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Abstract

According to IMT vision for 2020, the fifth generation (5G) wireless services are

classified into three categories, namely, Enhanced Mobile Broadband (eMBB), Mas-

sive Machine Type Communication (mMTC), and Ultra Reliable and Low Latency

Communication (URLLC). Among three 5G service categories, URLLC is considered

as the most challenging scenario. Thus, ensuring the latency and reliability is a key to

the success of real-time services and applications.

In this dissertation, we propose the following three latency reduction protocols to

support the URLLC services: (i) 2-way handshake-based random access, (ii) Fast grant

multiple access, and (iii) UE-initiated handover scheme.

First, the performance target includes not only increasing data rate, but also re-

ducing latency in 5G cellular networks. The current LTE-Advanced systems require

four message exchanges in the random access and uplink transmission procedure, thus

inducing high latency. We propose a 2-way random access scheme which effectively

reduces the latency. The proposed 2-way random access requires only two messages to

complete the procedure at the cost of increased number of preambles. We study how to

generate such preambles and how to utilize them. According to extensive simulation

results, the proposed random access scheme significantly outperforms conventional

schemes by reducing latency by up to 43%. We also demonstrate that computational

complexity slightly increases in the proposed scheme, while network load is reduced

more than a half compared to the conventional schemes.

Second, various mission-critical applications are emerging such as teleoperation,

autonomous driving, immersive virtual reality, and so on. A variety of URLLC traf-

fic has various characteristics in terms of required data sizes and arrival rates with a

variety of requirements of latency and reliability. To support the various requirements

of the mission-critical applications, we propose a fast grant multiple access (FGMA)
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focusing on the uplink transmission. FGMA consists of four important parts, namely,

admission control, dynamic preamble structure, the uplink scheduling, and bandwidth

adaptation. The latency minimization scheduling policy is adopted in FGMA. Tak-

ing advantage of this method, the bandwidth adaptation algorithm makes even for the

imbalanced arrival of the traffic requiring different latency requirements. With the pro-

posed admission control, FGMA guarantee the requirements to all admitted UEs in the

systems. We observe that the proposed FGMA efficiently guarantee the QoS require-

ments of the UEs even with the dynamic time-varying environment.

Finally, small cells are considered a promising solution for improving cellular

coverage, enhancing system capacity and supporting the massive number of things.

Reduction of the cell coverage induced the frequent handover, so that the effective

handover scheme is of importance in the presence of the URLLC applications. Thus,

we propose a UE-initiated handover to deal with the mobile UEs requiring URLLC

services taking into account the adaptive handover parameter selection and the logic

of preparing in advance. The simulation results show that the proposed handover en-

hances the throughput performance as well as achieving low latency.

In summary, we identify interesting problem in terms of latency. We classify three

latency, random access latency, data transmission latency, and handover latency. With

compelling protocols and algorithms, we resolve the above three problems.

keywords: Low latency, random access, uplink transmission, handover, QoS, next-

generation cellular network

student number: 2013-20763
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Chapter 1

Introduction

1.1 Motivation

With ever-increasing demand for wide range of applications with new characteris-

tics and requirements, new type of performance requirements other than data rate re-

quirement is needed. Notable performance metrics include massive connection capac-

ity, very low latency and ultra-high reliability. Among these, supporting low latency

with ultra-high reliability, also known as ultra reliable and low latency communication

(URLLC), is regarded as the most challenging for the wireless networks. Therefore,

developing reliable and low latency protocol is of great importance for the success of

URLLC services.

In this thesis, we focus on solving the latency problems aroused by the current

protocols. During the random access process, the UE need to exchange four messages

to complete the process. The reason behind this is that the eNB cannot identify how

many UEs transmit the same preamble only by decoding the preamble. Moreover, it

is not possible to identify which UE transmits a preamble due to the role of random

ID. To resolve this issue, contention resolution steps are required, which arouses the

latency. Exchanging four messages is unavoidable in the current random access pro-

cess, so that it is very difficult to reduce the latency by a small makeshift of the current
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process.

Another problem is related to the data transmission, especially, uplink transmis-

sion. Since the resource management is conducted by eNB, UE should request uplink

resources to eNB for the uplink data transmission. For these reasons, uplink transmis-

sion latency is generally much larger than the downlink latency. Taking into a consid-

eration of the URLLC applications, reduction of uplink transmission latency should be

minimized to meet the stringent latency requirement.

The last problem of our interest is that the UE has the mobility. In contrast with

the static scenario, the UE may perform the handover. During the handover procedure,

the data transmission is broken, so that the high handover latency is undesirable if

the UE requires the tight latency requirements. Thus, reducing handover latency is of

importance to support the URLLC services to mobile UEs.

1.2 Main Contributions

1.2.1 Low Latency Random Access for Small Cell Toward Future Cellu-

lar Networks

We propose a 2-way random access scheme to reduce the random access latency. First,

the number of message exchanges to complete the conventional random access process

and the uplink transmission process is reduced from four to two by using the proposed

scheme. Second, the proposed scheme has slightly higher computational complexity

than the conventional scheme due to a new preamble strategy, but the network load of

the proposed scheme is reduced by more than a half compared with the other schemes.

The main contribution of the chapter are as follows:

• We propose a 2-way handshake-based random access scheme replacing the con-

ventional 4-way random access and the uplink transmission procedure.

• We propose a new preamble structure supporting the proposed random access

2



scheme that conveys specific information for UE.

• Using NS-3 system-level simulations [1], we show that the proposed 2-way ran-

dom access scheme achieves significant reduction (up to 43%) in the control

plane latency and uplink transmission latency over the conventional random ac-

cess. We further verify the effectiveness of the proposed scheme for various

burst sizes and numbers of UEs.

• We analyze the computational complexity of the proposed scheme and show that

the proposed scheme has slightly higher computational burden than that of the

conventional schemes, yet achieves significant network load reduction (i.e., over

50%).

1.2.2 Fast Grant Multiple Access in Large-Scale Antenna Systems for

URLLC Services

We propose a fast grant multiple access (FGMA) protocol in large-scale antenna sys-

tem (LSAS), which supports the various QoS requirements. FGMA adaptively adjust

the channel structure and frame structure via admission control, bandwidth adaptation,

and dynamic preamble structure.

The main contribution of the chapter are as follows:

• We propose low latency uplink transmission scheme in LSAS, fast grant mul-

tiple access scheme. To support the different latency requirements, the system

bandwidth is divided into multiple frequency channels exclusively.

• We propose the latency minimization scheduling policy and develop the adapta-

tion algorithm for the dynamic preamble structure, admission control, and band-

width adaptation, from the prediction for the future behavior of UEs.

• From extensive simulations, we observe the impact of the admission control and

bandwidth adaptation. We further verify the proposed scheme effectively guar-
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antee the QoS requirements of all UEs by comparing with the existing schemes

in various environments.

1.2.3 UE-initiated Handover for Low Latency Communications

We propose a UE-initiated handover scheme taking into account the mobility. With the

adaptive handover parameters and pre-construction of the routing path, the proposed

scheme effectively reduces the handover latency as well as enhances the throughput

performance.

The main contribution of the chapter are as follows:

• From a concrete investigation of the conventional handover, we emphasize the

possible issues with respect to the latency and throughput.

• We propose a UE-initiated handover scheme to reduces the handover latency,

which effectively resolve the three problems (i.e., mobility robustness problem,

handover interruption time, and path switch latency).

• We evaluate the performance through ns-3 simulations, and we observe that the

proposed scheme is more effective in the highly mobile environments.

1.3 Organization of the Dissertation

The rest of the dissertation is organized as follows.

Chapter 2 presents 2-way random access scheme, low latency random access scheme

which effectively reduces the number of message exchanges. First, we provide related

work and the preliminaries for the conventional procedure, and emphasize the current

problem in terms of the latency. Then, we describe our proposed scheme with a new

preamble strategy. We present the proposed preamble detection performance, and we

also provide the performance evaluation of the proposed scheme with other compari-

son schemes. Finally, we summarize the chapter with conclusion.
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Chapter 3 presents FGMA, a low latency uplink transmission scheme to support

various QoS requirements of UEs. First, we provide the related work, and describe

our system model including the QoS report procedures, channel structure, and frame

structure. Then, we describe a key logic and algorithm for each of four components in

the proposed scheme, and we provide the performance evaluation with other existing

schemes. Finally, we summarize the chapter with conclusion.

Chapter 4 presents UE-initiated handover, eNB-assisted UE-controlled handover

scheme achieving low latency. First, we provide the preliminaries, and discuss three

problems induced by the conventional principle and procedure. Then, we describe the

proposed scheme regarding a decision principle and message exchanges. Then, we pro-

vide the performance evaluation of the proposed scheme with other existing scheme.

Finally, we summarize the chapter with conclusion.

In Chapter 5, we concludes the dissertation with the summary of contributions.
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Chapter 2

Low Latency Random Access for Small Cell Toward

Future Cellular Networks

2.1 Introduction

From 1G to 4G Long Term Evolution-Advanced (LTE-A), major goal of cellular sys-

tems was to achieve the throughput improvement over the previous generation. How-

ever, the goals of the fifth generation (5G) are diverse and way different from the

previous generations since the goals include the reduction of latency and error rate,

support of massive devices, along with the enhancement of broadband services. In

accordance with these trends, ITU has classified 5G services into three categories,

namely, Enhanced Mobile Broadband (eMBB), Massive Machine Type Communica-

tion (mMTC), and Ultra Reliable and Low Latency Communication (URLLC) [2].

While the primary purpose of the eMBB is to improve data rate, the main goals of the

mMTC and URLLC are to enhance the connection density and the latency/reliability,

respectively.

Among three categories, satisfying the URLLC requirement is perhaps most chal-

lenging since it is very difficult to meet the low latency and high reliability require-

ments simultaneously. In fact, many of URLLC applications such as remote surgery,

6



Figure 2.1: Latency in LTE-A systems.

autonomous driving, and smart factory [3–6], tight end-to-end latency and also strin-

gent reliability requirements should be guaranteed.

Due to the relentless increase in the number and types of things (e.g., machine,

sensor, robot, drone, car), the uplink traffic is expected to increase rapidly, thereby

resulting in increased uplink/downlink ratio [7]. In these URLLC applications we de-

scribed, uplink transmission becomes more important. Accordingly, the uplink latency

as well as the downlink latency should be minimized to meet the stringent latency

requirement.

Furthermore, small cells and Ultra Dense Networks (UDNs) are becoming more

and more popular as a promising solution to support huge data traffic in 5G [8–10] and

various applications including URLLC use cases are expected to be served through

small cell evolved Node B (eNB). Therefore, it is of importance to come up with a low

latency protocol supporting URLLC use cases in small cell networks.

Before we discuss the proposed low latency protocol, we briefly discuss the la-

tency issue in LTE-A. In the LTE-A standard, two types of latency, i.e., control plane

latency and user plane latency, are defined [11] (see Fig. 2.1). The control plane la-

tency, caused by the random access to set up an RRC connection, is the time required

7



for User Equipment (UE) to transit state from RRC IDLE to RRC CONNECTED.1

Whereas, the user plane latency, one-way transmission time from UE to eNB or vice

versa, is due to the data transmission. While the downlink user plane latency occurs

due to the scheduling and transmission latency, the uplink user plane latency, simply

called the uplink transmission latency, occurs due to the scheduling request as well as

the scheduling and transmission delays. Note that the downlink data can be transmit-

ted right after the scheduling but such process is not possible for the uplink data. This

is because the resource management is conducted by eNB so that UE should request

uplink resources to eNB for the uplink data transmission. For these reasons, uplink

transmission latency is generally much larger than the downlink latency. Clearly, re-

duction of both uplink transmission latency and control plane latency is crucial to the

success of URLLC services. In LTE-A systems, Round Trip Time (RTT) for the data

transmission is typically over 25 ms [13, 14], which apparently does not meet the la-

tency requirement for URLLC services. We note that the reduction of core latency (the

latency between eNB and core network) is also an important issue but we do not con-

sider it in this work since the primary purpose of this work is to propose a new random

access scheme reducing the control plane latency as well as the uplink transmission

latency.

An aim of this chapter is to propose a 2-way handshake-based random access em-

ploying the information-contained preamble. In our work, we primarily consider the

small cell scenario with sporadic traffic. Our major contributions are summarized as

follows:

• We propose a 2-way handshake-based random access scheme replacing the con-

ventional 4-way random access and the uplink transmission procedure.

• We propose a new preamble structure supporting the proposed random access
1RRC stands for Radio Resource Control. There are two RRC states, namely, RRC IDLE

and RRC CONNECTED. Data transmission or other message exchange can occur only in

RRC CONNECTED state, so that UE should establish an RRC connection to become active [12].
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scheme that conveys specific information for UE.

• Using NS-3 system-level simulations [1], we show that the proposed 2-way ran-

dom access scheme achieves significant reduction (up to 43%) in the control

plane latency and uplink transmission latency over the conventional random ac-

cess. We further verify the effectiveness of the proposed scheme for various

burst sizes and numbers of UEs.

• We analyze the computational complexity of the proposed scheme and show that

the proposed scheme has slightly higher computational burden than that of the

conventional schemes, yet achieves significant network load reduction (i.e., over

50%).

The rest of the chapter is organized as follows. We summarize related work in

Section 2.2. We discuss the conventional LTE-A random access procedure and uplink

transmission procedure as well as their problem with respect to latency are discussed

in Section 2.3. The proposed 2-way random access scheme is presented in Section 2.4.

We then study how to generate the proposed random access preambles in Section 2.5.

We evaluate the proposed scheme in various environments in Section 2.6. Finally, we

conclude the chapter in Section 2.7.

2.2 Related Work

In [15], Laya et al. addressed the need to revisit design of random access for the next

generation cellular systems. They argued that the current random access mechanism

would not be suitable for supporting a large number of devices (e.g., mMTC scenario in

5G), and hence, cannot satisfy the latency requirement of mission-critical applications.

In recent years, several studies to reduce the latency of the random access have

been proposed. As specified in the 3GPP [16], Access Class Barring (ACB) controls

the random access probability in LTE-A. Depending on the latency requirement, sev-

eral access classes are defined. eNB applies different access probability (i.e., barring
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factor) to different access classes, and UE performs the random access based on its

barring factor. If UE does not performs the random access, UE performs the backoff

procedure using barring time. Furthermore, Extended Access Barring (EAB) is intro-

duced to increase the success probability by preventing certain access classes from

attempting random access. In addition to different access classes, EAB categories are

used to further distinguish UE types, e.g., smartphones or machine type devices. Net-

work latency, i.e., time to complete the random access for all UEs, can be reduced by

increasing the success probability in both ACB and EAB. However, both ACB and

EAB do not directly reduce the random access latency, which is the required time for

a single random access. This is because both ACB and EAB focus on reducing the

random access failure rather than reducing the random access latency itself.

Zhou et al. proposed a random access scheme with Transmission Time Interval

(TTI) bundling [17]. While ACB increases the success probability by controlling the

number of attempts for the random access, TTI bundling scheme enhances the success

probability for a given number of attempts. In essence, key idea behind this scheme

is to transmit multiple preambles to enhance the success probability of the random

access. To be specific, a UE sends randomly selected preambles in consecutive sub-

frames to perform the random access. If one of these preambles is received by the eNB,

the the random access is finished. This scheme reduces the network latency as a result

of the improved success probability. However, similar to ACB and EAB, it does not

directly reduce the latency caused by the random access.

Recently, a low latency random access schemes have been proposed. In [18], a

2-step random access scheme, which is completed by exchanging two messages, has

been proposed. However, how to enable this scheme is not explained in this work.

Furthermore, this scheme is very sensitive to the collisions. Our proposed scheme, on

the other hand, supports 2-way handshake-based random access without collision.

A reduction of the uplink transmission latency is also an important problem. A

major latency component in the uplink transmission is the latency in the scheduling
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process. One simple method to reduce the uplink transmission latency is to eliminate

the scheduling process. For example, a contention-based uplink transmission using a

pre-scheduling has been proposed to reduce uplink transmission latency [19]. A draw-

back of this scheme is that a reliable transmission is not guaranteed due to collisions.

Au et al. proposed a pre-scheduling uplink transmission scheme, called Sparse

Code Multiple Access (SCMA), to mitigate collision events [20]. In our previous work,

we also proposed pre-scheduling transmission schemes [21], [22]. In these schemes,

uplink resources are allocated when the RRC connection is established and the up-

link resources are pre-scheduled based on its own algorithm. In [23], pre-scheduling

protocol has been proposed in Large-Scale Antenna Systems (LSAS). Theses schemes

focus on the reduction of the uplink latency and effectively reduce uplink latency by us-

ing pre-scheduled uplink resources. However, the most important assumption of these

schemes is that all UEs are in the RRC CONNECTED state to maintain the uplink

synchronization. Thus, a potential drawback of these schemes is that the uplink syn-

chronization should be guaranteed to maintain the RRC connection. This is not suitable

for a situation in which the UE transits the RRC state depending on the presence or ab-

sence of traffic. On the other hand, our proposed scheme reduces uplink transmission

latency even if uplink synchronization is lost.

2.3 Random Access and Uplink Transmission Procedure in

LTE-A

In this section, we discuss the random access and uplink transmission in LTE-A sys-

tems and then analyze the latency problem of the conventional procedures. Through a

concrete investigation, we emphasize the necessity of 2-way handshake-based random

access as an effective way to reduce latency.
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(a) Contention-based random access procedure.

UE eNB

Scheduling Request
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Buffer Status Report

Scheduling

Uplink Transmission

(b) Uplink transmission procedure when

PUCCH resources are available.

Figure 2.2: Random access and uplink transmission procedure in LTE-A.

2.3.1 Random Access in LTE-A

The main purposes of the random access are to establish the RRC connection and to

maintain the uplink synchronization. Note that the RRC connection should be main-

tained to transmit data. In LTE-A, two types of random access procedures are defined,

i.e., contention-based random access and contention-free random access.

Contention-based random access: Fig. 2.2(a) depicts the contention-based random

access procedure in LTE-A [24]. Four message exchanges are required to complete the

random access:

1. Preamble transmission: Among 64 different preambles, UE randomly selects one

and then sends the selected one to the eNB. This preamble is transmitted through

Physical Random Access Channel (PRACH). The preamble is transmitted in a pre-

defined subframe determined by the eNB. Since each UE randomly selects its own

preamble, multiple UEs can send the same preamble simultaneously. The simul-
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taneous transmission of the same preamble from multiple UEs is called collision.

Even though the eNB might successfully detect the preamble, the eNB cannot dif-

ferentiate the collission-expriencing UEs by receiving a single preamble.

2. Random Access Response (RAR): After receiving a preamble successfully, the

eNB sends a Random Access Response (RAR) message to grant resources for the

third message to the UE(s). RAR messages contain the preamble identifier (ID),

Timing Advancement (TA) command used for the uplink time synchronization,

and uplink resources for the third message. If the UE finds its preamble ID in the

received RAR, then the UE prepares the third message. Otherwise, the UE declares

the failure of the random access and retries the random access after the backoff

process.

3. L2/L3 message transmission: After receiving an RAR message containing its

preamble ID, the UE transmits an L2/L3 message (e.g., RRC connection request)

with its 48-bit long contention resolution ID using the uplink resources allocated

through the RAR. Note that the UE determines the contents of the L2/L3 mes-

sage depending on the purpose of the random access. If a collision happens at the

first message transmission (i.e., preamble transmission), then the collided UEs can

transmit the L2/L3 message, i.e., the third message, using the same resource.2 In

this case, the eNB apparently cannot successfully decode the third message.

4. Contention resolution: If the eNB receives the third message successfully, then

it transmits the fourth message including the 48-bit long contention resolution ID

received from the UE. If the UE receives the fourth message successfully with the

UE’s contention resolution ID, then the UE completes its random access procedure.

However, if the UE fails to find its ID in the fourth message, then the UE should
2We do not consider capture effect for simplicity. That is, if the same preamble is transmitted by

multiple UEs, eNB receives none of the transmission successfully, so that all the corresponding UEs

should restart random access.
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restart the random access procedure after a backoff, which takes around 10 ms.

Contention-free random access: When a UE maintains the RRC connection, the eNB

can realize the existence of the UE. If the eNB determines that the UE should perform

the random access, the eNB can assign a specific preamble to the UE. In contrast

to the contention-based random access, the eNB initiates the random access in the

contention-free random access. Thanks to the usage of the assigned preamble, collision

can be completely avoided so that this procedure is completed by exchanging two

messages (i.e., preamble and RAR). Note that the preamble for the contention-free

random access cannot be used for the contention-based random access. This is because

a part of preambles is reserved only for contention-free random access.

2.3.2 Uplink Transmission Procedure

When the RRC connection is established or maintained, UE can transmit data. Other-

wise, UE should establish the RRC connection before the data transmission. For the

uplink transmission, the most important message is Buffer Status Report (BSR) mes-

sage.3 UE should first transmit a BSR message to indicate the amount of pending up-

link data. Based on the information in BSR, the eNB allocates Physical Uplink Shared

Channel (PUSCH) resource. Overall, uplink transmission procedure can be classified

into three cases:

A. When the PUSCH resources are allocated.

B. When the PUSCH resources are not allocated, but the Physical Uplink Control

Channel (PUCCH) resources are allocated.

C. When the PUCCH resources are not allocated in RRC CONNECTED.
3Buffer status of UE represents the amount of uplink data in bytes. UE selects a value of its data range

from a predefined table, and then reports the value to eNB in the form of BSR.
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Case A: This case occurs only when there is ongoing uplink data transmission. UE

transmits its data by piggybacking BSR on PUSCH. In doing so, the eNB can allocate

PUSCH resource based on a received BSR.

Case B: If PUSCH resources are not allocated to UE, UE does not have resources

to transmit the BSR message. Instead of directly transmitting the BSR message, UE

sends the Scheduling Request (SR) message on PUCCH [19]. An uplink transmission

procedure initiated by SR is depicted in Fig. 2.2(b):

1. Scheduling Request (SR): SR is one-bit information indicating whether the UE

has data in its buffer or not. If UE has uplink data to transmit, the UE transmits an

SR (via PUCCH) to its eNB.

2. Uplink Grant: After receiving the SR, the eNB grants PUSCH resources to the UE.

Resource allocation is an implementation issue, eNB might grant a small amount

of resources for the efficient resource utilization.

3. BSR transmission: The UE transmits a BSR message using the granted resources

after successfully decoding uplink grant message.

4. Scheduling: After receiving the BSR, the eNB can efficiently allocate the PUSCH

resources to the UE for the uplink data transmission.

Case C: Even if the PUCCH resources are not allocated to UE, UE can send the

scheduling request through a random access procedure. In this case, UE transmits a

random access preamble instead of SR. After receiving a RAR successfully, a BSR

message is transmitted as the third message in Fig. 2.2(a).

2.3.3 Latency Issue in LTE-A

In the current LTE-A systems, four message exchanges cause a considerable latency

in both random access and uplink transmission. We briefly discuss why four message

exchanges are required in LTE-A systems.
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First, exchanging four messages is required when the UE switches from RRC IDLE

state to RRC CONNECTED state. This is because eNB cannot identify how many UEs

transmit the same preamble only by decoding the preamble (recall our discussion in

Section 2.3.1). Moreover, it is not possible to identify which UE transmits a pream-

ble due to the role of random ID. To resolve this issue, contention resolution steps

(the third and fourth messages) are required. After the contention resolution, eNB can

guarantee the completion of random access procedure for a single UE. In summary,

exchanging four messages is unavoidable in the current random access process, so that

it is very difficult to reduce the latency by a small makeshift of the current process.

Second, exchanging four messages is required to transmit uplink data, which also

incurs large latency. eNB cannot identify UE’s buffer status based on the received SR.

Therefore, eNB might grant a small amount of PUSCH resources to transmit a BSR

to the UE. After receiving the BSR, eNB can allocate accurate amount of resources.

Moreover, when the uplink transmission is initiated from the random access, latency

issue will be severe due to the contention-based random access.

Finally, reducing the number of message exchanges would be an efficient way

to reduce the latency. In fact, the key feature of the proposed method is a 2-way

handshake-based random access scheme, which simplifies the complicated message

exchange process in LTE-A, thus achieving significant latency reduction.

2.4 Proposed Random Access

If we generate a single message containing both the first and the third messages in

Fig. 2.2, we can complete both random access and uplink transmission procedure by

exchanging only two messages. In the conventional random access, eNB converts the

physical random access preamble to the random access preamble ID when eNB trans-

mits a RAR message. For example, 64 different preambles are mapped to 6-bit pream-

ble IDs, i.e., bit index from “000000” to “111111.” L-bit preamble means that a single
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preamble is represented by L bits, where 2L different preambles exist. Key idea of the

proposed random access scheme is to add additional bits to the preamble to simplify

the message exchange process. In the following subsections, we describe details of the

proposed scheme.

2.4.1 Key Idea

Random Identifier

IdentifierInformation

Uplink data arrival

Buffer status report

Figure 2.3: Concept of the proposed random access preamble.

Fig. 2.3 depicts the main idea of the proposed random access preamble. The pro-

posed preamble consists of two parts, namely, information part and identifier (ID)

part. Key feature of the proposed preamble is to include both the identifier informa-

tion and additional information. This is in contrast to the conventional random access

where the preamble contains a random identifier chosen from the predetermined set

of preambles. In other words, the proposed preamble contains the information in the

third message of the conventional scheme, to reduce the message exchanges in random

access. To prepare a proper response containing the second and the fourth messages in

the conventional procedure, additional information bit should represent all the possible

information of the third message in the conventional procedure. Therefore, we need to

categorize the preamble depending on which information is contained. We will discuss
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this in detail in the next subsection.

In order to utilize the additional information of UE based on the received pream-

ble, the eNB has to make sure that the preamble is transmitted only by a single UE.

This means that additional information becomes useful only when the bit index for ID

part is selected by a single UE. To resolve this problem, ID part should be uniquely

dedicated to each UE. Once the UE performs the random access for the initial ac-

cess, the eNB allocates ID part to the UE. After the ID part allocation, the UE selects

the preamble among the pre-allocated preamble set according to the UE’s additional

information. For example, if “00100100” is the allocated ID part of a UE, the allo-

cated preamble set consists of the preambles with the eight least significant bits of

“00100100”, i.e., from “000000100100” to “111100100100” assuming four-bit infor-

mation part. In Fig. 2.3, additional information part is “1001,” so that the preamble bit

index is “100100100100.”

2.4.2 Proposed Preamble and Categorization

In the conventional procedure, the third message conveys different set of information

for the different purpose of random access. Therefore, we categorize the proposed

preamble depending on the purpose of random access.

In order to deliver additional information, 6-bit preambles used for the conven-

tional random access are not enough. Note that if three out of six bits are used as

information part, only eight UEs can be identified using the remaining three bits. In

order to serve a proper number of UEs and at the same time deliver additional infor-

mation, we propose a new preamble structure achieving larger number of bits than

conventional random access preamble. Depending on the target number of UEs in a

cell, the number of preambles can be adjusted adaptively. Without loss of generality,

we assume that 12-bit preamble is used (see Fig. 2.3). By increasing the preamble size,

we can indicate specific information in certain bit index. In the conventional random

access, major information in the third message is the control element which depends
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on the purpose of random access. Buffer status of UE is an important information for

the uplink transmission since the uplink resource is allocated by eNB based on the

reported buffer status of UE. Therefore, the proposed preamble contains two types of

information: the purpose of random access and buffer status of UE. Before explain-

ing the proposed preamble categorization, we briefly discuss when UE performs the

random access in LTE-A.

Purpose of the Random Access: The random access is performed for the following

events [24].

(a) Initial access

(b) RRC connection re-establishment procedure

(c) Handover

(d) Downlink data arrival during RRC CONNECTED when uplink synchronization

is lost

(e) Uplink data arrival during RRC CONNECTED when uplink synchronization is

lost

(f) For positioning purpose

Since both eNB and UE can trigger the random access, there are basically two

types of random access. First, eNB triggers the random access for the events (c), (d),

and (f). These events employ the contention-free random access. One reason that the

eNB triggers the random access is to control the uplink timing advancement for these

events. In events (c), another reason is to support UE with better quality of service

by performing handover to another eNB. In events (a), (b), and (e), UE triggers the

random access, and the contention-based random access is employed for these events.

Both events (a) and (b) occur for the RRC connection request. Specifically, events (a)

occurs when the UE initially accesses the cell. For example, when UE is turned on, UE
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performs the random access for the initial access. On the other hand, events (b) occurs

when the current UE’s RRC state is RRC IDLE and UE completed its initial access

once in the past. If UE has the uplink data to transmit when the uplink synchronization

is lost, UE performs the random access to control the uplink timing and also to notify

its buffer status to eNB.

Proposed Preamble Categorization: Covering all aforementioned events, we catego-

rize the purposes of random access into four different cases.

(i) Initial access

(ii) Random access triggered by eNB

(iii) Random access triggered by UE

(iv) Uplink data arrival

1) Information part 1 - the purpose of random access: Preambles can be allocated

to UE only after the initial access, and hence, a certain number of preambles should

be reserved for the initial access. In the proposed scheme, contention-based random

access is still performed for the initial access. Similarly, a certain number of preambles

are reserved for case (ii). This case corresponds to events (c), (d), and (f), and eNB can

further categorize the preambles according to the specific events. When the handover

is performed, the serving eNB can transfer the information related to preambles which

is used for handover purpose via X2 interface. By doing so, the target eNB easily

recognizes the UE performing the handover when such preambles are detected. When

preambles used in case (iii) are detected at eNB, eNB recognizes the fact that UE

triggers the random access for the event (b). We further differentiate the uplink data

arrival case, i.e., case (iv), from case (iii) because UE should report its buffer status to

eNB in case (iv), which corresponds to event (e). A detailed preamble categorization

example with respect to information bit index is presented in Table 2.1.

As shown in Table 2.1, the purpose of random access is determined by the be-

ginning part of the bit index. For example, if UE starts random access procedure for
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Figure 2.4: The proposed 2-way random access procedure (right) compared to conven-

tional 4-way random access (left).

initial access, UE should select a preamble starting with bit index “00.” Since there are

1,024 different preambles for the initial access, collision probability can be reduced

significantly compared to conventional random access with 64 preambles.

2) Information Part 2 - Buffer Status: If the UE performs the random access for

uplink data arrival, the proposed preamble contains current buffer status as well as the

purpose of random access. Accordingly, eNB can efficiently allocate uplink resources

based on the buffer status of UE. 3GPP defines 6-bit buffer status reporting values [25].

In the proposed scheme, we combine the conventional LTE-A buffer status to repre-

sent reduced bit information. The example of the 3-bit buffer status is presented in

Table 2.2. If the received preamble indicates uplink data arrival, then eNB identifies

the UE’s buffer status using the additional bits. Consequently, eNB can accurately al-

locate uplink resources to the UE. We note that the proposed scheme can also support

a transition from RRC INACTIVE state [26]4 to RRC CONNECTED state. The tran-
4RRC INACTIVE state is newly defined RRC state, which maintains RRC connection while mini-
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Table 2.1: Example of preamble categorization.

Preamble Categorization Beginning part of bit index

Initial access 00 (1,024 different preambles)

Random access triggered by eNB 011 (512 different preambles)

Random access triggered by UE 010 (512 different preambles)

UL data arrival 1 (2,048 different preambles)

sition from RRC INACTIVE state to RRC CONNECTED state usually occurs when

the downlink or uplink data arrives. For this reason, case (ii) and case (iv) include a

transition from RRC INACTIVE state to RRC CONNECTED state.

3) Summary: In summary, the proposed random access reduces the number of mes-

sage exchanges as illustrated in Fig. 2.4. For the initial access, the proposed random

access significantly reduces collision probability thanks to the increased number of

preambles. After completing the initial access, the eNB allocates a set of unique pream-

bles to the UE. At this point, the UE can perform random access without collision

due to uniquely assigned preambles. Whenever the UE performs the proposed random

access, the UE selects the preamble from the set of assigned preamble. the UE com-

bines information bits based on the purpose of random access with assigned preamble.

Buffer status of the UE can be further included if the purpose of random access is up-

link data arrival. Then, eNB can transmit the proper RAR based on the acquired infor-

mation, which includes both the second and the fourth messages in the conventional

procedure. Therefore, the proposed random access can be completed by exchanging

only two messages, which also can replace both the conventional random access and

the uplink transmission procedure. Thanks to reduced number of message exchanges,

the proposed random access can achieve significant latency reduction.

mize signalling and power consumption at the same time.
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Table 2.2: Example of approximate UE buffer status.

Information bit index Buffer status (bytes)

000 x ≤ 26

001 26 < x ≤ 91

010 91 < x ≤ 321

011 321 < x ≤ 1, 132

100 1, 132 < x ≤ 3, 995

101 3, 995 < x ≤ 14, 099

110 14, 099 < x ≤ 150, 000

111 x > 150, 000

2.5 Preamble Sequence Analysis

In this section, we describe how to generate the preamble sequence of the the pro-

posed scheme. We also describe how to detect the proposed preamble and provide the

detection performance of the proposed preamble via simulation.

2.5.1 Preamble Sequence Generation in LTE-A

In this section, we first describe the conventional random access preamble, and then

describe extended preambles for the proposed scheme. For the random access pream-

ble, Zadoff-Chu (ZC) sequences are employed in LTE-A. ZC sequences have Constant

Amplitude, and Zero Auto-Correlation (CAZAC) property. Furthermore, cross corre-

lation of two different ZC sequences is very low.5 ZC sequence is defined in the 3GPP
5When NZC is a prime number. If we create two ZC sequences and take the correlation of the two

sequences, the result meets lower bound, which is 1/
√
NZC [27].
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standards as follows [28]:

xu(n) = e
−j un(n+1)

NZC , 0 ≤ n ≤ NZC − 1, (2.1)

where NZC is the sequence length, and u is root sequence index. This sequence is

called uth root sequence. To generate orthogonal sequences, there are two methods.

First method is generating multiple root sequences by using multiple root sequence

index. Note that root sequence index is the cell-specific information, which means that

different root sequences are used in different cells. Another method is to generate a set

of orthogonal sequences from a single root sequence by cyclic shifting as

xu,v(n) = xu
(
(n+ Cv) mod NZC

)
, (2.2)

where

Cv =


vNCS , v = 0, 1, ...,

⌊
NZC/NCS

⌋
− 1, NCS 6= 0,

0, NCS = 0.

(2.3)

The maximum value of v is bNZC/NCSc− 1, which means that bNZC/NCSc− 1

orthogonal preambles are generated from a single root sequence. NCS is the minimum

cyclic shifting value satisfying orthogonality when the receiver detects two sequences.

Because of the time uncertainty of UEs, different NCS values are used depending on

cell size. The number of different preambles generated from a single root sequence

depends on the value of NCS which satisfies the following condition [29].

NCS ≥

[(
20

3
r + τds

)
NZC

TSEQ

]
+ ng, (2.4)

where r is cell size (km), τds is the maximum delay spread (µs), TSEQ is sequence

length in time domain (µs), and ng is the number of additional guard samples due to

the receiver pulse shaping filter. Note that TSEQ is defined in the standard, and ng is

generally assumed as 2.

eNB broadcasts root sequence index u and NCS based on its cell size so that UE

can generate 6-bit preambles by cyclic shifting from the given root sequence. If UE
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cannot generate 6-bit preambles from a single root sequence due to the large NCS , UE

generates preambles from another root sequence until 6-bit preambles are generated.

The number of preambles generated by a single root sequence is Nr = bNZC/NCSc.

As a result, in order to generate 64 different preambles, we need d64/Nre root se-

quences.

2.5.2 Proposed Preamble Sequence Generation

When we extend 6-bit preambles to 12-bit preambles, 4,096 distinct preambles should

be generated. To increase the number of preambles, 1) a smaller value of NCS can be

used6, and/or 2) an increased sequence length NZC can be used. Because the prop-

agation delay is less than that in macro cell, a smaller value of NCS can be adopted

in small cell environments. Consequently, a larger number of preambles can be gener-

ated from a single root sequence in the small cell environments. In order to increase

the sequence length, more subcarriers are needed. There are two options to increase

the number of subcarriers. The first option is to use more frequency resources, and

the second one is to reduce subcarrier spacing by extending the sequence length in

time domain. However, our target is to reduce the latency, so that the former case is

preferred. Sequence length should be a prime number to satisfy low cross correlation

property. In this work, we use both 1) and 2) to generate the proposed random access

preambles.

Different root sequence indices are used to classify different cells, and hence, we

have to consider the number of neighboring cells. Let M be the number of neigh-

boring cells whose coverages are overlapping. Then, we can generate preambles from

b(NZC − 1)/Mc root sequence indices at maximum in each cell. Therefore, we have

to increase the sequence length if the number of root sequence indices is insufficient

to generate 12-bit preambles in the whole cells. The proposed preamble sequence ba-

sically adopts smaller NCS value. Depending on the cell size, the minimum value of
6The smallest value of NCS defined in the standard is 13
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NCS can be calculated from (2.4). Now, Nr different preambles are generated from

a single root sequence index and Nr is constant even if we increase sequence length

NZC . This is because NCS is roughly proportional to NZC for a given cell size. In or-

der to generate 4,096 different preambles, NZC is selected by the following equation.⌈
4096⌊

NZC/NCS

⌋⌉ ≤ ⌊NZC − 1

M

⌋
, (2.5)

where NZC should be a prime number satisfying (2.5).

In PRACH, the sequence length in time domain is 800 µs, and hence, the frequency

spacing for PRACH, denoted by ∆fRA, is 1.25 kHz. Because we need NZC subcar-

riers, NZC ·∆fRA (kHz) is required to generate the preamble sequences. If we align

the order of Resource Blocks (RBs), F =
⌈
NZC · ∆fRA/180

⌉
RBs are required in

the proposed PRACH. 7 As a result, NZC subcarriers are used for sequence element

transmission and the remaining subcarriers are used for guard subcarriers.

2.5.3 Proposed Preamble Detection

In this section, we evaluate the detection ratio of the proposed preamble in the small

cell environments. When a receiver detects a preamble, the receiver can benefit from

the CAZAC property by computing Power Delay Profile (PDP) through cyclic cross-

correlation. The PDP of a received sequence at lag l is given by

PDP (l) =

∣∣∣∣∣
NZC−1∑
n=0

y(n)xu
∗(n+ l)NZC

∣∣∣∣∣
2

, (2.6)

where y(n) is the received sequence and xu(n)NZC
is a reference sequence with the

length of NZC , and (·)∗ denotes the complex conjugate. If PDP of the signal is larger

than a detection threshold during searching window with the length of NCS , eNB

detects a preamble and determines the value of NCS . By doing so, eNB coverts the

physical sequence to a preamble ID, which represents the additional information as

well as the UE-specific ID. We used the multi-user detection scheme in [30].
7One LTE-A RB bandwidth is equal to 180 kHz.
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(a) Single cell environment with NZC=839.
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(b) Multi cell environment with NZC=839.
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(c) Single cell environment with NZC=1699.
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(d) Multi cell environment with NZC=1699.

Figure 2.5: Preamble detection ratio.
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In order to validate the proposed preamble transmission, we conduct a link-level

simulation using MATLAB. UEs are uniformly distributed within a cell coverage in a

single cell environment. Fig. 2.5 shows the detection ratio when the sequence length

NZC is equal to the conventional LTE-A preamble (i.e., NZC =839). Fig. 2.5(a)

presents the preamble detection ratio for a given cell coverage as NCS increases in

a small cell environment. As the cell coverage increases, the detection ratio decreases

due to the effect of propagation delay. However, the detection ratio for NCS smaller

than 10 is acceptable in small cells.

Furthermore, we simulate in the worst interference situation to evaluate the pream-

ble detection performance in an extreme case. There are two edge UEs, i.e., target edge

UE and interfering edge UE, which communicate with target eNB and interfering eNB,

respectively. Target edge UE transmits a preamble to target eNB while interfering edge

UE transmits preamble to interfering eNB. Target edge UE and interfering edge UE

located at the same location use preambles generated from different root sequence

indices. Both target eNB and interfering eNB are located at the same distance from

the UEs on exactly opposite directions. Interfering edge UE interferes target eNB,

and hence, target eNB detection performance might be degraded. Fig. 2.5(b) depicts

the preamble detection ratio for target eNB when neighboring interference exists. The

result shows that the preamble detection ratio slightly decreases for the same cover-

age and NCS value compared to Fig. 2.5(a). It means that preamble detection is lit-

tle affected by interfering preamble because different root sequence indices are used.

However, we select the NCS satisfying preamble detection ratio larger than the pre-

defined threshold (e.g., 99% detection ratio) in the proposed scheme. We conclude that

smaller NCS value than 13, which is the minimum value defined in the standard, can

be adopted in order to generate 12-bit preambles in small cell networks.

We also validate the detection ratio for larger values ofNZC (i.e.,NZC=1699) (See

Fig. 2.5(c) and (d)). The result shows that a larger NCS is required to detect preambles

compared to the case when NZC is equal to 839. However, we verify that Nr remains
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almost the same in such a case. To be specific, the number of preambles generated

from a single root sequence index remains the same, but more root sequence indices

are available.
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Figure 2.6: Preamble detection ratio when multiple UEs transmits preamble.
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Figure 2.7: False alarm ratio when multiple UEs transmits preamble.

Lastly, we further validate the detection performance when multiple UEs transmit

the proposed preamble. Note that we consider 2-tier hexagonal topology and verify the

performance of the central eNB with 1,000 times iterations. We consider four cases

depending on how to select the root sequence as follows.
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Figure 2.8: Preamble detection ratio when the proposed preamble and conventional

preamble coexist.

• All UEs generate preamble from a single root sequence.

• UEs generate preamble from one of two root sequences with balanced ratio (i.e.,

1:1 ratio).

• UEs generate preamble from one of two root sequences with unbalanced ratio

(i.e., 3:7 ratio).

• All UEs generate preamble from different root sequences.

As shown in Fig. 2.6, the preamble performance is better than 99% by the proper

choice of NCS . In this simulation, we set NZC to 1699. The value of NCS satisfying

detection ratio larger than pre-defined threshold (i.e., 99%) is the same for 200 m

coverage case and slightly increases for 500 m coverage case compared with the result

of Fig. 5. From this study, we could observe that smaller NCS values can be adopted

to generate the proposed preamble in small cell networks.

We also validate the false alarm ratio in the same scenario. The result in Fig. 2.7

shows that preamble transmission with the multiple root sequence indices affects the

uncorrelated noise which results in increasing the false alarm ratio. Still, we can select

the proper value of NCS to achieve both high detection ratio and low false alarm ratio.
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To confirm the possibility of reducing resource overhead, we evaluate the detection

performance when the proposed preamble and the conventional preamble are simulta-

neously transmitted. In this case, the proposed PRACH and the conventional PRACH

are overlapped in time and frequency so that the proposed preambles and the the con-

ventional preamble interfere to each other when the eNB detects the preambles. In this

simulation, we consider two coexistence scenarios, 1) UEs transmit one of the pro-

posed preamble and the conventional preamble to the same small cell eNB (co-located

scenario) and 2) the small cell UE transmits the proposed preamble while the macro

cell UE transmits the conventional preamble (co-channel deployment scenario). UEs

are randomly distributed within its cell coverage. In Fig. 2.8, we plot the detection ra-

tio as a function of the number of the proposed preamble transmission among 10 UEs.

The detection performance for the co-channel deployment scenario is better than for

the co-located scenario. This is because interference is relatively weak in co-channel

deployment scenario. The results also demonstrate that detection performance of the

coexistence scenario is worse than the case when a single type of preamble is trans-

mitted. However, reasonable detection performance is achieved by the interference

cancellation (IC). This result implies that the proposed PRACH and the conventional

PRACH can be coexisting. This means that the resource overhead is only affected by

the number of RBs of the proposed PRACH, which in turn means that the increase in

the resource overhead (from 6 RBs to 12 RBs) is pretty marginal when compared to

the increase in the carrier bandwidth (from 20 MHz in LTE-A to 400 MHz in 5G) [31].

2.6 Performance Evaluation

We conduct various simulations to evaluate the proposed random access scheme us-

ing MATLAB and NS-3. Because we validate the proposed preamble detection per-

formance in the prior section, we assume that the preamble detection is perfect. The

following four metrics are considered:
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• We evaluate initial random access in order to confirm that the proposed random

access achieves significant latency reduction.

• We evaluate the proposed random access in terms of end-to-end latency for up-

link transmission with various settings (i.e., burst size, the number of UEs in a

cell).

• We validate the network load when the number of simultaneously transmitting

UEs varies.

• We compare the computational complexity of the proposed scheme and conven-

tional schemes.

In the NS-3 simulation environment, we have 19 eNBs with hexagonal topol-

ogy [32], and UEs are randomly placed in each cell. The detailed values related to

NS-3 simulation are summarized in Table 2.3. In order to develop realistic simulation

environment, we adopt WINNER II channel model [33]. We evaluate the performance

under the sporadic traffic rather than full-buffered traffic model [34]. Some parameters

in the table, e.g., the number of UEs in each cell and burst size, vary in some simulation

scenarios. Unless stated otherwise, the values in Table 2.3 are used.

Three comparison schemes are considered for the evaluation, namely, Conven-

tional Scheduling Request (Conv. SR), Conventional Random Access (Conv. RA), and

Conventional Random Access with TTI bundling (Conv. RA w/ bundling) [17].

2.6.1 Network Latency

Fig. 2.9 depicts the network latency with error bar8 as a function of the number of UEs

in a single cell environment. Network latency is the latency until all UEs complete

their random access procedure. We observe that the proposed scheme achieves the

lowest latency. Collision probability increases with the number of UEs, thus incurring

significant latency increase in Conv. RA scheme.
8Error bar always represents the standard deviation in this chapter.
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Table 2.3: Summary of NS-3 simulation parameters.

Parameter Value

The number of eNBs 19

The number of UEs in each cell 10

The number of iteration 100

Inter-eNB distance 200 m

Channel model WINNER II

Carrier frequency 2.1 GHz

Bandwidth 20 MHz

UE TX power 23 dBm

Burst arrival per UE Poisson process with λ = 2.5 (/s) [35]

Burst size 100 bytes

PRACH and PUCCH periodicity 1 TTI (i.e., 1 ms)

Meanwhile, the proposed scheme significantly reduces collision probability be-

cause of the increased number of preambles, thus resulting in significant latency re-

duction. In Conv. RA w/ bundling scheme, latency reduction comes from multiple

random access attempts in contiguous subframes. However, collision is unavoidable

as the number of UEs increases due to the smaller number of preambles. As a re-

sult, network latency performance is worse than the proposed scheme. Therefore, we

conclude that the proposed scheme significantly outperforms comparison schemes in

terms of latency.

2.6.2 One-way Latency

Fig. 2.10 presents the empirical Cumulative Distribution Function (CDF) of one-way

latency with the proposed scheme and the comparison schemes. The one-way latency

is defined as the time interval from the point where a packet arrives at application layer

of a source (UE) to the point where a destination (server) receives the packet. Aver-
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Figure 2.9: Average network latency for initial access.

Figure 2.10: Empirical CDF of one-way latency.
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age one-way latency of the proposed random access is about 10.43 ms. The proposed

random access achieves up to 43.7% latency reduction compared to the comparison

schemes. By taking advantage of UE-specific preambles containing UE’s buffer status

information, the number of message exchanges is reduced from four to two. Conv. SR

scheme uses allocated control resources, i.e., PUCCH, so that collision never happens.

However, exchanging four messages still incurs high latency. Conventional random

access preamble can experience collision, and the random access procedure should be

restarted. For this reason, both Conv. RA and Conv. RA w/ bundling schemes show

the tail part in the figure. Conv. RA w/ bundling scheme reduces collision probability

compared to Conv. RA, so that the tail part is lower than Conv. RA. However, one-way

latency cannot be reduced due to the nature of the contention-based random access.
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Figure 2.11: Average latency with various burst sizes for each transmission.

Fig. 2.11 shows the average latency as a function of burst size. If the burst size

becomes large, the whole burst cannot be transmitted within 1 TTI due to the limited

uplink resources. Thus, the average latency of all schemes increases with the burst

size. The proposed scheme shows a slightly more rapid increase in the average la-

tency according to the burst size. This is because the proposed scheme uses more

RBs for PRACH, thus resulting in less available uplink resource. With the burst sizes

of our interest, however, the proposed scheme significantly outperforms conventional
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schemes.9
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Figure 2.12: Average latency with various numbers of UEs in a cell.

We also evaluate the average latency when the number of UEs in each cell varies,

which is depicted in Fig. 2.12. The UEs transmit the fixed burst size (i.e., 1,000 bytes).

The average latency increases with the number of UEs in all schemes. The probabil-

ity that more UEs simultaneously transmit increases as the number of UEs in a cell

increases. Consequently, each UE is assigned less uplink resource in this situation, so

that the whole burst cannot be transmitted within 1 TTI. However, latency increment

is relatively low compared with the result of Fig. 2.11. This is because, with our sim-

ulation parameters, the average number of simultaneously transmitting UEs is slightly

greater than one even if the number of UEs in a cell is 100. Thus, the average latency

is less sensitive to the number of UEs in a cell compared with the burst size.

2.6.3 Network Load

Fig. 2.13 depicts network load according to the number of UEs in each cell. Network

load refers to the number of message exchanges before transmitting data. In the figure,
9If the burst size exceeds 360 KBytes (or 260 KBytes), the average latency of the proposed scheme

becomes worse than that of conventional schemes when MCS 28 (or MCS 15) is used. Those burst sizes

are unrealistic in our target environments for URLLC services.
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Figure 2.13: Average network load with various numbers of UEs.

network load is averaged over the number of eNBs and error bar represents standard

deviation. Note that the standard deviation is relatively small compared to the average

value, so it is not visible in the figure. Compared with Conv. SR scheme and Conv. RA

scheme, the number of message exchanges in the proposed scheme decreases by a half.

The numbers of message exchanges are not significantly different between Conv. SR

scheme and Conv. RA scheme. This is because both schemes require four messages

exchanging to transmit the data. In Conv. RA w/ bundling scheme, network load is

generally larger than Conv. RA scheme because preamble is transmitted multiple times

over consecutive subframes to reduce collision. Combined with the results of 2.6.2, we

can conclude that the proposed scheme significantly reduces network load as well as

the average latency.

2.6.4 Computational Complexity

Fig. 2.14 depicts the complexity10 comparison of the proposed random access and the

conventional random access. The left side of the figure represents transmitter side (i.e.,

UE) and the right side represents receiver side (i.e., eNB).
10Computational complexity represents the number of multiplication operations.
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Figure 2.14: Computational complexity comparison.

In random access preamble transmission, transmitter performs a Fast Fourier Trans-

form (FFT), where the FFT size depends on preamble sequence length (e.g., FFT size

is equal to 1,024 for conventional scheme). When the proposed preamble sequence is

used, FFT size increases as a result of increased preamble length. Then, after mapping

sequence elements to subcarriers, an Inverse FFT (IFFT) is performed. Note that the

IFFT size is larger than 24,576 because we need 24, 576 (= 800 × 30.72) samples

in order to generate 0.8 ms sequence with LTE sampling rate of 30.72 MHz. In fact,

computational complexity increases in proportion to n log n when the FFT/IFFT size

is equal to n [36]. Given that the IFFT size is over 10 times larger than the FFT size, the

major complexity comes from the IFFT part. However, IFFT size is the same for both

the proposed scheme and the conventional scheme, and hence, the proposed scheme

has slightly higher computational complexity.

In the receiver side, the computational complexity of receiving the signal is the

same as the complexity of transmitter side. In addition, complexity increases because

of the additional process to detect the preamble by cyclic cross-correlation step (see

(2.6)). Therefore, the complexity of receiver is higher than that of transmitter. In cyclic

cross-correlation step, the number of multiplication operations depends on the pream-

ble sequence length. The computational complexity increase of the proposed scheme
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is larger than that of the conventional scheme since the proposed preamble length is

larger than the conventional preamble length. However, the major complexity at the

receiver is still due to the IFFT part as in the transmitter such that computational com-

plexity increase of the proposed scheme is not significant. Consequently, we conclude

that the proposed scheme achieves significant latency reduction with slight increase of

computational complexity.

2.7 Conclusion

In this chapter, we proposed a 2-way random access scheme, which can replace the

current random access and uplink transmission procedure. For the 2-way random ac-

cess, we propose a new preamble that conveys the special information, i.e., purpose of

random access and buffer status of UE. With the information-contained preamble, the

number of message exchanges is reduced from four to two, thus resulting in signifi-

cant latency reduction. From extensive simulations, we demonstrate that the network

latency and the uplink transmission latency are significantly reduced in various sce-

narios. We also verify that the proposed scheme outperforms conventional schemes

when the burst size and the number of UEs in a cell vary. We further evaluate the

network load and the computational complexity. While the computational complexity

of the proposed scheme is slightly higher than the conventional scheme, the network

load of the proposed scheme is reduced by more than a half compared with the other

schemes. Consequently, the proposed scheme achieves significant latency reduction

for random access and uplink transmission in small cell environments with slightly

increased computational complexity.
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Chapter 3

Fast Grant Multiple Access in Large-Scale Antenna Sys-

tems for URLLC Services

3.1 Introduction

With the evolution of mobile communication, demands for new applications have been

fast increasing. While the primary goal of the current Long Term Evolution-Advanced

(LTE-A) systems is to provide high throughput, many applications such as tele-surgery

requires performance metrics other than the data rate. According to IMT vision for

2020, the fifth generation (5G) wireless services are classified into three categories,

namely, Enhanced Mobile Broadband (eMBB), Massive Machine Type Communica-

tion (mMTC), and Ultra Reliable and Low Latency Communication (URLLC).While

the primary purpose of the eMBB is to improve data rate, the main targets of the

mMTC and URLLC are to enhance the connection density and the latency/reliability,

respectively. Ensuring the latency and reliability is a key to the success of real-time

services and applications.

Among three categories, satisfying the URLLC requirement is perhaps most chal-

lenging since it is very difficult to meet the low latency and high reliability require-

ments simultaneously. In fact, many of URLLC applications such as remote surgery,
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autonomous driving, and smart factory,tight end-to-end latency and also stringent reli-

ability requirements should be guaranteed.

In order to meet such tight reliability and latency requirements of 5G URLLC,

many technical aspects in the cellular network need to be designed carefully, including

waveform numerology such as symbol length and subcarrier spacing, frame struc-

ture, multiple access scheme, pilot design, link adaptation strategy, and scheduling

policy [37–39]. Further, such designs need to consider the traffic characteristics of

URLLC services because there are variety of traffic packets with different qualities of

service (QoSs), including packet sizes, data rates, reliability constraints, latency con-

straints. In consideration of these technical aspects, one important issue is the design

of a spectrally efficient scheduling policy that guarantees tight reliability and latency

requirements are met. This is because most traffic volumes in typical URLLC services

are either periodic or bursty.

Due to the relentless increase in the number and types of things (e.g., machine,

sensor, robot, drone, car), the uplink traffic is expected to increase rapidly, thereby

resulting in increased uplink/downlink ratio. In these URLLC applications we de-

scribed, uplink transmission becomes more important. Furthermore, small cells and

Ultra Dense Networks (UDNs) are becoming more and more popular as a promising

solution to support huge data traffic in 5G and various applications including URLLC

use cases are expected to be served through small cell evolved Node B (eNB). There-

fore, it is of importance to come up with a low latency protocol supporting URLLC

use cases in UDN networks.

Recently, a large-scale antenna system (LSAS) has drawn much attention, in which

very large number of antennas are equipped at a base station (BS) to serve many users

simultaneously and reliably [40]. Such an LSAS can be an enabler for spectrally-

efficient URLLC since it can provide a large diversity order as well as a large spectral

efficiency simultaneously.

In this chapter, we propose a fast grant multiple access (FGMA) protocol for
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URLLC in LSAS. The proposed scheme performs the resource allocation based on

QoS requirement of UEs. To support various QoS requirements, FGMA protocol has

four components, namely, dynamic preamble structure, admission control, bandwidth

adaptation, and scheduling. These four components are closely related and FGMA dy-

namically adapts the uplink transmission channel in varying environment the based on

these components.

Our major contributions of the chapter are summarized as follows:

• We propose low latency uplink transmission scheme in LSAS, fast grant mul-

tiple access scheme. To support the different latency requirements, the system

bandwidth is divided into multiple frequency channels exclusively.

• We propose the latency minimization scheduling policy and develop the adapta-

tion algorithm for the dynamic preamble structure, admission control, and band-

width adaptation, from the prediction for the future behavior of UEs.

• From extensive simulations, we observe the impact of the admission control and

bandwidth adaptation. We further verify the proposed scheme effectively guar-

antee the QoS requirements of all UEs by comparing with the existing schemes

in various environments.

The rest of the chapter is organized as follows. We summarize related work in

Section 3.2. We present our system model and discuss the service categories. We

also present channel and frame structure by considering the QoS requirements in Sec-

tion 3.3. The proposed FGMA protocol, which includes dynamic preamble structure,

admission control, and bandwidth adaptation, is presented in Section 3.4. We evaluate

the proposed scheme in various environments in Section 3.5. Finally, we conclude the

chapter in Section 3.6.
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3.2 Related Work

The scheduling policies for minimizing latencies under minimum-rate constraints and

for maximizing spectral efficiency under maximum-latency constraints have been in-

vestigated widely in the literature under various system models. In [41], the system

average delay was optimized by using the combined energy/rate control under average-

symbol-energy constraints. In [42], both delay optimal energy and subcarrier allo-

cation were proposed for orthogonal frequency division multiple access (OFDMA).

In [43], an energy-minimizing scheduler that adapts both the energy and the rate based

on both the queue and channel states was proposed. In [44], delay and energy con-

strained random access transport capacity was analyzed. However, most of these stud-

ies assumed perfect CSI at both the transmitter and the receiver which often led to

overestimates of the network performance.

A reduction of the uplink transmission latency is also an important problem. A

major latency component in the uplink transmission is the latency in the scheduling

process. One simple method to reduce the uplink transmission latency is to eliminate

the scheduling process. For example, a contention-based uplink transmission using a

pre-scheduling has been proposed to reduce uplink transmission latency [19]. In [45],

3GPP developed Early Data Transmission (EDT) mechanism to support infrequent

small data packet transmission for Narrow Band Internet of Things (NB-IoT) and LTE

Machine Type Communication (LTE-M). EDT mechanism enables the uplink data

transmission in the third message during the random access procedure. Note that the

random access procedure consists of four message exchanges (see the detailed expla-

nation in Section III-A). A drawback of these schemes is that a reliable transmission

is not guaranteed due to collisions.

Au et al. proposed a pre-scheduling uplink transmission scheme, called Sparse

Code Multiple Access (SCMA), to mitigate collision events [20]. In our previous work,

we also proposed pre-scheduling transmission schemes [21], [22]. In these schemes,

uplink resources are allocated when the RRC connection is established and the up-
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Figure 3.1: Flow of the message exchange in FGMA.

link resources are pre-scheduled based on its own algorithm. In [23], pre-scheduling

protocol has been proposed in Large-Scale Antenna Systems (LSAS). Theses schemes

focus on the reduction of the uplink latency and effectively reduce uplink latency by us-

ing pre-scheduled uplink resources. However, the most important assumption of these

schemes is that all UEs are in the RRC CONNECTED state to maintain the uplink

synchronization.

3.3 System Model

We consider an uplink large-scale antenna system (LSAS) in FDD system consisting

of a base station (BS) with M antennas, and U single-antenna user equipments (UEs).

It is assumed that the UEs has limited battery level. The quality of service (QoS) re-

quirement on UE, i.e., data volume, latency, reliability, is guaranteed by the proper

scheduling mechanism by BS. In this chapter, we propose uplink transmission proto-

col, Fast Grant Multiple Access (FGMA) protocol, to support QoS requirements of

UEs.

Fig. 3.1 depicts the message flows of FGMA. First of all, a UE should be admit-
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Figure 3.2: Message exchange and frame structure for admission control.

ted to transmit uplink data through FGMA protocol. When UE starts the application,

UE reports its QoS values. Considering currently admitted UEs, the BS determines

whether to admit the requested UE through admission control algorithm. If the BS

admits the UE, the BS allocates a set of unique preambles to the UE. Each preamble

implicitly represents the identity of the UE and the QoS of the UE. After completing

the admission control process, the UE is guaranteed to meet the QoS requirements

through FGMA protocol.

As illustrated in Fig. 3.1, transmission in FGMA is a periodic manner. Each pe-

riod consists to three parts, 1) preamble transmission from UE, the uplink scheduling

based on UE’s QoS requirements, and 3) the uplink data transmission. UE requests

the scheduling through the preamble transmission. Since the preamble implicitly indi-

cate the QoS requirements of the UE, BS allocates the resources to guarantee the QoS

of the UE. After receiving the preamble in BS, BS transmits the uplink scheduling

information to the UE. Then, UE transmits the uplink data based on the scheduling

information.

3.3.1 QoS Information and Service Category

The URLLC applications has a wide range of the QoS requirements depending on the

application type and characteristics. For example, autonomous driving applications
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require high reliability since it is directly related to the safety. However, the latency

requirements of this applications varies based on the information characteristics (e.g.,

life-critical message, periodic report). In order to support a wide range of QoS require-

ments, service categorization is necessary. In this chapter, we defines the traffic type

which means that the combination of latency requirement, reliability requirement, and

required data transmission volume.

Fig. 3.2 depicts the message exchanges in the admission control process. It is very

similar to the LTE-A contention-based random access procedure. For the convenience,

we call ith message to Msg i. The UE firstly requests the uplink resources to transmit

the QoS information (Msg 1). After receiving scheduling information (Msg 2), the

UE sends the QoS information with admission request message (Msg 3). Based on

the admission control algorithm, BS either allocates the set of preambles or reject

the admission of the UE. We will discuss the detailed admission control algorithm in

Section. .

In Msg 3, QoS information contains the multiple traffic types. Each traffic type

indicates the latency requirement, reliability requirement, and required data volume.

Each requirement value is categorized and the example of the categorization is repre-

sented in Table. 3.1. Note that there are total 33 = 27 traffic types in this example.

The index of the traffic types directly mapped the each requirement value. If the UE is

approved the admission, the BS allocates the preambles as much as the number of the

reported traffic types.

Table 3.1: QoS report values and its categorization.

Latency (ms) Reliability Data volume

5 10−3 800 B

10 10−4 8 KB

50 10−5 30 KB

46



Figure 3.3: Channel structure.

3.3.2 Channel Structure

Fig. 3.3 represents uplink data channel structure for the proposed scheme. In time do-

main, data transmission channel sequentially consists to preamble transmission frame

(tpreamble), scheduling information grant frame (tgrant) and actual data transmission

frame (tdata). Note that there is a processing time (tprocessing) between every end of

the reception and beginning of the transmission. These frames are repeated periodi-

cally (tperiod = tpreamble + tgrant + tdata + 2tprocessing). The latency is one period for

the best case when the packet arrives right before the preamble transmission frame.

If the packet arrives right after the beginning of the preamble transmission frame, the

UE should wait until the next preamble transmission. In this case, the latency becomes

2tperiod. In order to guarantee the latency requirement, the period should be smaller

than half of the latency requirement. Moreover, the latency is highly affected by tperiod.

We divide the given data channel into multiple channels depending on the latency re-

quirement in frequency domain. Hence, the total bandwidth of the system Wtotal is

divided into I multiple channels of the bandwidth Wi, where I is the number of la-

tency requirements defined in the system.1 and Wi is the channel bandwidth for the

ith latency requirements index. For the simplicity, we defines ith channel as the data

channel for the ith latency requirements index.
1For example, I = 3 in Table. 3.1,
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Figure 3.4: Uplink data frame structure.

3.3.3 Frame Structure

A two-phase frame structure with training and data transmission phases as illustrated

in Fig. 3.4. The frame is divided into S subframes and this subframe has the length of T

(N symbols) in time domain. The total bandwidth W of the frame is equally divided

into F subbands. The minimum scheduling unit (resource block) is defined as one

subband in frequency domain and one subframe in time domain. Note that any parti-

tioning of time and frequency for the resource block is available such as the orthogonal

division multiplex access (OFDMA), single-carrier frequency domain multiple access

(SC-FDMA) or any good one of the newly considered waveforms.

In the training phase, an active UE j sends L uniquely dedicated training symbols

with power of pjtr so that the BS estimates the uplink channel. Then, the active UE j

transmitsN L data symbols to the BS with power of pdtj during the data transmission

phase in a space division multiple access (SDMA) manner. Hence, the transmitted

signal vector for the UE j in subband f and subframe t is given by

xj [f ; t] =
[
(xtrj [f ; t])H , (xdtj [f ; t])H

]H
, (3.1)

where xtrj [f ; t] is the training symbol vector (L × 1) and xdtj [f ; t] is the data symbol

vector ((N - L) × 1). Since each UE has the power constraint, the energy consumed
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for the transmission should satisfy

L

N
ptrj +

(
1− L

N

)
pdtj ≤

Ej
N

(3.2)

During the data transmission phase, the BS decode the received signal using the

estimated uplink channel obtained in the training phase. We assumes the channel in-

versely power-controlled pilots to equalize the differences among all UEs channel es-

timation [46]. Hence, we set the average received signal energy to the common target

received signal. The channel vector (M × 1) between the BS and the UE j can be

expressed as

gj [f ; t] =
√
βjhj [f ; t], (3.3)

where βj is the long-term channel state information which depends on the path loss

and shadowing, and hj [f ; t] (M × 1) is the short-term CSI with each antenna. After

using the linear receiver such as a maximal ratio combining (MRC) receiver or a zero

forcing (ZF) receiver, the estimated channel is obtained [47]. LetO[f ; t] be a set of the

scheduled UEs in subframe t of subband f . The achievable rate of UE j ∈ O[f ; t] is

given by

Rj [f ; t] ≈ log2(1 + γj [f ; t]), (3.4)

where γj [f ; t] is the signal to interference ratio (SINR) and is given by

γj [f ; t] =


(1− σ2tr)(M − |K|)pdtj βj

1 + σ2tr
∑

i∈O[f ;t] p
dt
i βi

, if ZC,

(1− σ2tr)(M − 1)pdtj βj

1 +
∑

i∈O[f ;t] p
dt
i βi + (1− σ2tr)pdtj βj

, if MRC,

(3.5)

where K is the number of UEs in O[f ; t].

3.4 Fast Grant Multiple Access

According to the latency requirements, tperiod is given and fixed. Since tgrant, and

tprocessing is assumed as the fixed value, tdata (or the number of available subframes)
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Figure 3.5: The system information update and broadcast.

can be calculated for given tperiod and tpreamble. It also means that the number of

the uplink data transmission is given depending on the latency requirements. The BS

allocates the uplink resources within the available resources for all ith channels. A

drawback of the channel splits method is that the uplink channel resources might not

be fully utilized in case of traffic imbalance between the ith channel. To solve this

problem, the BS adaptively control the available amount of resources.

The proposed FGMA protocol consists of four important parts, namely, admission

control, dynamic preamble structure, the uplink scheduling, and bandwidth adaptation.

The FGMA controls the number of UEs in the system through the admission control

algorithm. The basic logic of the admission control is to estimate the transmission per-

formance. Based on the total number of UEsU , the preamble structure is determined to

support total number of reported traffic types. The available resources in time domain

during the period is determined according to the preamble structure.

Note that the scheduling mechanism is performed based on the active UEs Ua

(Ua ⊂ U ), while the total number of assigned preamble is affected by the total number

of UEs U2. In addition, the bandwidth of each ith channel is adaptively adjusted to

resolve the traffic imbalance. The system information (e.g., Wi, preamble structure) is

updated periodically as illustrated in Fig. 3.5. The BS broadcast this information so that

the UE can update these information. Since tperiod is different between the I channels,

the beginning time of the preamble transmission of I channels is misaligned after the
2More precisely, it is affected by the total number of traffic types since a single UE can report the

multiple traffic types
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initial alignment. It means that the system information update should be performed

when the beginning time is aligned for all I channels, and time of the update period

tupdate is calculated as the least common multipe of all tperiod of I channels.

In following subsections, we describe these components in detail and we discuss

each component based on a single latency requirement index without loss of generality.

3.4.1 The Uplink Scheduling Policy

In FGMA, the arrived data should be transmitted within the latency requirement. To

support the required data volume and reliability requirement as well as latency re-

quirement, the efficient scheduling algorithm enhances the network performance. the

BS determines whether based on the available resources. The BS take advantages of

the fact that the UE should be guaranteed to transmit the required data volume to utilize

the available resources efficiently. The BS have an advantage to adapt the bandwidth if

the available resources are under-utilized after the scheduling. Thus, it is important to

verify the minimum resources to guarantee the QoS of the UE. We find the minimum

number of subframes for the given bandwidth and the latency minimization problem

can be expressed as follows:

(P1) min
O,D,P,L

S (3.6a)

s.t. (N − L)Pr
( L∑
t=1

F∑
f=1

Rj [f ; t] ≥ Vj
)
≥ 1−Mj , ∀j, (3.6b)

L

N
ptrj +

(
1− L

N

)
pdtj ≤

Ej
N
, ptrj , p

dt
j ,≥ 0 ∀j, (3.6c)

Op ∩ Oq = φ,

p=1⋃
Q

Op = Ua, (3.6d)

Q∑
q=1

Dq = 1, Dq ≥ 0, ∀q, (3.6e)

L ∈ {1, 2, ..., N − 1} . (3.6f)
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The first constraint (3.6b) guarantees the required data volumes Vj for UE j with the

reliability requirement of Mj . The second constraint (3.6c) meets the average-energy

constraint (See (3.2)). The third constraint (3.6d) represents that each UE should be

included in a single scheduling group (Op), and it also represents that all active UEs

should be included one of the scheduling group. The fourth constraint (3.6e) means

that the available resources is fully allocated to Q scheduling groups the where Dq

is the portion of the available resources for the qth scheduling group Oq. Last con-

straint (3.6f) indicates that the scheduling condition for the training phase.

The problem (P1) is non-convex and very complicated, we transforms into an

equivalent problem. We take into account the fact that the required number of sub-

frames is minimized if the spectral efficiency is maximized. Since every UE j ∈ Oq

has its own required data volume constraint Vj , the rate for the UE requiring the max-

imum data volume among the scheduled group q (Ωq) highly affects the number of

required subframes. To guarantee the maximum required data volume for all schedul-

ing groups, we set the scheduling portion for group q as

Dq =
Ω−1q∑Q
i=1 Ω−1i

, ∀q. (3.7)

The spectral efficiency of above UE is expressed as

SE =
(1− L/N)

η

q∑Q
i=1 Ω−1i

. (3.8)

Since the required number of subframes can be expressed as a function of the spectral

efficiency, the latency minimization problem can be transformed to the spectral effi-

ciency problem. Thus, the equivalent optimization problem is formulated as follows:

(P2) Minimize
O,P

Q∑
i=1

Ω−1i (3.9a)

subject to (3.6c)− (3.6d). (3.9b)

This problem has a similar form of (34) in [23] so that the objective function can

be transformed into a form of J(x) =cTx which is generic form of a binary integer
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Algorithm 1 Dynamic Preamble Structure
1: Read the values of Karv, Klev, Jarv, and Jlev

2: Compute Nreq = KarvJarv −KlevJlev

3: if Nreq > N total
r −Nalloc then

4: Update r ← r + 1

5: else if Nreq +Nalloc > N total
r −N total

r−1 then

6: Update r ← r − 1

7: else

8: Remain r

9: end if

10: Return r

programming (BIP). Note that BIP problems have various efficient algorithms [48].

Thus, we can find the optimal solution of the P2 3.

3.4.2 Dynamic Preamble Structure

In LTE-A systems, Zadoff-Chu (ZC) sequences are employed since this sequence have

Constant Amplitude, and Zero Auto-Correlation (CAZAC) properties [49]. Further-

more, cross correlation of two different ZC sequences is very low, which means that

this property makes the multiple detection of preambles simultaneously. ZC sequence

is defined in the 3GPP standards as follows [28]:

Orthogonal sequences are generated from a single root sequence index (u) by

cyclic shifting based on (3.10) [28].

xu,v(n) = xu((n+ Cv) mod NZC), (3.10)

where

xu(n) = e
−j un(n+1)

NZC , 0 ≤ n ≤ NZC − 1, (3.11)

3General BIP problem is known as NP-hard. However, a linear programming (LP) relaxation can be

applied for the BIP [23]
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and NZC is the sequence length. Substituting Cv = 1 into (3.10), we can get the total

number of orthogonal sequences. The different sequences is used for identifying the

UEs. We note that NZC(NZC-1) preambles are generated in ideal case. In LTE-A

random access procedure, Cv is determined based on the cell coverage since this value

is highly affected by the propagation delay and delay spread. This is also because

random access preamble is transmitted without the uplink synchronization [50].

As we briefly discussed, the preamble structure should be modified as a result of

the admission control. Since the preamble implicitly indicate the specific traffic type

of the UE, the total number of preambles larger than the total number of reported

traffic types in FGMA. Define N total
r as the total number of preambles which can be

generated during r subframes, then we get

N total
r = rNRE(rNRE − 1) (3.12)

where NRE is the number of resource elements during a single subframe. Note that

NRE is determined by the bandwidth of the channel.

The basic idea of the dynamic preamble structure is that selecting the proper r in

advance by estimating the admission of the UE. LetKarv andKlev be the average num-

ber of admitting UEs and leaving UEs during the system update period, respectively.

The average number of traffic types among admitted UEs and leaving UEs is defined

as Jarv and Jlev. In every system update period, the optimal value of r is determined

to compare the number of allocated preambles with the estimated number of required

preambles in next update period. The estimation of the number of required preambles

(Nreq) is obtained from the number of allocated preambles (Nalloc) and N total
r . Com-

paring with these three values, r is re-selected and this information is broadcast in next

update period. The detailed algorithm is summarized in Algorithm 1.

3.4.3 Admission Control

The key idea of the admission control is to estimate the performance with the newly

requested UEs. The objective of the admission control is to guarantee the QoS require-
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ments for all admitted UEs. Thus, we conveys the transmission performance estimation

using the scheduling policy (P1). The main objective of the scheduling is minimizing

the number of subframes. In other words, the outcome of the scheduling problem is

the minimum number of subframes to support the active UEs. Let Sesti and Si be the

estimated number of required data subframes and the number of data subframes in ith

channel, respectively. We note that Si is a fixed value under the given preamble struc-

ture and Wi. Comparing Sesti and Si, the BS determines whether the UE is permitted

for FGMA or not. Futhermore, the BS also verify whether the remaining number of

preambles is sufficient to allocate to the UE.

We can obtain Sesti from the solution of P1. Prior to estimate the scheduling per-

formance, we have to estimate two important inputs: 1) the active UE set Ua when

requested UE is active and 2) the CSI of the requested UE. The estimation method

is well-studied research topic and various techniques (such as history-based estima-

tion [51], learning-based estimation [52]) can be adopted to estimate the active UEs.

In this chapter, the history-based user estimation is performed. The BS records Ua in

every transmission period, and obtains the data arrival rate of each UE. Based on this

arrival rate, we estimates Ua in the given transmission period. Similar estimation can

be adopted to estimate the CSI of the requested UE. In addition, we can utilize the CSI

information obtained from Msg 3 when the UE reports the QoS requirements. Note

that we simply set the CSI of the requested UE as the averaged CSI among Ua. The

detailed procedure is summarized in Algorithm 2.

3.4.4 Bandwidth Adaptation

Since the resource allocation is performed to reduces the number of subframes, this

scheduling mechanism can cause the redundant resources. One advantage of having

redundant resources is that we can adaptively set Wi due to the multiple channel cor-

responding to the number of latency requirements. The bandwidth adaptation is per-

formed in two purposes.
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Algorithm 2 Admission Control Algorithm
1: −First Part: Estimation of the scheduling performance

2: Estimate the active UE Ua

3: Load the CSI for UE Ua

4: Set U ← Ua + j

5: Set the CSI for UE j as the averaged CSI among Ua

6: Find the optimal S∗ from P1

7: Sesti ← S∗

8: −Second Part: Determination of the admission

9: if Sesti > Si then

10: Reject the UE j

11: else

12: Load the reported number of traffic types Jj

13: if N total
r −Nalloc > Jj then

14: Admit the UE j

15: Allocate Jj preambles

16: else

17: Reject the UE j

18: end if

19: end if

1. To control the traffic imbalance between I data channels.

2. To support the more number of UE.

In case 1), all UEs are guaranteed the QoS requirements after the bandwidth adapta-

tion, which results in more number of UEs can newly admitted. In case 2), this algo-

rithm uses the admission control result, so that each bandwidth is altered by predicting

the future behavior. The bandwidth adaptation is also performed to control the traffic

imbalance between I data channels.
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The key idea of the bandwidth adaptation is that reducing the under-utilization in

all I data channels and is the same for both case 1) and 2). The scheduling mechanism

aims for maximizing the spectral efficiency so that the number of subframes are min-

imized. Taking advantage of this fact, the under-utilized time resources domain can

be converted to the under-utilized frequency resources based on the given number of

subframes. Thus, we firstly find the redundant and deficient bandwidth in each ith data

channels, which are defined as W red
i and W def

i , respectively. After finding W red
i and

W def
i , we can get the total redundant bandwidth in the system as

W red −W def =
∑
i∈I

W red
i −

∑
i∈I

W def
i . (3.13)

Depending on whether 3.13 is positive or negative, Wi is updated in a different way.

Since the logic is the same for both case 1) and 2), we describe the bandwidth adap-

tation algorithm for case 2) only and the detailed algorithm is summarized in Algo-

rithm 3.

3.5 Performance Evaluation

In this section, we present the performance evaluation of the proposed FGMA protocol.

We assumes the BS has 128 antenna elements and UEs are uniformly distributed within

the coverage of the BS. Three latency requirement is considered (i.e., 5 ms, 8 ms, and

10 ms). We set the initial channel bandwidth to 10 MHz, so that total bandwidth in the

system is 30 MHz.

We verify the impact of the admission control and bandwidth adaptation. Then,

we compares FGMA scheme with two comparison schemes, the GFMA protocol and

the LTE-A protocol. The GFMA adopts the persistent scheduling, so that the UE can

transmit the uplink data without scheduling procedure. The LTE-A requires the four

message exchanges to transmit the uplink data [19]. We also note that the round robin

scheduler is used for the LTE-A [53].
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Algorithm 3 Bandwidth Adaptation Algorithm
1: −First Part: Calculate the deficient/redundant bandwidth

2: Initialize W red
i ← 0, W def

i ← 0, ∀i ∈ I .

3: for i = 1, ..., I do

4: Run Algorithm 2.

5: Load Sesti and Si

6: if Sesti > Si then

7: Find minimum bandwidth W req
i , s.t., Sesti < Si from P1.

8: W def
i ← (W req

i −Wi)

9: else if Sesti < Si then

10: Find maximum bandwidth W req
i , s.t., Sesti < Si from P1.

11: W red
i ← (Wi −W req

i )

12: end if

13: end for

14: −Second Part: Bandwidth adaptation

15: Compute W def =
∑

i∈IW
def
i , W red =

∑
i∈IW

red
i

16: for i = 1, ..., I do

17: if W def < W red then

18: if W req
i > Wi then

19: Update Wi ←W req
i

20: else if W req
i < Wi then

21: Update Wi ←W req
i + (W red −W def )

W red
i

W red

22: end if

23: else if W def > W red then

24: if W req
i > Wi then

25: Update Wi ←W req
i − (W def −W red)

W def
i

W def

26: else if W req
i < Wi then

58



27: Update Wi ←W req
i

28: end if

29: end if

30: end for

31: Return Wi ∀i ∈ I

Figure 3.6: False alarm ratio when multiple UEs transmits preamble.

3.5.1 Impact of admission control

Fig 3.6 represents the outage performance (lefthand side of the figure) and the number

of admitted UEs (righthand side of the figure). Solid line and dotted line represents the

performance with and without admission control, respectively. We evaluate the per-

formance under the low traffic environment and new UEs requested the admission in

every time interval. As shown in Fig 3.6, one can see that the number of the admit-

ted UEs converges with admission control. Thus, FGMA with admission control has

almost zero outage since admission control algorithm is performed considering the re-

liability. On the other hands, the outage of FGMA without admission control increases
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Figure 3.7: The spectral efficiency FGMA with/without admission control.

as the number of admitted UE increases.

In Fig 3.7, the spectral efficiency of FGMA with admission control is compared

to that of FGMA without admission control. Note that the spectral efficiency is from

the BS. The result shows that the spectral efficiency with admission control is slightly

inferior compared to that without admission control. This is because the more number

of UEs are admitted without admission control and the more UEs transmit the data

simultaneously compared to the case with admission control. Even if outage occurs,

the transmitted data increases in given time, which results in the increased spectral

efficiency. However, the outage performance is far more important than the spectral

efficiency due to the mission-critical characteristics. Thus, the QoS is guaranteed to all

admitted UEs with the admission control.
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Figure 3.8: Snapshot of the bandwidth for FGMA with bandwidth adaptation.

3.5.2 Impact of bandwidth adaptation

We evaluate the performance of the bandwidth adaptation with various data arrival rate

over time. Fig 3.8 depicts the snapshot of the bandwidth for three latency requirements.

L and H in the figure indicate low traffic and high traffic environment and each color

represent the data channel for each latency requirement. The initial bandwidth is the

same for all latency requirement. As shown in Fig 3.8, the channel for the latency re-

quirement with high traffic is occupied larger bandwidth compared to the channel with

low traffic. When the traffic environment is transmitted from L to H, the corresponding

bandwidth increases as a result of the bandwidth adaptation. Note that the bandwidth

in the middle is not fully adapted to support high traffic around 6,000 ms since there is

no redundant bandwidth anymore.

We compares the outage performance of FGMA with and without the bandwidth

adaptation. Similar to 3.8, we change the data arrival rate in every 800 ms. As shown

in Fig 3.9, the outage performance in low traffic is acceptable for both schemes. The
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Figure 3.9: Outage for all channels with/without bandwidth adaptation when the arrival

rate varies over time.

result also shows that FGMA without the bandwidth adaptation incurs high outage.

One can see that the instantaneous changes of the arrival rate affects to the outage even

with bandwidth adaptation due to the estimation-based approach. However, the outage

rarely occurs after bandwidth adaptation. We also note that the outage performance

with bandwidth adaptation around at time of 6,000 ms is due to the reason explained

previous paragraph, which means that the admitted UEs cannot be guaranteed any-

more. We also imply that the importance of the admission control from the above case.

3.5.3 FGMA performance

Fig. 3.10 represents the CDF of the spectral efficiency in low traffic environment.

The spectral efficiency of FGMA scheme outperforms that of the conventional LTE-

A scheme. One reason for the performance gain is that FGMA scheduling method is

more effective that the LTE-A scheduling method. Another reason is that the LTE-

A has higher protocol overhead than the FGMA. That is, four messages exchanging is
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Figure 3.10: The spectral efficiency in low traffic environment.

required to transmit data in the LTE-A while only two messages exchanging is required

in the FGMA. The result also shows that the GFMA scheme achieves the highest

spectral efficiency. Due to the nature of pre-scheduling, the GFMA has no protocol

overhead so that the UE can transmit right after the traffic arrival. However, the FGMA

achieves higher spectral efficiency compared to the GFMA in high traffic environment

as shown in Fig. 3.11. The FGMA scheduling is performed based on the active UEs,

so that the FGMA always achieves the optimal spectral efficiency. We note that the

reduced spectral efficiency in the GFMA is also related to the latency performance.

In Fig 3.12, the latency is compared among three schemes in low traffic environ-

ment. The result shows that the latency is highly affected by the protocol overhead in

low traffic environment. Note that the larger variation of the latency in the graph means

the higher protocol overhead. The GFMA achieves the lowest latency and narrow vari-

ation of latency thanks to the pre-scheduling method. Similar to the spectral efficiency

performance, the latency and variation of it become larger in high traffic environment
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Figure 3.11: The spectral efficiency in high traffic environment.

for GFMA as shown in Fig. 3.13. Since the GFMA allocates much more resources

in time domain to guarantee the reliability requirement. Thus, GFMA UE have large

waiting time due to a large frame of GFMA in time domain even if the GFMA has

no protocol overhead. Meanwhile, we can observe that the FGMA achieves the sta-

ble latency performance regardless of the arrival rate from the comparison between

Fig. 3.12 and Fig. 3.13. Thus, we conclude that the proposed FGMA effectively man-

ages the UEs considering QoS requirements of them.

3.6 Conclusion

In this chapter, we propose a fast grant multiple access scheme in LSAS systems for

URLLC service. To support various QoS requirements, the proposed FGMA adap-

tively control its channel structure and frame structure via admission control, band-

width adaptation, and dynamic preamble structure. Taking advantage of the latency

minimizing scheduling method, the proposed FGMA control the admission of the re-
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Figure 3.12: CDF of latency in low traffic environment.

quested UEs not to affect the performance of the currently admitted UEs. Moreover,

the bandwidth adaptation component effectively adjust the bandwidth of each channel

for each latency requirement. From extensive simulations, we demonstrate that the im-

pact of admission control and bandwidth adaptation, and we observe that the FGMA

with these components always provide the QoS guarantee to the admitted UEs for

the time-varying scenario. We also verify that the proposed FGMA outperforms the

conventional LTE-A scheme and GFMA scheme in various traffic envrionment. Con-

sequently, we can conclude that the proposed FGMA protocol is the most promising

solution for dynamic time-varying environment to guarantee the QoS requirements of

the UEs.
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Figure 3.13: CDF of latency in high traffic environment.
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Chapter 4

UE-initiated Handover for Low Latency Communica-

tions

4.1 Introduction

Mobility is an essential component of mobile cellular communication systems because

it offers clear benefits to UEs. One of the main goal of the cellular networks is to

provide a seamless experience to the UE even if the UE has a mobility. Note that

supporting high mobile UEs is the most challenging scenario and 5G networks aims

to support up to 500 km/h. Handover is one of the key technology for ensuring that the

UEs move freely through the network while still being connected and being offered

the required services. The efficient handover mechanism is of importance to provide

the stable service to the UE and should be designed considering both the mobile UEs

and the static UEs. This efficient handover also enhances the edge UE performance

located in the cell boundary. At cell edges, end user experience can be significantly

impacted by frequent handovers, an increased HO failure, and a low throughput.

Meanwhile, small cells are considered a promising solution for improving cellular

coverage, enhancing system capacity and supporting the massive number of emerg-

ing home/enterprise applications. In such a the ultra dense network is widely studied
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and small cells are highly overlapping in UDN scenario [54, 55]. In such scenarios,

handover is expected to be performed more frequently as the number of small cells

increases. Due to the highly overlapping nature of UDN environments, the UE may

experience the severe inter-cell interference. In this case, the connection link might be

failed, so that the UE re-select the cell and re-associate to the selecting cell. It means

that the link failure makes the magnificent latency problem, which results in the ser-

vice failure of the URLLC applications. We note that the URLLC applications have

mission-critical characteristic, so that even a single radio link is not allowed. There-

fore, the efficient handover technique becomes more important to provide the user

satisfaction in URLLC applications.

In this chapter, we focus on the efficient design of handover with respect to the

latency in small cell environments. To provide the seamless experience and support

the mission-critical URLLC applications, we propose an UE-initiated handover, which

can effectively reduces the latency and avoid the link failure. Our major contributions

of the chapter are summarized as follows:

• From a concrete investigation of the conventional handover, we emphasize the

possible issues with respect to the latency and throughput.

• We propose a UE-initiated handover scheme to reduces the handover latency,

which effectively resolve the three problems (i.e., mobility robustness problem,

handover interruption time, and path switch latency).

• We evaluate the performance through ns-3 simulations, and we observe that the

proposed scheme is more effective in the highly mobile environments.

The remainder of the chapter is organized as follows. We present the background

information for the design principle of the handover and the procedures of the han-

dover, and we discuss the potential problems in terms of latency in Section. 4.2. The

proposed UE-initiated handover is described in Section. 4.3. Then, we provide the per-

formance evaluation of the proposed scheme in Section. 4.4. Finally, we conclude the
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chapter in Section. 4.5.

4.2 Background and Motivation

In this section, we describe the LTE-A handover decision principles and procedure.

Through a concrete investigation, we emphasize the current latency issues and the

necessity of the proposed UE-initiated handover scheme.

4.2.1 Handover Decision Principle

Figure 4.1: Handover decision principle.

In LTE-A, several predefined handover conditions or threshold are defined in the

network for triggering the handover procedure. These parameter should be set care-

fully regarding the design target such as decreasing the total number of handovers in

the whole system by predicting the handover, decreasing the number of ping pong

handovers, and having fast and seamless handover. Thus, two important parameters, a

handover margin (HO margin) and time-to-trigger (TTT) value is utilized to determine
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the handover as shown in Fig. 4.1.

Assuming the reference signal received power (RSRP) of the source eNB continu-

ously decreases while the RSRP of the target eNB. The UE measurements is reported

periodic or on demand manner. When the target eNB becomes HO margin better than

the source eNB, the source eNB initiates the TTT timer. This is often called entering

condition of the event (i.e., this event is defined in 3GPP as A3 event). The source eNB

makes handover decision of the UE if the entering condition remains during the time of

TTT. At this point, the admission control procedure is requested from the source eNB

to the target eNB. After completing the admission control, the source eNB triggers the

handover.

The disadvantage of this design principle is that the UE in a low channel qual-

ity cannot perform the handover until above condition is satisfied. This is because the

decision of the handover is entirely taken place from the eNB. If the UE moves con-

tinuously with a low mobility, the fast handover obviously enhances the throughput

performance. This throughput loss is more magnified if the channel is rapidly faded.

In this case, an radio link failure (RLF) occurs due to a DL physical layer failure

caused by downlink interference from the target eNB. Once RLF is declared, the UE

begins the RLF recovery procedure. The UE attempts a cell selection and connection

re-establishment procedure with the selected cell, which results in the additional la-

tency. Consequently, the proper selection of these two parameters is of important with

respect to the throughput performance as well as latency.

4.2.2 Handover Procedure

Fig. 4.2 depicts the handover procedures in LTE-A. The source eNB sends the han-

dover command message to trigger the handover procedure, and it is called handover

preparation procedure up to this point. From this point, the data transmission is un-

available since the UE detach the association with the source eNB. After receiving

handover command from the source eNB, the UE starts the random access procedure
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Figure 4.2: Handover procedure in LTE-A.
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and the source eNB forwards the packets designated for the UE to the target eNB. Note

that the contention-free random access is performed during the handover process. The

UE re-establish the RRC connection with the target eNB through the random access,

and the handover process is completed by transmitting the handover confirm message.

At this point, the transmission of the data forwarded from the source eNB is available.

The target eNB triggers the path switch update for the UE with a mobility manage-

ment entity (MME) and a serving gateway (SGW). The target eNB gives command

to release the resources to the source eNB and the source eNB forwards the downlink

packets arrived during path switch process and whole procedure is completed. When

downlink data is arrived during the path switch process, these data should be forwarded

to the target eNb in order to be delivered, so that the corresponding data experiences

the high latency. This problem becomes severer if the transmitted packet requires in-

sequence delivery such as TCP packets, since the packet ordering is mixed up and the

UE should re-order the packet so that the latency of the packet increases.

4.2.3 Summary of the latency issues

From the concrete investigations, we discover three latency issues as follows:

• Mobility robustness Problem

• Handover interruption time

• Path switch latency

During the handover preparation, the problem explained in Section. 4.2.1 is called

mobility robustness problem. Mobility robustness in terms of robust handover signal-

ing becomes an intricate problem in various cell border situations as seen from real

network deployments. Diverse new wireless communication trends, such as extreme

beamforming and a higher frequency, as well as non-ideal real network deployments,

might make the mobility robustness problem far more serious.
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The data session is broken during the random access procedures, so that arrived

data is pending to wait the session re-establishment. The handover interruption time

is defined as the time from the session break to the completion of the random access.

These interruption is undesirable, so we need to minimize the interruption time to

provide the seamless transmission experience as well as reducing latency.

In addition, path switch latency affects to the additional latency as we describe in

Section. 4.2.2, especially when the data requires the in-sequence delivery such as TCP

traffics.

To provide the service of the emerging 5G mission-critical applications, it is nec-

essary to guarantee the latency requirement even when the UE has the mobility. To

deal with above three problems, we propose a UE-initiated handover. The proposed

handover effectively reduces the latency as well as enhancing the throughput perfor-

mance.

4.3 UE-initiated Handover

In this section, we describe the proposed UE-initiated handover decision principles

and procedure. We assumes that the UE utilizes the user-specific preamble proposed

in Chapter 2. The proposed UE-initiated handover consist of tree parts, namely, early

handover decision, random access without command and pre-construction of data path.

4.3.1 The proposed handover design principles

Fig. 4.3 represents the decision principle of the proposed UE-initiated handover. The

UE reports the measurement when the RSRP is equivalent for the source eNB and the

target eNB and we define this event as A7 event. In contrast with the conventional de-

cision principle, the proposed decision principle have little TTT timer. We set the TTT

timer as the required time to communicate between eNBs for the handover prepara-

tion, which is assumed as X2 delay. Thanks to selecting almost zero TTT value, the
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Figure 4.3: The proposed UE-initiated handover decision principle.

UE performs the handover instantaneously if the handover condition is met. With the

proposed handover mechanism, radio link failure is rarely induced. A drawback of this

mechanism is that frequent handover between the source and target eNB, called ping-

pong handover, is emerged due to the dynamic channel fading. This ping-pong han-

dover is accounted for the redundant procedures, which makes the redundant latency

increase and network load. Thus, the proper selection of HO margin is of importance

to deal with the ping-pong effect.

The proposed handover utilizes the UE mobility information to determines the HO

margin. The measurement report is conducted from the UE only when handover will be

triggered within a close time (not periodic) and the UE need not to report the mobility

information to the eNB. Based on the velocity and direction of the UE, the HO margin

is determined. For example, small value of the HO margin is adopted for the UE having

high speed while large value of the HO margin is used for the low mobility UEs. Since

the path loss is the most influential factor to the channel quality, we set the HO margin

to samll value for the mobile UE. In other words, if the dominant factor of the channel

quality is regarded as the path loss rather than the fast fading, the UE has a small HO
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margin.

4.3.2 The proposed handover procedure

When A7 event is triggered, the UE sends the measurement report to inform the source

eNB that the UE will performs the handover soon as illustrated in Fig. 4.4, and 4.5.

Then, the source eNB transfer the corresponding UE information to the target eNB. We

note that the UE information include the the UE-specific preamble information such as

root sequence index and several identifier of the UE. Once the target eNB receives the

UE information, the target eNB prepares the data path for the UE in advance. When

the handover condition is met as described in Section. 4.3.1, the UE starts the handover

procedure through the random access procedure. There are two possible cases when

performing the random access.

• The source eNB and the target eNB have the perfect time synchronization of the

PRACH.

• The source eNB and the target eNB have no time synchronization of the PRACH.

Fig. 4.4 represents the handover procedure with the perfect time synchronization of

the PRACH between the eNBs. The UE transmits the allocated random access pream-

ble. Since the source eNB and the target eNB have the perfect PRACH timing, both

eNBs can receives the preamble. The target eNB can decode the corresponding pream-

ble, since the target eNB received the UE information from the source eNB prior to the

preamble transmission of the UE. After detecting the preamble, the source eNB for-

wards the data to the target eNB, and the target eNB transmits the RAR to the UE. The

target eNB also initiate the path switch for the UE, and this process takes advantage

of the pre-construction of the routing path. Note that the RAR transmission coincide

with the path switch initiation. Thus, the whole procedure is completed in similar time

that the UE completes the random access process by transmitting handover confirm

message.
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Figure 4.4: The proposed UE-initiated handover procedure with perfect synchroniza-

tion between eNB.

Figure 4.5: The proposed UE-initiated handover procedure without perfect synchro-

nization between eNB.
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The handover procedures without time synchronization of the PRACH between

eNBs is illustrated in Fig. 4.5. If the target eNB sends the preamble allocation for

the UE to the source eNB, the source eNB forwards the information to the UE. If the

preamble for the target eNB is assigned to the UE, the UE treats the no synchronization

between the source eNB and the target eNB. The UE transmits the preamble to the

source eNB to inform that the UE starts the handover procedures. Then, the source

eNB forwards the data to the target eNB. The UE transmits the assigned preamble in

time for PRACH of the target eNB. Once the target eNb receives the preamble, the

eNB prepares the response for the preamble and the remainder is the same with the

previous case, so that we omit the description of the remaining procedure.

4.4 Performance Evaluation

In this section, we presents the performance evaluation with respect to the throughput

and the number of handover attempt. We consider two scenarios, low mobility envi-

ronment (the UE has the walking speed, 3 kmph) and high mobility environment (the

UE has the vehicular speed, 60 kmph).

4.4.1 Low mobility environment

In Fig. 4.6, the latency of the proposed handover and the conventional handover is

depicted when a single UE performs the handover. As we previously explained, we di-

vide the handover latency as three parts, namely, handover preparation time, handover

interruption time, and path switch latency. In the conventional handover, most of the

latency is aroused by the handover preparation time. We note that the handover prepa-

ration time depends on the network parameter, and we set 200 ms in this simulation.

In addition, additional path switch latency exists. In the proposed scheme, path switch

is proceeded during the random access procedure, so that there is no path switch la-

tency component. Thus, the proposed scheme eliminate the two parts of the handover
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Figure 4.6: The throughput performance with low mobility UE.

latency and also reduces the interruption time.

4.4.2 Low mobility environment

Fig. 4.7 represents the throughput performance considering the fading model. Two

channel models defined in 3GPP standard are considered, namely, extended pedes-

trian A (EPA) channel model and extended typical urban (ETU) model. The results

show that both the conventional scheme and the proposed scheme achieve the similar

throughput performance in low mobility environment. As illustrated in Fig. 4.8, the

number of handover of the proposed scheme is larger than the conventional scheme.

Even with the more number of handover attempts, the marginal throughput gain is

achieved.

Since the proposed scheme is more sensitive for the instantaneous RSRP of the

UE than the conventional scheme, the total network load of the proposed scheme is

larger than that of the conventional scheme. As shown in Fig. 4.9, the network load
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Figure 4.7: The throughput performance with low mobility UE.

Figure 4.8: The number of handover attempts with low mobility UE.
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Figure 4.9: The number of handover attempts with low mobility UE.

increases due to the frequent handover. We note that the proposed scheme has more

number of message exchanges between eNB and core network than the conventional

scheme. Thus, the proposed scheme reduces the UE burden while increase the network

burden.

4.4.3 High mobility environment

Fig. 4.10 represents the throughput performance considering the fading model. Two

channel models defined in 3GPP standard are considered, namely, extended vehicular

A (EVA) channel model and WINNER II channel model. The results show that both

the conventional scheme and the proposed scheme achieve the notable throughput en-

hancement in high mobility environment. As illustrated in Fig. 4.11, the number of

handover of both the proposed scheme and the conventional scheme is the same. Thus,

we can conclude that the performance gain of the proposed scheme becomes larger as

the mobility increase.
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Figure 4.10: The throughput performance with high mobility UE.

Figure 4.11: The number of handover attempts with high mobility UE.
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Figure 4.12: The number of handover attempts with low mobility UE.

In highly mobile environment, all UEs have the same number of handover. Thus,

the total network loads of the proposed scheme and the conventional scheme are equiv-

alent as shown in Fig. 4.12.

4.5 Conclusion

In this chapter, we propose a UE-initiated handover for the low latency communi-

cations. From the concrete investigation of the conventional handover principles and

procedure, we emphasize the three possible problems in terms of the latency (i.e., mo-

bility robustness problem, handover interruption time, and path switch latency). With

the UE-initiated handover, the mobility robustness problem is resolved, which results

in the throughput enhancement. The proposed scheme effectively reduces the handover

latency since the path switching is conducted during the random access procedure. The

simulation results show that the proposed UE-initiated handover scheme enhances the

throughput performance even if the more handover is performed than the conventional
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scheme. We also verify the proposed scheme have more gain in high mobility environ-

ment than in the low mobility environment.
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Chapter 5

Concluding Remarks

5.1 Research Contributions

In this dissertation, we have addressed the low latency protocols for future cellular

networks.

In Chapter 2, we have proposed a 2-way random access scheme which effectively

reduces the latency. The proposed 2-way random access requires only two messages

to complete the procedure at the cost of increased number of preambles. The proposed

preamble transmission in the presence of multiple access interference achieves the

detection ratio higher than the system requirement while remaining the low false alarm

ratio. According to extensive simulation results, the proposed random access scheme

significantly outperforms conventional schemes by reducing latency.

In Chapter 3, we have proposed FGMA in LSAS systems for URLLC service.

The proposed scheme consists of four components, namely, dynamic preamble struc-

ture, admission control, bandwidth adaptation, and scheduling, to support various QoS

requirements. Taking advantage of the latency minimizing scheduling method, the pro-

posed FGMA control the admission of the requested UEs not to affect the performance

of the currently admitted UEs. Moreover, the bandwidth adaptation component effec-

tively adjust the bandwidth of each channel for each latency requirement. From exten-
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sive simulations, we demonstrate that the impact of admission control and bandwidth

adaptation, and we observe that the FGMA with these components always provide the

QoS guarantee to the admitted UEs for the time-varying scenario.

In Chapter 4, we have proposed a UE-initiated handover scheme to resolve the

conventional problems in terms of latency, namely, mobility robustness problem, han-

dover interruption time, and path switch latency. Taking advantage of the pre-setup for

the routing path, the proposed scheme effectively reduces the handover latency. More-

over, the throughput performance is enhanced since the UE makes the decision itself to

resolve the mobility robustness problem. From the evaluation, we have observed that

the proposed scheme is more effective for the high mobility UEs.
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초록

2020년 IMT 비전에 따르면 5 세대 (5G) 이동 통신 서비스는 eMBB (Enhanced

Mobile Broadband), mMTC (Massive Machine Type Communication)및URLLC (Ul-

tra Reliability and Low Latency Communication)의세가지서비스로분류된다.낮은

지연 시간과 높은 신뢰도를 동시에 보장하는 것은 실시간 서비스 및 응용 프로그

램의상용화를위하여필요한핵심기술이고, 3개의 5G서비스중 URLLC는가장

어려운시나리오로여겨지고있다.

본학위논문에서는 URLLC서비스를지원하기위해다음과같은 3가지저지연

통신 프로토콜을 제안한다: (i) 2-way 핸드쉐이크 기반 랜덤 액세스, (ii) Fast Grant

Multiple Access및 (iii) UE가시작하는핸드오버방식.

첫째, 5G에서목표로하는성능지표는데이터전송률의증가뿐만아니라지연

시간을감소시키는것도포함하고있다.현재 LTE-Advanced시스템은랜덤액세스

및상향링크전송절차에서 4개의메시지교환을필요로하고,이는높은지연시간

을 야기한다. 본 논문에서는 이러한 지연 시간을 효과적으로 줄이기 위하여 2-way

랜덤 액세스 방식을 제안한다. 제안한 2-way 랜덤 액세스 기술은 프리앰블의 수를

증가시킴으로써 해당 절차를 완료하는데 단 2개의 메시지 만 필요하다. 우리는 이

러한프리앰블을생성하고활용하는방법을연구했고,다양한시뮬레이션을통하여

제안한랜덤액세스방식이기존기술과비교하여지연시간을최대 43%줄이는것

을확인했다.또한제안한랜덤액세스는계산복잡도가약간증가하지만,네트워크

로드는기존기술에비해절반이상감소한다.

둘째,원격동작,자율주행,몰입형가상현실등과같은다양한미션크리티컬어
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플리케이션이등장하고있다.다양한 URLLC트래픽은다양한지연시간및신뢰도

수준을요구사항으로가지고있고,이와함께필요한데이터크기및패킷의발생율

등의 측면에서 다양한 특성을 가지고 있다. 미션 크리티컬 애플리케이션의 다양한

요구사항을지원하기위해상향링크전송에중점을둔 FGMA (Fast Grant Multiple

Access)를제안했다. FGMA는승인제어알고리즘,동적프리앰블구조,상향링크

스케줄링및적응적대역폭조절의네가지부분으로구성된다. FGMA에서는지연

시간을최소화하는방향으로자원할당을한다.이방법을활용하면적응적대역폭

조절알고리즘을통해지연시간요구사항이다른트래픽의불균형을완화시킬수

있다. 또한 승인 제어 알고리즘을 통해 FGMA 시스템에 이미 승인된 모든 UE들에

대한 요구 사항을 항상 보장한다. FGMA는 시간에 따라 변하는 환경에서도 UE의

QoS요구사항을효율적으로보장한다는것을확인할수있다.

마지막으로, 소형 셀은 셀룰러 서비스 범위를 개선하고 시스템 용량을 향상 시

키고, 많은 수의 무선 단말을 지원하는 핵심 기술로 떠오르고 있다. 하지만 셀의

서비스 범위의 감소는 빈번한 핸드오버를 유도하기 때문에, 효과적인 핸드오버 방

식이URLLC애플리케이션을지원하기위해서필요하다.따라서, URLLC서비스를

요구하는 이동성이있는 UE를 서비스하기 위해 적응적 핸드오버 파라미터를 선택

및 단말의 동작을 미리 준비해 놓는 방식을 적용한 단말이 시작하는 핸드오버 방

식을 제안한다. 시뮬레이션 결과는 제안한 핸드오버가 수율을 향상시킴과 동시에

저지연을달성하는것을확인할수있다.

본논몬을간략히요약하면지연시간의종류를랜덤액세스지연시간,상향링

크데이터전송지연시간및핸드오버지연시간과같이 3가지로구분하였다. 3가지

종류의지연시간에대해서각각저지연을달성할수있는프로토콜과알고리즘을

제안하였다.

주요어:저지연프로토콜,랜덤액세스,상향링크전송,핸드오버, QoS,차세대이동

통신네트워크

학번: 2013-20763
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