dB). The drawbacks of TTI Bundling consist of dependence on user equipment, limited transmission choices, increased RTT and increased RRC signaling. In LTE, VoLTE uses the AMR-WB such as source codec. This codec has 9 different bit rates. A dynamic scheduler (DS) typically offers grants (information on new resource allocation sent on the downlink control channel) for each new voice packet that needs to be transmitted. This can quickly lead to a bottleneck on the PDCCH and limit VoLTE capacity [2]. Since for a given AMR-WB codec mode, the voice packet size is fixed and the packets are generated every 20 ms while in order to sustain voice quality, silent insertion descriptor (SID) packet arrives every 160ms. So that, 3GPP introduces SPS as an approach to utilize this information and improve grant utilization, see Figure 1.4. SPS grants are issued only at the beginning of an active or inactive period and the scheduler pre-allocates a set of dedicated resources in time and frequency for some of the initial transmissions. This pre-allocation can lead to significant grant savings.

The main drawback of SPS is the resource allocation must not be the best match because channel or interference conditions may change over the process of the activity or inactivity period. This presents a tradeoff between grant savings versus performance loss due to absence of dynamic link adaptation.

VoLTE

Strategies for VoLTE

VoLTE is expected to become the mainstream solution for providing voice services in commercial LTE networks. VoLTE integrates VoIP, LTE radio network (i.e., E-UTRAN), LTE core network (i.e., EPC), and the IMS to support voice services. Voice service in LTE can be provided both by CS network or LTE network. There is no impact to legacy CS network if voice service remains in CS. LTE system is an All-IP network without CS domain. VoIP service can be supplied on LTE system with IMS based voice call control functionality. In order to deploy VoLTE, mobile operators can use the following strategies: In LTE network, AMR-WB codec is configured into 3 configurations [START_REF] Gpp | Inband Tandem Free Operation (TFO) of speech codecs; Service description; Stage 3[END_REF] as follows:

• These configurations are used to simplify the negotiation of bitrate between the user equipment and the base station, thus will simplify the implementation and testing. The remaining bitrates can still be used for other purposes in mobile networks. In order to choose a bitrate, the receiver measures quality of radio channel. The CQI is used for this purpose. It is defined as an equivalent C/I ratio. The C/I ratio is then compared to a set of predefined thresholds to decide which mode to be used. Switching among modes in a configuration depend on the rate control algorithm in AMR-WB codec. The criterion for mode switching is threshold value of C/I ratio. These threshold values depend on the channel condition, frequency hopping scheme, network configuration and other factors. Furthermore, network conditions change over time, so that, even well-selected adaption thresholds will not be best.

VoLTE radio protocol stack

In this thesis, we usually use the LTE-Sim software to simulate our proposals, thus, in this section, we present the protocol stack of VoLTE deployed in the LTE-Sim. LTE-Sim is an open-source framework which is developed by Giuseppe Piro and his colleagues [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF]. It is freely available for scientific community. It is used to simulate entire LTE network. There are many researchers who used LTE-Sim to simulate their proposals such as scheduling strategies, radio resource optimization, frequency reuse techniques, the adaptive modulation and coding module, user mobility, and etc. for both downlink and uplink directions and in both multicell/multiuser environments. The implemented protocol stack of LTE-Sim is represented in Figure 1.8 for both user-plane. It's clear that it is nearly similar to a real LTE system. Figure 1.8: The implemented protocol stack in the LTE-Sim software Figure 1.8 can be briefly described as follows: When a voice traffic flow transmitted over the LTE-Sim, it is encapsulated sequentially with network protocols. For the downlink direction, the VoLTE packet uses transport protocols of RTP, UDP and IP. It is then packetized with radio protocols such as PDCP, RLC and MAC, and PHY layer before it is transmitted over the air interface. At each layer, the corresponding header size is added. LTE-Sim supports both IPv4 and IPv6 protocols with header sizes are 40 and 60 bytes, respectively while the voice payload is about 32 bytes, thus, to reduce the overhead, RoHC is deployed at PDCP layer. The IP header is then compressed by RoHC down to only 1-4 bytes, normally 3 bytes.

In this thesis, our proposals mainly focus on the APL, MAC and PHY layer, thus, we will present a brief introduction to them. For the APL layer, we use some characteristics of AMR-WB codec in our proposals, so this codec is described in Section 1.2. Description of MAC and PHY layers is depicted as the following subsections:

1.2.3.1 PHY layer PHY (Physical) layer plays an important role for transmitting both data and control information between the eNB and UEs. The most important features of this layer are OFDM and the support of FDD and TDD as radio frame structure. OFDM systems divide the available bandwidth into many narrower sub-carriers and transmit the data in parallel streams. Since data is transmitted in parallel rather than serially, OFDM symbols are generally much longer than symbols on single carrier systems of equivalent data rate. PHY layer utilizes OFDMA for downlink direction and SC-FDMA for uplink one. Fully description of PHY layer is presented in the 3GPP specifications [START_REF] Gpp | Feasibility study for Orthogonal Frequency Division Multiplexing (OFDM) for UTRAN enhancement[END_REF], [START_REF]Physical layer aspect for evolved Universal Terrestrial Radio Access (UTRA)[END_REF].

OFDMA. OFDMA allows data to be directed to or from multiple users on a subcarrierby-subcarrier basis for a specified number of symbol periods. Although the LTE specifications describe both FDD and TDD to separate UL and DL traffic, market surveys demonstrate that the major deployment in LTE systems will be FDD [START_REF] Scheme | Lte: the evolution of mobile broadband[END_REF]. OFDMA is an excellent choice of multiplexing scheme for LTE downlink. Although it involves added complexity in terms of resource scheduling, it ensures high performances in terms of efficiency and latency. In OFDMA, users are allocated a specific number of sub-carriers for a predetermined amount of time. These are so-called PRBs. PRBs have both time and frequency domain. Allocation of PRBs is processed by a scheduling function at the eNB.

Link adaptation, Modulation and Coding. The AMC is a powerful technique used by 4G technologies such as LTE and WiMAX to enhance the robustness of the communication due to the high variation of channel conditions. This is attained by deploying a robust MCS, i.e. transmitting at low data rates when the channel is poor and increasing the data rate using a more efficient MCS when the channel conditions are good. The modulation techniques are supported by LTE including BPSK, QPSK, 16QAM and 64QAM. All MCS values supported by LTE are qualified in the 3GPP specifications [START_REF] Gpp | Evolved Universal Terrestrial Radio Access (E-UTRA); Physical layer procedures[END_REF].

Frame Structure. In OFDMA, the general frame structure is used with FDD. Another alternative frame structure is TDD. LTE frames are 10 ms in length. Each frame is divided into 10 subframes, each subframe is 1.0 ms in length. Each subframe is further divided into two slots with a length of 0.5 ms. Each includes either 6 or 7 ODFM symbols depending on whether the normal or extended cyclic prefix is deployed [START_REF] Elayoubi | Performance evaluation of frequency planning schemes in ofdma-based networks[END_REF].

The total number of available sub-carriers depends on the whole transmission bandwidth of the system. The LTE specifications define parameters for system bandwidths in range of 1.25..20 MHz. A PRB consists of 12 consecutive sub-carriers for one slot (0.5 ms) in length. A PRB is the smallest element of resource allocation assigned by the eNB scheduler. The structure of radio frame in LTE is shown in Figure 1.9.

MAC layer

MAC (Medium Access Control) layer is responsible for multiplexing and demultiplexing data between the PHY layer and RLC layer. This layer includes logical channels that are connected to physical channels for transmission of data between the PHY and MAC layers.

The key functions of the MAC layer consists of scheduling of radio resources among UEs, random access procedure, uplink timing alignment, discontinuous reception, and scheduling information transfer [START_REF] Martín-Sacristán | Mac layer performance of different channel estimation techniques in utran lte downlink[END_REF], [START_REF] Gpp | Evolved Universal Terrestrial Radio Access (E-UTRA); Medium Access Control (MAC) protocol specification[END_REF]. The MAC layer in LTE provides a medium-independent interface to the PHY layer and is designed to support the PHY layer by focusing on efficient radio resource management. The MAC layer provides data transfer services on logical channels. A set of logical channel types is defined for different types of data transfer services as offered by the MAC layer. 

LTE channel coding

One of the most important issues in digital communication systems is error correction. In order to protect the voice packet when it is delivered over a noisy channel, some error correction technologies are included. Error correction can be divided in two main categories including ARQ and FEC. ARQ is used to request retransmission of the data packets if errors are detected. This will be done until the received packets are error-free or a maximum number of retransmissions is reached.

For FEC technique, redundant bits are added to the transmitted data bits to detect and to correct errors. FEC has two main kinds conisting of Block codes and Convolutional codes. In block codes, the input data blocks which can be considered as vectors are multiplied by a generator matrix resulting in a code word vector is generated. The convolutional codes have a similar structure like FIR (Finite Impulse Response) filters and operate bitwise. The convolutional codes have memory which means the coded output bit depends not only on the current bit but also on the m previous bits, in which m is the number of registers in the convolutional encoder. In LTE, both block codes and convolutional codes are used. One of the featured Block codes is CRC which is a cyclic linear block code is used for HARQ as an error detecting technique. There are two CRC schemes for a Physical Downlink Shared Channel (PDSCH) in LTE: gCRC24A and gCRC24B. Both of them have a 24 parity bits length, but work with different cyclic generator polynomials. The gCRC24A focuses on a transport block, while the gCRC24B concentrates on the code block, which is the segmentation of a transport block when the size of a transport block is larger than the upper limit (6144 bits). Control channels and data channels in LTE use convolutional and Turbo codes, respectively, where the Turbo code is an enhancement of convolutional codes to obtain the nearest Shannon performance.

In this thesis, two of our proposals are about channel codec in LTE. We proposed the solutions for enhancing LTE channel coding and decoding. Hence, in this section, we will An overview of LTE technology and E-model briefly introduce to the Turbo codes in LTE networks.

Turbo encoder

The 3GPP Turbo code is a systematic Parallel Concatenated Convolution Code (PCCC) with two 8-state constituent encoders (the same as in UMTS) and one turbo code internal interleaver (different from UMTS) [START_REF]Evolved Universal Terrestrial Radio Access (E-UTRA); Multiplexing and channel coding," 3rd Generation Partnership Project (3GPP)[END_REF]. It was first introduced by Berrou et al [START_REF] Berrou | Near optimum error correcting coding and decoding: Turbo-codes[END_REF], and until now it is still one of the most powerful error correcting codes that obtains the performance closest to the Shannon capacity. The standard turbo code rates are 1/3, 3/4, and 4/5, where code rate 1/3 is the original code rate. Turbo code rate is chosen based on CQI (Channel Quality Indicator) index [START_REF] Gpp | Evolved Universal Terrestrial Radio Access (E-UTRA); Physical layer procedures[END_REF]. CQI index includes 16 values, where value of 0 is not used. Values of CQI index from 1 to 6, 7 to 9, and 10 to 15 are corresponding to Turbo code rates of 1/3, 3/4, and 4/5. Each CQI index is mapped to a SINR (Signal-to-Interference-plus-Noise Ratio) value. SINR also has 15 values (from -6.7 dB to 22.7 dB) [START_REF] Ghosh | Essentials of LTE and LTE-A[END_REF] counted by the receiver and sent to the transmitter. Channel coding will map the SINR value to the corresponding CQI index, and then chooses the corresponding channel code rate.

Turbo code is also applied in many modern wireless communication standards, such as HSDPA [START_REF] Studer | Design and implementation of a parallel turbo-decoder asic for 3gpp-lte[END_REF] and LTE [START_REF]Evolved Universal Terrestrial Radio Access (E-UTRA); Multiplexing and channel coding," 3rd Generation Partnership Project (3GPP)[END_REF]. The Turbo encoders are based on Recursive Systematic Convolutional (RSC) codes and their generator polynomial is given by G = [1, g 0 /g 1 ], in which g 0 = [1011] (feedback) and g 1 = [1101] (feedforward). The structure of the Turbo encoder used in LTE can be illustrated in Figure 1. 10 [30]. As shown in Figure 1.10, the output of the LTE Turbo encoder including three parts, a systematic bit and two parity bits. The systematic bit (X k ) is the untouched input bit. The first parity bit (Z k ) is the output of the first convolutional encoder with the original input (C k ) and the second parity bit (Z k ) is the output of the second convolutional encoder after the internal interleaver of the input bit (C k ) as its input. For trellis termination the tail-bits (X k ) are inserted. Turbo coding is used in LTE for following channels: UL-SCH (Uplink Shared CHannel), DLSCH (Downlink Shared CHannel), PCH (Paging CHannel) and MCH (Multicast CHannel).

The internal contention-free interleaver. It is one of the main components of the LTE Turbo encoder. The main difference between the Turbo encoders in LTE and UMTS is that the interleaver in LTE is in contrast to the one in UMTS contention-free. Contentions occur, when parallel working processeses try to write or read to/from the same memory address simultaneously. Since the two SISO MAP decoder engines of the Turbo decoder use such processes, the contention-free concept becomes survival for designing the Turbo encoders internal interleaver efficiently.

There were two candidates for the LTE internal interleaver: Almost Regular Permutation (ARP) and Quadrature Permutation Polynomial (QPP), which are very similar. However QPP is chosen for LTE because it offers more parallelism. The QPP interleaver for a block size of K is defined as follows: π(i) = (f 1 i + f 2 i 2 )modK, where i is the input index, π(i) is the output index, and f1 and f2 are permutation parameters, which can be get from the standard.

Turbo decoder

The Turbo decoder in LTE is based on two SISO decoders, which work together in an iterative manner. Each SISO decoder has two inputs called a normal input and an a-priori Log Likelihood Ratio (LLR) input, and two outputs called an a-posteriori LLR and an extrinsic LLR. In each iteration the (de)interleaved version of the extrinsic output of a decoder is used as the a-priori information for the other decoder. Typically after 4 to 8 iterations, the a-posteriori LLR output can be used to obtain the final hard decision estimates of the information bits. The structure of the LTE Turbo decoder can be illustrated in Figure 1.11 [START_REF] Zarei | Channel coding and link adaptation[END_REF]. 3 Rate matching Since the mother code rate of LTE Turbo encoder is 1/3, thus, to get other code rates, repetition or puncturing has to be performed, which both are done by a rate matching module. The rate matching module includes three so-called subblock interleavers for the three output streams of the Turbo encoder core, a bit selection, and pruning part which is realized by a circular buffer. The sub-block interleaver is based on the classic row-column interleaver with 32 columns and a length-32 intra-column permutation. The bits of each of the three streams are written row-by-row into a matrix with 32 columns (number of rows depends on the stream size). Dummy bits are padded to the front of each stream to completely fill the matrix. After a column permutation, bits are read out from the matrix column-by-column. The column permutation of the sub-block interleaver is given as following: [0, [START_REF] Gpp | Inband Tandem Free Operation (TFO) of speech codecs; Service description; Stage 3[END_REF]8,[START_REF] Gpp | Evolved Universal Terrestrial Radio Access (E-UTRA); Medium Access Control (MAC) protocol specification[END_REF]4,[START_REF] Scheme | Lte: the evolution of mobile broadband[END_REF]12,[START_REF] Ghosh | Essentials of LTE and LTE-A[END_REF]2,[START_REF] Gpp | Feasibility study for Orthogonal Frequency Division Multiplexing (OFDM) for UTRAN enhancement[END_REF]10,[START_REF] Berrou | Near optimum error correcting coding and decoding: Turbo-codes[END_REF]6,[START_REF] Elayoubi | Performance evaluation of frequency planning schemes in ofdma-based networks[END_REF]14,[START_REF] Zarei | Channel coding and link adaptation[END_REF]1,[START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF]9,[START_REF]Evolved Universal Terrestrial Radio Access (E-UTRA); Multiplexing and channel coding," 3rd Generation Partnership Project (3GPP)[END_REF]5,[START_REF] Gpp | Evolved Universal Terrestrial Radio Access (E-UTRA); Physical layer procedures[END_REF]13,[START_REF] Studer | Design and implementation of a parallel turbo-decoder asic for 3gpp-lte[END_REF]3,[START_REF]Physical layer aspect for evolved Universal Terrestrial Radio Access (UTRA)[END_REF]11,[START_REF] Gpp | Evolved Universal Terrestrial Radio Access (E-UTRA); Physical layer procedures[END_REF]7,[START_REF] Martín-Sacristán | Mac layer performance of different channel estimation techniques in utran lte downlink[END_REF]15,[START_REF]Itu-t recommendation g.107: The e-model, a computational model for use in transmission planning[END_REF]. For example, if column 1 has to be read orginally, after permutation column 16 will be read.

The Turbo encoder with rate matching module is illustrated in Figure 1.12 [START_REF] Zarei | Channel coding and link adaptation[END_REF]. As shown in Figure 1.13, the reference connection is split into a send side and a receive side. The model estimates the conversational quality from mouth to ear as perceived by the user at the receive side, both as listener and talker. The transmission parameters used as an input to the computation model. Values for room noise and for the D-factors are processed separately in the algorithm for the sender and receiver and may be of different amounts. The parameters SLR, RLR, and Nc are referred to a defined 0 dBr point. All other input parameters are either considered as values for the overall connection, such as overall OLR, i.e., the sum of SLR and RLR, number of qdu, equipment impairment factors I e and Figure 1.13: Reference connection of the E-model advantage factor A, or referred to only for the receive side, such as STMR, LSTR, WEPL used for the calculation of listener echo and TELR. There are three different parameters associated with transmission time. The absolute delay T a represents the total one-way delay between the sender and receiver and is used to estimate the impairment due to excessive delay. The parameter mean one-way delay T represents the delay between the receiver (in talking state) and the point in a connection where a signal coupling occurs as a source of echo. The round-trip delay T r only represents the delay in a 4-wire loop, where the 'double reflected' signal will cause impairments due to listener echo.

The output of the model is Transmission rating factor (R-factor). The values of this R-factor are in range of 0-100 where 100 is the best and 0 is the worst quality. And then, it is mapped to the corresponding MOS value. The standard R-factor in the E-model is defined as follows:

R = R 0 -I s -I d -I ef + A (1.1)
In which:

• R 0 : The basic signal-to-noise ratio which consists of noise sources such as circuit and room noise.

• I s : The simultaneous impairment factor, it is the sum of all impairments which may occur more or less simultaneously with the voice transmission. In this model, the default value is set to 0.

• I d : The delay impairment factor, representing all impairments due to delay of voice signals.

• I ef : The equipment impairment factor, capturing the effect of signal distortion due to low bit rates of the codec and packet losses of random distribution.

• A: The advantage factor, capturing the fact that some users can accept a reduction of quality due to the mobility of cellular networks. In this model, this factor is set to 0.

In above factors, I d and I ef are affected by end-to-end delay and packet loss, respectively, while R 0 and I s do not depend on network performance. The details of theoretical calculations, default values and permitted ranges of them are described in [START_REF]Itu-t recommendation g.107: The e-model, a computational model for use in transmission planning[END_REF].

After setting the default values for the E-model, Equation (1.1) can be rewritten as follows:

R = R 0 -I d -I ef (1.2)
The R-factor is then translated into the MOS as follows [START_REF]Itu-t recommendation g.107: The e-model, a computational model for use in transmission planning[END_REF]:

M OS =      1, if R < 0 1 + 0.035 × R + 7 × 10 -6 × R × (R -60) × (100 -R), if 0 ≤ R ≤ 100 4.5, otherwise (1.3) 
The relation between R-factor, user perception, and MOS is described in the The Equation (1.2) is the base to compute the R factor. The calculation of I d and I ef used in this thesis will be described in the next Chapters to observe conveniently.

WB E-model -Speech quality assessment for wideband audio

WB E-model is a computational model developed and standardized by ITU-T [START_REF] Rec | G. 107.1, wideband e-model[END_REF]. It is used to estimate the MOS for wideband audio quality. The reference connection of the WB E-model is similar to the E-model.

The output of the model is R wb -factor. The values of this R wb -factor in range of 0-129. And then, it is mapped to the MOS. The R wb -factor in the WB E-model is defined as follows:

R wb = R 0,wb -I s,wb -I d,wb -I e,ef f,wb + A (1.4)

In which:

• R 0,wb : The basic signal-to-noise ratio.

• I s,wb : The simultaneous impairment factor, it is the sum of all impairments which may occur more or less simultaneously with the voice transmission. In this model, this factor is set to 0.

• I d,wb : The delay impairment factor, representing all impairments due to delay of voice signals.

• I e,ef f,wb : The equipment impairment factor, capturing the effect of signal distortion due to low bit rates of the codec and packet losses of random distribution.

• A: The advantage factor, capturing the fact that some users can accept a reduction of quality due to the mobility of cellular networks. In this model, this factor is set to 0.

In above factors, I d,wb and I e,ef f,wb are affected by end-to-end delay and packet loss, respectively, while R 0,wb and I s,wb do not depend on network performance. The details of theoretical calculations, default values and permitted ranges of them are described in [START_REF] Rec | G. 107.1, wideband e-model[END_REF].

For R = R wb /1.29, R factor is then mapped to the MOS using Equation (1.3), and then, the MOS is mapped to the satisfaction level of the users. According to [START_REF] Moller | Impairment factor framework for wide-band speech codecs[END_REF], for the wideband audio, the value of R 0,wb factor in equation (1.1) equals 129, thus, equation (1.1) can be rewritten as follows:

R wb = 129 -I d,wb -I e,ef f,wb (1.5) 
It is similar to the E-model, the Equation (1.5) is the base to compute the R wb factor. The calculations of I d,wb and I e,ef f,wb used in this thesis will be also described in the next Chapters to conveniently observe.

Summary

This Chapter presents an overview of the LTE network and the E-model. We introduce the general LTE architecture and its main components such as EPC, E-UTRAN, eNB and the general QoS architecture based on 3GPP specifications. Herein, we mainly focus on the QoS architecture and the MAC and PHY layers located at the eNB. Regarding the PHY layer, we describe its downlink frame structure called OFDMA and its sub-channelization. For the MAC layer, we detail the MAC air interface and its main functions. Since the radio resource allocation is performed at the MAC scheduler interface, we concentrate on this part to better understand the physical resource allocation and scheduling. In addition, the QoS architecture used by LTE is explained highlighting particular concepts such as bearer. However, state-of-the-art related to QoS support at MAC layer, specifically resource allocation techniques will be further discussed in the next Chapter. We also describe AMR-WB codec which is mandatory for VoLTE. This codec is used in our proposals to simulate wideband audio flows. As mentioned before, the E-model and WB E-model are the backbones in our proposals thus in this Chapter, we also detail the featured characteristics of them. In this Chapter, we present a literature review on some topics that related to our proposals in this thesis. As mentioned before, in this thesis, we have proposed the solutions for enhancing and improving voice transmission quality in LTE network. The proposals mainly focus on LTE channel coding, scheduling schemes in downlink direction and prediction of voice quality. For these goals, in this Chapter, we present the literature review on Turbo coding and decoding, downlink scheduling strategies, and QoE requirements. In particular, Section 2.1 represents a review on LTE Turbo coding and decoding, downlink scheduling strategies are revised in Section 2.2, in Section 2.3, we present a revision of QoE requirements, and the Summary is shown in Section 2.4.

State-of-the-art

LTE Turbo codec 2.1.1 LTE Turbo coding

As mentioned in Chapter 1, LTE uses Block codes and Convolutional codes for channel coding purposes. The convolutional codes are used for control channels whereas Turbo codes are utilized for data channels. Turbo code is an enhanced convolutional code and is widely used in wireless communications. In this thesis, we focus on data channels, thus, in this section, we only present the literature review on Turbo code in LTE networks.

Authors in [START_REF] Chi | Quadratic permutation polynomial interleaver for lte turbo coding[END_REF] presented the largest-spread and maximum-spread QPP interleavers (called LSQPP and MSQPP, respectively) to improve the performance of LTE QPP (Quadratic Permutation Polynomial) interleaver. Compared to LTE QPP interleaver, those algorithms have low computing complexity and better performances from simulation results. The authors concluded that, the BER performance of the MSQPP interleaver is better compared to the LTE and LS QPP interleavers and the MSQPP is suitable for LTE standard.

In [START_REF] Nimbalker | Arp and qpp interleavers for lte turbo coding[END_REF], the authors presented two attractive turbo interleaver candidates (QPP and ARP) for LTE turbo coding. These interleavers are perfectly suited for LTE as they facilitate efficient high throughput turbo decoding required to support the high date rates envisioned for LTE systems. Some main features of these inteleavers include flexible parallelism, efficient memory organization, and efficient support for Radix-4 decoding. The QPP interleaver held a slight edge over ARP due to its maximum contention-free property and its fully algebraic structure; hence it was selected for LTE turbo coding. Simulation results indicated that QPP and ARP designs for LTE have a performance equivalent to or better than the existing WCDMA turbo code.

Authors in [START_REF] Cheng | Analysis of circular buffer rate matching for lte turbo code[END_REF] presented circular buffer rate matching (CBRM) algorithms for LTE turbo code of the WCDMA-based air interface. In order to enhance performance at high code rates, systematic bit puncturing is incorporated in conjunction with the CBRM. The RM algorithm is further optimized based on the algebraic properties of the QPP interleavers and the 8-state recursive systematic convolutional code of the LTE turbo code.

In [START_REF] Breddermann | Rate-compatible insertion convolutional turbo codes: Analysis and application to lte[END_REF], the authors first presented a detailed analysis of RCIC (Rate-Compatible Insertion Convolutional) Turbo codes. The authors showed that these codes outperform ratecompatible Turbo codes using bit repetition in terms of frame error rate and convergence speed. Furthermore, their EXIT charts will be derived from the EXIT chart of the mother Turbo code. This EXIT chart analysis enables a novel semi-analytical optimization tool for RCIC Turbo codes and the efficient EXIT chart comparison of competing codes, avoiding complex simulations. Finally, a HARQ scheme for LTE, based on RCIC Turbo codes, is presented which obtains a higher system throughput in comparison with the standard LTE solution.

Authors in [START_REF] Ma | Efficient implementation of quadratic permutation polynomial interleaver in turbo codes[END_REF] presented an efficient method to implement high throughput processing is proposed. The method is attained by using recursive relationship among polynomials. The proposed method covers implementation of interleaver in both directions of forward state metric and backward state metric. In inclusion, with the proposed method, Turbo codes can be implemented in parallel processing with low latency for high date rate applications.

In [START_REF] Ardakani | An efficient vlsi architecture of qpp interleaver/deinterleaver for lte turbo coding[END_REF], the authors proposed an efficient architecture for the QPP interleaver, called the Add-Compare-Select (ACS) permuting network. The proposed architecture can be used both as the interleaver and deinterleaver. This means it has a high-speed low-complexity hardware interleaver/deinterleaver for turbo decoding. It does not requires memory or QPP inverse to perform deinterleaving and was fully implemented and tested both on a Virtex-6 FPGA as well as in a 0.18 um CMOS process. Finally, it can be used for any block size.

In order to improve rate matching (RM) in LTE Turbo code, authors in [START_REF] Yu | An improved rate matching algorithm for 3gpp lte turbo code[END_REF] presented an efficient RM algorithm to improve the performance of turbo codes, specially at high code rates. The proposed algorithm based on interlaced puncturing not only eliminates most of these performance instabilities and reaches good performance over wide range of code rates but also brings relatively little computational complexity. However, the performance analysis of the computational complexity in software and hardware implementation has been not considered.

In [START_REF] Purwita | Optimized 8-level turbo encoder algorithm and vlsi architecture for lte[END_REF], the authors proposed a new architecture of Turbo code encoder based on 3GPP standard. This architecture is developed by implementing optimized 8-level parallel architecture, dual RAM in turbo code internal interleaver, recursive pair wise matching, and efficient 8-level index generator in turbo code internal interleaver. In order to guarantee the functionality of the proposed algorithm and architecutre, In conclusion, the proposed architecture successfully increases the speed of encoder 16 times faster compared to conventional architecture with size smaller than 50 %.

For joint source-channel coding, authors in [START_REF] Akmalkhodzhaev | Joint decoding of turbo code and amr-wb vocoder in 3gpp lte system[END_REF] proposed a new joint source and channel decoding algorithm for 4G wireless systems. The goal of the algorithm is the correct reception of the correlated bits using joint and list decoders, after that correctly decoded values are used for improvement of non correlated bits. Performance of the new decoder is shown for LTE turbo code and AMR-WB vocoder, but can be applied to other sources. The achievable gain by the new decoder compared to the conventional turbo scheme is 0.15 dB, that is equal to 0.15-0.4 MOS speech quality improvement in comparison with the Scaled Max-Log-MAP and the conventional joint source-channel decoders.

LTE Turbo decoding

As mentioned in Chapter 1, Turbo decoding algorithms are based on the Trellis detection. The algorithms of this group can be classified into two categories as follows:

• Sequence detection. Including Viterbi algorithm, then SOVA (Soft Output Viterbi Algorithm) and SOVA-based algorithms. This group is used for the convolutional codes.

• Symbol-by-symbol detection. Consisting of MAP (Maximum A Posteriori) algorithm, then Log-MAP, Max-Log-MAP, and Log-MAP based algorithms. This group is utilized for Turbo codes.

In this section, we first review on Turbo decoders used in LTE networks, then we mainly focus on the Log-MAP based algorithms because they are relevant to our proposals in this thesis.

Turbo decoder is used in LTE networks to decode the encoded signals by Turbo encoder. There have been many papers proposed to modify the architecture as well as to improve performance of Turbo decoder. Authors in [START_REF] Adiono | Radix-4 max-log-map parallel turbo decoder architecture with a new cache memory data flow for lte[END_REF] presented a design of turbo decoder VLSI architecture based on 3GPP-LTE standard. In order to obtain the LTE peak data rate of 326.4 Mbps, Max-log-MAP radix-4 decoding algorithm and parallelization of the MAP decoder are used. The data dependency between each MAP decoder and hazard that comes from the usage of parallelization is explained. The modification made on the data flow and architecture of the branch/transition metric cache memory to increase the concurrency of parallelization method and to eliminate the hazard is introduced. Proposed design has a maximum throughput of 347.8 Mbps and FPGA implementation shows that the system can attain maximum frequency of 102.57 MHz. A fixed-point implementation of LTE turbo decoder with Max-Log-MAP algorithm was introduced in [START_REF] Zhang | Integrated implementation of fixed-point turbo decoders for lte system[END_REF]. Also modular arithmetic was introduced to the state metric calculation and the scale process was introduced to extrinsic information calculation. With small hardware complexity, the resource overhead was reduced, and the working speed was improved. The results show that the decoding performance is much better than Max-Log-MAP algorithm and is close to the Log-MAP algorithm, with a small degradation less than 0.1 dB.

In [START_REF] Li | A low-complexity turbo decoder architecture for energy-efficient wireless sensor networks[END_REF], the authors proposed low-complexity energy-efficient Turbo decoder architecture. Turbo codes have recently been considered for energy-constrained wireless communication applications, since they have low transmission energy consumption. However, for reducing the overall energy consumption, Look-UpTable-Log-BCJR (LUT-Log-BCJR) architectures having low processing energy consumption are required. The proposed architecture reaches a low area and hence a low energy consumption. In this method, the LUT-Log-BCJR algorithm is decomposed into its most fundamental ACS operations. The architecture was validated by implementing an LTE turbo decoder and 71% energy reduction was obtained. Authors in [START_REF] Shrestha | High-throughput turbo decoder with parallel architecture for lte wireless communication standards[END_REF] proposed an ungrouped backward recursion technique for the computation of backward state metrics. MAP decoder based on this technique can be extensively pipelined and retimed to attain higher clock frequency. The state metric normalization technique is employed in the design of an add-compare-select-unit (ACSU). This has reduced critical path delay of the decoder architecture. Turbo decoders with 8 and 64 parallel MAP decoders in 90nm CMOS technology is also designed and implemented. VLSI implementation of an 8 parallel turbo-decoder has achieved a maximum throughput of 439 Mbps and 0.11 nJ/bit/iteration energy-efficiency. Similarly, 64x parallel turbo-decoder has achieved a maximum throughput of 3.3 Gbps and 0.079 nJ/bit/iteration of energy-efficiency. These high-throughput decoders meet peak data rates of 3GPP LTE and LTE-Advanced standards.

Authors in [START_REF] Wong | A 188-size 2.1 mm 2 reconfigurable turbo decoder chip with parallel architecture for 3gpp lte system[END_REF] presented a turbo decoder chip supporting all 188 block sizes in 3GPP LTE standard. The design allows 1, 2, 4, or 8 SISO decoders to concurrently process each block size, and the number of iteration can be adjusted. In addition, a three-stage network is utilized to connect multiple memory modules and multiple SISO decoders. After fabricated in 90 nm process, the 2.1 mm 2 chip can achieve 129 Mb/s with 219 mW for the 6144-bit block after 8 iterations.

In [START_REF] Kim | A unified parallel radix-4 turbo decoder for mobile wimax and 3gpp-lte[END_REF], authors presented the energy-efficient implementation of a high performance parallel radix-4 turbo decoder, which is designed to support multiple 4G mobile network standards such as Mobile WiMAX and LTE. The authors proposed a new hardware architecture that can share hardware resources for the two standards. It mainly includes eight retimed radix-4 SISO decoders to obtain high throughput and a dual-mode parallel hardware interleaver to support both ARP and QPP interleavers defined in the two standards. A prototype chip supporting both the WiMAX and LTE standards is fabricated in a 0.13 µm CMOS technology with eight metal layers. The decoder core occupies 10.7 mm 2 and can exhibit a decoding rate of more than 100 Mb/s with eight iterations while achieving an energy efficiency of 0.31 nJ/bit/iteration.

Authors in [START_REF] May | A 150mbit/s 3gpp lte turbo code decoder[END_REF] presented a LTE compliant Turbo code decoder which provides a throughput of 150 Mb/s at 6.5 decoding iterations and 300 MHz clock frequency with a power consumption of about 300 mW. The decoder has been integrated in an industrial SDR chip in 65 nm low power CMOS process. The architecture has a very good scalability for further throughput demands. Special emphasis was put on the problem of acquisition in highly punctured LTE Turbo codes with code rates up to 0.95. The authors considerably reduced the high acquisition length needed for this code rate by implementing NII (next iteration initialization) in addition to the acquisition.

In [START_REF] Studer | Design and implementation of a parallel turbo-decoder asic for 3gpp-lte[END_REF], authors presented a design of a parallel turbo-decoder for the 3GPP LTE standard. The analysis of the throughput/area tradeoffs associated with parallel turbo decoders have shown that radix-4 in combination with eight M-BCJR instances are essential for the LTE peak data rate in 0.13 m CMOS technology. Parallel and interleaved access to the memories at high throughput was achieved through the development of a master-slave Batcher network. Optimizations in the radix-4 M-BCJR unit finally led to a high performance and low area turbo decoder architecture. In addition, in order to set a record in turbo decoding throughput, both ultra low power and cost-effectiveness have been demonstrated by the presented implementation concept.

In [START_REF] Ilnseher | A multi-mode 3gpp-lte/hsdpa turbo decoder[END_REF], the authors presented a combined 3GPP LTE and HSDPA compliant turbo decoder which provides a throughput of 300 Mb/s at 6.5 decoding iterations and 350 MHz clock frequency with a power consumption of 452 mW. It supports decoding of highly punctured HSDPA and LTE turbo codes using a combination of acquisition and NII. The decoder occupies only an area of 1.46 mm 2 in a 40 nm low power CMOS process. A huge reduction of the memory required for the conflict resolution tables is obtained by using a hybrid method and compression of the permutation vectors.

Authors in [START_REF] Sun | Efficient hardware implementation of a highly-parallel 3gpp lte/lte-advance turbo decoder[END_REF] presented a highly-parallel architecture for the decoding of LTE/LTE-Advance Turbo codes. Based on the algebraic constructions, the QPP interleaver offers contention-free memory accessing capability which enables parallel Turbo decoding by using multiple MAP decoders working concurrently. They proposed a low-complexity recursive architecture for generating the QPP interleaver addresses on the fly. The QPP interleavers are designed to operate at full speed with the MAP decoders. The proposed architecture has scalable parallelism and can be sewed for different throughput requirements. With this architecture, a throughput of 1.28 Gbps is achievable with a core area of 8.3 mm 2 in a 65 nm CMOS technology.

A 650 mW Turbo decoder was presented for CAT4 LTE terminals in [START_REF] Wu | Implementation of a high-speed parallel turbo decoder for 3gpp lte terminals[END_REF]. The design is based on algorithm/architecture co-optimization targeting a good tradeoff between performance and throughput. The results show that at feasible silicon cost, the parallel ar-chitecture reduces significantly the decoding latency while allowing a link-level performance that is close to the traditional serial decoder to be attained.

Authors in [START_REF] Wong | Reconfigurable turbo decoder with parallel architecture for 3gpp lte system[END_REF] presented a parallel architecture of a turbo decoder using QPP interleaver. The proposed design can allow 1, 2, 4, or 8 SISO decoders to handle each block with configurable iterations. In order to support all data transmissions in the parallel design, a multistage network with low complexity is also used. In addition, a robust path metric initialization is given to improve the performance loss in small blocks and high parallelism. After fabrication in the 90 nm process, the 2.1 mm 2 chip can obtain 130 Mb/s with 219 mW for the 6144-bit block size and 8 iterations. The authors concluded that the proposed method and architecture facilitate the parallel turbo decoder implementation to attain both higher throughput and flexibility.

In [START_REF] Ilnseher | A 2.15 gbit/s turbo code decoder for lte advanced base station applications[END_REF], the authors presented the first LTE advanced compliant LTE turbo code decoder with a throughput of 2.15 Gb/s at frequency of 450 MHz and area of 7.7 mm 2 in a 65 nm process node with worst case P&R constraints. The proposed decoder can perform 6 full iterations at a large window size of 192 at full throughput resulting in a highly competitive communications performance.

Authors in [START_REF] Huahua | Analysis of turbo decoding algorithm in lte system[END_REF] presented an analysis of LTE Turbo decoding algorithm including the MAP and improved MAP algorithm which based on SISO. The ability of MAP algorithm and improved MAP algorithm are analyzed over the length of data for code, iterative times and complexity of decoding. The authors concluded that, under the same conditions, the performance of these algorithms can be sorted by: MAP>Log-MAP>Max-Log-MAP. The performance of MAP algorithm is almost the same as the Log-MAP algorithm, but the computational complexity of Log-MAP algorithm is lower than MAP. Max-Log-MAP algorithm is a simplified Log-MAP algorithm, but BER is higher than Log-MAP. Two main factors affect the performance of Turbo decoding including: the length of Turbo coding and number of iterations.

As mentioned before, the symbol-by-symbol Log-MAP algorithm is an optimal algorithm for iterative decoding in white Gaussian noise [START_REF] Kim | Bit-level extrinsic information exchange method for doublebinary turbo codes[END_REF]. However, this algorithm is executed in logarithmic domain or reading data from a big table will spend much time and logarithmic operations are not easy to implement in hardware. In order to reduce the high complexity of the optimal algorithm, its sub-optimal variants were proposed, such as the lookup table Log-MAP, Max-Log-MAP [START_REF] Robertson | A comparison of optimal and sub-optimal map decoding algorithms operating in the log domain[END_REF] and SOVA [START_REF] Hagenauer | A viterbi algorithm with soft-decision outputs and its applications[END_REF], which are utilized in practice to meet the tradeoff between performance and complexity. In these algorithms, the Max-Log-MAP algorithm has the least computational complexity, but it has the worst BER performance in comparison with the Log-MAP algorithm. It has a performance degradation about 0.4 dB [START_REF] Robertson | A comparison of optimal and sub-optimal map decoding algorithms operating in the log domain[END_REF] so will reduce about 10 % capacity of the system. Therefore, in order to improve the performance of the Max-Log-MAP algorithm while keeping the acceptable complexity, many proposals have been devoted in literatures [START_REF] Wang | Improved log-map decoding algorithm for turbo-like codes[END_REF], [START_REF] Gross | Simplified map algorithm suitable for implementation of turbo decoders[END_REF], [START_REF] Papaharalabos | Constant log-map decoding algorithm for duo-binary turbo codes[END_REF], [START_REF] Cheng | Linearly approximated log-map algorithms for turbo decoding[END_REF], [START_REF] Talakoub | An improved max-log-map algorithm for turbo decoding and turbo equalization[END_REF]. In order to more easily observe, these Log-MAP based algorithms will be detailed in Chapter 3.

From the above analyses, it can be seen that, there are not many proposals for the LTE Turbo coder. The proposed solutions mainly concentrate on the modifications of the interleaver, rate matching, and joint source-channel coding whereas joint source-channel coding is a cross-layer optimization solution that is a trend to improve the system performance. Otherwise, for the LTE Turbo decoder, the proposed solutions mainly focus on the configurable architectures and the improved algorithms based on the Log-MAP. These are main research directions for improving Turbo decoding in LTE networks.

LTE Downlink scheduling schemes

LTE is a mobile network which has high data rate, low delay and fully packet-based. This means to improve the capability of legacy system by increasing data rates and extending superior QoS for various multimedia applications. Basic components of LTE network include a powerful eNodeB (eNB) station and several UEs in addition to a gateway [START_REF] Ali | A utility based resource allocation scheme with delay scheduler for lte service-class support[END_REF]. The eNB combines with core network through several standard complicated protocols. Basic packet scheduling is carried out by the network operator in both UE and eNB station for both uplink as well as downlink. However, according to the 3GPP, there are no firm specifications for scheduling technique in LTE network. One of the most important modules of packet scheduling is RRM which decides users that would transmit their data on the air interface. The packet scheduling should integrate fairness in terms of throughput as well as the service policies to which users subscribe [START_REF] Alasti | Quality of service in wimax and lte networks [topics in wireless communications[END_REF]. In order to meet different QoS requirements for these groups, several packet scheduling algorithms have been proposed.

In this section, we present literature review on different allocation strategies introduced for LTE systems, highlighting pros and cons related to each solution. According to [START_REF] Capozzi | Downlink packet scheduling in lte cellular networks: Key design issues and a survey[END_REF] and [START_REF] Singh | Radio resource scheduling in 3gpp lte: a review[END_REF], the scheduling strategies for LTE downlink are divided into five groups as follows:

1. Channel-unaware strategies: which were firstly introduced in wired networks and are based on the assumption of time invariant and error-free transmission media. In LTE networks, they are typically used in conjugation with channel-aware strategies to improve system performance 2. Channel-aware/QoS-unaware strategies: which allocate resources with optimal algorithms by taking into account the channel conditions. The channel quality can be estimated from CQI reports which help the scheduler to estimate the channel quality perceived by each UE and serves as an indication of the data rate which can be supported by the downlink channel 3. Channel-aware/QoS-aware strategies: As presented before, QoS differentiation in LTE is managed by associating a set of QoS parameters to each flow. Minimum required performance can be ensured by the scheduler if it knows the values of QoS parameters, either in terms of guaranteed data rates or of delivery delays.

4. Semi-persistent scheduling for VoIP support: which allow optimizing the performance of dynamic scheduling when VoIP traffic is present in a LTE heterogeneous network.

5. Energy-aware strategies: which limit energy waste and hence extend the battery life of UE. They can be applied to both eNB and UE. Power consumptions can be limited through DRX procedures and the persistent allocation.

The review on literature level of the above groups is represented in the following subsection.

Channel-unaware scheduling strategies

The possibility of direct application of scheduling algorithms in this group in LTE is not realistic, they are typically used jointly with channel-aware approaches to improve system performance.

State-of-the-art

First In First Out

This is the simplest case of channel unaware allocation policy serving users according to the order of resource requests, exactly like a First In First Out (FIFO) queue [START_REF] Tanenbaum | Modern operating systems[END_REF]. This means user which arrived at the eNB buffer first served first. This method is very simple, but is not efficient and not fair. Its priority metric depends on the current time t and the time instant T i when request was issued by i-th user.

Round Robin

It performs fair sharing of time resources among users. Its priority metric is similar to the one defined for FIFO with the difference that, in this case, T i refers to the last time when the user was served. This approach is not fair in terms of user throughput because in wireless networks, does not depend only on the amount of occupied resources, but also on the channel conditions. This technique is not practical in LTE because different terminals have different service with different QoS requirements [START_REF] Hussain | Dynamic radio resource management in 3gpp lte[END_REF].

Blind Equal Throughput

This technique aims at providing throughput fairness among all the users. To counteract the unfair sharing of the channel capacity, the Blind Equal Throughput (BET) scheduler uses a priority metric which considers past average user throughput [START_REF] Kela | Dynamic packet scheduling performance in utra long term evolution downlink[END_REF]. This means users with lower average throughput in the past having the higher priority and and more resource blocks allocated for users with the bad channel quality. This allow achieving throughput fairness but at the cost of spectral efficiency.

Weight Fair Queuing

In this approach, the packets are grouped in various queues and each queue is assigned a weight to determine the fraction of the total bandwidth available to the queue [START_REF] Demers | Analysis and simulation of a fair queueing algorithm[END_REF]. This technique is a modification of the RR approach. It guarantees that flows with larger packets are not allocated more bandwidth than flows with smaller packets, it also supports variablelength packets. The Weighted Fair scheduling assigns the bandwidth for each service based on the weight assigned to each queue and not based on the number of packets.

Largest Weighted Delay First

In order to avoid packet drops, each packet has to be received within a certain delay deadline in Guaranteed delay services. It incorporates the information about the specific packet timing, when the packet was created and its deadline while calculating the priority metric [START_REF] Stolyar | Largest weighted delay first scheduling: Large deviations and optimality[END_REF]. Its priority metric depends on waiting time of the packet at the head of the line, drop probability, and target delay for each user. This technique does not take into account channel conditions, thus, it is poor in throughput.

Channel-aware and QoS-unaware scheduling strategies

These strategies allocate resources with optimal algorithms by taking into account the channel conditions. The channel quality can be estimated from CQI reports which help the scheduler to estimate the channel quality perceived by each UE and serves as an indication of the data rate which can be supported by the downlink channel.

Maximum Throughput

This approach takes into account advantage of multiuser diversity to maximizing system throughput by assigning each RB to the user that can obtain the maximum throughput in the current TTI [START_REF] Kela | Dynamic packet scheduling performance in utra long term evolution downlink[END_REF]. This also allows maximizing cell throughput but it performs unfair resource sharing since users with poor channel conditions will only get a low percentage of the available resources. For a practical scheduler, there need be a trade-off between the maximum throughput and the maximum cell throughput.

Proportional Fair

This technique can improve the fairness among users without losing the efficiency in terms of average throughput. The UEs are classified according to the priority metric which is defined as the ratio of the instantaneous to average throughput. Then the scheduler assigns resources to UE with the highest priority. It allows finding a balance between requirements on fairness and spectral efficiency. The Proportional Fair (PF) was designed specifically for the non real-time services, thus, does not assure any QoS requirement such as delay, jitter and latency. The priority metric is a combination between MT and BET approaches.

Several extensions of this technique have been proposed in literature. Authors in [START_REF] Almatarneh | Performance analysis of proportional fair scheduling in ofdma wireless systems[END_REF] evaluated the performance of PF scheduling for both time and frequency domain in OFDMA wireless systems. The performance is investigated for a broad range of the traffic load and the number of subbands. In [START_REF] Kwan | Proportional fair multiuser scheduling in lte[END_REF], authors presented an optimization problem for PF to maximize the obtained throughput of LTE system. Herein, a multiuser scheduler with PF was proposed. A suboptimal PF scheduler, which has much lower complexity at the cost of throughput reduction was also proposed. The simulation results showed that the proposed PF scheduler provides a superior fairness performance with a modest loss in throughput, as long as the user average SINRs are fairly uniform.

Throughput to Average

This algorithm [START_REF] Choi | Resource allocation in ofdma wireless communications systems supporting multimedia services[END_REF] tries to divide the available resources among all users. The priority metric performs averaging of resources evenly among users. The achievable throughput in the current TTI is used as normalization factor of the achievable throughput on the considered k-th RB. It is clear that the higher the overall expected throughput of an user is, the lower will be its metric on a single RB.

Joint Time-Frequency domain

This is a two-step technique for distributing radio resources [START_REF] Pokhariyal | Harq aware frequency domain packet scheduler with different degrees of fairness for the utran long term evolution[END_REF] as follows: (1) a TDPS selects a subset of active users in the current TTI among those connected to the eNB, and (2) RBs are physically allocated to each user by a FDPS. The final allocation decision is the outcome of the decisions that work in series. The main advantage of such a partitioning is that the computational complexity at the FDPS is reduced, due to the number of candidate users for resource allocation decreases. This technique is to obtain fair sharing of time resources among users and to achieve a good trade-off between spectral efficiency and fairness.

State-of-the-art

Buffer-aware

This approach takes into account buffer management to avoid packet losses. Authors in [START_REF] Huang | Buffer-aware and traffic-dependent packet scheduling in wireless ofdm networks[END_REF] presented the Buffer-Aware Traffic-Dependent (BATD) scheme to deal with the packet dropping probability due to a receiver buffer overflow; they aim at keeping this probability as low as possible whereas guaranteeing high total system throughput and a certain level of fairness. BATD makes usage of buffer status information reported by the UE to the eNB and of traffic statistics for setting dynamic priorities associated to each MAC queue.

Channel-aware and QoS-aware scheduling strategies

As mentioned previously, QoS differentiation is managed by associating a set of QoS parameters to each flow. Minimum required performance can be guaranteed by the scheduler if it knows the values of QoS parameters, either in terms of guaranteed data rates or of delivery delays. Several typical approaches in this group are represented as follows:

Guaranteed Data Rate

Authors in [START_REF] Monghal | Qos oriented time and frequency domain packet schedulers for the utran long term evolution[END_REF] proposed a QoS oriented both time and frequency domain that focuses on GBR considerations. For the time domain, the Priority Set Scheduler (PSS) has been proposed to select users with the highest priority. Specifically, users with flows below their target bitrate form a high priority set. The remainder of the users forms a lower priority set. Users belonging to first and second sets are managed by using BET and PF algorithms, respectively. Once a number of candidate users has been selected by the TDPS, the FDPS allocates available resources through the PF scheduled metric. In [START_REF] Skoutas | Scheduling with qos provisioning in mobile broadband wireless systems[END_REF], authors proposed a DHS based on two basic components corresponding to a guaranteed and a dynamic delay based rate allocation policy. The resources are allocated to the user with the highest priority. This is similar to the users with the lower priority if the RBs left free and so on. Authors in [START_REF] Zaki | Multi-qos-aware fair scheduling for lte[END_REF] presented a MAC scheduling technique with two stages: Time Domain (TD) and Frequency Domain (FD) schedulers. The TDPS differentiates the users according to their QoS characteristics whereas FDPS assigns the RBs among the priority users. The incoming packets are classified based on QCI corresponding to GBR and non-GBR sets and their priority order. Next, the FDPS orderly assigns the best RB to each user in the GBR set, updating the achieved bitrate. When all users in the list have reached their target bit-rate, if RBs are still available, the scheduler assigns them to users in the non-GBR list using PF metric.

Guaranteed Delay Requirements

Real-time flows have more constraints of delay than non real-time flows resulting in the reduction of influence of error correction. These scheduling strategies aim at guaranteeing the bounded delay falling in the category of the QoS-aware schemes.

The M-LWDF combines both channel conditions and the state of the queue with respect to delay in making scheduling decisions [START_REF] Ramli | Performance of well known packet scheduling algorithms in the downlink 3gpp lte system[END_REF]. It guarantees that the probability of delay packets does not exceed the discarded bound below the maximum allowable packet loss ratio. The scheduler allocates resources to the user with the maximum priority metric is computed based on the HOL packet delay of the user, the channel capacity with respect to flow and the QoS differentiating factor. This is main scheduling which is strongly related to our proposed scheduling schemes in Chapter 4. Hence, in order to observe easily, this scheduler will be described in Chapter 4.

Authors in [START_REF] Basukala | Performance analysis of exp/pf and m-lwdf in downlink 3gpp lte system[END_REF] proposed an approach called EXP/PF which is a QoS-aware extension of PF that can support both non real-time and real-time flows at the same time. For each flow, there is an unique priority metric. This means the EXP/PF takes into account both the characteristics of PF and of an exponential function of the end-to-end delay. Real-time users are prioritized over non real-time ones when their HOL packet delays are reaching the delay deadline. The exponential term is closer to 1 if HOL delays of all users are as same as. This scheduler is used in this thesis to compare the performance to our propose scheduling schemes. Hence, it is also detailed in Chapter 4. EXP rule [START_REF] Sadiq | Downlink scheduling for multiclass traffic in lte[END_REF] can be considered as modified form of the EXP/PF. It also has separate priority metrics for real-time and non real-time flows. Authors in [START_REF] Chandur | Performance evaluation of scheduling algorithms for mobile wimax networks[END_REF] evaluated the performance of EXP rule in comparison with the one of PF and L-MWDF schedulers. A variant of the EXP rule (called EXPQW) was proposed which assigns weights to the eNBs based on their queue length and waiting time. This approach uses a combination of the exponential rule for waiting time and queue length and other scheduling rules. In [START_REF] Iturralde | Resource allocation for real time services using cooperative game theory and a virtual token mechanism in lte networks[END_REF], authors proposed a two level resource allocation scheme which enhances the QoS for multimedia services. It corresponds to a procedure that combines cooperative game theory, a virtual token mechanism, and the EXP rule algorithm. This technique offers a significant performance gain over the EXP rule is achieved in terms of both PLR and fairness index. LOG rule technique was proposed in [START_REF] Sadiq | Delay-optimal opportunistic scheduling and approximations: The log rule[END_REF] with a new priority metric defined based on tuneable parameters, spectral efficiency, and HOL delay. In order to enhance real-time flows in LTE networks, a two-level downlink scheduling called FLS was proposed in [START_REF] Piro | Two-level downlink scheduling for real-time multimedia services in lte networks[END_REF]. At the highest level, a discrete time linear control law is applied every LTE frame. The total amount of data that real-time flows should transmit in 10 ms is calculated before considering their delay constraints. When FLS completes its task, the lowest layer scheduler works every TTI. The lower PF algorithm allocates radio resources by considering bandwidth requirements of FLS to flows hosted by UEs having the best channel quality. Specifically, the lowest layer scheduler decides the number of TTIs/RBs where each real-time source will actually transmit its packets. The resources left free by real-time flows are assigned to non real-time flows. In this thesis, we also use this scheduler to compare the performance to the one of our proposed scheduling schemes. Therefore, more detailed description of the priority metric will be represented in Chapter 4.

Dynamic and Semi-persistent Scheduling for VoIP support

In [START_REF] Monghal | Dynamic packet scheduling for traffic mixes of best effort and voip users in e-utran downlink[END_REF], authors proposed a dynamic packet scheduling for VoIP traffic in LTE downlink. The goal is to optimize the performance of dynamic scheduling when VoIP users are present in a heterogeneous traffic. The proposed algorithm is divided into both time and frequency domain. In time domain, at every TTI, the scheduler called as Required Activity Detection with Delay Sensitivity (RAD-DS) prioritizes each scheduled user according to the time domain metric. In the frequency domain, the scheduler allocates RBs to different users using the metric of the PF scheduler.

For enhancing VoIP traffics when its diversity is high, semi-persistent allocation solutions aiming at increasing the VoIP capacity of the network by maximizing the number of VoIP calls. Authors in [START_REF] Fan | Efficient semi-persistent scheduling for voip on eutra downlink[END_REF] improved VoIP capacity of the network with the usage of semipersistent scheme. The radio resources are divided in several groups of RBs. Each preconfigured block is associated only to certain users. Besides, RB groups are associated to each user in consecutive TTIs. Resource allocation of each RB group to the associated UEs is performed dynamically. The proposed scheme reduces the control overhead with respect to the dynamic scheduling.

Authors in [START_REF] Kim | An efficient scheduling scheme to enhance the capacity of voip services in evolved utra uplink[END_REF] proposed to couple VoIP users in pairs, thus, they share the same persistently allocated resources. The idea is that pre-allocated resources to each user pair are shared by the same users depending both on the channel conditions and on the experienced PLR.

Energy-aware

In LTE networks, energy consumption is heavy due to terrible processing load on UE. Energy preserving solutions limit energy waste and hence extend the battery life of UE through DRX procedures and the persistent allocation. In DRX, when there are no data transmissions, UE turns off its radio equipment to save energy.

In [START_REF] Kim | An efficient scheduling scheme to enhance the capacity of voip services in evolved utra uplink[END_REF], authors introduced the light sleeping mode to improve the performance of DRX for QOS-aware traffic. The main idea is to turn off the power amplifier. Other components in transceiver cut down their power consumption whereas allowing fast wake-up. The proposed scheme reduces energy consumption whereas satisfying the delay constraints. Authors in [START_REF] Sabella | Energy efficiency evaluation of state of the art packet scheduling algorithms for lte[END_REF] analysed the effect of different scheduling schemes from viewpoint of energy efficiency. The analyses showed that the Maximum Throughput scheme is more energy efficient than both PF and RR. In case of low traffic load, Bandwidth Expansion Mode (BEM) algorithm is used to obtain energy savings for the eNB [START_REF] Videv | Energy-efficient scheduling and bandwidth-energy efficiency trade-off with low load[END_REF]. The eNB transmission power is reduced by assigning a coding scheme with lower rate to each user.

QoE evaluation approaches for voice user

In communications systems, the perceived voice quality is usually represented as MOS. MOS can be attained by many methods. These methods are divided into two groups called subjective methods and objective ones.

1. Subjective methods: Humans listen to a live stream or a recorded file and rating it on a ratio of 1 (poor) to 5 (excellent) [START_REF]Methods for subjective determination of transmission quality[END_REF]. These methods have some disadvantages such as too expensive, time consuming and are not suitable for a large network infrastructure. Otherwise, objective methods have more advantages, they eliminate the limitations of subjective methods.

2. Objective methods:: These methods are not based on customer surveys and are classified into two approaches: intrusive and non-intrusive ones.

• The intrusive methods (e.g. Perceptual evaluation of speech quality (PESQ) [START_REF]Perceptual evaluation of speech quality (pesq): An objective method for end-to-end speech quality assessment of narrow-band telephone networks and speech codecs[END_REF], Perceptual evaluation of speech quality for wideband audio (PESQ-WB) [START_REF]Wideband extension to recommendation p.862 for the assessment of wideband telephone networks and speech codecs[END_REF]) are more exact and are widely utilized to predict aware voice quality. However, they are not suitable for real-time services such as VoIP because they require original signals to refer.

• The non-intrusive methods (e.g. ITU-T E-model [START_REF]Itu-t recommendation g.107: The e-model, a computational model for use in transmission planning[END_REF], ITU-T WB E-model [START_REF]Itu-t recommendation g.107.1: Wideband e-model[END_REF]) are computational models that are used for transmission planning purposes. They are not as accurate as the intrusive approaches and they do not have complex mathematical operations. The obtained results from objective methods do not always well relate to human perception. The main advantage of the nonintrusive methods are they predict voice quality without any reference to the original signals and they require less parameters than the intrusive methods. For several typical non-intrusive methods, authors in [START_REF] Radhakrishnan | A non-intrusive method to assess voice quality over internet[END_REF] proposed to use RNN to assess voice quality over internet. Voice quality assessment was predicted in [START_REF] Larijani | Voice quality in voip networks based on random neural networks[END_REF] using RNN. Another non-intrusive method was proposed in [START_REF] Ghalut | Non-intrusive method for video quality prediction over lte using random neural networks (rnn)[END_REF] based on RNN for evaluating video quality in LTE network. Authors in [5] proposed to use WB E-model to predict VoLTE quality for minimizing redundant bits generated by channel coding. In [START_REF] Ding | Speech quality prediction in voip using the extended e-model[END_REF], authors investigated the effects of PLR and delay jitter on VoIP quality to assess prediction errors of MOS for the E-model. A new model called "Packet-E-Model" was proposed in [START_REF] Meddahi | packet-e-model": e-model for wireless voip quality evaluation[END_REF] to measure speech quality perception for VoIP in Wimax network. In [START_REF] Carvalho | An e-model implementation for speech quality evaluation in voip systems[END_REF], authors presented a voice quality measurement tool based on the E-model. A framework of objective assessment method for estimating conversational quality in VoIP was proposed in [START_REF] Takahashi | Objective assessment methodology for estimating conversational quality in voip[END_REF]. In [START_REF] Assem | Monitoring voip call quality using improved simplified e-model[END_REF], a simplified versions of the E-model were proposed to simplify the calculations and focus on the most important factors required for monitoring the call quality. According to our knowledge, at present, there are not any proposals which allow to predict VoLTE quality using LTE-Sim framework and extended E-model as well as wideband E-model.

VoLTE is a real-time service, so to evaluate directly its quality is a big challenge. It is clear that, for VoLTE service, the non-intrusive is the most suitable for evaluating voice quality. In this thesis, we proposed new models based on this method. Therefore, in this section, we only present literature review on the non-intrusive methods. This method includes standard models and non-standard ones such as described in the following subsection.

Standard models

E-model and wideband E-model

As described in Chapter 1, E-model is a computational model developed and standardized by ITU-T [START_REF]Itu-t recommendation g.107: The e-model, a computational model for use in transmission planning[END_REF]. Originally designed as a telecommunication transmission planning tool, has become one of the most popular methods to evaluate the quality of a voice transmission system. This parametric model takes into account several tabulated transmission impairments, such as delay, echo, codec distortion, etc. E-model is used to evaluate voice quality for narrowband audio. The output of this model is Transmission Quality Rating (R-factor) with the scale of 0..100, then this factor is mapped to MOS which performs human perception. This model has some advantages and disadvantage as follows [START_REF] Mishra | An overview of quality of service measurement and optimization for voice over internet protocol implementation[END_REF]:

• Advantages:
-Includes simple operations thus calculates quickly -It does not refer to the original signals it is very suitable for predicting quality of VoLTE service.

• Disadvantages:

-Very stringent environments are required -The process cannot be automated

State-of-the-art

-They are very costly and time consuming, which makes them unsuitable to be frequently repeated -It does not offer exactly human perception such as intrusive methods.

It is similar to the E-model, the WB E-model is also fully described in Chapter 1. It is also developed and standardized by ITU-T [START_REF]Itu-t recommendation g.107.1: Wideband e-model[END_REF]. It is used to measure quality of wideband audio. This is the difference of this model compared to the E-model. Besides, it also has advantages and disadvantages as ones of the E-model. The output of this model is R wbfactor. Its values in range of 0..129. So it is converted to the R-factor based on Equation of R = R wb /1.29 before mapped to user perception.

The problem of these models is how to determine its inputs. If this problem is solved, this model promises to be widely applied for measuring voice quality in LTE network. In this thesis, these models are the backbone of our proposals. The solutions including the extension or the enhancement for these models.

P.563 model

According to [START_REF] Mishra | An overview of quality of service measurement and optimization for voice over internet protocol implementation[END_REF], this model describes a single-ended, signal-based method for objective speech quality assessment in narrowband audio. P.563 is able to predict the listening quality (MOS-LQO) in a perception-based scale considering the full range of distortions occurring in public switched telephone networks; therefore, this model allows real-time measurements to estimate the MOS of a voice call at any point of the path between users. However, the downside of this model is high computational complexity and requires many parameters. In order to enhance this mode, authors in [START_REF] Abareghi | Improved itu-p. 563 non-intrusive speech quality assessment method for covering voip conditions[END_REF] introduced an enhancement to this model to adapt its features to conditions of VoIP services. The authors explored mute-length, sharpdecline, and speech-interruptions as the most sensitive parameters to network impairments. These factors allow defining a new distortion class and a priority for this new class. This new class is complemented into the P.563 quality estimator. However, the authors did not provide any comparison between the accuracy obtained by the standard and the proposed model, thus, there need be additional work to demonstrate the validity of this enhancement.

ANIQUE+ model

The Auditory Non-Intrusive Quality Estimation Plus (ANIQUE+) model is an ANSI standard for non-intrusive, signal-based, estimation of narrowband speech quality. ANIQUE+ estimates the MOS-LQO of a voice call based on the functional roles of human auditory systems and the characteristics of human articulation systems [START_REF] Kim | Anique+: A new american national standard for nonintrusive estimation of narrowband speech quality[END_REF]. The ANIQUE+ algorithm measures the overall distortion affecting the voice signal and maps this distortion to the MOS. This model obtains user perception better than P.563 model. The authors already evaluate the performance of PESQ, P.563 and ANIQUE+ models. The obtained results as follows: ANIQUE+ reached an accuracy of 93.9%, P.563 only reached 84.8% whereas PESQ obtained the best result with an accuracy of 95.3%.

P.564 model

This model is developed and is standardized ITU-T [START_REF]Conformance testing for voice over ip transmission quality assessment models[END_REF]. It is a conformance testing for voice over IP transmission quality assessment models. It has the provisional name is P.VTQ (Voice Transmission Quality). There are two different methodologies presented: Telchemy's VQMon [START_REF] Clark | Modeling the effects of burst packet loss and recency on subjective voice quality[END_REF] and Psytechnics' PsyVoIP [START_REF] Broom | Speech quality measurement tools for dynamic network management[END_REF]. For the second method, it takes into account the particular features of the different manufactured edge-devices, such as VoIP phones or gateways, by using calibrated formulas and weighting coefficients to each specific device [START_REF] Mishra | An overview of quality of service measurement and optimization for voice over internet protocol implementation[END_REF]. The development of the P.564 model specifies the minimum criteria for objective speech quality assessment models that predict the impact of observed IP network impairments on the one-way listening quality experienced by the end-user in IP/UDP/RTPbased telephony applications [START_REF]Conformance testing for voice over ip transmission quality assessment models[END_REF]. Originally specific to narrowband (3.1 KHz), the P.564 Recommendation also includes an extension for wideband (7 KHz) telephony.

Non-standard models

Models of this group are not standardized. For simplicity, we have dived this group into four categories as follows: (1) based on Gaussian Mixture Models (GMM), (2) based on neural network (RN), (3) based on exponential functions, and (4) hybrid models.

Gaussian Mixture-based models

Authors in [START_REF] Falk | Nonintrusive speech quality estimation using gaussian mixture models[END_REF] used GMMs to generate artificial reference models of speech behavior. This method compares distortion features introduced in these reference models to those affecting the real signal stream. Hence, a double-ended quality estimation algorithm is emulated. Next, authors introduced an enhancement to improve the quality estimation accuracy when noise suppression algorithms are incorporated. After that, the authors proposed a modification including additional information related to the transmission and coding schemes employed in the communication resulting in revealed better performance than P.563 with a significant reduction of processing time. Authors in [START_REF] Wang | Non-intrusive objective speech quality measurement based on gmm and svr for narrowband and wideband speech[END_REF], [START_REF] Wang | An improved non-intrusive objective speech quality evaluation based on fgmm and fnn[END_REF] proposed two different quality estimators corresponding to a quality estimation algorithm based on GMM and on Support Vector Regression (SVR) and an enhanced non-intrusive objective speech quality evaluation method based on Fuzzy Gaussian Mixture Model (FGMM) and Fuzzy Neural Network (FNN). In the first proposal, the authors used GMM to form an artificial reference model of the behavior of Perceptual Linear Predictive (PLP) features of clean speech. Consistency measures between the degraded speech and the reference model were utilized as indicators of speech quality. The effective least square SVR arithmetic was used to map the consistency values to the predicted MOS. In the second one, an improved version of the previous method was proposed based on FGMM and FNN. FGMM was employed, instead of GMM, to form the artificial reference model. FNN regression algorithm was used to map the consistency values to the predicted MOS. Both proposals had the results outperforming the P.563 model in some cases under voice codecs of G.711 and G.729.

Neural networks-based models

Neural Networks (NN) have been widely applied to estimate human perception. For this Several authors direction, several authors have developed quality estimation models for voice communications based on ANN and RNN. Authors in [START_REF] Sun | Perceived speech quality prediction for voice over ip-based networks[END_REF] analyzed effects on call quality of four different parameters including codec type, gender, loss pattern, and loss burstiness. In order to model the relationships between these factors and perceived speech quality, a NN model was developed to learn the non-linear mapping from these parameters to a MOS score. Authors in [START_REF] Mohamed | Performance evaluation of real-time speech through a packet network: a random neural networks-based approach[END_REF], [START_REF]A method for quantitative evaluation of audio quality over packet networks and its comparison with existing techniques[END_REF] deeply studied on Pseudo-Subjective Quality Assessment (PSQA) technique. Their model an RNN-based quality assessment mechanic to assess the influence of certain quality-affecting parameters, such as coding scheme, redundancy, packet loss rate, Mean loss Burst Size (MBS), and packetization interval on real-time listening quality. In [START_REF] Da Silva | Quality assessment of interactive voice applications[END_REF], the authors proposed an enhancement of the previous model. In this work, the effects of delay, jitter, and FEC mechanisms were also taken into account. The authors concluded that three main parameters affecting the voice quality are PLR, coding bit-rate and FEC. The effects of delay or jitter is low. Authors in [START_REF] Cherif | A psqa: Pesq-like non-intrusive tool for qoe prediction in voip services[END_REF] also used RNN to capture the non-linear relation between network parameters that cause voice distortion and the perceived quality, thus, the proposed model so-called A PSQA. It has two input parameters consisting of PLR and Mean Loss Burst Size (MLBS) of VoIP call. In this work, the effect of jitter is ignored. In order to train the RNN, authors developed a database of MOS scores for different speech samples transmitted under different loss conditions, characterized by the Gilbert model. These scores were obtained by using the PESQ model. After training the RNN, results showed very good correlation with PESQ, and outperformed the standard E-model and the IQX model.

Exponential functions-based models

Authors in [START_REF] Hoßfeld | Quantification of quality of experience for edge-based applications[END_REF] developed a model called IQX hypothesis. In this work, the authors assumed that an exponential functional relationship between QoE and QoS. Specifically, QoE is a function of QoS and factors of the codec. The authors concentrated on the packet loss probability to measure the quality of service using a well-known commercial VoIP application; an extension of this work was presented in [START_REF] Hoßfeld | Testing the iqx hypothesis for exponential interdependency between qos and qoe of voice codecs ilbc and g. 711[END_REF] where delay and jitter were also taken into account to assess the QoS. The results showed good accuracy, verifying the exponential relationship between QoE and QoS. In [START_REF] Jung | Burst packet loss and enhanced packet loss-based quality model for mobile voice-over internet protocol applications[END_REF], authors presented three parametric models obtained through regression analysis called Model A, Model B, and Model C, their unique input parameter is packet loss and the output is a MOS value in range of 1-5. The accuracy of these models was validated using PESQ, but no comparison with IQX or any other parametric models was performed.

Hybrid models

Hybrid model is the combination of the above presented models. This is a current trend to explore characteristics of the previous approaches and to joint them into a model. According to [START_REF] Mishra | An overview of quality of service measurement and optimization for voice over internet protocol implementation[END_REF], the above models an be arranged into 3 groups as follows:

• Signal-based models. Allow estimating QoE by processing directly human speech, analyzing the distortion introduced in the voice signal. These models have shown to be sensitive to bursty packet loss and PLC algorithms.

• Parametric models. Allow estimating QoE based on assessment of different impairments introduced by network and encoding schemes, which make them sensitive to background noises or noise suppression strategies.

• Packet-layer models. Have not been fully developed, because of the difficulty of representing the complex interactions among the different impairments affecting the VoIP QoE just from parameters extracted from the packet headers.

For the hybrid model, authors in [START_REF] Jelassi | Voicing-aware parametric speech quality models over voip networks[END_REF] extended the conventional parametric speech quality estimation models by considering the voice feature of lost packets. This model builds a voice-aware speech quality model that allows accurately quantifying the effect of lost packets according to their voice property. In [START_REF] Ding | Non-intrusive single-ended speech quality assessment in voip[END_REF], authors presented a listening-only model based on both and voice distortions. Firstly, the above impairments are detected to assess the occurrences of packet loss, the loss pattern and the employed coding scheme, an analysis of the IP headers is conducted. Next, the impact of individual impairments is quantified. Lastly, the overall quality evaluation model was built by integrating individual impairments and employing the E-model. The results showed high correlation with PESQ, but several important impairments such as delay, jitter, echo, etc. were ignored. Authors in [START_REF] Falk | Hybrid signal-and-link-parametric speech quality measurement for voip communications[END_REF] extended the usage of their GMM proposals, by integrating packet header analysis. GMM is used to generate an artificial reference model that was compared to the transmitted speech signal. In addition, a parametrical analysis was carried out, evaluating the VoIP header. This model has the low computational complexity with 88% lower than the P.563 model.

Based on the above analyses, it can be seen that almost of QoE models do not take into account effects of delay and jitter buffer. Author in [START_REF] Mishra | An overview of quality of service measurement and optimization for voice over internet protocol implementation[END_REF] concluded that to optimize the trade-off between voice quality and voice capacity, delay and jitter buffer are main parameters to manage. The QoE models need be improved as much as possible to have more accuracy.

Summary

In this Chapter, we present the literature review on the related topics in our proposals. We see that, for LTE channel coding, Turbo coding algorithm is rather good, thus, the proposed solutions for this are mainly focus on improving the interleaver or rate matching. One of trends for enhancing LTE channel coding is joint source-channel coding. This enhancement allows improving significantly decoding quality. For Turbo decoding, its main mission is to decode the coded bits by Turbo coding. In the decoding algorithms, a part which is very important is the error correcting function. Almost the proposed solutions for enhancing Turbo decoding focus on it. This is understandable because it decides not only the decoding efficiency but also the computational complexity of the decoding algorithm. For the scheduling techniques, almost the proposals concentrate on downlink direction. In the scheduling strategies, the category of Channel-and QoS-Aware is suitable for real-time services such as voice calls. QoE-based scheduling approaches are new trends and need to be developed in the future. The semi-persistent approaches are also suitable for VoIP service which needs to have a special priority when transmitted in an All-IP network such as LTE. In order to guarantee QoE of end users, voice call quality need to be monitored and evaluated to adjust network impairments opportunely. For real-time services such as voice calls, the object non-intrusive models are very suitable to predict voice quality because they do not require any reference to original signal.

Chapter 3

The proposed solutions based on wideband E-model and polynomial regression function for enhancing LTE channel codec This Chapter represents the solutions for enhancing LTE channel codec (Coder and Decoder). For the channel coder, we propose a joint source-channel code rate adaptation algorithm for reducing redundant bits which are generated by channel coding with a slight degradation of voice quality. Data is coded by channel coding at sending side and is decoded by channel decoder at receiving side. For the channel decoder, we propose a new function of error correction that plays an important role in decoding process. The goal of this proposal is to replace the error correction in the Log-MAP algorithm which has the best 48

The proposed solutions based on wideband E-model and polynomial regression function for enhancing LTE channel codec BER performance but has high computational complexity. The proposed Log-MAP based algorithm has the BER performance that is closest to the Log-MAP but has the simpler complexity.

The remainder of Chapter is structured as follows: The general idea is described in Section 3.1. Section 3.2 represents the algorithm of joint source-channel code rate adaptation for minimizing the redundant bits generated by channel coding as well as its performance evaluation. The proposed Log-MAP based algorithm and its performance assessment are described in Section 3.3. In Section 3.4, we conclude the attained results of the proposals in this Chapter.

General idea

When voice service is transmitted over a wireless channel, it has to be coded by channel coding. This helps data to be protected by external effects such as noise, fading or interference, etc. For data channels in LTE network, Turbo code is used for channel coding purpose. In Turbo encoder, each information bit stream is a k-bits block. This block size is in range of 40-6144 bits. So each block can include one or several speech packets. A k-bits block is encoded into a n-bits codeword. So that, the number of redundant bits of LTE channel coding is n -k bits and channel rate is k/n. As mentioned before, channel rate are chosen based on TBS from MAC layer and channel conditions. The MCS is chosen from a pre-defined table. This can lead to more redundancy in the case of channel quality sent back to the eNB from UE is not exactly. In addition, AMR-WB also adapts its bitrate according to channel quality while size of TBS depends on the source bitrate. For this reason, there should be a combination between source and channel code rate to minimize the redundancy of channel coding. Hence, new solutions for reducing redundant bits generated by channel coding is very necessary. This could be paid by a slight reduction of user perception. For this aim, an algorithm of dynamic source-channel code rate was proposed. The key idea of the proposed solution is that the channel rate is chosen based on user perception which is estimated and is sent back to the eNB. The proposed solution based on several previous proposed techniques to improve the speech quality delivered over a noisy channel. Examples include the proposals of [START_REF] Matta | A source and channel rate adaptation algorithm for amr in voip using the emodel[END_REF], [START_REF] Makinen | Source signal based rate adaptation for gsm amr speech codec[END_REF], [START_REF] Huang | Optimization of source and channel coding for voice over ip[END_REF], [START_REF] Sabrina | Priority based dynamic rate control for voip traffic[END_REF], [START_REF] Chen | Optimized unequal error protection for voice over ip[END_REF], and [START_REF] Khalifeh | Optimal rate adaptation for voip over wireless tandem links[END_REF]. But the closest work related to our proposal are represented in [START_REF] Matta | A source and channel rate adaptation algorithm for amr in voip using the emodel[END_REF], [START_REF] Chen | Optimized unequal error protection for voice over ip[END_REF], and [START_REF] Khalifeh | Optimal rate adaptation for voip over wireless tandem links[END_REF]. The authors in [START_REF] Matta | A source and channel rate adaptation algorithm for amr in voip using the emodel[END_REF] presented a dynamic joint source-channel coding rate adaptation algorithm for VoIP using AMR codec. The algorithm computes the optimal rates allocated to each frame for a set given QoS constraints. The aim of their paper is to find the tradeoff between packet loss recovery and end-to-end delay to maximize perceived speech quality. In [START_REF] Chen | Optimized unequal error protection for voice over ip[END_REF], the authors proposed an optimization issue for supplying unequal error protection of speech frames according to their importance. An optimization framework for identifying the optimal joint source-channel code rate of each voice frame based on the frame perceptual importance was proposed in [START_REF] Khalifeh | Optimal rate adaptation for voip over wireless tandem links[END_REF]. In that paper, the quality of the received speech signal is maximized. Our solution is the combination, extension, and adaptation of them for voice transmission in LTE network.

When data is coded by Turbo encoder at sending side, it has to be decoded by Turbo decoder at receiving side. In channel decoding algorithms, error correction function plays a very important role. Some well-known decoding algorithms for data channels are the MAP-based algorithms including the Log-MAP, and Max-Log-MAP whereas the Log-MAP has the best BER performance while the Max-Log-MAP has the worst performance. The disadvantages of the Log-MAP is that its computational complexity is high. Therefore, a trade-off between BER performance and computational complexity is essential. This means the Log-MAP based solutions are trends and they have to ensure two goals as follows: (1) they have the BER performance that is closed to the one of the Log-MAP, and (2) they have the simpler computational complexity than the Log-MAP. The main idea of the proposed solution is the application of polynomial regression function to determine the approximated error correction function. This means a new error correction function was proposed to replace the one of the Log-MAP algorithm.

The proposed solutions in this Chapter are described in the following sections.

The proposed algorithm for minimizing redundant bits generated by channel coding

As mentioned in Chapter 1, in the WB E-model, the value of R wb -factor depends on both impairment I d,wb and I e,ef f,wb factors and they have the direct relationship with end-toend delay and packet loss. Increasing end-to-end delay leads to decreasing the MOS and reversing. Therefore, finding out the suboptimal joint source-channel code rate solutions is very essential. So in this section, we present another viewpoint of choosing the suitable channel code rate corresponding to each mode of AMR-WB codec for minimizing the number of redundant bits generated by channel coding with an acceptable MOS reduction.

The calculation of the delay impairment factor

In order to calculate this factor, we have to compute the end-to-end delay. According to [START_REF] Karam | Analysis of delay and delay jitter of voice traffic in the internet[END_REF], the end-to-end delay (D e2e ) can be counted as follows:

D e2e = D enc + D network + D play (3.1)
Where:

• D enc : The delay time caused by encoding and packetizing at the AMR-WB encoder,

D enc = k × T × f + l a + D pack With:
-T : The speech frame size, T = 20 ms.

f : The number of frames of a speech packet.

l a : The look-ahead delay, l a = 5 ms for all modes of AMR-WB codec.

-D pack : The packetization delay for grouping f frames into one speech packet, i.e. D pack = (f -1) × T .

• D network : The sum of transmission delay, propagation delay and queuing delay at each hop h in the network path from the transmitter to the receiver. The transmission delay (T h ) is computed using the following equation [START_REF] Karam | Analysis of delay and delay jitter of voice traffic in the internet[END_REF]:

T h = (n -k + 1) × (T × f × R s + H overhead ) × h 1 B h + h (P h + Q h )
In which:

-R s : Bitrate (mode) of AMR-WB codec.
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-H overhead : The number of overhead bits introduced by headers of RTP/UD-P/IPv6, and PDCP/RLC/MAC, and 24 bits introduced by CRC at Physical layer.

-B h : The bandwidth at hop h.

-P h : The propagation delay depends on the distance from the source to destination. It is negligible if within a local area. For intra-continental calls, the propagation delay is in the order of 30 ms and for inter-continental calls, it can be as large as 100 ms [START_REF] Karam | Analysis of delay and delay jitter of voice traffic in the internet[END_REF]. It is clear that for a given voice connection, the only random component of voice delay (that is the only source of jitter) consists of queuing delay in the network [START_REF] Karam | Analysis of delay and delay jitter of voice traffic in the internet[END_REF],

Q = h Q h .
• D play : The playback delay, voice packets are usually delayed in a jitter buffer and the fixed playback delay must be equal to at least two speech frame length [START_REF] Ahson | VoIP handbook: applications, technologies, reliability, and security[END_REF], i.e. D play = 2 × T .

From above analyses, we get the end-to-end delay determined as the following equation:

D e2e = k × T × f + l a + (n -k + 1) × (T × f × R s + H overhead ) × h 1 B h + h (Q h + P h ) + 2 × T + D rohc + D harq (3.2) 
With D rohc : The delay of RoHC processing time at PDCP layer. According to [START_REF] Sklar | Digital communications[END_REF], RoHC should not noticeably add to the end-to-end delay and according to [START_REF] Piri | Rohc and aggregated voip over fixed wimax: an empirical evaluation[END_REF], this delay is not very significant, approximately 10 -67 µs/packet to compress and 12 -51 µs/packet to decompress RoHC packets. Thus, in this study, we consider the delay caused by RoHC equal to 0. D harq : The delay due to retransmission at MAC layer by HARQ. Each voice packet is retransmitted at least once. According to [START_REF] Xiang | Inter-cell interference mitigation through flexible resource reuse in ofdma based communication networks[END_REF], because the RTT (round trip time) of HARQ is fixed and because of the higher priority for retransmissions, the HARQ delay is normally within 10 ms.

Normally, FEC also can cause the delay. However, several authors have pointed out that FEC does not introduce any delay excepting packet loss. So that, in this study, we have not considered the delay caused by FEC. The I d,wb factor is calculated according to the following equation:

I d,wb = 0.024 × D e2e + 0.11 × (D e2e -177.3) × H(D e2e -177.3) (3.3)
In which: H(x) is the Heavyside function:

H(x) = 0, if x < 0 1, otherwise (3.4) 

The calculation of the equipment impairment factor

In order to compute this factor, we have to count the packet loss rate after FEC schemes try to recover errors. We assume that the estimates for the packet loss rate P pl on the end-to-end network path is available at time an adaptation decision is being made. In order count the P pl , we use a random loss model, the relationship between the parameters (k, n)

of FEC schemes, "raw" packet loss rate on the end-to-end network path p r and the packet loss rate P pl is described as follows [START_REF] Sklar | Digital communications[END_REF]:

P pl = n i=n-k+1 n i × p i r × (1 -p r ) n-i × i n (3.5)
Equation (3.5) shows that, we can attain the current p r from the given measurement P pl and a pair of (k, n). This p r value is counted once per adaptation period and is utilized in the proposed algorithm as shown in the next subsection.

After calculating the P pl , the I e,ef f,wb factor can be computed as follows:

The I e,ef f,wb is determined according to packet loss. In this study, packet loss probability is estimated at the receiver, after FEC. The output bits of AMR-WB encoder will be encoded by channel coding (Turbo code). The bits in class A, class B and class C of AMR-WB codec can be encoded with different channel code rates. In addition, 8-bits CRC code is applied to protect class A bits. In figure 3.1, the packet loss represents the average rate of speech frames for which CRC check fails in class A bits. It is determined for each mode of AMR-WB codec. According to [START_REF] Moller | Impairment factor framework for wide-band speech codecs[END_REF], I e,ef f,wb is determined as follows:

I e,ef f,wb = I e,wb + (129 -I e,wb ) ×

P pl P pl +B pl (3.6)
In which:

• I e,wb : The respective impairment factor without any packet loss.

• P pl : Packet loss rate.

• B pl : A codec-specific factor which characterizes its robustness against packet loss. 

The proposed joint source-channel code rate adaptation algorithm

In this algorithm, we solve the problem of choosing suitable source and channel code rate within some constraints on maximum allowed end-to-end delay, maximum permitted packet loss and minimum required bandwidth for minimizing the number of redundant bits generated by channel coding with an acceptable MOS reduction. This algorithm is located at the transmitting side. The inputs of the algorithm include: • QoS constraints: Maximum allowed end-to-end delay D max , maximum permitted packet loss rate P max and minimum required bandwidth BW r .

The outputs of the algorithm will be a decision on the choice of source code rate R s and channel code rate R c . Besides the most suboptimal choice of channel code rate for every AMR-WB codec mode, the algorithm also offers the best suboptimal choice of channel code rate for all of AMR-WB codec modes. In order to describe the algorithm, we start by setting two the following constraints:

D e2e ≤ D max P pl ≤ P max (3.7)
For each mode in AMR-WB codec modes, we change k and n over ranges k = 1, 2, ..., k 0 and n = k + 1, ..., n 0 where k 0 and n 0 are maximum available values of channel code rate in LTE network (n 0 > k 0 ). In order to find the most suitable suboptimal pair of (k subopt , n subopt ) for all values of R s , we define the MOS reduction (M OS r , %) and the percentage of decreased redundant bits (G r , %) as follows:

M OS r = M OS(k best ,n best )-M OS(k subopt ,n subopt ) M OS(k best ,n best ) × 100 (3.8) G r = (n best -k best )-(n subopt -ksubopt) n best -k best × 100 (3.9)
We see that the larger M OS r , the lower speech quality, and the higher reduced redundant bits, the higher BER and this leads to the lower speech quality. So that, in order to find

The proposed algorithm for minimizing redundant bits generated by channel coding 53 out the tradeoff between M OS r and G r , we propose the criteria for this as follows: In the pairs of (k subopt , n subopt ) of all modes, the algorithm firstly finds a pair which has the maximum value of G r meeting M OS r ≤ 1% to ensure that this MOS is very close to the highest MOS. In the case there are many the same maximum values of G r , the algorithm will secondly choose a pair of (k subopt , n subopt ) which has the lowest value of the M OS r . If there are many the same maximum values of M OS r , then the algorithm will choose a pair of (k subopt , n subopt ) which has the lowest value of BW subopt where BW subopt is the required bandwidth corresponding to the pair of (k subopt , n subopt ). The required bandwidth of each mobile user (BW r ) must be met the following condition:

BW r ≥ n k × (R s + H overhead T ×f ) (3.10)
In which: all factors are described similarly as in the previous equations. Finally, the proposed will offer the best suboptimal solution for minimizing the redundant bits generated by channel coding with an acceptable MOS reduction. The steps of the proposed algorithm are described in Algorithm 1.

The proposed algorithm will find the suboptimal solutions for each mode of AMR-WB codec and the best suboptimal solution on entire modes of AMR-WB codec. This solution meets some constraints on the allowed maximum end-to-end delay, the allowed maximum packet loss, and ensures the tradeoff between the MOS reduction and the percent of reduced redundant bits generated by channel coding.

Simulation results and Performance evaluation

In order to simulate the algorithm, we assume simulation parameters as follows:

• The number of speech frames per packet: f = 1

• The network path includes 15 hops, with 13 hops are the fast core network links: 10 hops at 622 Mb/s, and 3 hops at 1.8 Gb/s, and two are in the eNodeB cell at 50.4 Mb/s and 25 Mb/s, respectively.

• P h = 0.06 ms per hop. Q h is random between 0 and 1 ms.

• D max = 150 ms. P max = 10 -2

• k 0 = 4 and n 0 = 5 3.1 show the results in the case "raw" packet loss is fixed equal to 10%. This demonstrates that when the "raw" packet loss is fixed, the best MOS depends
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Algorithm 1 A dynamic rate adaptation algorithm using WB E-model

Step 1: For all R s ∈ {mode 0,..., mode 8}: For k = 1 to k 0 For n = k + 1 to n 0

• Compute the end-to-end delay using equation (3.2).

• Compute the packet loss rate using equation (3.5).

Step 2: Find all triples (R s,i , k i , n i ), i = 1, ..., t meeting the conditions in equation (3.7).

Step 3: Compute I d,wb , I e,ef f,wb , R wb , M OS, and BW r using the equations (3.3), (3.6), (1.5), (1.3), and (3.10) respectively.

Step 4: Find the highest MOS of each AMR-WB codec mode corresponding to each pair of (k best , n best ).

Step 5: Find the suboptimal selection for each AMR-WB codec mode for reducing redundant bits of channel coding: For k = 1 to k 0 For n = k + 1 to n 0

• Find the last pair of (k, n) which has the highest MOS, then mark

k subopt = k For k = 1 to k subopt For n = 1 to n 0 if n > k then
• Find the first pair of (k, n) which has the highest MOS, then mark n subopt = n.

• Find the suboptimal MOS corresponding to each pair of (k subopt , n subopt ).

Step 6: Let S = (R s,i , k i , n i ), i = 1, ..., 9 denote the set of nine suboptimal solutions for nine AMR-WB codec modes. Finding the best suboptimal solution in set S which meets sequentially all the following constraints: (1) has the highest value of G r , (2) has the lowest value of M OS r , and (3) has the lowest value of BW subopt . In the case three these conditions are met, we propose to choose the triple that has the lowest AMR-WB mode because normally the lower AMR-WB mode, the less required bandwidth.

on only two channel code rates, and one for the suboptimal MOS. Figure 3.3 also shows that with the "raw" packet loss is fixed equal to 10%, all of AMR-WB codec modes obtain the best MOS with channel code rate equal to 1/5 and 1/4, and the suboptimal MOS with channel code rate equal to 3/5. The results show that the suboptimal MOS is very close to the best MOS while the redundant bits generated by channel coding decreased significantly. In this case, the G r of all triples have two different values (50% and 33.33%). There are only modes of 1 to 6 that have the highest values of G r , thus, the algorithm will choose according to the lowest values of M OS r . There are modes of 2, 4, and 5 that have the lowest values of M OS r (0.23%), the algorithm will choose according to the third condition that has the lowest value of BW subopt . So that, the triple (R s,2 , 3, 5) is the best suboptimal solution because it has the lowest value of M OS r with the suboptimal MOS equal to 4.32 while the best MOS equal to 4.33. 3.2 show the results in the case the "raw" packet loss is varied in an instant. These results demonstrate that when the "raw" packet loss is changed, the best MOS depends on only two specific channel code rates (1/4 and 1/5), while the suboptimal MOS depends on three channel code rates (3/5, 3/4, and 2/4). The results also show that there are 7 triples which have the same highest value of G r (50%), those are two triples of (R s,1 , 3, 5), (R s,2 , 3, 4), (R s,3 , 3, 5), (R s,4 , 3, 5), (R s,6 , 2, 4), (R s,7 , 3, 5) and (R s,8 , 3, 5) which meet the conditions. Similar to the case of the fixed pr, the algorithm will firstly choose triples that have the highest values of G r , secondly the lowest values of M OS r and thirdly the lowest values of BW subopt . So that, in this case, the best suboptimal solution is triple of (R s,7 , 3, 5) which has the highest value of G r (50%), the lowest values of M OS r (0.22%), and the lowest values of BW subopt (45.34) with the suboptimal MOS equal to 4.47 while the best MOS equal to 4.48. In order to demonstrate that the proposed algorithm saving the bandwidth, we calculate the minimum required bandwidth for two cases of the best MOS and the suboptimal MOS. These values can be obtained from the equation (3.10) through two couples of (k best , n best ) and (k subopt , n subopt ). Figure 3.5 shows the charts of the minimum required bandwidth of each mode of AMR-WB codec corresponding to two cases of the best MOS and the suboptimal MOS. It is clear that, when we choose according to the suboptimal condition, the system will save the bandwidth very significantly. This means the system will serve more mobile users at a moment. 
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Enhancing channel decoding algorithm based on polynomial regression function

Decoding algorithms in Turbo codes

In this section, we briefly review some typical decoding algorithms in Turbo codes, we mainly focus on family of the MAP algorithms, consist of the optimal algorithm and some typical sub-optimal algorithms. Detailed description are represented in [START_REF] Robertson | A comparison of optimal and sub-optimal map decoding algorithms operating in the log domain[END_REF], [START_REF] Talakoub | An improved max-log-map algorithm for turbo decoding and turbo equalization[END_REF].

The Log-MAP algorithm

The Log-MAP algorithm is a MAP algorithm which is implemented in logarithmic domain to reduce the computational complexity. It is an optimal algorithm for iterative decoding in Turbo decoder. The objective of the Log-MAP algorithm is to calculate the log-likelihood ratio [START_REF] Talakoub | An improved max-log-map algorithm for turbo decoding and turbo equalization[END_REF]. The a priori information for the information bit u k is computed as follows:

L(u k ) = ln( (s k-1 ,s k ),u k =+1 e α * k (s k-1 )+β * k+1 (s k )+γ * k (s k-1 ,s k ) )
-ln(

(s k-1 ,s k ),u k =-1 e α * k (s k-1 )+β * k+1 (s k )+γ * k (s k-1 ,s k ) ) (3.11)
In which:

• u k is the information bits
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• s k and s k-1 denote the state at kth and k-1th time instant, respectively.

In order to calculate the equation (3.11), we need to compute forward and backward recursive metrics, denoted as α k (s k ) and β k (s k ). They are calculated as follows:

α * k (S k ) = ln(α k (S k )) = * max s k-1∈σ k-1 (γ(S k-1 , S k ) + α * k-1 (S k-1 )) (3.12) β * k (S k ) = ln(β k (S k )) = * max s k+1∈σ k+1 (γ(S k , S k+1 ) + β * k+1 (S k+1 )) (3.13)
In which:

• σ k-1 and σ k are collection of all states at the moment k -1 and k, respectively

• γ is the branch metrics Function * max(.) in (3.12) and (3.13) is reckoned by using the Jacobian algorithm as follows:

* max(δ 1 , δ 2 ) = ln(e δ 1 + e δ 2 ) = max(δ 1 , δ 2 ) + ln(1 + e -|δ 1 -δ 2 | ) (3.14)
Where ln(1 + e -|δ 1 -δ 2 | ) is a correction function which corrects the error caused by the max approximation and makes the optimization for the Log-MAP algorithm. By replacing (3.12) and (3.13) into (3.14), we attain:

L(u k ) = max[β * k (S k ) + γ(S k-1 , S k ) + α * k-1 (S k-1 )]- max[β * k (S k ) + γ(S k , S k-1 ) + α * k-1 (S k-1 )]
(3.15)

The Log-MAP-based algorithms

The sub-optimal algorithms are based on the Log-MAP algorithm by replacing the correction function by an approximated function. Some typical sub-optimal algorithms consist of Max-Log-MAP [START_REF] Robertson | A comparison of optimal and sub-optimal map decoding algorithms operating in the log domain[END_REF], Constant Log-MAP [START_REF] Papaharalabos | Constant log-map decoding algorithm for duo-binary turbo codes[END_REF], Linear Log-MAP [START_REF] Cheng | Linearly approximated log-map algorithms for turbo decoding[END_REF] and Non-linear Log-MAP [START_REF] Talakoub | An improved max-log-map algorithm for turbo decoding and turbo equalization[END_REF]. These algorithms try to reach the performance close to the Log-MAP algorithm with an acceptable complexity, obviously, they have the lower computational complexity than the Log-MAP algorithm. The approximated correction functions of these sub-optimal algorithms are expressed in following subsections:

The Max-Log-MAP algorithm

The Max-Log-MAP algorithm has the least complexity because it omits the correction function. Hence, it is the simplest algorithm to implement but has the worst performance. The performance for the Max-Log-MAP algorithm gives up to a 10% performance drop [START_REF] Robertson | A comparison of optimal and sub-optimal map decoding algorithms operating in the log domain[END_REF] when compared to the Log-MAP algorithm. With the Max-Log-MAP algorithm, the correction function f (x) = ln(1 + e -x ) with x = |δ 1 -δ 2 | is worked out as follows:

ln(1 + e -|δ 1 -δ 2 | ) ≈ 0 (3.16)

The Constant Log-MAP algorithm

This algorithm is proposed by [START_REF] Gross | Simplified map algorithm suitable for implementation of turbo decoders[END_REF], [START_REF] Papaharalabos | Constant log-map decoding algorithm for duo-binary turbo codes[END_REF], the correction function is approximated with the following principle:

ln(1 + e -|δ 1 -δ 2 | ) ≈ 3 8 , if |δ 1 -δ 2 | < 2 0, otherwise (3.17) 
The Constant Log-MAP algorithm has a simple execution in hardware but with swap in performance.

The Linear Log-MAP algorithm

In [START_REF] Cheng | Linearly approximated log-map algorithms for turbo decoding[END_REF], the authors use the MacLaurin series to calculate the linear approximation for the correction function. It is observed that the correction function is effective when f (x) is around zero. Thus, the MacLaurin series can be applied to approximate the correction function about zero. The authors propose the approximation for the correction term is given as:

ln(1 + e -|δ 1 -δ 2 | ) ≈ max(0, ln 2 - 1 2 |δ 1 -δ 2 |) (3.18)

The Non-linear Log-MAP algorithm

This algorithm is proposed by the authors in [START_REF] Wang | Improved log-map decoding algorithm for turbo-like codes[END_REF]. It is the non-linear approximation for the correction term. It is inspired by observing the curve of the exact correction terms of Constant Log-MAP and Linear Log-MAP algorithms. The correction function is approximated as follows:

ln(1 + e -|δ 1 -δ 2 | ) ≈ ln 2 2 |δ 1 -δ 2 | (3.19)

The proposed Log-MAP algorithm based on polynomial regression function

The proposed error correction function

Although the Log-MAP algorithm has the best performance, its correction function carried out in logarithmic domain would bring some undesirable issues. According to [START_REF] Talakoub | An improved max-log-map algorithm for turbo decoding and turbo equalization[END_REF], saving the results of the ln(1+e -|δ 1 -δ 2 | ) in a lookup table would involve a quantization error caused by truncation of the input of the lookup. Another problem with the Log-MAP algorithm is that there are many lookup tables for a wide range of operating signal-to-noise ratios (SNRs), this will increase the hardware cost. Moreover, reading data from logarithmic tables is a time consuming process. So the correction function in the Log-MAP algorithm need be replaced by another function which has approximated performance but has simpler complexity. Therefore, we put forward a novel function to replace it. In order to find the new correction function, we exploit the understanding of polynomial regression function. The correction function is deployed into a form of polynomial function as follows:

f (x) = ln(1 + e -x ) ≈ a 0 + a 1 x + a 2 x 2 + ... + a n x n (3.20)
In order to determine factors of a 0 , a 1 , a 2 , ..., a n and the suitable value of n, we have to determine a dataset consists of points presenting the relationship between f (x) and x. According to [START_REF] Robertson | A comparison of optimal and sub-optimal map decoding algorithms operating in the log domain[END_REF], the values of x should only range between 0 and 5 to obtain ideal approximation. Thus, with f (x) = ln(1 + e -x ), for x = 0 to 5 with step 0.1, we obtain a
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dataset of 51 values of f (x), respectively. This work is performed in Microsoft Excel, and then, we use the the Scatter method to represent the distribution of points of f (x) [START_REF] Heiberger | R through Excel: A spreadsheet interface for statistics, data analysis, and graphics[END_REF]. In order to determine the approximated polynomial regression function, we use the Trendline method [START_REF] Hargreaves | Polynomial trendline function flaws in microsoft excel[END_REF]. This is a method widely utilized in statistical probability field. It permits building a regressive function exactly from a set of known points. Microsoft Excel supports the minimum value of the degree of polynomial regression function (n) of 2 and the maximum value is 6. The accuracy of the approximation is verified through the goodness of fit test against the exact Log-MAP curve with parameter of R-squared [START_REF] Lim | Hybrid log-map algorithm for turbo decoding over awgn channel[END_REF]. After changing the value of n from 2 to 6, we obtain parameters of R-squared are 0.9828, 0.9996 and 1s, respectively. However, we see that if choose n = 2 then we do not obtain the performance very close to the Log-MAP algorithm, otherwise, if we choose n = 4, 5 or 6 then will increase the computational complexity. Hence, we propose the value of n = 3. For this reason, we attain the approximated function for logarithmic term in the Log-MAP algorithm presented in Figure 3.7 and is given as:

f (x) = -0.0098x 3 + 0.1164x 2 -0.474x + 0.6855 (3.21)
As mentioned above, according to [START_REF] Robertson | A comparison of optimal and sub-optimal map decoding algorithms operating in the log domain[END_REF], in order to attain the ideal approximation, just Through equation (3.22), we can calculate the logarithmic term in (3.14), and so, we attain the proposed Log-MAP algorithm.

In order to demonstrate that selecting the value of n is rational, we simulate the proposed Log-MAP algorithm with the different values of n. This is presented in section 3.3.3. The remaining approximated correction functions corresponding to n = 2, 4, 5 and 6 are presented as follows:

• With n = 2: • With n = 5:

ln(1 + e -x ) ≈ 7e -05 x 5 -0.0003x 4 -0.0178x 3 + 0.1469x 2 -0.51x + 0.6941 (3.25)

• With n = 6:

ln(1 + e -x ) ≈ -6e -05 x 6 + 0.001x 5 -0.0049x 4 -0.0041x 3 + 0.1302x 2 -0.5021x + 0.6933 (3.26) The steps for determining the proposed error correction function is described in Algorithm 2.

The simulation model

In order to evaluate the performance of the proposed error correction function, we use the simulation model such as shown in Figure 3.8. The transport block which has dynamic size from MAC layer after is joined 24 parity bits by CRC will be fed to Turbo encoder. Next, this transport block is encoded and interleaved. And then, the encoded bit stream can be modulated by QPSK, 16QAM, or 64QAM depending on channel condition. The bit stream is then transmitted over a noisy channel such as AWGN or Rayleigh, etc. At the receiver, the process is inverse to the one at the sender. Specifically, the bit stream will be demodulated, de-interleaved and decoded.
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Algorithm 2 Determining the approximated polynomial regression function Put f (x) = ln(1 + e -x ), x ≥ 0

Step 1: For x = 0 to 5 step 0.1

• Calculating f (x)
Step 2: Determining point distribution of f (x) in the Microsoft Excel using the Scatter method

Step 3: Determining the approximated polynomial regression function in the Microsoft Excel using the Trendline approach, and then determining R-squared (R 2 ≤ 1)

Step 4: Changing the grade of the polynomial (n = 2 to 6) to determine n* that the corresponding polynomial has the R-squared which is closest to 1

Step 5: The polynomial regression function which has the grade of n* is the proposed error correction function The simulated parameters utilized in Figure 3.11 is similar to Figure 3.9 but at low SNRs. The simulation result shows that the proposed algorithm has the BER performance nearly as identical as the Log-MAP algorithm, this is because the Log-MAP algorithm is sensitive to the SNR [START_REF] Khalighi | Effect of mismatched snr on the performance of log-map turbo detector[END_REF]. According to [START_REF] Lim | Hybrid log-map algorithm for turbo decoding over awgn channel[END_REF], at high SNRs, the performance of the Turbo code approaches the Max-Log-MAP algorithm and does not depend heavily on the correction function. Otherwise, at low SNRs, the decoder examines the a priori or extrinsic information from the previous decoder more. The distribution of argument x in the correction function f (x) increased to areas close to zero where it is most effective. This is because the a priori is Gaussian distributed with increased number of iterations for decoding. The sensitivity of the Log-MAP algorithm to SNR is also more reported in encoders with more memory components [START_REF] Khalighi | Effect of mismatched snr on the performance of log-map turbo detector[END_REF].

The simulation results demonstrate that the proposed algorithm can be applied in real system in practice. It permits obtaining the closest performance with the computational complexity decreased in comparison with the Log-MAP algorithm because it eliminates the logarithmic and exponential operations from the correction function.

Figure 3.12 shows simulation result of the different approximated functions corresponding to the various values of n. Because of R-squared parameters are all 1s with n = 4, 5 or 6, so in this case, we only simulate BER performance with n = 2, 3 and 4. The simulation result shows that with n = 4, BER performance is closest to the Log-MAP algorithm. In order to obtain good BER performance with an acceptable computational complexity, we see that choosing the value of n = 3 is suitable. 

Summary

In this Chapter, we first present an adaptive algorithm for dynamic joint source-channel code rate for voice traffic over LTE networks. The proposed algorithm permits choosing a suboptimal solution for minimizing the number of redundant bits generated by channel coding. The output of the algorithm is a pair of source and channel code rate resulting in minimizing the number of redundant bits generated by channel coding with an acceptable MOS reduction based on some constraints on the maximum allowed end-to-end delay, maximum permitted packet loss and minimum required bandwidth. The simulation results show that in the case of the fixed "raw" packet loss, AMR-WB codec mode 2 displays the suboptimal solution with channel code rate equal to 3/5. Otherwise, when the varied "raw" packet loss, AMR-WB codec mode 7 displays the suboptimal solution with channel code rate equal to 3/5. The simulation results also demonstrate that the proposed algorithm always finds out the suboptimal solution which meets some constraints on given QoS information for the tradeoff between speech quality and the number of redundant bits generated by channel coding. This means there is a slight reduction of MOS (≤ 1%) when compared to the best MOS whereas we can obtain the percentage of decreased redundant bits generated by channel coding up to 50%. This will lead to saving the bandwidth and so that the system can serve more mobile users at the same time. Second, we present a novel approximated function replacing the one in the Log-MAP algorithm. This approximated function is deployed based on the understanding of the polynomial regression function. In this Chapter, we present the proposed scheduling schemes for voice traffics in LTE Downlink direction. The proposed schedulers called E-MQS, WE-MQS and WE-MQS are developed based on user perception by using the extended E-model and WB E-model for narowband and wideband audio services, respectively. Besides, in order to enhance the priority for voice services, the VoIP-priority mode is used so-called WE-MQS-VoIP-Priority scheduler. The structure of this Chapter is organized as follows: Section 4.1 represents the problem formulation and justification of the proposals. In Section 4.2, we present simplified model of a packet scheduler and its operating principle as well as some related schedulers. The calculation of the input parameters of the E-model and the WB E-model is represented in Section 4.3. The proposed scheduling schemes for both narrowband and wideband audio users are described in Section 4.4. The simulation environment and performance evaluation are detailed in Section 4.5. In Section 4.6, we summarize the obtained results of the proposals in this Chapter.

General idea

As mentioned in Chapter 2, the scheduling strategies in the group of Channel-and QoS-Aware are very suitable for real-time services such as VoLTE. However, due to VoLTE is deployed in an All-IP network, and it is an emerge service, in the scheduling process, there should be the presence of many factors instead of only depending on HOL delay. We see that, the Maximum Queue Size (MQS) is a factor that should be present in the scheduling process. However, in the LTE-Sim, this factor is fixed equal to 0. This means the scheduling process does not take the MQS into account as an essential in the priority metric. However, in fact, the MQS should be a finite value because if the MQS value is infinite then the delay will increase and the congestion could be increased. Therefore, the MQS needs to be considered as an essential factor in the priority metric of scheduling algorithms. For this reason, we propose to complement the MQS into the scheduling process. Second, we propose to use user perception to make the scheduling decision. This idea is proceeded from Chapter 3 in which the WB E-model is used to determine user satisfaction. Hence, in this Chapter, we continue to apply that idea to the proposed schedulers. For the related work, there are several papers which mentioned it. Specifically, authors in [START_REF] Alfayly | Qoe-based performance evaluation of scheduling algorithms over lte[END_REF], [START_REF] Alfayly | Qoe-driven lte downlink scheduling for voip application[END_REF] proposed a new QoE-driven LTE Downlink Scheduling for VoIP Application that is based on QoE min (i.e. MOS score at least equals 3.5 for VoIP application) and they optimize number of user to access a cell. In [START_REF] Nasimi | Qoe-oriented cross-layer downlink scheduling for heterogeneous traffics in lte networks[END_REF], the authors proposed a cross-layer design scheme that jointly optimizes three different layers of wireless protocol stack, namely Application, MAC and Physical layers. The purpose of this paper is to maximize network resource utilization and user-perceived quality of service (QoE). These papers proposed a new LTE downlink scheduler but not based on the E-model. The paper which is closest to our work described in [START_REF] Mushtaq | Qoe-based lte downlink scheduler for voip[END_REF]. In this paper, the authors proposed a new scheduling scheme for VoIP service in LTE networks by using the user satisfaction as a metric for their scheduler. The authors used the E-model to predict user perception via MOS score, and then this factor used in the metric for scheduling decision. However, in this paper, authors did not consider the impact of network jitter for E-model. In addition, in the priority metric of the scheduler, there is no the presence of the MQS, and the authors evaluated only for VoIP traffic. In our proposal, we develop the idea in [START_REF] Mushtaq | Qoe-based lte downlink scheduler for voip[END_REF] by extending the E-model and propose to consider the MQS as an essential and effective factor for the metric. We use the extended E-model to predict the MOS score and use this score as one of main factors in the metric.

Third, we extend the above proposed scheduling schemes for wideband audio services in LTE networks. As mentioned before, almost of our proposals are simulated in the LTE-Sim software. However, in this software, there is only G.729 codec supported. This means the LTE-Sim only supports to simulate narrowband audio services whereas VoLTE is a wideband audio service and VoLTE uses AMR-WB as its voice source codec. In order to overcome this limitation, we propose to complement AMR-WB into the LTE-Sim. This allows the LTE-Sim to simulate wideband audio services. And in order to predict user perception in this case, the WB E-model is adapted. Such that, for wideband audio services, the proposed scheduler still considers the MQS and user perception in its priority metric.

Last, since VoLTE is deployed in an All-IP network, there need to have a special priority for it. For this reason, in order to enhance VoIP users, we integrate the VoIP-Priority mode [START_REF] Choi | Mac scheduling scheme for voip traffic service in 3g lte[END_REF] into the proposed scheduler for modifying resource allocation method. The VoIP-Priority mode is only enhanced when there is VoIP user in the buffer. This allows scheduling VoIP users before any other user. In order to reduce the negative effects of VoIP-Priority mode on the system, the procedure of duration of VoIP-Prioriry mode is deployed. However, in this Chapter, we only integrate the VoIP-Priority mode into the proposed scheduler for wideband audio services. This work can be easily executed similarly to the case of narrowband audio services.

LTE downlink scheduling 4.2.1 Simple scheduling diagram

In this section, we present simplified model and operating principle of a packet scheduler in LTE network. According to [START_REF] Capozzi | Downlink packet scheduling in lte cellular networks: Key design issues and a survey[END_REF], a simplified packet scheduler can be described such as in Figure 4.1.

The scheduling process in Figure 4.1 is described as follows:

• Each UE decodes the reference signals, calculates the CQI and sends it back to the eNB

• The eNB utilizes the CQI information for the allocation decisions and fills up a RB "allocation mask"

• The AMC module selects the best MCS that should be used for the data transmission by scheduled users

• The information about these users, the allocated RBs, and the selected MCS are sent to the UEs on the PDCCH users. At the upper level, a resource allocation method (called FLS) which uses a Discrete-Time (D-T) linear control theory is performed. FLS defines the amount of data that each real-time source should transmit within a single frame to meet its delay constraint. At the lower level, the algorithm uses Proportional Fair (PF) method to allocate RBs to the users at each TTI with considering the bandwidth requirements of FLS to ensure a good level of fairness among multimedia flows. Also at this layer, the scheduler determines number of TTIs/RBs via that each Real-time source will send its packets. In order to calculate the amount of data transmitted, the FLS scheduler uses the following formula:

V i (k) = h i (k) * q i (k) (4.2)
In which: V i (k) is the amount of the data transmitted by the flow i in LTE frame k, '*' operator is the discrete time convolution, q i (k) is the queue level. It can be said that, V i (k) is computed by filtering the signal q i (k) via a time-invariant linear filter with pulse response h i (k).

The M-LWDF scheduler

M-LWDF scheduling algorithm is used to support multiple real-time services in CDMA-HDR systems [147]. For each real-time flow, by considering the maximum time τ i , the probability is defined as the maximum probability δ i which is the time of the first packet of the queue exceeds the fixed maximum time D HOL,i . In this algorithm, the metrics for real-time and non real-time services are different. In order to offer priority to real-time flows, the metric was given as follows:

w i,j = α i × D HOL,i × r i,j Ri (4.3)
In which:

• r i,j : The rate assigned to i -th flow during the k -th TTI

• Ri : The average transmission data rate estimating • α i : A factor and is given by: α i = -log(δ i ) τ i

The EXP/PF scheduler

EXP/PF is a scheduling algorithm which supports multimedia applications in an adaptive modulation and coding and time division multiplexing (AMC/TDM) system [START_REF] Rhee | Scheduling of real/non-real time services: adaptive exp/pf algorithm[END_REF]. The main purpose of this scheduling algorithm is to enhance the priority for the real-time flows by adding the average fixed maximum time of all active real-time flows. For the real-time services, they receive the increased priorities when their HOL packet delays are approaching the delay deadline. The metric of EXP/PF is calculated as follows:

w i,j = exp( α i ×D HOL,i -X 1+ √ X ) × r i,j Ri (4.4)
Where X is given by: X = 1 Nrt ×α i × D HOL,i , with N rt is the number of active real-time flows in the downlink direction.

The remaining parameters are similar to the descriptions above.
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The calculation of input parameters of the E-model and the WB E-model 4.3.1 An extension of the E-model

We see that, when a voice packet is transmitted over an IP network, it is affected by many network impairments such as PLR, delay, jitter, etc. In the E-model, there is no presence of network jitter. In order to improve user satisfaction, we propose to add the I j factor to the E-model. In this case, the E-model so-called the extended/enhanced E-model. It's obvious, when add the I j to the E-model, user perception of the extended E-model will be lower than E-model, and the E-model can be rewritten as the following formula:

R = 93.2 -I d -I ef -I j (4.5)
Equation (4.5) shows that the R-factor depends on end-to-end delay (I d ), total loss probability (I ef ), and jitter buffer (I j ). Hence, in order to compute the R-factor, we must count these factors. The I d is a factor which is affected by end-to-end delay and is calculated according to the equation 3.3. In that equation, D e2e represents end-to-end delay (or mouthto-ear delay) of speech packet. This can be obtained via some functions of LTE-Sim software. The I ef is determined according to packet loss. In order to compute this factor, we use the equation in [START_REF] Mushtaq | Qoe-based lte downlink scheduler for voip[END_REF] as follows:

I ef = λ 1 + λ 2 × ln(1 + λ 3 × e l ) (4.6) 
In which: The λ 1 represents the voice quality impairment factor caused by the encoder, λ 2 and λ 3 represent the effect of loss on voice quality for a given codec. Such that, these factors depend on the voice codec used. In this study, we use LTE-Sim [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF] to simulate. This software supports only G.729 codec, thus, for this codec, the factors above has values as follows: λ 1 = 11, λ 2 = 40, λ 3 = 10. While e l is the total loss probability (consisting of network and buffer layout) which has the value in range of 0 to 1. This factor is also obtained from some functions of LTE-Sim software.

The I j represents the impacts of network jitter to voice quality. It also depends on the voice source codec. In this thesis, we use the method proposed in [START_REF] Ding | Speech quality prediction in voip using the extended e-model[END_REF] as follows:

I j = C 1 × H 2 + C 2 × H + C 3 + C4 × exp( -T K ) (4.7)
In which: • K is time instant, K = 30

• C 1 , C 2 ,
• T is the fixed buffer size of the voice codec. For the G.729 codec, the packet size is 20ms, thus, normally T =∝ ×20 where ∝= 2, 3, 4, 5, 6, etc.

• H is a factor of Pareto distribution and in range of 0.55 to 0.9. According to [START_REF] Ding | Speech quality prediction in voip using the extended e-model[END_REF], the MOS slightly drops when H increases and it does not affect significantly on MOS score, thus, in this study, we select H = 0.6 for the simulation.

The final expression of the R-factor when utilizing the G.729 codec is described in Equation ( 4 3 ) (4.8) The R-factor is then mapped to the MOS. MOS reflects user perception. It is obvious, the higher MOS, the higher user satisfaction and inverse. However, determining exactly user satisfaction is still a big challenge of mobile network operators.

Calculation of the input parameters of the WB E-model

In order to compute the R wb factor, we have to count the values of I d,wb and I e,ef f,wb factors. The I d,wb factor is determined similarly to the case of narrowband audio, i.e. it is also calculated according to the following equation 3.3.

The I e,ef f,wb is determined according to packet loss. I e,ef f,wb is determined as the equation 3.6.

In that equation, I e,wb is the respective impairment factor without any packet loss. P pl : Packet loss rate. It can be also obtained after finishing the simulation scenario in the LTE-Sim software. B pl : A codec-specific factor which characterizes its robustness against packet loss. The values of I e,wb , B pl is represented in Table 4.1 [START_REF] Moller | Impairment factor framework for wide-band speech codecs[END_REF]. After calculating the R wb -factor, it is converted to the R-factor (R = R wb /1.29), and then is mapped to the MOS via equation (1.3). MOS score performs user perception.

The proposed scheduling schemes 4.4.1 The proposed scheduling scheme based on user perception for narrowband audio services

In this proposed scheduling scheme, we consider the characteristics of the real-time services such as VoIP. These services are sensitive to packet loss and delay, thus, scheduling process should consider various factors. In the related scheduling algorithms above, the authors almost focused on Head of Line packet delay, virtual token length besides other factors such as α i , r i,j and Ri . MOS is a parameter which represents user perception, thus, it

The proposed LTE Downlink packet schedulers for voice traffics based on user perception and VoIP-priority mode should appear in the metric of scheduling algorithms. The higher MOS is, the higher user satisfaction is. MOS needs to be automatically calculated at the receiver and is sent to the eNodeB via feedback technique. For the MQS, according to our knowledge, there are no articles which mention about it. We think that, this factor has strong effects on the system performance. In the LTE-Sim [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF], this factor is fixed equal to 0. This means the MQS is infinite. Hence the MQS is not considered in the scheduling process. However, in fact, the MQS should be finite. If the MQS value is infinite then the delay will increase and the congestion could be thus increased. Therefore, the MQS should be considered as a necessary factor in the metric priority of scheduling algorithms.

The main idea of the proposed scheduling algorithm is the consideration of user satisfaction (MOS) and the MQS factor (called also Q i,max ) included into the metric of the scheduling algorithm. This means the higher priority metric (w ij )value, the higher priority for the corresponding UE. The fixed maximum time D HOL,i and the maximum probability δ i are included in the Equation (4.3) to calculate the factors of I d , I ef , respectively. The metric in our scheduling scheme for voice services is defined as follows:

w i,j = M OS i ×(Q i,max -Q i ) τ i × r i,j Ri (4.9) 
Where:

• Q i , τ i , r i,j
and Ri have the same significances in the previous formulas.

• Q i,max : The MQS of the user i. This value can be obtained in bytes via some functions in LTE-Sim [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF].

• M OS i : User perception, is computed using the extended E-model

For video and non real-time services, we propose to use the method in the M-LWDF scheduler. The w i,j is a priority matrix for each RB j is assigned to U E i . It is calculated based on the MOS, the remaining queue size (Q i,max -Q i ), the maximum time τ i and the channel condition. MOS is computed at the receiver and is feedbacked to the eNodeB in order to make the scheduling decision of UE. MOS included in the metric will fully exploit user perception.

The procedures of the proposed scheduling scheme and the scheduling metric (w i,j ) are described as in Algorithm 3. The implemented model of the proposed scheduling scheme is represented in this case such as in Figure 4.2.

The proposed scheduling scheme for wideband audio services

The proposed scheduling scheme based on user satisfaction

This scheduling scheme is the extension of the E-MQS scheduler for wideband audio service so called WE-MQS scheduler. We see that, the lack of LTE-Sim software is that it supports only G.729 codec while VoLTE uses AMR-WB codec to get high user satisfaction. G.729 has only an unique mode which has the bitrate of 8 kbps and the packet size of 32 bytes generated in each 20 ms while AMR-WB has 9 modes. In fact, modes of AMR-WB are changed according to channel condition (i.e. C/I ratio). So user perception is calculated at scheduled instant. In the proposed scheduling scheme, we propose to complement AMR-WB codec into LTE-Sim software by reconfiguring some parameters and modifying essential source codes. With the presence of AMR-WB, we can simulate VoLTE traffic more easily. Algorithm 3 Proposed scheduling scheme for narrowband audio users in LTE Downlink 1: procedure Scheduling and resource allocation 2:

Step 1: Identify real-time or any other traffic is queuing in the buffer 3:

Step 2: Determine the user metrics (Q i,max , Q i , M OS i ) and other parameters. Calculate the scheduling metric (w i,j ) according to the Equation 4.9 4: Step 3: Find the user having the metric that is met the scheduling criteria 5:

Step 4: Count the set of available RBs to allocate which RBs to the chosen users 6:

Step 5: Assign the resource block R* to the user U* which has the satisfied metric 7:

Step 6: Schedule the user U* first 8:

Step 7: Delete the user U* and resource block R* from their corresponding lists 9:

Step 8: Repeat the steps from 1 to 7 until all users are scheduled.

1: procedure w ij calculation for narrowband audio users 2: Step 1: Calculate I e,ef f based on the Formula (4.6)

Calculate Q i,max -Q i , τ i , r i,j ,

6:

Calculate I j based on the Formula (4.7)

7:

Calculate R-factor based on Equation (4.8) 8:

Step 3: Calculate MOS score using Equation (1.3) 9: Step 4: Calculate w i,j based on Formula (4.9) The main idea of the proposed scheduling algorithm is the consideration of user satisfaction (MOS) and the MQS factor (called also Q i,max ) included into the metric of the scheduling algorithm. This means the higher priority metric (w ij )value, the higher priority for the UE. The fixed maximum time D HOL,i and the maximum probability δ i are included in the Equations (3.3) and (3.6) to calculate the factors of I d,wb , I e,wb , respectively. The metric in the proposed scheduling scheme for voice users is defined as follows:

w i,j = M OS i ×(Q i,max -Q i ) τ i × r i,j Ri (4.10) 
Where:

• Q i , τ i , r i,j
and Ri have the same significances in the previous formulas.

• Q i,max : The MQS of the user i. This value can be obtained in bytes via some functions in LTE-Sim [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF].

• M OS i : User perception, is calculated using the WB E-model

For video and non real-time services, we propose to use the metric of the M-LWDF scheduler. The w i,j is a priority matrix for each RB j is assigned to U E i . It is calculated based on the MOS, the remaining queue size (Q i,max -Q i ), the maximum time τ i and the channel condition. MOS is computed at the receiver and sent back to the eNB to make the scheduling decision of UE. MOS included in the metric will fully exploit user perception.

In fact, the AMR-WB mode is dynamically determined and optimized at the AMR-WB encoder according to channel quality using rate adaptation control algorithm detailed in [START_REF] Gpp | Inband Tandem Free Operation (TFO) of speech codecs; Service description; Stage 3[END_REF]. The limitation of LTE-Sim is that it supports only G.729 codec for VoIP. Therefore, the proposed scheduler can not get the mode chosen from AMR-WB encoder at Application layer. In order to overcome this problem, we propose a procedure which allows to choose AMR-WB mode from C/I ratio that is available in LTE-Sim. With the proposed procedure, the proposed scheduler can choose dynamically source mode according to channel quality. The threshold values of C/I ratio are chosen according to [START_REF] Technologies | [END_REF] and [150]. The procedures for updating AMR-WB mode, allocating resource, and calculating the metric of the proposed scheduler are described in Algorithm 4 and Algorithm 5.

The procedure of Update AMR-WB packet size is used to update packet size according to channel condition and is used for all schedulers while the procedure of w ij calculation is used only in the proposed scheduler for calculating the metric.

The implemented model of the proposed scheduling scheme in this case is represented such as in Figure 4.3. This Figure represents the main RRM modules that interact with the downlink packet scheduler. The entire process of a packet scheduler can be divided into a sequence of tasks which are repeated in each TTI [START_REF] Capozzi | Downlink packet scheduling in lte cellular networks: Key design issues and a survey[END_REF]. When voice packets arrive at the buffer in the eNB, they are given a time stamp and are queued for transmission. For each packet in the queue, the HOL delay and the QL are estimated. If the HOL packet delay or QL exceeds a specified threshold for the flow, then that packet will be discarded. The packet scheduler decides which users will be served according to a scheduling algorithm based on the metric of corresponding algorithm. In order to have a suitable scheduling scheme, we have to have the trade-off between channel state, QoS requirements and queue status. In the proposed scheduling scheme, when making the decisions, the scheduler takes into account the instantaneous or average channel conditions, HOL packet delay, status of receiving buffer such as QL and MQS or type of service being used, especially user perception. Step 8: Repeat the steps from 1 to 7 until all users are scheduled.

1: procedure w ij calculation for wideband audio users 2: Step 1: Calculate I e,ef f,wb based on the chosen mode using Formula (3.6). Voice packets can also be scheduled using the same method. From viewpoint of radio resource usage, this scheme is most flexible because it permits scheduling the packets when they are needed. However, the limitation of this scheme is that it needs a large mount of signaling. For the fully dynamic scheduling, each UE sends resource request in uplink for each voice packet, the eNB allocates uplink resource for every transmission and retransmission separately by the L1/L2 control signaling. For the dynamic scheduling, the voice packet scheduling enjoys the full diversity of channel in both time and frequency domain with the expense of large control signaling. The dynamic scheduler is used as a base scheduler in LTE network.

Calculate Q i,max -Q i , τ i , r i,j ,

Persistent scheduling

In persistent scheduling scheme, the scheduling does not depend on channel condition. It is similar to the resource allocation of a CS network that is made for each call and the allocation is maintained during the duration of the call. This method generates a large amount of control signal. RRC signaling or several types of enhanced L1/LE signaling is used to allocate a sequence of TTI-RU chunks (time/frequency resource) as well as a fixed modulation scheme for a voice user. The allocated resource also consists of resources required for HARQ retransmission. The main issue of this method is the wastage of resource because in wireless environment, it is very difficult to determine exactly the number of retransmission as well as resource needed for a voice packet. This is due to channel condition, interference, noise, etc. So that, it is very hard to allocate a fixed number of resource to each user and it may cause negative effects such as very low usage of capacity.

Semi-persistent scheduling

This is a hybrid method of Dynamic scheduling and Persistent scheduling [START_REF] Saha | Priority-coupling-a semi-persistent mac scheduling scheme for voip traffic on 3g lte[END_REF]. VoIP packets uses a small quantity of control signaling to determine the channel quality after every fixed interval and persistently schedules the VoIP packets. This supports best to VoIP traffics due to its controlled dynamic nature and utilization of small control signaling.

4.4.2.2.4

VoIP-Priority mode VoIP-Priority mode was proposed by Sunggu Choi at al. in [START_REF] Choi | Mac scheduling scheme for voip traffic service in 3g lte[END_REF], it allocates RBs for VoIP calls before any other traffic. The limitation of this method is that when VoIP calls density is high, other traffics are not allocated. However, the authors already solved this problem by complementing a duration procedure. It is controlled dynamically to adjust consecutive TTIs according to total drop ratio of the packets measured at the eNodeB. In this mode, RBs are allocated based on Channel Adaptive Fair Queuing [START_REF] Wang | Channel adaptive fair queueing for scheduling integrated voice and data services in multicode cdma systems[END_REF]. The metric of the scheduler in VoIP priority mode is determined based on QL and SINR and is calculated as the following equation:

w i,j = Q l (i) × γ(i) (4.11) 
Where (Q l ) is queue length and (γ) is SINR of active VoIP call i. Formula (4.11) indicates that UE which has the longer queue length and the better channel quality then will have the higher priority. It can be said that, the VoIP priority mode is useful when the density of VoIP calls is high. However, the downside is that other traffic to be starved.
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Therefore, the duration is deployed. It is controlled dynamically and depends on total of the drop ratio of the packets measured at the eNodeB. A predefined minimum and maximum drop ratio is utilized to adjust VoIP priority duration. Specifically, the maximum count of VoIP priority duration is increased when the drop ratio is less than the minimum threshold, and the maximum count of VoIP priority duration is decreased when the drop ratio exceeds the maximum threshold because in this case there is not enough resources to allocate. If the drop ratio is in range of the min to the max threshold then the duration is kept a constant. For more details of the duration, refer to [START_REF] Choi | Mac scheduling scheme for voip traffic service in 3g lte[END_REF].

4.4.2.2.5

The proposed scheduler based on user perception and the VoIP-Priority mode In this scheduling scheme, we integrate the VoIP-Priority mode into the proposed scheduling scheme such as represented in Figure 4.4. The algorithm priority mode is only enabled when there is VoIP user in the buffer. So the proposed scheduler has the method of resource allocation that is similar to the VoIP-Priority mode but has the different priority metric. This is mentioned in the previous subsections. In order to decrease the negative effects on other traffics, the duration of VoIP-Priority mode is deployed. This procedure allows determining maximum allowable count of consecutive VoIP priority TTIs. The maximum count increases or decreases depending on overall VoIP packet drop ratio which is measured at the eNodeB. By using preset minimum and maximum thresholds for the VoIP packet drop ratio, if the drop ratio is below the minimum threshold, the maximum consecutive count decreases by one because it implies that either there are enough resources or VoIP calls are given sufficient number of PRBs. Otherwise, if the drop ratio is above the maximum threshold, the maximum count is doubled because it means that the PRBs allocated to VoIP calls are not enough. Finally, if the drop rate stays between the minimum and maximum threshold, the current maximum count is kept. This adjustment algorithm is detailed in [START_REF] Choi | Mac scheduling scheme for voip traffic service in 3g lte[END_REF].

The implemented model of the proposed scheduling scheme in this case is represented such as in Figure 4.5. In the simulation scenario, the eNB is located at the center of the macrocell using an ommidirectional antenna in a 10 MHz bandwidth. Each UE uses a VoIP flow, a Video flow, and a INF-BUF flow at the same time. For the narrowband audio flow, a G.729 voice stream with a bit-rate of 8 kbps was considered. For the wideband audio flow, AMR-WB codec was integrated to the LTE-Sim and was used to simulate. The voice flow is a bursty application that is modelled with an ON/OFF Markov chain [START_REF] Chuah | Characterizing packet audio streams from internet multimedia applications[END_REF]. For the video flow, a trace-based application that generates packets based on realistic video trace files with a bit-rate of 242 kbps was used in [START_REF] Reisslein | H. 264/AVC and SVC Video Trace Library: A Quick Reference Guide[END_REF] and it is also available in [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF]. In order to obtain a realistic simulation of an H.264 SVC video streaming, we used an encoded video sequence "foreman.yuv ", which is publicly available. The LTE propagation loss model is formed by four different models including: Path loss, Multipath, Penetration and Shadowing [START_REF] Gpp | Requirements for Evolved UTRA (E-UTRA) and Evolved UTRAN (E-UTRAN)[END_REF].

Simulation environment and Performance evaluation

The proposed LTE Downlink packet schedulers for voice traffics based on user perception and VoIP-priority mode • Shadowing: Log-normal distribution with mean 0 dB and standard deviation of 8 dB.

Simulation parameters

The simulation process is performed in a single cell with interference with the number of users in the interval [10,[START_REF] Ilnseher | A multi-mode 3gpp-lte/hsdpa turbo decoder[END_REF] which randomly move at a speed of 30 km/h (in city) or at 120 km/h (on highway). There are three simulation scenarios corresponding to the three scheduling schemes. Specifically, simulation scenario 1 corresponds to the scheduling scheme for narrowband audio users, simulation scenario 2 is used for the scheduling scheme for wideband audio users, and simulation scenario 3 belongs to the scheduling scheme for wideband audio users with the integration of VoIP-Priority mode. The other basic parameters used in the simulation scenarios are represented in Table 4.2.

Performance measures

End-to-end delay

The end-to-end delay of the system (system delay, D s ) is computed as the average Head of Line (HOL) packet delay for the whole simulation time [START_REF] Sandrasegaran | Delay-prioritized scheduling (dps) for real time traffic in 3gpp lte system[END_REF]. Mathematically, it is expressed as follows: In which:

D s = 1 T T t=1 1 K K i=1 HOL i (t) (4.12) 
• HOL i (t) is the HOL packet delay of user i at time t

• K is the total number of users

• T is the total simulation time.

Packet Loss Rate

The PLR is the ratio of total size of discarded packets resulting in exceeding the time delay to the aggregated packet size of all packets reaching the eNB queue buffer [START_REF] Sandrasegaran | Delay-prioritized scheduling (dps) for real time traffic in 3gpp lte system[END_REF]. It is expressed as the following equation.

P LR = K i=1 T t=1 p -discard i (t) K i=1 T t=1 p -size i (t) (4.13) 
Where:

• p -discard i (t) and p -size i (t) are the size of discarded packets and the size of all packets that have arrived into the eNB buffer of user i at time t, respectively.

• K and T are similar to the ones in Equation 4.12.

Cell throughput

Cell throughput (system throughput, T s ) is defined as the total transmitted packets per second [START_REF] Sandrasegaran | Delay-prioritized scheduling (dps) for real time traffic in 3gpp lte system[END_REF]. It is determined as follows.

T s = K i=1 T t=1 p -size i (t) (4.14)
In which:

• p -size i (t) is the size of transmitted packets of user i at time t.

• K and T are described as same as the ones above.
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Fairness index

The FI is defined as the difference between the most and the least served users over a given time frame and is determined in service levels [START_REF] Sandrasegaran | Delay-prioritized scheduling (dps) for real time traffic in 3gpp lte system[END_REF]. It is mathematically expressed as follows.

F I = 1 -p -sizemax-p -size min K i=1 T t=1 p -size i (t) (4.15) 
Where:

• (p -size max -p -size min ) are the total size of the transmitted packets of the most and the least served users, respectively.

• p -size i (t) is the size of all packets that have arrived at the eNB buffer of user i at time t.

Spectral efficiency

The spectral efficiency (SE) of the system is the successful usage for whole cell and is defined as follows [START_REF] Haider | Performance analysis of lte-advanced networks in different spectrum bands[END_REF].

SE = 1 B C c=1 N n=1 K k=1 R m n (k, t, c)d m n (k, t, c) (4.16) 
In which:

• B is the system bandwidth.

• C, N, K are the number of carrier, total user, and allocated RBs, respectively.

• R m n (k, t, c) is the delivered rate in the past, measured over a fixed window of observation of resource block k of carrier c at time t for user n at rate m.

• d m n (k, t, c
) is a binary indicator that is set to 1 if the user n at rate m is scheduled on RB k of carrier c at time t and to 0 otherwise.

Performance evaluation

Performance evaluation of simulation scenario 1

In order to evaluate the performance of the proposed scheduling scheme, we use LTE-Sim software [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF] to simulate the proposed scheduler with the other schedulers including the FLS, M-LWDF and EXP/PF. The performance evaluation is compared in terms of delay, PLR, cell throughput, FI and SE. The analyses of the simulation results are represented in the following subsection.

4.5.3.1.1 Delay of narrowband audio users End-to-end delay (called mouth-to-ear delay) is one of the most important factors when evaluating VoLTE QoS. It is the time required for a packet to be transmitted from source to destination in the network. VoLTE has a very tight delay requirement which should be strictly maintained under limits and has to be carefully monitored. End-to-end delay is measured from input audio signal at transmitting side to output audio signal at receiving side. Normally, end-end-delay includes network delay, encoding delay, decoding delay, compression delay, decompression delay and dejitter buffer delay. According to recommendations of ITU and 3GPP, one way mouthto-ear delay should be less than 150 ms. However, a delay budget up to 250 ms is still acceptable if 100 ms extra delay required for packet processing and propagation delay in the congestion core network is considered. Figure 4.6 illustrates the delay of VoIP flow. It is clear that, the M-LWDF and EXP/PF scheduler has the same lowest delay. The proposed scheduler (E-MQS) has the delay which is not significantly higher than the M-LWDF and EXP/PF schedulers and it outperforms the FLS scheduler. This means FLS scheduler has the highest delay while the proposed scheduler has the second position of the highest delay. The M-LWDF and EXP/PF schedulers are nearly same. The FLS scheduler has the highest delay because it includes two algorithms (at upper and lower levels) thus it need more time to process. However, all the schedulers are much less than allowable threshold. 4.9, the FIs of all schedulers are not stable when the number of UE increases. However, all these schedulers have the high FIs. The proposed scheduler has the highest FI when the number of UE equals 5, 15, and 20 and obtains the lowest FIs in case of the number of UE equals 10, and 20. In general, the FLS scheduler has the best FI for VoIP flow.

For the FI, it can be conclusive that the FLS scheduler has the best performance. This is due to at the lower layer of this scheduler uses PF algorithm, thus, it ensures the good grade of fairness among multimedia flows. The FI is high which demonstrates that the cell-edge users have been guaranteed the minimum performance. Hence UEs can be served when they move to the edge of the cell. In order to evaluate the performance of this proposed scheduling scheme, we still use the LTE-Sim [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF] to simulate the proposed scheduler with the other schedulers including the FLS, M-LWDF and EXP/PF. The performance evaluation is compared in terms of delay, PLR, cell throughput, FI and SE. The analysis of the simulation results are represented in the following subsection. It is clear that, the proposed scheduler (WE-MQS) has the lowest delay and slightly increases when the number of user (NU) increases, the EXP/PF scheduler keeps the second position of the lowest delay while the FLS scheduler has the highest delay. In this case, the FLS is still rather special and similar to the case of narrowband audio. The M-LWDF has the second highest delay and heavily increases when the NU increases. For the VoIP application, the end-to-end delay should not exceed 150 ms to evaluate voice quality accepted. Although in the simulation scenario, the FLS scheduler has the highest delay but all the schedulers have the delays which are very low, thus, all of them are very suitable for VoIP flow. Compared to the case of narrowband audio, in this case, the M-LWDF and EXP/PF schedulers has not good delay because they strongly increase when the NU increases. When we set the MQS equal to 10 5 bytes (this factor is default set equal to 0 in the LTE-Sim), for the VoIP flow, all schedulers have the PLR decreasing when the number of UE increases. Normally, the PLR increases when the number of UE increases, thus, this case is rather special. Maybe it can be not stable in a real LTE network because the LTE-Sim is rather similar to a real system. As shown in the Figure 4.12, all the schedulers have the PLR which are less than 1%. This is very good for real-time services such as VoIP. It can be said that, the PLR of each of the schedulers is not stable when the NU changes, thus, it's difficult to said that which scheduler has the best PLR because each of them keeps the highest or lowest PLR in a range of the NU. For example, the proposed scheduler has the highest PLR when the NU is in range of 10 to 38, but when the NU is more than 47, the proposed scheduler has the lowest PLR. It is clear that all schedulers have low PLR, thus, they are very suitable for real-time services such as VoIP. 4.5.3.2.3 Cell throughput of wideband audio users Throughput is a measurement of how many units of information that a system can process in a given amount of time. As shown in Figure 4.13, for the VoIP flow, the cell throughput of all the schedulers increases when the NU increases. Although the proposed scheduler does not have the highest cell throughput, but it is always in top 2 or 3 of the highest cell throughput. There is not any scheduler which always has the highest cell throughput when the NU increases. The difference of cell throughput among the schedulers is not considerable. 4.5.3.2.4 Fairness index of wideband audio users FI is a main requirement that should be taken into account to ensure a minimum performance to the edge-cell users. For the VoIP flow as shown in Figure 4.14, the FIs of all schedulers are not stable when the NU increases. Normally, the FI decreases when the NU increases. It is really difficult to say that which scheduler has the highest FI because they are always changed when the NU increases. The proposed scheduler is almost in the middle of the schedulers. It is similar to the cell throughput, for the FI, the difference among the schedulers is not also significant. For assessing the performance of this proposed scheduler, we compare it to the M-LWDF scheduler, and to the scheduler proposed in [8] (WE-MQS scheduler). We assess the performance in terms of delay, PLR, cell throughput, FI and SE. The analyses of the simulation results are represented in the following subsection. Normally, the PLR increase when the NU increases. In this study, we assess the system performance in a heterogeneous LTE network with mobility. The results in Figure 4.17 are rather special, specifically for the normal mode, the PLR decreases when the NU increases. This may be due to the unstableness in a real system. In general, the priority mode has the lowest PLR in comparison with two remaining others except when the NU equals 30.

For the delay and PLR, it can be concluded that the priority mode is very suitable for VoIP service because it has the best performance. 

Summary

In this Chapter, we propose new Channel-, QoS-and QoE-Aware scheduling schemes for downlink direction in LTE network. The main idea in the proposed schedulers is the consideration of user perception and the MQS factors into the priority metrics in the proposed schedulers. The metric is determined based on the user perception (MOS), the remaining queue size, the fixed maximum time, and the channel conditions. We develop the proposed scheduler for both cases of narrowband and wideband audio users. Besides, in order to enhance VoIP users, the VoIP-Priority mode is integrated into the proposed scheduler. For the narrowband audio users (i.e. simulation scenario 1), the simulation results show that the proposed scheduler not only meets QoS requirements for voice services but also outperforms the FLS, M-LWDF, EXP/PF schedulers in terms of delay, cell throughput, FI and SE. For the PLR, the proposed scheduler has the performance not as well as the FLS scheduler. For the FI, the proposed scheduler does not have the stable performance, it can obtain either the highest or the lowest FI values. It can be conclusive that when considering the MOS and the MQS as factors for the metric in the proposed scheduler, the system performance has been improved significantly. Through all simulation results, it can be seen that, the FLS has the best performance, and the proposed scheduler keeps the second best position in scheduling for VoIP flow.

For the wideband audio users (i.e. simulation scenario 2), the simulation results show that the proposed scheduler not only meets QoS requirements for voice services but also outperforms the FLS, M-LWDF, EXP/PF schedulers in terms of delay and PLR when the NU is more than 47. It is clear that, the FLS, M-LWDF, and EXP/PF are well-known schedulers in wireless networks, and all of them are very suitable for real-time services such as VoIP. The advantage of the proposed scheduler is that it takes the user satisfaction and the remaining queue size into account. In addition, the proposed scheduler integrates the AMR-WB codec which is mandatory for VoLTE to get high user perception. This overcomes the limitation of the LTE-Sim that it supports only G.729 codec for VoIP application. When integrating the VoIP-Priority mode (i.e. simulation scenario 3), the simulation results show that the proposed scheduler meets QoS requirements for voice services. In addition, it overcomes the M-LWDF scheduler and the normal mode for delay and PLR. With the integration of the VoIP priority mode, the proposed scheduler is enabled, thus, it has the lowest delay and PLR. For the throughput, FI, and SE, in general, it nearly has the same performance when compared to the M-LWDF scheduler. The advantage of the proposed scheduler is that it takes the user satisfaction and the remaining queue size into account This Chapter presents the proposed object non-intrusive models for predicting voice quality for both narrowband and wideband flows in LTE network. The main idea is represented in Section 5.1. Section 5.2 represents the proposed object non-intrusive models for predicting voice quality. Simulation environment and Performance of the proposed models are described in Section 5.3. Summary of the proposals in this Chapter are represented in Section 5.4. [START_REF] Larijani | Voice quality in voip networks based on random neural networks[END_REF] The proposed object non-intrusive models for predicting voice quality in LTE networks

General idea

As mentioned in Chapter 1, the intrusive models (e.g. PESQ/PESQ-WB) allow measuring exactly user perception than the non-intrusive ones. However, they are not suitable for real-time services such as VoIP or VoLTE because they require to refer to the original signals. Otherwise, the non-intrusive methods are very suitable for predicting user satisfaction. For this type, RNN-based is also a suitable choice. However, in this Chapter, we present another non-intrusive method. According to our knowledge, at present, there have not been any model for this type. As mentioned before, the E-model or the WB E-model are computational models that allow predicting user perception without the reference to the original signals. And we see that, the lack of the E-model and WB E-model is how to determine its input parameters. Therefore, we need a method to determine the input factors of them. The calculation for inputs of the extended E-model as well as WB E-model are described in Chapter 4. In order to determine them, in this Chapter, we propose to use the LTE-Sim [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF] software to calculate delay and PLR for voice users. The LTE-Sim is a famous framework which allow simulating entire LTE network, thus, it is rather similar to a real system. Outputs of the LTE-Sim are delay and PLR which are essential input parameters of the E-model or the WB E-model. In addition, we also take effects of network jitter into account by considering jitter parameter (I j ) as an input parameter of the E-model. For the wideband audio flow, due to the LTE-Sim only support G.729 codec (i.e. used for narrowband audio), we propose to complement AMR-WB codec into LTE-Sim. This supports the LTE-Sim to simulate wideband audio traffics. And in order to obtain more real results, we simulate voice service with mobility in LTE heterogeneous network. It can be said that, the main idea in this Chapter is proceeded from the ideas in Chapter 4 in which the extended E-model and WB E-model are used to predict voice quality over LTE network for narrowband and wideband audio users, respectively. We see that, MNOs have to always monitor user perception to adjust network impairments instantly. Since the extended E-model as well as WB E-model do not require original signal to refer, they are very suitable for measuring quality of live voice services such as VoLTE.

5.2

The proposed object non-intrusive models for predicting voice quality in LTE networks

The implemented model for predicting narrowband audilo quality

VoLTE is a real-time service, and is fully deployed over an IP network, thus, ensuring VoLTE quality is a big challenge. There are very little methods that allow monitoring and predicting VoLTE quality and most of them are subjective ones which have to refer to original signal, thus, they are not suitable for real-time services such as VoIP. In this section, we propose a new object non-intrusive voice quality assessment method which is based on the LTE-Sim software [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF] and the extension of the E-model [START_REF]Itu-t recommendation g.107: The e-model, a computational model for use in transmission planning[END_REF]. The LTE-Sim is a software which allow simulating VoIP flow that is rather similar to a real flow. Therefore, we see that, the simulation results are rather exact. The E-model is a computational model which allows predicting voice quality when it is transmitted from source to destination. However, in this model, there is not presence of network jitter. For VoIP flow, network jitter affects significantly on voice quality, thus, we propose to add the effects of network jitter to E-model via I j factor. When the I j is added to the E-model, the value of R factor

The proposed object non-intrusive models for predicting voice quality in LTE networks 99 will be decreased, it leads to the lower user perception when compared to the standard E-model. The proposed model is represented on Figure 5.1. • Calculating R-factor of the extended E-model (refer to Chapter 4)

• R is then mapped to MOS score (refer to Chapter 1) LTE is a packet-switched network, thus, in order to simulate it as a real system, we select input data flows including a VoIP, a Video and a non real-time flow. In addition, the mobility is also included in our scenario, specifically, we select user speed is 30 km/h (in city) and 120 km/h (on highway). We select the M-LWDF scheduler which is very suitable for real-time services. Besides predicting user perception, we assess the effects of delay, PLR on user satisfaction according to the number of user.

The implemented model for predicting wideband audio quality

It's similar to predicting narrowband audio quality, to measure quality for wideband audio, we combine the LTE-Sim and the WB E-model. However, as mentioned above, the LTE-Sim does not support for simulating wideband audio flows, thus, we propose to add AMR-WB codec to the LTE-Sim. It's also as same as E-model, the WB E-model is a computational model which allows predicting voice quality when it is transmitted from source 100 The proposed object non-intrusive models for predicting voice quality in LTE networks to destination. Each bitrate of AMR-WB codec corresponds to a mode. The modes of AMR-WB are configured into 3 configurations such as described in Chapter 1. Each is adapted according to channel quality. Therefore, in order to add this codec to LTE-Sim, we build procedures which allow changing instantly the AMR-WB mode according to channel condition via Signal-to-interference (C/I) ratio. The C/I ratio is calculated at receiver and is sent back to the eNodeB. • Calculating R wb -factor of the WB E-model (refer to Chapter 4)

• R wb is then converted to R-factor before being mapped to MOS (refer to Chapters 1 and 4)

In order to simulate VoLTE as in a real LTE network, we evaluate the system performance in a heterogeneous network. Specifically, each user utilizes a VoIP, a Video and a non real-time flow at an instant. In addition, the mobility is also included in the simulation scenario, specifically, we select user speed is 30 km/h. We choose the FLS [START_REF] Piro | Two-level downlink scheduling for real-time multimedia services in lte networks[END_REF], M-LWDF [147], and EXP/PF [START_REF] Rhee | Scheduling of real/non-real time services: adaptive exp/pf algorithm[END_REF] schedulers which are very suitable for real-time services. Besides predicting user perception, we assess the effects of delay, PLR on user satisfaction according to the number of user. In the simulation scenario, the eNB is located at the center of the macrocell using an ommidirectional antenna in a 10 MHz bandwidth. Each UE uses a VoIP flow, a Video flow, and a INF-BUF flow at the same time. For the narrowband audio flow, a G.729 voice stream with a bitrate of 8 kbps was considered. For the wideband audio flow, AMR-WB codec was integrated to the LTE-Sim and was used to simulate. The voice flow is a bursty application that is modelled with an ON/OFF Markov chain [START_REF] Chuah | Characterizing packet audio streams from internet multimedia applications[END_REF]. For the video flow, a trace-based application that generates packets based on realistic video trace files with a bitrate of 242 kbps was used in [START_REF] Reisslein | H. 264/AVC and SVC Video Trace Library: A Quick Reference Guide[END_REF] and it is also available in [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF]. In order to obtain a realistic simulation of an H.264 SVC video streaming, we use an encoded video sequence "foreman.yuv ", which is publicly available. The LTE propagation loss model is formed by four different models including: Path loss, Multipath, Penetration and Shadowing [START_REF] Gpp | Requirements for Evolved UTRA (E-UTRA) and Evolved UTRAN (E-UTRAN)[END_REF] as follows.

• Path loss: P L = 128.1 + 37.6 × log 10 (d), with d is the distance between the UE and the eNB in km

• Multipath: Jakes model

• Penetration loss: 10 dB

• Shadowing: Log-normal distribution with mean 0 dB and standard deviation of 8 dB.

Simulation parameters

The simulation process is performed in a single cell with interference with the number of users in the interval [10,[START_REF] Ilnseher | A multi-mode 3gpp-lte/hsdpa turbo decoder[END_REF] which randomly move at a speed of 30 and 120 km/h. There are two simulation scenarios corresponding narrowband and wideband voice traffic flows called Simulation scenario 1 and Simulation scenario 2 used in this Chapter. The other basic parameters used in the simulations are represented in Table 5.1.

Performance evaluation of the proposed model for predicting narrowband audio quality

In order to simulate the traffic model in LTE-Sim, we use Modified Largest Weighted Delay First (M-LWDF) [147] scheduler with mobility in LTE heterogeneous network. The M-LWDF scheduler is very suitable for real-time services such as VoIP, Video, Gaming, etc. The analyses of the simulation results are represented in the following subsections. This figure also shows that the higher JB, the higher MOS. However, in fact, JB should not be too high. As shown on this figure, when JB is more than 80, the MOS increases not significantly. This is rather clear when JB corresponds to 100 and 120. It can be seen that, when JB is more than 100, its effect on user perception is not significant. Figure 5.4 shows the effects of JB when the speed is 120 km/h. It's clear that, when the speed is high, the user satisfaction is decreased clearly. All cases have the MOS score heavily decreasing when NU increasing. It's obvious, but the reduction is rather different from the case of the speed of 30 km/h. It's similar to the previous case, the higher JB, the higher user perception. The JB is directly proportional to user satisfaction while the speed is inverse.

Effects of delay on narrowband audio quality

.5 shows the relationship between delay vs user perception according to the NU. It's clear that, the delay increases when the NU increases. This leads to lower MOS score. The E-model has the highest MOS while the Extended E-model has the lower one. It can be seen that, the higher NU or the higher delay is, the lower MOS score is. This principle is suitable for both the E-model and the Extended E-model for all cases of JB. The detailed results of this case are represented in Table 5.2.

It's similar to the case of delay for user speed of 30 km/h, the effects of delay on user satisfaction when user speed of 120 km/h is shown in Figure 5.6. The principle is similar to the case of user speed of 30 km/h, however, the MOS score is lower and strongly decreases when the NU or delay increases. This is right in both the E-model and the extended E-model. The detailed results are described in Table 5.2. .7 illustrates the effects of delay on user perception according to NU. It's clear that, MOS increases when the NU or PLR increases. This is suitable for both E-model and extended E-model. Normally, PLR increases when NU increases, but there is a special case for the NU equals 10. This may be due to the system is always unstable in fact. For both the E-model and the Extended E-model, the higher NU or the higher PLR is, the lower MOS score is. The E-model has the higher MOS when compared to the extended E-model. For the extended E-model, rule for the higher JB, the higher MOS is still met. For the detailed results, refer to Table 5.2. In case of user speed equals 120 km/h, the rule for the case of user speed of 30 km/h is still met. The difference here is that in this case, user perception decreases in comparison with the case of user speed of 30 km/h and it strongly decreases when the NU or PLR increases. This is fully suitable. The detailed results of this case are represented in Table 5.2.

Performance evaluation of the proposed model for predicting wideband audio quality

The analyses of the simulation results are represented in the following subsections.
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Effects of AMR-WB modes on wideband audio quality

As mentioned above, in this Chapter, we only simulate the proposed model for wideband audio flow with the configuration A of the AMR-WB codec. This configuration includes three modes of 0, 1, and 2. Figure 5.9 represents the effects of AMR-WB mode 0 on voice quality. It is clear that, the voice quality slightly decreases when the number of VoIP user (NU) increases excepting the FLS scheduler. The FLS scheduler has the best quality compared to the other schedulers, even, it does not decrease when the NU raises. This is rather special. It is due to the unstableness in fact. The MOS score of the FLS scheduler can decrease when the NU is more than 50. The M-LWDF scheduler has the worst quality and it seems to heavily decreases when the NU increases. For the effects of AMR-WB mode 1 on user perception such as illustrated in Figure 5.10, it is easy to see that user satisfaction increases when the mode of AMR-WB increases. This is fully suitable and logical. It is similar to the case of AMR-WB mode 0, the FLS scheduler still keeps the first position of highest MOS while the M-LWDF scheduler continues to keep the first position of the lowest MOS and the EXP/PF scheduler is in the middle. However, in this case, the FLS scheduler seems to slightly decreases when the NU increase. This is rather different from the case of AMR-WB mode 0. M-LWDF scheduler still trends to heavily decrease MOS score when the NU increases.

For AMR-WB anchor bitrate (i.e. AMR-WB mode 2) such as represented in Figure 5.11, it is also similar to the AMR-WB mode 0 and 1, in this case, the FLS scheduler still has the highest MOS score while the M-LWDF continues to have the lowest MOS score. It is really the difference among the schedulers is not too much, the most clear difference is the trends of them. For example, the FLS scheduler trends to slightly decrease, the EXP/PF scheduler In order to evaluate the effects of AMR-WB modes on voice quality, we calculate the average MOS score for all modes such as represented in Figure 5.12. It is clear that, in general, the average voice quality decreases when the NU increases. The principles of the schedulers for AMR-WB mode 0, 1, and 2 are still suitable for this case. It can be concluded that FLS scheduler always has the best voice quality, M-LWDF scheduler has the worst one while EXP/PF is in the middle of two remaining schedulers.

Effects of delay on wideband audio quality

In order to assess simultaneously the effects of delay and the NU on voice quality, we present the relationship between the delay, the NU vs the MOS score such as shown in Figure 5.13. Both the M-LWDF and the EXP/PF schedulers have the average delay increasing when the NU increases, thus, MOS score decreases. This means the higher NU and the higher delay, the lower user perception. For the FLS scheduler, the delay decreases when the NU increases, thus, the MOS score slightly increases. This is rather special. Maybe it reflects the unstableness in a real system because the LTE-Sim is rather similar to a real system.

Effects of PLR on wideband audio quality

For the effects of PLR and the NU on voice quality such as shown in Figure 5.14. All the schedulers have the stable PLR when the NU increases. However, for the average MOS, the FLS scheduler has the best performance, the M-LWDF scheduler has the worst performance 

Summary

In this Chapter, we propose new non-intrusive assessment models of voice quality over LTE network. The proposed method is the combination of the LTE-Sim framework and the extension of the E-model/the WB E-model for measuring narrowband/wideband audio quality, respectively. For the narrowband audio quality, the simulation results show that, the proposed model has the lower user perception in comparison with the E-model. This is because in the proposed model, we take effects of network jitter into account. The simulation results also show that the effect of JB on user perception is very significant. It's clear that user perception decreases when the user speed increases. For the case of user speed of 30 km/h, the user satisfaction slightly reduces when NU raises while it heavily decreases in case of the user speed of 120 km/h. For both cases of the user speed, the user perception increases when the JB increases. However, when JB is more than 100, user satisfaction increases not significantly. For the delay and PLR, both of them increase when NU increases and meet the principle: the higher delay or PLR, the lower user satisfaction.

For the wideband audio quality, we propose to complement the AMR-WB codec into the LTE-Sim software. The proposed model in this case can predict VoLTE quality not as exactly as intrusive methods (e.g. PESQ-WB) but it does not require original signal to refer, thus, it is very suitable for real-time services such as VoLTE. The advantages of the proposed model is that it is simple, calculate quickly, not much time consumption, and can be applied to many different simulation scenarios which can be configured in the LTE-Sim. It can be used well for purposes of transmission planning as well as voice quality assessment in laboratory for academic community and researchers. The simulation results also show that user perception is rather good when the MOS scores of all the cases are more than 3.5 which is a threshold for almost VoIP users accepted. The simulation results show that the FLS scheduler has the best user perception, the M-LWDF scheduler has the worst one while the EXP/PF scheduler is in the middle of two remaining ones. However, it can be seen that, the differences of user satisfaction among them are not significant. The user perception of those schedulers increases when the mode of AMR-WB codec increases. This is too logical because of the higher AMR-WB mode is, the higher MOS score is. The simulation results also show that the AMR-WB codec has much better voice quality than the G.729 codec. This is obvious because the AMR-WB codec has wider band than the G.729codec. This means the AMR-WB is very suitable for VoLTE service for providing HD (High-definition) video and voice services. 

Conclusions

In this thesis, we have studied issues that affects the voice transmission quality in LTE networks and have proposed several new solutions for enhancing LTE channel coding, improving downlink scheduling schemes, and predicting voice quality in LTE networks. LTE is designed for a high data rate and low latency network. LTE is based on an All-IP network, thus, voice service is also transmitted in an IP network. This is very different from a traditional mobile network such as 2G/3G in which voice service is communicated in a circuit-switched network. Since voice service in LTE is transmitted in a heterogeneous network which is based on IMS, the deployment of voice service is very complex, especially for guaranteeing QoS requirements. As mentioned in the Introduction, the challenges of VoLTE service deployment fall in three categories: Technology, Implementation and User satisfaction whereas the ones of VoLTE quality including: Call setup failures, end-to-end QoS, and cell-edge issues. In order to overcome these challenges, there needs to be good solutions of architecture, service, hardware, software of both the network infrastructure as well as user equipment. It is really ideal if there are overall solutions for deploying VoLTE service. This is really a big challenge. We see that, factors that affect strongly on VoLTE quality are the channel coding, scheduling schemes. Besides, in order to ensure user satisfaction, there needs to be models that allow predicting voice quality of VoLTE calls. Hence, in order to ensure VoLTE quality, the new solutions need to be proposed to solve the above challenges.

The proposed solutions in this thesis mainly focus on solving the issues of the group of User satisfaction challenges. Those soft solutions do not require any additional hardware component for eNB or UE. Therefore, they can be applied easily to improve the system performance without any change in hardware. The proposed solutions focus on some parts in LTE systems including channel coding, downlink scheduling schemes, and voice quality prediction. In order to enhance and improve voice transmission quality over LTE network, we need to be many different solutions in both hardware and software. In this thesis, the 114

Conclusions and Perspectives

proposed solutions are for channel coding and MAC scheduler which are very important elements and integral to LTE network. And to adjust network impairments at these layers, MNOs have to always monitor user perception instantly. For this reason, the new object non-intrusive models for measuring voice quality over LTE are proposed. Through the thesis, user perception which is determined by using the extended E-model as well as the WB E-model. They play an important role in our proposals. The contributions in this thesis are summarized as follows.

As the first contributions, we propose solutions for enhancing channel codec in LTE network such as described in Chapter 3. In particular, at sender side, we first propose an adaptive algorithm of joint source-channel code rate for minimizing the redundant bits generated by channel coding with a slight reduction of voice quality. For the deployment of this goal, we investigate the characteristics of VoLTE service such as source codec, radio protocol stack and Turbo codes which is used for coding data channels in LTE systems. The proposed algorithm is the adaptation of joint source-channel code rate. As described in the previous chapters, source code rate and channel code rate are adapted dynamically according to channel conditions. The selection of source code rate (AMR-WB) or channel code rate (Turbo code) strongly depends on channel quality that is usually performed as C/I ratio and is sent to the eNB by the feedback technique. The aim of this proposal is to jointly combine source code rate with channel code rate. We want to find out the trade-off between voice quality with minimizing the redundant bits generated by channel coding. This has to pay for a slight reduction of user perception. The proposed algorithm is programmed in the Matlab software with the static assumptions of LTE systems. The theoretical results show that with an adaptation of joint source-channel code rate, the redundant bits generated by channel coding can be reduced up to 50% with a slight reduction of voice quality is 1%. This solution can be combined with the selection of MCS to decide the final channel rate which is chosen from a pre-defined table in traditional manner. The efficiency of the proposed algorithm allow reducing required bandwidth of the system. This means more voice users can be served at the same time. The advantages of this solution is that it has simple operations, thus, it does not affect significantly on the system performance. In addition, the proposed solution can be set up in the system without any change in hardware. As mentioned before, when voice packets are coded by channel coder, they have to be decoded by channel decoder. For the decoding algorithms, the error correction function play a very important role because it decides the decoding quality performed in terms of BER performance. This means the lower BER is, the higher voice quality is. Decoding algorithms used in data channels in LTE are MAP-based algorithms including Log-MAP and Max-Log-MAP in which the Log-MAP has the best BER performance but the highest computational complexity whereas the Max-Log-MAP has the worst BER performance but the simplest computational complexity. For this reason, almost the previous proposed solutions focused on improving the Log-MAP algorithm to obtain a new algorithm having the trade-off between the BER performance and the computational complexity. Our second proposed solution is also focused on this goal. Specifically, we proposed an alternative error correction function used in the Log-MAP. In this function, we explore the understanding of polynomial regression function to find out the approximated function. The goal of this proposal is to replace the error correction function used in the Log-MAP algorithm with a new one which has the closest BER performance to the Log-MAP but the simpler computational complexity. Besides, we also investigate the performance of several featured Log-MAP based algorithms consisting of the Constant-Log-MAP, Linear Log-MAP, Non-linear Log-MAP, Max-Log-MAP and the Log-MAP. The simulation model is implemented in Matlab software with some assumptions of LTE network parameters. We simulate and evaluate the Turbo coding and decoding with the conditions of BPSK modulation and AWGN channel. The numerical results show that the proposed decoding scheme outperforms all the others in terms of BER performance in the low SNR. This means it has the BER performance is closest to the one of the Log-MAP algorithm. The proposed error correction function does not require the lookup-table, it only includes the simple mathematical operations such as multiple and addition, thus, it has the low computational complexity. It also does not require any additional hardware components.

In case of enhancing LTE channel coding, the proposed solutions have the good performance and the low computational complexity without any change required for the system. However, the limitation is that it not simulated in a real environment such as the LTE-Sim, NS2/3, or OPNET softwares, etc. Therefore, they have not proved the high applicability in real LTE systems.

For the second contributions, we present the solutions for improving voice quality by enhancing downlink scheduling schemes such as represented in Chapter 4. The main idea is proceeded from the usage of E-model to measure voice quality such as described in Chapter 3. In these solutions, we propose to use the MQS and user perception which is determined by using the E-model and the WB E-model as the essential factors of the priority metric in LTE downlink packet schedulers. The proposed scheduling schemes are adapted to both narrowband and wideband audio services. Since all of them take into account the MQS and user perception for making the scheduling decision, they do not only meet QoS requirements for a real-time service such as VoLTE but also improve significantly voice quality. In particular, we first proposed a new LTE downlink scheduling scheme called E-MQS for narrowband audio flows. This scheme is designed for narrowband audio users. As mentioned above, the proposed scheduling scheme is based on the MQS and user perception. We proposed to use the MQS and user satisfaction as the essential factors of the priority metric. As explained in Chapter 4, in fact, the MQS is finite because if it is infinitive, the congestion becomes seriously and more packets drop due to the voice packets are timed out or exceed the delay threshold before they are scheduled. For this reason, the MQS should be present in the priority metric. In addition, in order to improve voice quality, more factors need to be complemented into the scheduling criterion. For this reason, user perception is also added to the priority metric. In order to determine user satisfaction, we use the E-model, and to enhance it, we complement the jitter factor into the E-model. In order to evaluate the performance of the proposed scheduling scheme, we compare it to several featured schedulers including M-LWDF, FLS, and EXP/PF in terms of end-to-end delay, PLR, cell throughput, FI and SE. The numerical results show that the proposed scheduler has better performance of delay, cell throughput, FI, and SE in comparison with M-LWDF, FLS as well as EXP/PF schedulers.

Second, we adapt the proposed scheduling scheme (E-MQS) to wideband audio users so called WE-MQS scheduler. As mentioned previously, most all our proposals are simulated in the LTE-Sim software, however, it only support for simulating narrowband audio flows using G.729 codec, thus, to simulate wideband audio flows, we proposed to add AMR-WB codec to the LTE-Sim. In addition, this codec is also mandatory for VoLTE. AMR-WB codec has 9 different bitrate, thus, we developed procedures that allow adapting its bitrate according to channel conditions. In order to predict user perception for wideband audio users, we have to use the WB E-model instead of the E-model. We also investigate the priority metrics of several schedulers such as FLS, EXP/PF, M-LWDF and compare their performance to the proposed scheduler in terms of end-to-end delay, PLR, cell throughput, FI, and SE. The theoretical results prove that the proposed scheduler has better performance of delay, cell throughput, FI, and SE in comparison with M-LWDF, FLS as well as EXP/PF schedulers.

Third, due to VoLTE is deployed in an All-IP network, it needs to have the highest priority, especially when VoIP density is high. For this reason, we propose to integrate the VoIP-Priority mode into WE-MQS scheduler so called WE-MQS-VoIP Priority scheduler. In order to do that, we must modify the approach of radio resource allocation as described in Chapter 4. The VoIP-Priority mode is only adapted when there is VoIP user in the buffer. In addition, to decrease the negative effects of VoIP-Priority mode, the procedure of the duration of VoIP-Priority mode is used.

In order to assess the performance of the proposed scheduling scheme, we compare its performance to the M-LWDF and WE-MQS schedulers in terms of end-to-end delay, PLR, cell throughput, FI, and SE. The simulation results show that the proposed scheduler overcomes the other schedulers in terms of delay, PLR, cell throughput, FI and SE. It can be concluded that, WE-MQS-VoIP Priority scheduler is the best and the most suitable for VoLTE service.

For the last contributions, in order to ensure voice users always satisfy, VoLTE quality has to be evaluated automatically and instantly such as represented in Chapter 5. This allows adjusting network impairments for guaranteeing QoS requires for VoLTE services. The proposed models are based on the combination between the LTE-Sim software and the E-model or the WB E-model for predicting voice quality of narrowband audio or wideband audio users, respectively. This is executed based on the proposals in Chapter 4. The principles of the proposed models are carried out in two steps: (1) We use the LTE-Sim software to simulate VoLTE services, then we collect the average end-to-end delay and the average PLR according to the number of voice users from the outputs of the simulations.

(2) We use these parameters as the essential inputs of the E-model or WB E-model. The output of extended E-model or WB E-model is user perception. In order validate the proposed models, we use the well-known schedulers such as M-LWDF, FLS, and EXP/PF with the mobility in LTE heterogeneous network. The numerical results show that in case of narrowband audio users, when taking into account the jitter factor, the extended Emodel has the lower MOS score than the E-model with the same scheduler of M-LWDF. This means the extended E-model displays the result that is closer to human perception. In case of wideband audio flows, the performance is evaluated for the M-LWDF, FLS, and EXP/PF scheduler. For the same simulation scenario, the FLS always has the highest MOS score whereas the EXP/PF scheduler has the lowest MOS score. This means the M-LWDF scheduler is in the middle of the FLS and EXP/PF schedulers. This is fully suitable when referring to the simulation results shown in Chapter 4, the FLS scheduler always has the lowest delay and PLR while the M-LWDF scheduler has the higher delay and PLR than the EXP/PF scheduler for voice users. It is clear that, the end to end delay and PLR are two factors that affect directly the R wb -factor in the WB E-model. It can be seen that both the proposed models based on the object non-intrusive method. This means they do not refer to original signal, thus, they are very suitable for real-time services such as VoLTE. They have the simple operations so they can be applied to measure instantly quality for live voice stream. Besides, they also do not require any change of the hardware system. They also very suitable for researchers in the laboratories for estimating voice quality in LTE systems with the different simulation scenarios configured in the LTE-Sim software.

It can be seen that, through all the proposed solutions in this thesis, user perception which is determined using the E-model or the WB E-model is the backbone. All the proposed solutions focus on enhancing, improving and predicting voice transmission quality in LTE networks. The latter is proceeded from the former and they support each other. Although, the E-model was initially designed for purposes of transmission planning. However, the simulation results show that if we can determine exactly the input parameters, it can be applied in many different cases to predict user perception and it can be applied in the different layers in LTE systems for optimization issues.

Perspectives

In this thesis, we have presented the new solutions which aim at solving the problems that affect voice transmission quality in LTE downlink networks as shown in Chapters 3, 4, and 5. For each issue, we have proposed the new methods and have evaluated the performance of them. We have shown the advantages and disadvantages of them and the applicability in LTE systems. Besides the obtained results, the proposed solutions still have limitations. This brings new directions to optimize them for improving voice transmission quality in LTE networks.

1. In case of the first contributions, there are some limitations such as the simulations are assessed with static assumptions in the Matlab software. The performance evaluation in real simulation environments such as the LTE-Sim, OPNET, or NS2/3 is necessary. In addition, the combination of the algorithm of joint source-channel code rate adaptation and the improved Log-MAP algorithm based on the polynomial regression function in the same simulation scenario is essential to demonstrate the comprehensive efficiency of them on the enhancement of LTE channel coding. The algorithm of dynamic source-channel code rate adaptation is also studied according to the direction of minimization of the required bandwidth. The evaluation of the computational complexity of the improved Log-MAP algorithm based on the polynomial regression function needs to be considered.

2. In case of the second contributions, the proposed scheduling schemes need to be evaluated in many different simulation scenarios, and with more voice source codecs. In order to predict user perception more exactly, more network impairments need to be complemented into the E-model as well as the WB E-model. The proposed schedulers are also modified to adapt to LTE uplink direction.

3. In case of the last contributions, in order to measure voice quality more exactly, more network impairments are also added to the E-model as well as the WB E-model. The proposed models are also verified in many different simulation scenarios. Develop the proposed models as a monitoring tool at Application layer to predict instantly live voice stream quality.

4. An overall framework of the proposed solutions for enhancing voice transmission in LTE networks also needs to be considered.

5.

Finally, upgrade all the proposed solutions to the context of next generation such as LTE-Advanced, 5G, and they need to be evaluated in LTE femtocell network, etc. 
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4. 5 . 3 . 2 . 2

 5322 Packet Loss Rate of wideband audio users PLR shows the failure of one or more transmitted packets to reach their destination across a network.
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 5331 Delay vs VoIP user End-to-end delay is the duration required for a packet to be transmitted from source to destination. Figure4.16 illustrates the delay of VoIP flow. Such as shown in this figure, the priority mode of the proposed scheduler has the lowest delay when compared to the normal mode and the M-LWDF scheduler. Both modes of the proposed scheduler slightly increase when the NU increases while the M-LWDF scheduler strongly increases. In can be said that, when the VoIP priority mode is integrated, the delay decreases significantly.
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 5333 Cell throughput Throughput is a measurement of how many units of information a system can process in a given amount of time. As shown in Figure4.18, for the VoIP flow, the cell throughput of all the schedulers increases when the NU increases.
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Table 1 .

 1 1: LTE service classes with QoS requirements

	1.1.3 Enhanced technologies
	1.1.3.1 TTI Bundling

Transmission Time Interval (TTI) Bundling is used to optimize the UL coverage for VoLTE. LTE defined 1 ms subframes as the TTI which means scheduling occurs every 1 ms. A one milisecond (ms) transmission interval combined with an 8 ms RTT, see Figure

1

.3. TTI

An overview of LTE technology and E-model

•

  3G to provide, the second solution is CS Fallback (2G/3G first) with firstly select 2G/3G, if data service is needed, reselecting from 2G/3G to LTE based on some conditions. These two solutions are also standardized by 3GPP. And the last one is Multi-mode Dual-standby Single-USIM Terminal when the UE access 2G/3G and LTE simultaneously, voice over 2G or 3G, data service over LTE or 2G/3G. This is a network independent solution. Figure 1.5: Different strategies for LTE voice service provision In order to demonstrate clearly on different strategies for VoLTE, and how to VoLTE interworking with legacy networks, we describe the general principle of Voice over LTE as follows: Legacy networks provide different services via CS and PS domains where CS domain supplies voice and SMS services and PS domain provides data service as shown in Figure 1.6.

	• When VoLTE is deployed based on IMS, VoIP service and high data service are simul-
	taneously offered over LTE. Due to lack of call control function, thus, EPC network
	needs IMS network for call control and service provision. IMS network provides voice
	continuity from LTE to CS by anchoring voice call. While LTE terminal uses the same
	MSISDN in LTE and CS networks as shown in Figure 1.7.

• Strategy 1: Voice over CS In this strategy, voice service keeps in legacy CS network while LTE system provides only high speed data service. This strategy includes two solutions: VoIMS and SRVCC to provide IMS-based VoLTE and support PS/CS interworking between LTE and 2G/3G. This strategy is also standardized by 3GPP. This can be the target solution An overview of LTE technology and E-model for VoLTE. • Strategy 2: Voice over LTE In this strategy, LTE system provides VoIP service and high speed data service simultaneously. IMS is used for voice call control. Voice service should be supplied in CS network when out of LTE coverage. This strategy includes three solutions: The first solution is CS Fallback (LTE first) if voice is needed, reselecting from LTE to 2G/
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Table 3 .

 3 1: The detailed results of figure 3.3

	Mode kbest nbest M OSbest ksubopt nsubopt M OSsubopt M OSr(%) Gr(%) BWsubopt(kbps)
	0	1	5	3.51	3	5	3.47	1.14	50.00	17.26
	1	1	5	3.98	3	5	3.95	0.75	50.00	21.10
	2	1	5	4.33	3	5	4.32	0.23	50.00	27.59
	3	1	5	4.35	3	5	4.33	0.46	50.00	30.32
	4	1	5	4.40	3	5	4.39	0.23	50.00	33.05
	5	1	5	4.43	3	5	4.42	0.23	50.00	37.15
	6	1	5	4.45	3	5	4.43	0.45	50.00	39.88
	7	1	4	4.48	3	5	4.47	0.22	33.33	45.34
	8	1	4	4.42	3	5	4.40	0.45	33.33	46.70

Table 3 .

 3 2: The detailed results of figure 3.4

	Mode kbest nbest M OSbest ksubopt nsubopt M OSsubopt M OSr(%) Gr(%) BWsubopt(kbps)
	0	1	4	3.51	3	5	3.47	1.14	33.33	17.26
	1	1	5	3.98	3	5	3.95	0.75	50.00	21.10
	2	1	5	4.33	3	4	4.32	0.23	50.00	33.11
	3	1	5	4.35	3	5	4.33	0.46	50.00	30.32
	4	1	4	4.40	3	5	4.39	0.23	50.00	33.05
	5	1	5	4.43	3	5	4.42	0.23	33.33	37.15
	6	1	4	4.45	2	4	4.44	0.22	50.00	47.85
	7	1	5	4.48	3	5	4.47	0.22	50.00	45.34
	8	1	5	4.42	3	5	4.40	0.45	50.00	46.70
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Table 4 .

 4 1: Values of I e,wb and B pl according to AMR-WB modes

	AMR-WB mode	Bitrate (bps)	I e,wb	B pl
	0	6.6	39	12.8
	1	8.85	25	13.5
	2	12.65	11	13
	3	14.25	10	14.1
	4	15.85	7	13.1
	5	18.25	5	12.5
	6	19.85	4	12.3
	7	23.05	1	13
	8	23.85	6	12.2

Table 4 .

 4 2: Basic simulation parameters

	Simulation Parameters	Simulation scenario 1	Simulation scenario 2	Simulation scenario 3
	Simulation duration	100 s	100 s	100 s
	Frame structure	FDD	FDD	FDD
	Cell radius	1 km	1 km	1 km
	Bandwidth	10 MHz	10 MHz	10 MHz
	Video bit-rate	242 kbps	242 kbps	242 kbps
	VoIP bit-rate	8 kbps	6.6, 8.85, 12.65 kbps	12.65 kbps
	User speed	30, 120 km/h	30 km/h	30 km/h
	Number of user	10, 20, 30, 40, 50 UEs	10, 20, 30, 40, 50 UEs	10, 20, 30, 40, 50 UEs
	Maximum delay	0.1 s	0.1 s	0.1 s
	Maximum VoIP packet drop rate			5 %
	Minimum VoIP packet drop rate			2 %
	MQS	10 5 bytes	10 5 bytes	10 5 bytes
	Packet Scheduler	M-LWDF	FLS, M-LWDF, EXP/PF	M-LWDF, WE-MQS, and WE-MQS-VoIP priority
	Traffic model	VoIP, Video	VoIP, Video, and INF-BUF VoIP, Video, and INF-BUF

Table 4 .

 4 3. It is clear that, all the schedulers have characteristics of real-time voice services such as VoLTE. Hence, all of them are suitable for real-time voice services where E-MQS is suitable for narrowband audio services, WE-MQS is suitable for wideband audio services, and when there needs to be an enhancement for VoIP service, WE-MQS-VoIP Priority is the perfect choice.

			Table 4.3: Comparison of three proposed schedulers	
	Scheduler	Threshold Delay PLR	Channel conditions	Buffer status	User perception Extended E-model WB E-model	Source codec G.729 AMR-WB	VoIP priority mode
	E-MQS	x	x	x	x	x	x	
	WE-MQS	x	x	x	x	x	x	
	WE-MQS-VoIP Priority	x	x	x	x	x	x	x

Table 5 .

 5 1: Basic simulation parametersIn order to evaluate the effects of JB on voice quality, we set values of this factor of 40, 60, 80, 100, and 120. Figure5.3 shows the relationship of the number of user (NU) vs user perception (MOS score) when user speed is 30 km/h. It's clear that, in this case, the E-model has the highest MOS score while the proposed model has the lower MOS. This is obvious because the proposed model considers effect of network jitter on the E-model. All cases have the slightly degraded MOS when the NU increases.

	Simulation Parameters	Simulation scenario 1	Simulation scenario 2
	Simulation duration	100 s	100 s
	Frame structure	FDD	FDD
	Cell radius	1 km	1 km
	Bandwidth	10 MHz	10 MHz
	Video bit-rate	242 kbps	242 kbps
	Voice source codec	G.729	AMR-WB
	VoIP bit-rate	8 kbps	6.6, 8.85, 12.65 kbps
	User speed	30, 120 km/h	30 km/h
	Number of user	10, 20, 30, 40, 50 UEs	10, 20, 30, 40, 50 UEs
	Maximum delay	0.1 s	0.1 s
	Packet Scheduler	M-LWDF	FLS, M-LWDF, EXP/PF
	Traffic model	VoIP, Video, and INF-BUF VoIP, Video, and INF-BUF
	5.3.2.1 Effects of jitter buffer on narrowband audio quality

Table 5 .

 5 2: The detailed results of Figures of 5.5 -5.8

	NU	Delay (ms)	PLR (%)	E-model	MOS Extended E-model JB=40 JB=60 JB=80 JB=100 JB=120
				User speed: 30 km/h		
		1.94	0.064	4.1287	3.1204	3.21	3.2556	3.2789	3.2909
		2.47	0.014	4.1351	3.13	3.2195	3.2651	3.2884	3.3003
		3.45	0.017	4.1339	3.1282	3.2177	3.2633	3.2886	3.2985
		5.26	0.018	4.1322	3.1257	3.2153	2.2609	3.2842	3.2961
		8.03	0.053	4.1252	3.1151	3.2048	3.2504	3.2738	3.2857
				User speed: 120 km/h		
		4.04	1.943	3.8643	2.7591	2.851	2.8981	2.9223	2.9347
		6.64	1.833	3.8772	2.7753	2.8672	2.9143	2.9385	2.9508
		10.36	2.618	3.7632	2.6352	2.7271	2.7743	2.7986	2.811
		14.74	3.448	3.6434	2.496	2.5874	2.6345	2.6587	2.6711
		21.54	5.432	3.371	2.2044	2.293	2.3389	2.3626	2.3748
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		4.049							
		4.048							
		4.047							
		4.046							
	MOS	4.044 4.045							
		4.043							
		4.042							
		4.041	FLS Scheduler M-LWDF Scheduler				
			EXP/PF Scheduler				
		10 4.04	15	20	25	30	35	40	45	50
					Number of VoIP User		

Table 5 .

 5 3: The detailed results of Figures of 5.13 -5.14 

	NU	Avg. Delay (ms)	FLS Avg. PLR (%)	AVG. MOS	Avg. Delay (ms)	M-LWDF Avg. PLR (%)	AVG. MOS	Avg. Delay (ms)	EXP/PF Avg. PLR (%)	AVG. MOS
	10	9.51	0.13	4.0012	1.95	0.066	4.0008	1.75	0.128	4.0009
	20	8.83	0.012	4.002	2.5	0.058	4.0004	1.76	0.041	4.001
	30	8.34	0.011	4.0022	3.43	0.008	3.9998	1.85	0.028	4.0009
	40	8.04	0.015	4.0021	5.29	0.041	3.9984	2.3	0.002	4.0006
	50	8.24	0.004	4.0021	8.02	0.048	3.9964	3.24	0.049	3.9997

An overview of LTE technology and E-model
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Summary

The proposed solutions based on wideband E-model and polynomial regression function for enhancing LTE channel codec based algorithm is a sub-optimal algorithm which achieves the performance closest to the Log-MAP algorithm with the much simpler computational complexity. Therefore, it can be easily implemented in hardware involving shift registers, multiplications, comparators and addition operations. The simulation results show that the proposed algorithm outperforms the other Log-MAP-based algorithms, particularly are superior to the Max-Log-MAP algorithm with slightly increased complexity.
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The correlated scheduling algorithms

The purpose of scheduling algorithm in LTE is to maximum system performance [START_REF] Chiranjeevi | Channel aware scheduling algorithms for 3gpp lte downlink[END_REF]. The chosen UE is suitable for scheduling decisions. In order to make scheduling decisions, there is much information included, such as the number of sessions, their served rates, link states, and the statuses of session queues [START_REF] Chiranjeevi | Channel aware scheduling algorithms for 3gpp lte downlink[END_REF]. The eNB offers a scheduling decision based on the CQI which is sent back to the eNB from the UE. The CQI is then exploited by the scheduler link adaptation module to select an UE with the most suitable modulation scheme and coding rate at the PHY layer with the objective of the spectral efficiency maximization. We assume that the metric assigned to the stream i on j -th sub-channel is noted by w i,j . In order obtain the metric, the scheduler usually needs to know the average transmission rate ( Ri ) of flow i, and the flow rate available to the UE on the j -th sub-channel. In particular, at each TTI, the estimate Ri is given by [START_REF] Piro | Simulating lte cellular systems: an open-source framework[END_REF]:

Where: Ri (k -1): The average transmission data rate estimating at the (k-1 )-th TTI. ri (k): The rate allocated to i -th flow during the k -th TTI.

In the following subsections, we will describe the metric of several well-known scheduling algorithms which are related to our proposed scheduling schemes including: FLS, M-LWDF, and EXP/PF schedulers. We select these scheduling because they perform well and are suitable for real-time services.

The FLS scheduler

FLS is a two-level scheduling algorithm which are called upper level and lower level. These levels are distinct and communicated with each other to dynamically allocate the RBs to the It can be concluded that when considering user satisfaction and the MQS as essential factors for the priority metrics in the proposed schedulers and the integration of the VoIP priority mode, the system performance is improved considerably. Through all simulation results, it can be seen that the proposed schedulers have the best performance for VoIP users. Therefore, the proposed schedulers are very suitable and efficient for voice services in LTE downlink direction. The WE-MQS-VoIP Priority scheduler has the best performance and is most suitable for real-time voice services such as VoLTE..
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Appendix A

Effects of the MQS on system performance

The following simulation results were published in [6].