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This thesis proposes a design of a rapidly deployable cellular network prototype that 

provides voice and data communications and it is interoperable with legacy devices and the 

existing network infrastructure. The prototype is based on software defined radio and makes 

use of IEEE 802.11 unlicensed wireless radio frequency (RF) band for backhaul link and an open 

source GSM implementation software. The prototype is also evaluated in environments where 

there is limited control of the radio frequency landscape, and using Voice Over Internet 

Protocol (VoIP) performance metrics to measure the quality of service. It is observed that in 

environments where the IEEE 802.11 band is not heavily utilized, a large number of calls are 

supported with good quality of service. However, when this band is heavily utilized only a few 

calls can be supported as the quality of service rapidly degrades with increasing number of calls, 

which is due to interference. It is concluded that in order to achieve tolerable voice quality, 

unused licensed spectrum is needed for backhaul communication between base stations. 
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CHAPTER 1 

INTRODUCTION 

In today’s world, wireless communications has become vital in our everyday activities as 

it helps us to connect with one another through various means such as two-way radios, broadcast 

and satellite television, mobile phones and the internet. There is always ongoing research to 

make wireless communications systems more robust, secure, available and reliable. One of the 

most widely used forms of wireless communications is cellular networks. In cellular networks 

mobile phones are used to receive or make calls through base stations or cell sites in the network. 

In urban areas, each base station may cover as low as 0.5 miles, while in rural areas a cell coverage 

can be as much as 5 miles [1].  Some of the popular cellular technologies currently in use are 

Global System for Mobile Communications (GSM), Fourth Generation Long Term Evolution (4G 

LTE), Universal Mobile Telecommunications System (UMTS), Enhanced Data Rates for GSM 

Evolution (EDGE), Code Division Multiple Access (CDMA), etc. 

This thesis first provides a brief introduction to Software Defined Radio (SDR), and then 

proposes a method for building and evaluating an SDR based deployable GSM cellular network 

for use in emergency communications. 

1.1 Motivation 

Cellular networks have been around for over 40 years, and there has always been a need 

to make smarter networks, which are more dependable with lesser cost. This has led to the 
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evolution of various cellular and wireless technologies and mobile phones. Over the years, there 

has also been a dramatic increase in the number of mobile phone users, and it is believed that 

over 85% of the world’s population today have access to mobile phones [2]. Currently, the most 

widely used cellular technology in the world is the GSM standard [3], while the 4G LTE standard 

is rapidly gaining ground due to the ever-growing need for higher bit rates and lower latencies 

needed for high speed data communications.  

During natural and man-made disasters, effective communications becomes necessary 

for first responders as well as those who are affected. Communications before, during and after 

such incidents can be the distinguishing factor between life and death for the affected 

population. In most areas, the fastest way to warn citizens of disasters is through the cellular 

network. For instance, in the United States, cellular network companies provide instant 

notification of disasters or impending disasters free of charge. However, during major disasters 

most cellular networks either become overloaded due to the high call volumes or are significantly 

damaged, thus rendering them unusable. 

In order to mitigate these challenges, there is a need for a rapidly deployable 

communications network that is reliable, robust and interoperable with existing cellular 

infrastructure and  that supports mission critical processes and mobile users. It should be capable 

of providing coverage for a wide area, have a small footprint and last long enough to allow for 

restoration of the regular commercial communications network. Thus, a prototype of a rapidly 

deployable cellular network is a natural choice as a research platform for this purpose. 
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1.2 Objective and Scope 

 The first goal of this thesis is to design a prototype system of a rapidly deployable cellular 

communications network that provides voice and data communications that is interoperable 

with the existing network infrastructure and mobile phones. The next step involves the prototype 

being evaluated in different RF environments, using various VoIP performance metrics to 

measure the quality of service (QoS). Finally, this research determines how effective a rapidly 

deployable communications network is under different conditions. 

 

1.3 Research Methods 

 The core research problem of this thesis is to find a way to build a portable GSM cellular 

network based on SDRs. This is done by searching for a low cost SDR capable of being 

programmed to support the GSM wireless standard. Also a Lithium Polymer (LiPo) battery and 

portable computer that is capable of powering and programming the SDR is needed. After the 

SDR based cellular network is built, its performance and robustness is evaluated using measure 

such as jitters and packet loss across the connection. 

 

1.4 Thesis Outline and Organization 

 This thesis is organized as follows. In chapter 1 the fundamental idea of the thesis is 

introduced. Chapter 2 provides a literature survey and background information on SDRs such as 

bladeRF and what their main functions are. It also provides background information on GSM 
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wireless standard and small single-board computers such as the Raspberry Pi. Information on 

related works and designs are also contained in this chapter. 

 Chapter 3 covers the design and implementation of the SDR based deployable 

communications system. This includes explanation of the steps involved in making and 

programming a software defined base station (SDB). It also shows how SDBs are connected to 

form a software defined cellular network. The expected challenges are also discussed. 

 In chapter 4, performance evaluation of the network is discussed, which is carried out by 

measuring VoIP performance metrics of the backhaul link. This chapter also includes the required 

programs for such measurements. 

 Finally, the conclusions are presented in chapter 5. Here the results are assessed, flaws in 

the design are described and future work is discussed.  
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CHAPTER 2 

LITERATURE REVIEW AND BACKGROUND 

Cellular communications is the most widely accepted technology around the globe, and 

research in this field has created ways for more robust, flexible and dependable radio 

communications to be implemented. Investments in cellular network infrastructure have majorly 

been in urban areas and along transportation routes.  Due to this, some regions with limited 

infrastructure such as rural areas lack cellular networks. To address this network gap, some 

researchers have explored the deployment of cellular networks in rural areas also known as 

community networks [4]. An OpenBTS (Open Base Transceiver Station) cellular based network 

for rural areas is proposed in [5], while one of such systems is implemented in [6] and located in 

rural Zambia. Although these designs have some comparisons with this thesis, the goals are 

primarily different. 

2.1 Disaster Response Networks 

The effect of disasters on commercial networks have been greatly neglected and major 

disasters have shown the lack of adequate disaster response networks (DRNs), which in turn has 

led to further research and development on rapidly deployable communications networks. The 

key requirements for a DRN include deployment speed, interoperability, robustness, coverage 

and cost as specified by SAFECOM [7]. It can be seen that most requirements and characteristics 

of a community cellular network are similar to that of a DRN. A DRN is defined as a 
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communications network primarily used by first responders and victims of disasters. They both 

operate under challenging environments and poor network backhaul conditions.   

 Several DRNs are already in existence, some of which are provided by government 

organizations and industries [8]. An example of a DRN is the Red Hook Wi-Fi network, in Brooklyn, 

New York. It is a free community Wi-Fi that serves an average of 100 users per week. During and 

after Hurricane Sandy, the average number of users grew to 300 and the performance of the 

Reed Hook community Wi-Fi was greatly impacted as it exceeded capacity. Due to its importance 

in the disaster recovery process, the network capacity was expanded to include a satellite 

backhaul connection from the Information Technology Disaster Resource Center [4] [9]. Google 

Inc. is also working on a project called “Project Loon,” which involves deploying broadband 

communication infrastructure that is floated in the stratosphere with the help of balloons. This 

project is aimed at extending internet connectivity to people in rural and remote areas worldwide 

[10]. While Project Loon is not focused on rapidly deployable communications networks, it shares 

its concept. Rapidly deployable networks are important in disaster response efforts, but they are 

usually large scale, and most use expensive satellite backhaul and take significant time to deploy. 

 DRNs that make use of cellular technologies such as GSM have numerous advantages over 

non-cellular DRNs. A cellular base station covers large areas of up to 3 km in distance, providing 

a coverage area corresponding to dozens of Wi-Fi access points [6]. GSM technology is more 

popular worldwide than Wi-Fi especially in developing countries, which makes cellular based 

DRNs more ideal. 
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 Cognitive radios have also been proposed as solutions for DRNs until commercial carriers 

are stable. Such a system should be autonomous and cognizant of the spectrum landscape with 

the capability of working over a wide range of frequencies. 

 This thesis makes use of two SDRs and single board computers with an 802.11 wireless 

(Wi-Fi) backhaul link. Similar systems can be found in [11] [12] [13] [5], which developed 

platforms to provide GSM services in rural areas with inadequate cellular coverage. Due to their 

isolated deployments, negligible interference was experienced on the backhaul links, and so 

interference effects were not studied. 

The closest system to this and part of the motivation of this work is described in [14] in 

which a cellular network is created using USRP radios, OpenBTS, Asterisk, Dell laptops and a Wi-

Fi backhaul. However, there exist significant differences in their modes of operation and design. 

For instance, two Dell laptops are used in [14], while this thesis makes use of inexpensive single-

board computers (e.g. Raspberry Pi). This thesis design also has a much smaller footprint and less 

power consumption than the design used in [14], thus enabling it to be airlifted on a drone. The 

design presented in this thesis therefore permits it the ability to be deployed in areas that are 

hard to reach, as experienced during disasters. Figure 2.1 illustrates how a rapidly deployable 

cellular network can be used to provide cellular wireless communications during emergencies. 
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Figure 2.1 Rapidly Deployable Cellular Network 

 

2.2 Cellular Network 

 Cellular networks, also referred to as mobile networks, operate with the use of radio 

frequencies that can be concurrently used by many User Equipment (UE), such as mobile phone 

callers at the same instance. Each cellular network is made up of a large number of base stations 

in order to increase capacity and radio coverage over a wide area. Base stations usually limit their 

transmitting power and cover limited area in order to reduce interference from neighboring sites. 

Limited power makes it possible to reuse frequencies that are being used a few cells away 

without causing interference [15]. 

 Cellular network technology comprises of a mobile switching center (MSC), base 

transceiver station (BTS), location registers and public switched telephone network (PSTN). The 
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BTS directly communicates with the UEs and the BTS plays the role of the base station, used to 

route calls to the destination base center controller (BCC). The base station controller (BSC) 

connects with the MSC to interface with location registers (visitor and home) and PSTN to route 

calls to various BCCs. Typically, base stations cover between nine to 21 miles and monitor UE 

signal levels. When a UE moves away from a base station, this causes the signal level to degrade, 

thereby causing the base station to make a request to the MSC in order to handover control to 

another base station that has a better signal, which is known as handover [15]. 

There are several types of cellular technologies currently being used to provide network 

services. The most prominent among them are GSM, General Packet Radio Service (GPRS), 

CDMA, EDGE, Evolution-Data Optimized (EV-DO) and LTE. Some of the top cellular network 

providers in the United States of America are Verizon, AT&T, T-Mobile and Sprint. For the purpose 

of this research, GSM technology is being used due to the fact that GSM mobile phones are 

ubiquitous worldwide and the GSM standard is still the most predominant across the globe. 

2.3 GSM Technology 

GSM is a second generation (2G) cellular technology that was created to solve the 

fragmentation problems of the first generation systems in Europe. Before GSM it was not 

possible for a UE to use a single subscriber unit throughout Europe as different cellular standards 

were used throughout the continent. Originally, GSM was invented to serve as a European 

cellular service, but its success has surpassed the expectation of everyone as it is now the most 

popular standard around the world. GSM has also evolved to include data communications, 



10 

which was first circuit-switched, but its currently by packet data transport via GPRS and EDGE. 

GSM standard is based on a combination of Time Division Multiple Access (TDMA) and Frequency 

Hopping Multiple Access (FHMA) and uses Frequency Division Duplexing (FDD). CDMA is mostly 

used in the United States of America while GSM is the worldwide option [16]. GSM bands has 

four main classes: Primary GSM-900 band (P-GSM), Extended GSM-900 band (E-GSM), Railways 

GSM-700 band (R-GSM) and Trunking-GSM (T-GSM). For the purpose of this thesis, E-GSM band 

is used. E-GSM uses the 900 MHz band and has uplink frequency range of 880 MHz to 915 MHz 

and downlink frequency range of 925 MHz to 960 MHz. Each frequency is divided into timeslots 

per each UE. Consequently, each frequency has 8 Full Rate (FR) or 16 Half Rate (HR) speech 

channels. GSM uses GSMK or 8 Phase Shift Keying (8 PSK) modulation with 1 bit per symbol and 

produces a 270.833 kHz or 270.833 K symbols/second symbol rate and a channel spacing of 200 

kHz. [17] 

2.3.1 GSM Network Architecture 

The GSM network architecture comprises of main interconnected subsystems, which are 

Base Station Subsystem (BSS), Network and Switching Subsystem (NSS), GPRS Core Network and 

the Operational Support System (OSS). 

The BSS provides and manages radio transmission paths between the UE and the MSC. 

Every BSS consists of multiple BSCs, which connect the UE to the NSS through the MSCs. 

NSS manages the switching function of the system and allows the MSCs to communicate 

with other networks such as the PSTN. There are three databases in the NSS, which are the Home 
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Location Register (HLR), Visitor Location Register (VLR) and Authentication Center (AUC). The HLR 

database contains subscribers and location information for every user residing in the same region 

as the MSC. The VLR database temporarily stores roaming subscribers’ identity who are visiting 

the region of a particular MSC. 

 GPRS Core Network is an optional feature, which permits data connections via packet-

based transport.  

OSS is the network maintenance aspect of the GSM network and enables monitoring, 

troubleshooting and diagnosing every part of the network. It supports the performance of the 

MSC, BSC, base station and UE within a GSM network [15] [16]. 
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Figure 2.2 GSM Network Architecture 

 

2.4 Software Defined Radios 

 SDR is a radio communications technology in which some of the hardware components 

have been implemented by means of software. SDRs are based on software defined wireless 

communications protocols instead of hardware implementations. Examples of hardware 

components that are replaced by software include amplifiers, mixers, modulators/demodulators, 

filters, etc. SDR has gained a lot of interest in recent times, and it has been recognized to be a 

reliable choice for present and future radio systems [18].  
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 SDRs can be programmed or configured to operate with various waveforms and protocols 

through dynamic loading of these waveforms and protocols.  Modulation techniques, 

performance characteristics and security can be present in these waveforms and protocols as 

part of the waveform itself [19]. 

 Some advantages of SDRs include using the same radio platform for multiple applications, 

remote software upgrades in which capacity and capability can be increased and upgraded 

respectively, reduced costs in providing end-users with access to ubiquitous wireless 

communications and so on. Some examples of SDRs are bladeRF, USRP, UmTRX, SDRplay, AirSpy 

amongst others. For the purpose of this research, bladeRF x40 is used, which is due to its lower 

power consumption, high throughput, low latency interface that brings the PC closer to the 

antenna and low cost. It accepts a 5 V DC input and operates autonomously using the Field 

Programmable Gate Array (FPGA) for signal processing.  
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Figure 2.3 SDR Architecture 

  

2.5 Voice Over Internet Protocol (VoIP) 

 VoIP is a technology used for the delivery or transportation of voice communications over 

Internet Protocol. In VoIP, calls take place over a dedicated IP network or over the internet 

instead of devoted voice transmission lines. Analog audio signals are encapsulated into data 

packets via a codec in VoIP. These data packets are then transmitted across an IP network and 

un-encapsulated back into audio signals at the other end of the link. Traffic from VoIP does not 
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necessarily have to pass through the public internet; it can also be deployed on a private IP 

network such as Intranet [20].  

 VoIP offers reduced cost and increased functionality by eliminating the use of circuit-

switched cellular networks. The cost of cellular infrastructure is significantly reduced because 

network providers deliver voice services over their broadband and private networks, which 

allows them to operate a single voice and data network. After the audio signal is encapsulated 

onto IP, it is usually transmitted through the real-time transport protocol (RTP) or via its 

encrypted option, secure RTP. Session Initiation Protocol (SIP) is used for signaling and it is 

necessary to create, maintain and end calls. QoS is generally used to prioritize voice traffic over 

applications that are not latency sensitive to guarantee satisfactory voice quality [21].  

 This research utilizes VoIP services for its SDBs, and its performance over IEEE 802.11 

standard is evaluated in the presence of different background traffic scenarios. The study 

measures critical parameters that affect the voice quality over wireless communications links 

such as delay, packet loss and jitter. 
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Figure 2.4 VoIP Architecture 

 

2.6 IEEE 802.11 

 Wireless connectivity between devices such as mobile phones, tablets, computer, 

printers, etc. is now well established. IEEE 802.11, also known as Wi-Fi, has become the de facto 

standard of Wireless Local Area Network (WLAN) solutions, with data rates of around 54 Mbps. 

IEEE 802.11 is a set of specifications for executing WLAN computer communications in the 900 

MHz, 2.4 GHz, 3.6 GHz and 60 GHz frequency bands [22]. 

 There are a variety of standards under the IEEE 802.11, each with a letter suffix. An 

example of different Wi-Fi protocols and data rates can be seen in the table below. 
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Table 2.1 Wi-Fi Protocols and Data Rates 

Standard Maximum data rate Frequency 

Range 

Indoor (m) Outdoor (m) 

802.11a 54 Mbps 5 GHz 35 120 

802.11b 11 Mbps 2.4 GHz 35 140 

802.11g 54 Mbps 2.4 GHz 38 140 

802.11n ~ 600 Mbps 2.4 GHz or 5 GHz 70 250 

802.11ac 1.3 Gbps 5 GHz 35  

Legacy 802.11 2 Mbps 2.4 GHz 20 100 

  

For this thesis, the 802.11n Wi-Fi standard is used as the backhaul link between SDBs. 

802.11n is used for this research because it is faster and less prone to interference than the 

802.11 a/b/g. 802.11n standard has an even better signal recovery, when the data quality 

deteriorates. The devices can lower their data rate in order to improve the quality of the 

connection. 
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CHAPTER 3 

SOFTWARE DEFINED CELLULAR NETWORK 

A cellular network is considered software defined if the Radio Access Network (RAN) and 

the core network functions and protocols are implemented in software. Generic hardware and 

software are also expected to be used in the RAN and core networks. SDRs are tremendously 

versatile and can enable rapid prototyping of communications protocols.  Existing cellular 

networks have complex control-plane protocols, hence making them inflexible, expensive and 

proprietary. SDRs can simplify the network management and design of cellular networks, while 

enabling new value added services. However, new scalability challenges such as support of many 

subscribers, base station handovers, precise measurement and control are introduced.  SDR 

cellular networks consist of multiple SDBs that are interconnected with a wired or wireless 

backhaul link. For the purpose of this research SDBs are connected by wireless backhaul links 

[17]. 

 3.1 SDR Based GSM Base Station 

Cellular base stations which are based on software defined radios have countless benefits 

and applications, one of which is that new upgrades and functionalities can be added to the 

existing infrastructure without needing huge capital expenses. 

One of the reasons why this thesis makes use of GSM is due to the fact that GSM standard 

has a very narrow bandwidth in relation to other commonly used wireless standards. A frequency 

channel of GSM is 200 kHz. As newer technologies emerge, the bandwidths they occupy tend to 
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increase. The hardware required to capture larger bandwidths pose a challenge for SDRs as they 

become more expensive and complex to implement. In order to build a GSM SDB, a software 

implementation of the GSM protocol stack is needed.  

Open source software projects that provide GSM cellular technology are already in 

existence, some of which are: 

 YateBTS develops a BTS 

 OpenBTS develops a BTS 

 OsmocomBB  

 gsmd daemon by Openmoko  

 

Figure 3.1 Software Defined Radio Based GSM Network Architecture 
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3.2 Prototype Design  

 To build a system, as shown in Figure 3.1, a bladeRF x40 is used as the SDR. Other 

hardware components and system parameters required are listed in the table below. 

 

Table 3.1 Requirements for an SDR Based Deployable GSM Base Station 

Requirements Description 

bladeRF x40 SDR that can operate over frequency range 300 MHz to 3.8 GHz 

Raspberry Pi 3 1.2 GHz, 64bit Quad core ARMv8 CPU 

Antennas 
Omnidirectional 700 MHz to 2600 MHz Duck antennas, 5 dBi Gain 

400 MHz to 1 GHz Log Periodic directional antennas, 5 dBi Gain 

YateBTS Software implementation of the GSM protocol stack 

Frequency 900 MHz (GSM) 

Voice Codec GSM 06.10 (13 kbits/s or 1.625 bits/audio sample) 

Traffic Protocols User Datagram Protocol (UDP), RTP, SIP 

Phones LG-B220A, Samsung GT-S7562, IPhone 5S 

Lithium Polymer Battery Zippy 11.1v 2800mAh 
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3.2.1 BladeRF x40  

 In this thesis, a bladeRF x40 shown in Figure 3.2 is chosen as the SDR. It is an appropriate 

device for this purpose because it is a low cost fully bus-powered USB 3.0 superspeed SDR. It 

operates autonomously using an FPGA for signal processing and is powered by a 5 V DC input. 

BladeRF x40 requires a high throughput and low latency for its operation, which is why the USB 

3.0 superspeed is the ideal interface to recent computers. 

 The RF transceiver is a LimeMicro LMS6002D that is fully integrated. It is built to power 

Pico cell stations such as the one proposed in this thesis. It can easily be programmed to handle 

anything from Frequency Modulation (FM) audio to 4G LTE cellular standard to whatever may 

come up in the future. 

 The bladeRF has a fully programmable FPGA (Altera Cyclone IV) that provides an interface 

between the FX3 and RF transceiver. The FPGA is ready to be programmed and contains a single-

cycle access embedded memory, hard 18 by 18 multipliers for dedicated Digital Signal Processing 

(DSP) and several general logic elements. A major reason why the bladeRF is used for this 

research is due to its portable size of 5 inches by 3.5 inches and light weight of 2 pounds, which 

can easily be carried on a drone [23]. 
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Figure 3.2 BladeRF System 

 

 The BladeRF x40 is powered by one of the USB 3.0 superspeed ports on the Raspberry Pi 

3 Model B. 

 The RF specifications from the Lime Micro LMS6002D data sheet in [24] is shown in table 

3.2 
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Table 3.2 RF Parameters 

Parameter Unit Minimum Maximum Comment 

RF Frequency Range GHz 0.3 3.8 

 Baseband Bandwidth MHz 0.75 14 

Frequency Resolution Hz 

 

2.4 

Transmitter (TX) supply 

current 
mA 280 

Maximum gain 

Receiver (RX) supply current mA 220 

TX output power dBm 6 
 

RX damage power dBm 23  

 

 

3.2.2 YateBTS 

 YateBTS is a software implementation of the GSM protocol stack based on Yate 

technology. It makes use of Nuand’s SDR bladeRF where the entire physical layer is implemented 

in software, unlike other FPGA or DSP based radio designs. YateBTS converts GSM signals from 

UEs, and sends it via a VoIP connection. YateBTS is made up of the MBTS radio component known 

as the radio resource manager and the radio transceiver. 

For the purpose of this thesis, YateBTS is used in place of OpenBTS. This is because in 

YateBTS, upstream protocols (RTP and SIP) are decoupled from GSM communications, which 

provides better stability and standard compliance. In OpenBTS upstream protocols interact 

tightly with GSM protocols and new features are implemented in C++ code, which may affect the 

existing code. Some other advantages of YateBTS include monitoring ability through Simple 
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Network Monitoring Protocol (SNMP) or scripting, services can be implemented through scripting 

and a stable SIP and RTP implementation. 

For the prototype described in this thesis, when a call is made, the GSM signal is received 

by YateBTS where it is passed upwards to layers 1 and 2 and processed. After this, it is passed 

through the socket to Yate, where is it rendered with SIP or IAX in order to communicate with an 

outside VoIP server; for example, it links the UE to the other UE it is trying to communicate with. 

Yate gives a joint solution between the layer 1 - physical, layer 2 - link layer and layer 3 - MBTS 

also known as the radio resource manager. The GSM core network is handled by a javascript 

implementation called Network in a Box (NIB) in YateBTS. It performs registering, Short Message 

Service (SMS), Unstructured Supplementary Service Data (USSD) messages, routing calls and 

authenticates users.  The HLR, AuC and MSC are contained in NIB. The javascript module also 

handles the RTP and SIP protocols. 
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Figure 3.3 YateBTS 

 

3.2.3 Raspberry Pi 3 

 In this thesis, a Raspberry Pi 3 Model B, shown in Figure 3.4 below and running Raspbian 

Linux distribution, is used as the Linux server. The Raspberry Pi 3 is a small single-board computer 

with a 1.2 GHz 64-bit quad-core ARMv8 CPU, 802.11n Wireless LAN, 1 GB Random Access 

Memory (RAM), full High Definition Multimedia Interface (HDMI) port and four USB 3.0 

superspeed ports [25]. It is an appropriate device for this purpose because it is easy to use, 

lightweight, which is a significant factor for drones, and most importantly has USB 3.0 superspeed 

ports, which is needed by the bladeRF x40 for its operation. One of the challenges encountered 
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during the design of this prototype was when a USB 2.0 port was used as a connection link 

between the bladeRF x40 and a Linux server (Raspberry Pi 2, Dell laptop running on Ubuntu); the 

sample rate on the Linux server could not match up with that on the bladeRF x40. This always led 

to a sample rate error caused by dropped samples thereby shutting down the transceiver. 

 

 

Figure 3.4 Raspberry Pi 3 Model B 

 

 The Raspberry Pi 3 Model B is powered by a micro USB port, so a 5 V buck converter and 

an 11.1v 2800mAh battery is used. The Raspberry Pi 3 Model B also powers the BladeRF x40 via 

its USB 3.0 superspeed ports, which makes the prototype design mobile and portable. 
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3.2.4 Antennas 

In order to expand the coverage area of the proposed SDB, antennas which have the 

capability of operating in the GSM band (850, 900, 1800 0r 1900 MHz) are used.  Lower frequency 

bands (850 and 900 MHz) propagate further than the higher frequency bands, sometimes double 

the distance. The 900 MHz frequency is used due to this reason. 

For the purpose of this research, two 5 dBi omnidirectional duck antennas and two 5 dBi 

log periodic directional antennas are used. This prototype requires only two antennas, but the 

coverage area of both omnidirectional and directional antennas is evaluated. The 

omnidirectional and log periodic directional antennas are shown in Figure 3.5 and Figure 3.6 

below. 

Figure 3.5 Omnidirectional 700 MHz to 2600 MHz Duck Antennas 
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Figure 3.6 400 MHz to 1 GHz Log Periodic Directional Antennas 

3.2.5 Setup of an SDR Based Deployable GSM Base Station 

First of all, Raspbian Jessie lite operating system is downloaded, unpacked and installed on the 

Raspberry Pi 3. After the operating system installation, the bladeRF is then connected to the USB 3.0 

superspeed port of the Raspberry Pi 3 and the following libraries and dependencies are installed on the 

Raspberry Pi 3 in the following order: 

1. BladeRF and YateBTS dependencies

2. Nuand bladeRF source code
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3. Nuand bladeRF firmware 

4. Yate and YateBTS, which are open source software 

All these are downloaded and installed from GitHub repositories, which are directories or storage 

spaces. In order to configure the GSM BTS operability, javascript applications in the YateBTS configuration 

files are edited to suit the prototype design specifications. The following values are set: 

 Radio.Band = 900, which signifies the GSM operating band. 

 Radio.C0 = 50, which signifies the Absolute Radio Frequency Channel Number (ARFCN) 

 Identity.MCC = 001, which signifies the Mobile Country Code (MCC) 

 Identity.MNC = 01, which represents the Mobile Network Code (MNC) 

 Identity.LAC = 1000, which represents the location area code, in a network a unique Location Area 

Code (LAC) is assigned to each unit 

 Identity.CI = 10, which signifies the Cell ID (CI) and it is unique for every BTS on the same network 

 Identity.BSIC.BCC = 2, which signifies the GSM BTS color code, BCC values in a multiple BTS 

network are assigned so that BTS units with overlapping coverage do not share a BCC 

 Identity.Shortname = UNT Mobile, which signifies the network short name and is displayed on 

some mobile phones 

 Radio.PowerManager.MaxAttenDB = 35, which signifies the maximum transmitter attenuation 

level in dB 

 Radio.PowerManager.MinAttenDB = 35, which signifies the minimum transmitter attenuation 

level in dB 

The next step is to allow UEs (subscribers) to connect to the GSM BTS. In YateBTS subscribers are 

accepted on two criteria: regular expression that matches the International Mobile Subscriber Identity 

(IMSI) or they are independently inserted [17]. IMSI is a unique number associated with GSM phone users 
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and identifies a GSM subscriber. It consists of two parts: the first part identifies the GSM network operator 

and the second part is assigned by the network operator to exclusively identify a subscriber. IMSI is stored 

in the Subscriber Identity Module (SIM) inside the mobile phone and is sent by the mobile phone to the 

BTS. For the purpose of this thesis, we add IMSI independently to the subscriber configuration file so other 

mobile phones within range do not connect to the UNT Mobile (SDB) network.  

Minimal GSM configurations and connections needed for the SDB are now set, and the test mobile 

phones with SIMs are connected to the GSM SDB. This is now a fully operational single BTS GSM network. 

Phone calls and SMS can now be made and sent respectively across the connected mobile phones.  

 

Figure 3.7 SDR Based Deployable GSM Base Station 
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The process of enabling outgoing calls to other mobile networks is discussed in the next 

section. 

3.2.6 Implementing Multiple SDR Based GSM Base Stations within a Network 

In order to implement a network of multiple base stations, there needs to be a medium 

of communication within these base stations. This can be a wired or wireless connection in which 

an existing local network link or a network created by the base stations; both mediums are 

explored in this research. 

For the purpose of this thesis, two SDR based deployable GSM base stations are built 

according to the specifications in the previous section. YateBTS configuration scripts are also 

edited for each base station. The following changes are made: 

 Each base station is assigned the same MNC, MCC and NCC since they belong to the same

network 

 Each base station is assigned different CIs because they are separate units

 Each base station is also assigned different LACs because each time a UE moves to a

different unit it will need to be registered 

 Each base station is assigned a SIP IP address

 A neighbor list is created which contains the IP address of the neighboring base station

 SIP peering protocol is used to exchange neighbor list among base stations

 Both base stations are assigned different ARFCNs because they might not work due to

interference from each other’s channel 
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Handovers between base stations are done by YateBTS via SIP. Handover in YateBTS 

depends on Received Signal Strength Indicator (RSSI). Before a handover takes place the RSSI of 

the serving base station must be weak enough and the RSSI of the neighboring base station must 

be significantly higher than that of the serving base station. To achieve this the following values 

have been set for each base station [17]: 

 RSSI Difference = 10, which is expressed in dBm and specifies that if the RSSI of the 

neighboring base station does not exceed a certain value; handover is not allowed 

 Minimum Received Power = -80, which signifies the power threshold in dBm; if this value 

at the current serving base station is higher than the RSSI from any other base station on 

the UE, handover is not allowed 

 Handover Hold-off = 5000, which signifies that, if a handover has been previously rejected 

by the neighboring base station within this period, handover is not allowed. It is time 

measured in ms 

The first method used in this thesis to connect the two SDR based deployable base 

stations is via the University of North Texas (UNT) Eaglenet wireless network (existing local 

network). UNT Eaglenet WLAN spans the entire university and provides internet access and 

WLAN connectivity across the campus. Each base station is connected via their Raspberry Pi 3 

Wi-Fi modules to the UNT Eaglenet network and assigned a SIP IP address. Next, neighbor lists 

are created on each base station containing the IP address of the neighboring base station. An 

advantage of using the UNT Eaglenet WLAN as the backhaul link is wider coverage and distance 

between base stations. Another benefit is the routing of outgoing calls (calls outside the UNT 
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Mobile network) via a SIP trunking service through UNT Eaglenet WLAN internet service. In order 

to accomplish this, SIP.US SIP trunking service was used, and the base stations were configured 

with the IP address of the SIP.US gateway. When an outgoing call is made and the phone number 

does not correspond to any IMSI on the UNT Mobile network or subscriber list, the call is routed 

to the SIP.US gateway IP address. This enabled outgoing calls to be made to other networks such 

as T-Mobile and AT&T cellular networks. Dependence on UNT Eaglenet WLAN also has major 

disadvantages, as any network failure or damage to the UNT Eaglenet WLAN will cause a 

communication failure between the two base stations.  

 The second method used to connect the two SDR based deployable base stations was via 

the Raspberry Pi 3 WLANs.  The backhaul links are as Ad Hoc mode Wi Fi on the Raspberry Pi 3s. 

This design is not dependent on any existing infrastructure or local network; therefore, it is not 

susceptible to infrastructure damages caused by disasters. It also has increased mobility and can 

be deployed in any environment. The downside of using such a backhaul link is the limited range 

between base stations and interference caused by other devices operating in the Wi-Fi band. The 

maximum distance recorded between base stations using this method is 60 meters. 
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CHAPTER 4 

PERFORMANCE EVALUATION 

The aim of this design is to establish whether or not an SDR based deployable GSM 

network with a Wi-Fi backhaul link can provide the essential services of satisfactory quality. The 

capacity and coverage area of the base stations are also evaluated with respect to the 

omnidirectional and log periodic directional antennas. 

4.1 Signal Propagation 

In order to estimate the signal propagation and coverage area of the prototype in free 

space, the RSSI is measured and path loss is calculated using the omnidirectional and log periodic 

directional antennas. 

Log-distance path loss model is used, which is formally expressed as: 

𝑃𝐿 =  𝑃𝑇𝑥 (𝑑𝐵𝑚) − 𝑃𝑅𝑥(𝑑𝐵𝑚) + 𝐺𝐴 

 (1)  

Here, 𝑃𝐿 is the path loss in dB, 𝑃𝑇𝑥 (𝑑𝐵𝑚) is the transmitted power from the base station, which is 

6 dBm, 𝑃𝑅𝑥(𝑑𝐵𝑚) is the received power on the UE from the base station transmitter and 𝐺𝐴 is the 

combination of the antenna gains, which is approximately 8 dBi. 

For the evaluation, the experiment is performed in an open field. Five different mobile 

phones as receivers are used to measure the RSSI and are placed 0.5 m high. The transmitter 
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antenna height is 1 m. RSSI data is not analyzed separately for every phone but averaged among 

all used mobile phones in order to avoid specific dependencies on the specific model, antenna or 

transceiver unit of the mobile phone. 

 The Log-distance model is used to calculate the path loss when using the omnidirectional 

and directional antennas. 

 

Table 4.1 Signal Propagation using an SDR based GSM Base Station (BS) 

Distance 

between 

BS and 

UE 

GA 

(dBi) 

PTx 

(dBm) 

RSSI (PRx(dBm)) PL (dB) 

Omnidirectional 

Antennas 

Directional 

Antennas 

Omnidirectional 

Antenna 

Directional 

Antenna 

0 8 6 -59 -65 73 79 

10 8 6 -77 -89 91 103 

20 8 6 -83 -91 97 105 

30 8 6 -89 -93 103 107 

40 8 6 -93 -95 107 109 

50 8 6 -97 -97 111 111 

60 8 6 -101 -99 115 113 

70 8 6 -107 -103 121 117 

80 8 6 -111 -104 125 118 

90 8 6 No signal -105 No signal 119 
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100 8 6 -106 120 

110 8 6 -107 121 

120 8 6 -108 122 

130 8 6 -109 123 

140 8 6 -109 123 

150 8 6 -110 124 

 

 

  

Figure 4.1 Path Loss in dB vs. Distance between BS and UE 
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As seen above, directional antennas extend the range between the BS and UE to 

approximately 150 m, which is twice the range from the omnidirectional antennas. But, 

directional antennas extend the range in only a given direction, while omnidirectional extends 

the range in all directions.  

 

4.2 Backhaul Link 

 For the purpose of the experiment, channel 6 of 802.11n is used because channel 1, 6 and 

11 are the most utilized channels which do not overlap. 

 

Figure 4.2 Graphical Representation of 2.4 GHz Band Channels Overlapping (Wireless 

Networking in Developing World, 2009) 

 

4.3 Channel Utilization 

 The SDR based deployable GSM network is tested in two different environments 

(scenarios), which are:  

 Inside the UNT Discovery park building with approximately 50 Wi-Fi access points where 

the RF landscape cannot be controlled (noisy environment) 
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 A residential environment with few RF devices operating in the Wi-Fi band (quiet 

environment)  

An RF spectrum analyzer is placed between both BSs and used to monitor traffic on the 

2.4 GHz band. 
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Figure 4.3 Background Traffic in Noisy Environment 



40 
 

 

Figure 4.4 Background Traffic in Quiet Environment 
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Figures 4.3 and 4.4 indicate the RSSI on the 2.4 GHz (Wi-Fi) frequency band. It is seen from 

the graphs above that the 2.4 GHz band is heavily utilized in a noisy environment in comparison 

with a quiet environment. High level of channel utilization and overlapping channels is a major 

cause of interference. 

4.4 Traffic Evaluation 

For this experiment, the two BSs are set 40 meters apart and UEs are at a distance of 

approximately 20 meters from the BSs. The voice quality and capacity of the Wi-Fi backhaul link 

is tested and measured with VoIP performance metrics. Four mobile phones (UEs) are used, with 

two subscribed to each BS. The points where traffic is measured and direction of call flow are 

indicated in Figure 4.4. 

4.4.1 Measurements Points 

Incoming and Outgoing voice data (VoIP packets) are captured multiple times at both BS 

with the aid of a network protocol analyzer called Wireshark, and the average of each capture is 

recorded. This is done in order to understand where and when there is a loss of quality on the 

communication link. VoIP traffic is monitored on four points as shown in Figure 4.5 below. 
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Figure 4.5 Call Flow and Measurement Points for the SDR Based GSM Network Prototype 

 

A denotes the outbound traffic flow from BS 2 to BS 1, B denotes the inbound traffic flow at BS 2 

from BS 1, C denotes the outbound traffic flow at BS 1 to BS 2, D denotes the inbound traffic flow 

at BS 1 from BS 2. 

Points A and C capture the performance statistics for the internal system, i.e., Raspberry 

Pi 3 shown in Figure 3.4, while measurement points B and D capture performance statistics for 

the Wi-Fi backhaul link. 
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4.5 Performance Metrics 

 In order to evaluate the performance of the SDR based GSM network over a Wi-Fi 

backhaul link, the VoIP session characteristics and parameters are captured using Iperf. The 

protocols used by the VoIP session are SIP, RTP and RTP control protocol, which comprise of 

upstream and downstream. Jitter, packet loss, packet delay and throughput are four 

characteristics of a VoIP session that are critical to voice quality and are considered. 

 Packet Delay: This is the time taken for a packet to be transmitted across a network from 

source to destination. It is measured in ms. 

Jitter: This is also known as Packet Delay Variation (PDV); it is the deviation of the 

difference in packet arrival time at the receiver in relation to the sender. It is measured in ms and 

calculated as [26] 

𝐽(𝑖) = 𝐽(𝑖 − 1) +
(|𝐷(𝑖 − 1, 𝑖|)) − 𝐽(𝑖 − 1) 

16
 

                     (2) 

where 𝐷 (packet delay) is the difference in RTP timestamp and RTP arrival time of a packet and 

is divided by 16 in order to reduce the effect of large random changes. 

 Packet Loss: It occurs when one or more packets of data travelling through the network 

fail to reach their destination. It is based on RTP sequence numbers, and it is measured as a 

percentage of packet lost with respect to packet sent. 
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 Throughput: This is the number of bits successfully received per second. It is measured in 

Mbps. 

 Mean Opinion Score: It is a metric used to describe the call quality as perceived by the 

users. The maximum MOS that a system provides is dependent on the voice codec (GSM FR 6.10). 

The MOS achieved by the SDR based GSM network is evaluated using the E-Model [27]. MOS 

model takes into account voice codec and packet loss. GSM FR MOS is 3.46 for 0% packet loss. It 

is expressed in a range from 1 to 5, with 1 being the worst and 5 being the best. MOS is calculated 

as follows: 

𝑀𝑂𝑆 = 1 + (𝑅 ∗ 0.035) + 𝑅 ∗ (100 − 𝑅) ∗ (𝑅 − 60) ∗ (7 ∗ 10−6) 

                    (3) 

where 𝑅 is the rating factor that is calculated as a function of the effective equipment impairment 

factor 𝐼𝑒𝑒𝑓𝑓, 

𝑅 = 93.2 −  𝐼𝑒𝑒𝑓𝑓 

                    (4) 

The 𝐼𝑒𝑒𝑓𝑓 depends on packet loss and is written as 

𝐼𝑒𝑒𝑓𝑓 = 𝐼𝑒 + (95 − 𝐼𝑒) ∗  
𝑝𝑝𝑙

𝑝𝑝𝑙 + 𝑏𝑝𝑙
 

                                                                                                                                                                       (5) 
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where 𝐼𝑒 is the equipment impairment factor for 0% packet loss, 𝑝𝑝𝑙 is the packet loss probability 

and 𝑏𝑝𝑙 is packet loss robustness factor. GSM FR 6.10 have 𝑏𝑝𝑙 and 𝐼𝑒 values of 26 and 43, 

respectively [28]. 

Figure 4.9 to Figure 4.16 plot the average jitter, delay, throughput, packet loss and MOS for 

different number of calls across various VoIP sessions. 

4.6 Number of Calls 

Due to limited number of mobile phones and SIM cards, real calls are simulated.  Voice 

codec GSM FR 6.10 is used and has a data rate of 13.2 Kbits/s or 1.625 bits/audio sample. On 

Wireshark, GSMTAP is used in YateBTS to capture GSM signaling and traffic at the layer 1 and 2 

interface. The IP address 127.0.0.1 is used on Wireshark in order to receive real time traces. Iperf 

is also used to generate and send UDP packets at the same data rate as GSM FR 6.10 (13.2Kbits/s) 

from BS 1 to BS 2, which is regarded as a simulated call. For each additional call the bit rate is 

increased accordingly, i.e., 10 calls are equivalent to 132 Kbits/s. 

In order the validate the simulations, real calls and simulated calls are compared in terms 

of jitter and packet loss. The following comparisons are done in a quiet environment: 

 One real call against one simulated call

 Two real calls against two simulated calls

 Three real calls against three simulated calls

 Three real calls plus a simulated call against four simulated calls
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Table 4.2 Call Simulation in Quiet Environment 

Test 
Measurement 

Point 

Real Call Simulated Call 

Jitter (ms) 
Packet Loss 

(%) 
Jitter (ms) 

Packet Loss 

(%) 

One real call 

against one 

simulated call 

A 2.533 0.000 2.552 0.000 

B 3.258 0.090 3.215 0.097 

C 2.501 0.000 2.499 0.000 

D 3.256 0.110 3.255 0.101 

Two real calls 

against two 

simulated calls 

A 2.539 0.000 2.522 0.000 

B 3.259 0.090 3.266 0.090 

C 2.533 0.000 2.537 0.000 

D 3.258 0.110 3.252 0.110 

Three real calls 

against three 

simulated calls 

A 2.578 0.000 2.492 0.000 

B 3.412 0.120 3.444 0.112 

C 2.590 0.000 2.662 0.000 

D 3.399 0.140 3.409 0.170 

Three real calls 

plus a simulated 

call against four 

simulated calls 

A 2.623 0.000 2.628 0.000 

B 3.492 0.113 3.479 0.170 

C 2.677 0.000 2.699 0.000 

D 3.416 0.120 3.516 0.170 

 



47 
 

 

 

Figure 4.6 One Real Call Against One Simulated Call 
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Figure 4.7 Three Real Calls Against Three Simulated Calls 
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Figure 4.8 Three Real Calls Plus One Simulated Call Against Four Simulated Calls 
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 As shown above, real and simulated calls show identical values for jitter and packet loss. 

Therefore, performance metrics of up to 50 calls are captured and the values are evaluated. The 

interval at which the voice packets are sent is 20 ms. RTP frames are 87 bytes of length and 

include 12 bytes for RTP, 8 bytes for UDP and 20 bytes for IP headers.  

 

4.7 Scenarios 

 In order to evaluate the capacity of the link, the number of calls are varied by increasing 

the number of simulated calls, and the effect of jitter, packet loss, throughput and MOS is 

measured across the link. Ten trials of 3 minutes each are run for every call and the average of 

all trials is recorded. 

 

4.7.1 Quiet Environment 

 The initial set of tests is conducted in a quiet environment and the results are shown in 

Figure 4.9 to Figure 4.12. 
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Figure 4.9 Jitter Against Number of Calls 

 

Figure 4.10 Packet Loss Against Number of Calls 
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Figure 4.11 Throughput Against Number of Calls 

 

Figure 4.12 MOS Against Number of Calls 
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 According to [29], both jitter and packet loss are well below tolerated threshold for VoIP. 

Cisco in [29] states that for tolerable voice quality, the average one-way jitter should be less than 

30 ms and packet loss should ideally be less than 1%. At 5% the voice quality is still considered 

good, but values greater than 10% result in noticeable delayed voice signals. From Figure 4.9 it is 

shown that for 52 calls (VoIP session) the maximum one-way jitter is approximately 16 ms, which 

is well below the acceptable voice quality of 30 ms. In terms of MOS, poor voice quality is below 

2.5 MOS. In Figure 4.12 the lowest MOS value for 52 calls is approximately 2.8 MOS, which is still 

within the acceptable range. These results specify that the SDR based deployable GSM network 

with a Wi-Fi backhaul link is capable of supporting up to 52 GSM voice calls in an environment 

where there is little RF interference. This prototype is therefore practicable for deployment as a 

DRN solution. 

 

4.7.2  Noisy Environment  

 The above test was carried out in an environment where the RF activity on the 2.4 GHz 

band (Wi-Fi) is low. However, during a disaster, the RF landscape cannot be controlled and it is 

highly probable that there will be existing devices and networks also transmitting on the 2.4 GHz 

band. Therefore, tests are also conducted when the 2.4 GHz spectrum is heavily utilized. This 

increase in background traffic signifies increased competition for wireless access. 
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Figure 4.13 Jitter Against Number of Calls 

 

Figure 4.14 Packet Loss Against Number of Calls 
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Figure 4.15 Throughput Against Number of Calls 

 

Figure 4.16 MOS Against Number of Calls 
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 The above experiment is conducted during office hours in UNT College of Engineering 

where the external wireless activity is high (increased background traffic) as might be in the case 

of a disaster scenario. In Figure 4.13 the jitter is seen to be approximately five times higher than 

in the quiet environment for even low number of calls. The average jitter remains approximately 

under 30 ms up until 52 calls. Nevertheless, the packet loss quickly rises and shows an unstable 

pattern due to interference. The packet loss has an average of over 20%, therefore most calls will 

not be successful. In Figure 4.16 the MOS is significantly lower than that of a quiet environment. 

The MOS values quickly fall below 2.5 MOS, which indicates poor voice quality. This result 

establishes that in the presence of RF interference, the SDR based deployable GSM network with 

Wi-Fi backhaul link can rapidly degrade to a level where it may not be able to support more than 

five calls. This degradation is solely due to the backhaul link while the BS are capable of handling 

the communication. 
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CHAPTER 5 

CONCLUSIONS 

Major disasters are usually followed by power and communication failures which make it 

problematic for first responders and affected individuals to communicate amongst themselves. 

Therefore, it is crucial to have a rapidly deployable communications network which can be used 

until normalcy is restored to the commercial mobile networks within the affected area. These 

rapidly deployable networks should be capable of working with legacy devices and existing 

infrastructure. 

An SDR based deployable GSM network prototype has been implemented and evaluated 

in this thesis. A Wi-Fi backhaul link is used in connecting BSs, and the prototype is evaluated in 

different environments with different levels of interference in the 2.4 GHz (unlicensed band) RF 

landscape. It is observed that in environments which have more noise in the 2.4 GHz band, the 

call quality between BS rapidly degrades with an increase in the number of calls than when 

compared to an environment with less noise. 

5.1 Design Challenges 

Power and Coverage Area: Outdoor GSM cell towers usually have a maximum range of 35 km (22 

miles) and have transmit powers that could range anywhere from a few watts to about a 100 W depending 

on the coverage area. The design in this thesis has an SDR (bladeRF x40) that has a maximum transmit 

power of 4 mW (6 dBm), hence only a coverage area of about 5000 m2 is achievable. GSM radio signals 

can be boosted to cover larger areas; however, some form of signal amplifier will need to be used. 
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Backhaul Link and Interference: The unlicensed 802.11 Wi-Fi (2.4 GHz) spectrum used in this thesis 

is highly prone to interference as many other devices such as microwave ovens, wireless microphones, 

Bluetooth, ZigBee, etc. also make use of this band. A solution would have been to use the 5 GHz band 

which is less prone to interference from other devices because there are lesser devices currently using 

this channel, however the distance between the two BSs is significantly reduced as signals with higher 

frequency travel shorter distances. An optimal solution for the backhaul link will be to use licensed bands 

of lower frequency such as the 900 MHz band, in doing so the distance between both BSs can be 

significantly increased.  

 It is concluded that for the prototype to provide satisfactory quality of voice service, an 

idle licensed spectrum will be appropriate. In major disasters, it is expected that some of the 

licensed spectrum will be idle, which can be used for this purpose. Spectrum sensing techniques 

in cognitive radio networks can be used for this purpose [30].  
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