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Abstract
The increasing demand for wireless communication and the limitations of current
cellular networks motivate research into new cellular network architectures. Tradi-
tionally, the philosophy in cellular networks has been to have one base station per
geographical area, and that a cellular user is only connected to one base station at
a time. This has limitations with regard to uneven coverage and poor cellular qual-
ity far from base stations. Distributed multiple-input multiple-output (D-MIMO)
systems aim to resolve those limitations, providing users with improved cellular net-
work performance. Chalmers University of Technology has a D-MIMO testbed that
is used in research. Although the testbed fulfills its intended purpose, its current
setup is based on costly laboratory equipment, which limits experimental flexibility
and restricts scalability. Therefore, this thesis aims to implement a more flexible
and cost-effective method to emulate user equipment in the current testbed. The
project first focused on designing and validating a point-to-point communication link
between two software-defined radios, evaluating several key aspects of the radios,
including bandwidth limitations, maximum achievable throughput, and limitations
related to signal duration and onboard memory. The results show that the system
can operate with a maximum bandwidth of 49.51 MHz and a maximum throughput
of 54.25 Mbit/s. The developed communication system enables reliable data trans-
mission and reception, using preambles to detect and correct transmission errors
and verify the accuracy of the transmitted data. It operates without external ref-
erence signals and compensates for carrier frequency offsets. Bit error rate (BER)
and error vector magnitude (EVM) were used to evaluate the system. In indoor
conditions, a BER of 0 and an EVM of 6.25% were achieved, allowing it to transmit
data reliably between two radios. The system was also successfully integrated into
the D-MIMO testbed, where it was subjected to strict synchronization constraints.
The transmitted signal was successfully received by all six remote radio heads and
combined using maximum ratio combining, achieving a BER of 0 and an EVM of
4.64%.

Keywords: 6G testbed, USRP, software-defined radio, distributed MIMO.
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1
Introduction

1.1 Background

Cellular communication systems constitute one of the most critical infrastructures
in modern society. Applications ranging from smartphones and connected vehicles
to industrial automation and remote healthcare rely on the continuous exchange of
information over mobile networks [1]. With each new generation of cellular technol-
ogy, these capabilities have expanded, and the transition to sixth-generation (6G)
systems is expected to enable even more transformative use cases [2].

To support these ambitions, future networks are expected to rely on advanced radio
architectures. One such key technology is distributed multiple-input multiple-output
(D-MIMO), where a large number of geographically separated antennas cooperate
to serve users. Compared to conventional cellular systems, D-MIMO can improve
coverage, spectral efficiency, and energy performance [3], [4]. At the same time, it
introduces stringent requirements on synchronization between user equipment and
base stations [4].

At Chalmers University of Technology, a D-MIMO testbed has been developed to
study such systems. The testbed employs multiple base stations interconnected via
analog radio-over-fiber links and operates in a time-division duplexing mode at a
carrier frequency of 2.35 GHz. In the current setup, user equipment is emulated us-
ing laboratory instruments such as oscilloscopes and function generators. While this
approach provides accurate signal generation, the required equipment is expensive
and limits the scalability and flexibility of experimental evaluations. Consequently,
there is a strong motivation to investigate more cost-effective and adaptable alter-
natives for user emulation.

Software-defined radios (SDRs) are a suitable solution in this context. In an SDR
system, many radio functions that are traditionally implemented in hardware are in-
stead handled in software, which makes the system highly flexible and reconfigurable.
This makes it possible to change transmission and reception parameters in real time
and simplifies rapid prototyping of communication systems. Previous studies have
shown that SDR platforms are well-suited for experimental wireless communication
setups [5]. In particular, universal software radio peripheral (USRP) provides a
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1. Introduction

flexible hardware platform that can be used to emulate realistic user equipment in
a D-MIMO testbed environment [5]. However, a flexible and experimentally vali-
dated SDR-based user equipment solution for the Chalmers D-MIMO testbed is still
missing.

1.2 Project goal and research questions
The goal of this project is to design, implement, and evaluate an SDR-based user
equipment for use in the Chalmers D-MIMO research testbed. The proposed user
equipment is the USRP B205mini-i and is intended to replace existing laboratory
instruments currently used for user emulation, enabling a more cost-effective, scal-
able, and adaptable experimental setup.

The developed system should be capable of transmitting and receiving baseband
in-phase and quadrature (IQ) samples and operating coherently with the existing
D-MIMO testbed at Chalmers University of Technology. To achieve this, the project
is structured into two main phases. In the first phase, a point-to-point communica-
tion link between two USRPs is designed and validated to verify basic transmission
and reception functionality, including digital modulation, filtering, and performance
evaluation. In the second phase, the USRP-based user equipment is integrated into
the D-MIMO testbed, where its ability to operate under synchronization constraints
and interact with multiple distributed access points connected to a central process-
ing unit is investigated.

The project aims to address the following research questions

• What is the maximum achievable throughput measured in bits per second,
under indoor laboratory conditions?

• What is the maximum usable signal bandwidth that can be achieved using the
USRP B205mini-i platform in the considered experimental setup?

• What is the maximum signal duration that can be transmitted and received,
given the available on-board memory and data transfer constraints of the
USRPs?

• To what extent can the USRP-based user equipment be synchronized with the
D-MIMO testbed when not using external reference clocks and timing signals?

1.3 Scopes and limitations
This project focuses on the design and experimental evaluation of USRP-based user
equipment operating at the physical layer. The work is limited to baseband sig-
nal generation, digital modulation and demodulation, filtering, and synchronization
with the existing D-MIMO testbed. The system is intended for controlled laboratory
experiments and does not represent a complete end-to-end communication system.
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1. Introduction

The project is carried out using the USRP B205mini-i platform and is therefore
constrained by its hardware specifications [6]:

• Carrier frequency range of 70 MHz to 6 GHz

• Maximum instantaneous bandwidth of up to 56 MHz

• Synchronization via a 10 MHz reference clock and a pulse-per-second signal

Higher-layer communication features such as medium access control and error cor-
rection codes are not considered. Communication is limited to half-duplex oper-
ation, and advanced features such as adaptive modulation, channel coding, and
link adaptation are outside the scope of this work. Experimental evaluations are
performed using a limited number of USRP devices in an indoor laboratory envi-
ronment. Therefore, large-scale deployments and outdoor measurements are not
considered. Furthermore, the wireless channel is modeled under a line-of-sight as-
sumption, neglecting effects such as multipath fading.
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2
System Model

Wireless communication systems are commonly modeled as three separate stages:
the transmitter, the communication channel, and the receiver. In this chapter, a
brief overview of the assumed system model is presented, with particular emphasis
on channel and hardware impairments. A brief overview of the existing D-MIMO
testbed at Chalmers is also presented.

2.1 Transmitter
In wireless communication systems, the transmitter is responsible for generating and
preparing information for wireless propagation through the communication channel.
The transmission process begins with the generation of digital data, which is repre-
sented as discrete-time symbols. These samples are then processed through several
signal processing stages, including modulation, pulse shaping, and amplification, to
create a waveform suitable for transmission.

Modulation
Modulation is a fundamental technique in communication systems in which infor-
mation is embedded into an analog signal for transmission over a communication
channel. In digital communication systems, the information is represented as binary
bits that are mapped to variations in the transmitted waveform. To efficiently utilize
the available radio spectrum, multiple bits are grouped together and represented by
symbols rather than transmitting each bit individually. Digital baseband signals
are commonly represented using IQ components, forming complex-valued baseband
samples. The baseband representation is centered around 0 Hz, meaning that the
signal spectrum is located symmetrically around the origin in the frequency domain
before being shifted to a carrier frequency for transmission. A complex baseband
symbol ak can be expressed as [7]

ak = I + jQ, (2.1)

where I represents the in-phase component and Q represents the quadrature com-
ponent. From this notation, the symbol ak is represented as a complex IQ-sample.
Together, these components define both the amplitude and phase of the transmit-
ted symbol. By allowing several bits to be mapped onto a single symbol, different
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2. System Model

combinations of amplitude and phase can therefore represent different bit patterns.
A modulation technique that employs this functionality is quadrature phase shift
keying (QPSK). In QPSK, the signal can assume four different phase values. These
phases are separated by 90°, and each corresponds to a specific pair of bits: 00, 01,
10, or 11 as shown in Figure 2.1.

Figure 2.1: Constellation diagram of QPSK.

Pulse shaping
At the transmitter, each symbol is not sent as an ideal impulse but is instead shaped
by a pulse of finite duration. Pulse shaping confines the signal to a well-defined
bandwidth and reduces out-of-band emissions [7]. Before pulse shaping, the sym-
bol sequence is typically upsampled by inserting additional samples between sym-
bols. This increases the sampling rate, enabling the pulse-shaping filter to generate
smoother transitions between symbols. The upsampling factor is commonly referred
to as the number of samples per symbol, Ns. After pulse shaping and upsampling,
the signal is usually turned into a continuous waveform by a digital-to-analog con-
verter (DAC). The resulting analog signal is subsequently upconverted to passband
by a mixer driven by an oscillator operating at the carrier frequency fc. Figure 2.2
illustrates a simplified block diagram of the transmitter.
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2. System Model

Figure 2.2: Simplified block diagram of the transmitter signal chain.

2.2 Channel and signal model
During transmission between a transmitter and a receiver, the signal is degraded by
various distortions and impairments introduced by the wireless channel and radio
hardware. In addition, synchronization errors may occur. These effects distort the
transmitted information, making it essential for the receiver to compensate for these
effects.

Noise
In wireless communication systems, noise is an unavoidable phenomenon that de-
grades the quality of the transmitted signal and limits overall system performance.
Noise can originate from several sources, including interference from other wireless
transmissions, atmospheric disturbances, and thermal noise generated by the ran-
dom motion of electrons in electronic components such as amplifiers, antennas, and
receivers [8].

A commonly used model for representing noise in communication systems is the
additive white Gaussian noise (AWGN) model. The AWGN model is used due to
its mathematical simplicity and its ability to accurately approximate thermal noise
in many practical systems. The term additive indicates that the noise is added
directly to the transmitted signal, white refers to the assumption that the noise has
a constant power spectral density across all frequencies, and Gaussian implies that
the noise amplitudes follow a normal distribution. The received signal in an AWGN
channel can be expressed as

r[n] = x[n] + w[n]. (2.2)

Here, r[n] denotes the received signal, x[n] is the transmitted signal, and w[n] rep-
resents the AWGN noise in discrete-time. The noise process is commonly modeled
as a zero-mean Gaussian random variable with variance N0/2, given by w[n] ∼
N (0, N0/2) where N0 represents the noise power spectral density [9]. An illustrated
example showing the effect of AWGN on a QPSK signal constellation is presented
in Figure 2.3.
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2. System Model

Figure 2.3: Illustration of a constellation with AWGN. SNR set to 25 dB on 100
symbols.

Carrier frequency offset
Local oscillators (LO) in radios have small hardware imperfections, causing the
transmitter and receiver oscillators to operate at slightly different frequencies, even
when configured identically. This mismatch creates a carrier frequency offset (CFO),
which introduces a continuous phase rotation in the received signal [10]. A received
signal subject to CFO can be mathematically expressed as

r[n] = x[n]ej2π ∆f
fs

n, (2.3)

where ∆f/fs denotes the fractional CFO between the transmitter and receiver LOs,
and n is the discrete-time sampling index. A visualized example of how CFO affects
the baseband symbols of a QPSK constellation is depicted in Figure 2.4.
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2. System Model

Figure 2.4: Illustration of a constellation subject to CFO. ∆f/fs = 0.0001 and
4000 symbols.

Phase offset
The receiver interprets the transmitted symbol relative to its own LO. This means
that if the LO of the transmitter does not share the same phase as the receiver’s
LO, the received symbols will have a constant phase offset in the complex plane
compared to the transmitted constellation [10]. Mathematically, a received signal
subject to a constant phase offset can be expressed as

r[n] = x[n]ejϕ. (2.4)

Here, ϕ represents the constant phase offset. A visualized example of a QPSK
constellation subject to a phase offset is illustrated in Figure 2.5.
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2. System Model

Figure 2.5: Illustration of constellation with a constant phase offset ϕ = π/12.

Mathematical signal model
The complete received discrete-time baseband signal, accounting for the previously
described channel and hardware impairments, can be modeled as

r[n] = x[n]ej(2π ∆f
fs

n+ϕ) + w[n], (2.5)

where

• r[n] is the received discrete-time complex baseband signal,

• x[n] is the transmitted discrete-time complex baseband signal,

• ∆f
fs

is the fractional carrier frequency offset between the transmitter and re-
ceiver oscillators,

• ϕ is the phase offset between the transmitter and receiver,

• w[n] represents additive noise and interference,

• n is the discrete-time sample index.

2.3 Receiver
The receiver is responsible for extracting and reconstructing the original information
from a corrupted version of the transmitted waveform. The reception process begins
with the capture of a noisy, attenuated, and distorted signal as it arrives through
the communication channel. This signal is then processed through several signal
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2. System Model

processing stages, including downconversion, matched filtering, synchronization, and
demodulation to recover the transmitted digital data as discrete-time IQ samples.

Matched filter
A matched filter is a linear filter designed to maximize the signal-to-noise ratio (SNR)
at the receiver in the presence of AWGN. The filter is matched to the transmitted
pulse-shaping filter by using a time-reversed and delayed version of the transmitted
pulse shape. In practice, the received signal is passed through the filter using con-
volution, which effectively performs a correlation with the known pulse shape. This
process concentrates the signal energy at the sampling instant [11]. Before matched
filtering, the received continuous-time signal is typically downconverted to baseband
using a mixer and an oscillator. The resulting baseband signal is then sampled by
an analog-to-digital converter (ADC), producing a discrete-time signal suitable for
digital signal processing. A simplified receiver block diagram is shown in Figure 2.6.

Figure 2.6: Simplified block diagram of the receiver chain.

2.4 Distributed MIMO testbed
As illustrated in Figure 2.7, the Chalmers D-MIMO testbed consists of 6 remote
radio heads (RRH) that function as receiving units, which are interconnected via
fiber links. Each RRH is connected to the same LO, ensuring that no CFO occurs.
This is essential in D-MIMO systems, where coherent transmission from each RRH
is required to achieve accurate beamforming at the user [12]. Conversely, when a
user transmits a signal, it is independently received by all RRHs, and the signals
collected at each RRH are subsequently superimposed at the field-programmable
gate array (FPGA). The received signal at antenna i can be modeled as

ri[n] = hix[n] + w[n], (2.6)

where hi represents the channel gain experienced by the transmitted signal before
reaching antenna i.

The testbed supports signal bandwidths up to 80 MHz. However, the FPGA is
constrained by limited on-chip memory, which restricts the maximum length of
signals that can be processed. The maximum signal duration supported by the
testbed is 76.8 µs.
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2. System Model

Figure 2.7: Illustration of the D-MIMO testbed at Chalmers. Six RRHs are
interconnected via fiber and linked to a shared FPGA.
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3
Theoretical Background

This chapter introduces the fundamental techniques and algorithms used in the ex-
perimental work. The topics covered include digital modulation techniques, signal
processing methods for interference mitigation, synchronization mechanisms for re-
liable symbol detection, and techniques for compensating signal distortion. These
concepts form the theoretical foundation for the system design and implementation
described in subsequent chapters.

3.1 Symbol demodulation and gray code

Symbol demodulation
When the filtered signal is received and sampled, a decision on the symbol is needed.
This is the task of symbol demodulation. For QPSK, the phase variations are
represented by symbols, denoted as ak. The total number of possible symbols in a
modulation scheme is referred to as M , where all symbols belong to an alphabet
A. Using the maximum likelihood criterion, the receiver selects the symbol that
most likely was transmitted, given the observed distorted sample. This corresponds
to choosing the constellation point with the minimum Euclidean distance to the
received value, expressed as

â = arg min
ak∈A

∥r − ak∥2, (3.1)

where r is the received sample and â is the estimated symbol.

Gray code
Gray coding is used to minimize the impact of symbol errors on the bit error rate
(BER). Since adjacent constellation points differ only by one bit, a symbol error
caused by noise would shift a received symbol to a neighboring point [13]. This
results in a single bit error rather than two bit errors. Without gray coding, such an
error could corrupt both bits of a symbol and result in doubling the BER. A Gray-
coded QPSK constellation is shown in Figure 3.1, where each adjacent constellation
point differs by at most one bit.
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3. Theoretical Background

Figure 3.1: Gray-coded constellation diagram of QPSK.

3.2 Pulse shaping and root raised cosine filter
In single carrier systems, pulse shaping is used to create a waveform of the modu-
lated symbols that has controlled spectral characteristics and reduced intersymbol
interference (ISI). Instead of transmitting ideal impulses for each symbol, each sym-
bol is shaped by a pulse with finite duration. This allows the signal to occupy a
well-defined bandwidth and limits out-of-band emissions [7].

A common pulse shaping filter used in single-carrier systems is a root-raised-cosine
filter (RRC) at the transmitter. RRC filters fulfill the Nyquist criterion, which states
that a filter’s impulse response must be zero at all neighboring symbols, ensuring
that symbols do not interfere with each other at the receiver. RRC filters also
allow for modification of how much excess bandwidth is used beyond the minimum
required bandwidth. This is achieved by changing the roll-off factor (α). α describes
how steep the edges of the pulse are in the frequency domain, and consequently how
large the side lobes of the pulse are in the time domain [9], as depicted in Figure
3.2. The passband bandwidth of the RRC filter can be expressed as

W = 1 + α

T
. (3.2)

Larger values of α make the system less sensitive to timing errors but also increase
the signal’s occupied bandwidth (OBW) as described in Equation (3.2). The value of
α can therefore be described as excess bandwidth. When applying matched filtering
with an RRC pulse xrrc, a matched RRC pulse can be convolved at the receiver end
to achieve a matched filter [14], [15]. This results in a raised-cosine pulse.
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3. Theoretical Background

Figure 3.2: Impulse responses of the root-raised cosine filter for roll-off factors
α = 0 (red), α = 0.5 (green), and α = 1 (blue). The horizontal axis represents the
normalized time index, and the vertical axis shows the filter impulse response h(t).

3.3 Metrics and visual tools in digital communi-
cations

In digital communication systems, evaluating performance is essential to understand
how efficiently and reliably information is transmitted over a channel. Different
metrics are used to capture various aspects of system behavior, such as data rate
efficiency, error probability, and signal quality. Rather than relying on a single
measure, a combination of complementary metrics provides a more complete picture
of system performance under different conditions.

One important aspect is how effectively the available resources are utilized, which
is typically quantified in terms of throughput. The throughput of a system can be
expressed as

Rthroughput = nf − no

nf

× Rs × log2(M) × psuccess, (3.3)

where no is the number of overhead bits and nf is the total number of bits in the
transmitted frame. Further, the success rate psuccess is defined as the ratio between
correctly received bits and the total number of transmitted bits. Rs log2(M) is the
data rate of the system, where Rs is the symbol rate in symbols per second.

The frame duration is defined as

tf = Nsym

Rs

, (3.4)

where Nsym denotes the total number of symbols in a frame.

BER is a key performance metric in digital communication systems that quantifies
how often transmitted bits are incorrectly received. For empirical measurements,
BER is defined as the ratio between the number of incorrectly detected bits and the
total number of transmitted bits, expressed as

BER = Nerr

Nbits
, (3.5)
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where Nerr denotes the number of erroneous bits and Nbits represents the total
number of transmitted bits.

Another important metric in digital communication systems is EVM, which is a
measure of the difference between ideal transmitted constellation points and their
received estimates. It reflects how distortion or noise affects the signal quality,
with lower values indicating better system performance and more accurate symbol
transmission. Root mean square EVM is defined as

EVM =

√√√√∑N
k=1 |ak − âk|2∑N

k=1 |ak|2
× 100. (3.6)

The parameter N denotes the total number of transmitted symbols, ak represents
the k-th transmitted (true) symbol, and âk denotes the corresponding estimated
symbol according to Equation (3.1) [16]. The EVM is commonly expressed as a
percentage, which is why the expression in Equation (3.6) is multiplied by 100.

In addition, there are other visual tools that can be used to identify issues or dis-
tortions in communication systems. One such tool is the eye diagram, visualized in
Figure 3.3. Although it does not provide explicit numerical metrics, it provides a
visual examination of the severity of ISI, noise, and sensitivity to timing errors [17].
The best time to sample the received signal is when the eye is open the widest. The
width of the central eye opening indicates the time interval over which the received
signal can be sampled without experiencing ISI. In the absence of ISI, the eye is
fully open, corresponding to a normalized opening of one. As ISI increases, the eye
gradually closes, and in the extreme case of severe ISI, the eye opening reduces to
zero [17].

Figure 3.3: In-phase channel eye diagram with roll-off factor, α = 0.5.
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3.4 Synchronization and preambles
A preamble is a sequence of symbols that is known by both the receiver and the
transmitter in a communication system. Preambles are used for various purposes,
but their primary function is to enable the receiver to detect the signal and estimate
the effects the transmitted symbols experience.

PN sequences
One widely used type of preamble is based on pseudorandom noise (PN) sequences.
A PN sequence is a binary sequence that is generated and has properties resembling
random noise. A well-chosen PN sequence has an autocorrelation function that
produces a sharp peak at zero lag and low values everywhere else [18]. The strong
autocorrelation properties of the sequence make it possible for the receiver to locate
it within a noisy received signal. The correlation output spikes when the known
sequence matches the received copy and stays low otherwise [19].

The length of the PN sequence involves a trade-off between detection reliability
and transmission overhead. A longer sequence gives a more prominent correlation
peak, which makes detection more reliable. However, a longer preamble occupies a
larger portion of the transmitted frame, leaving less space available for the payload
data [20]. In addition, longer preambles reduce the overall system throughput, as
shown in Equation (3.3). This reduction is caused by the increased overhead, where
overhead refers to transmission resources that are not used for transmitting actual
information data. Therefore, the choice of sequence length depends on the channel
conditions and the amount of overhead the system can tolerate.

Frame synchronization
Preambles can be used to find the boundaries of a transmitted frame by cross-
correlating the received signal with a known preamble sequence [21]. A preamble
used for timing estimation does not contain periodic structures, as repeating patterns
can cause the receiver to lock onto an incorrect timing position. Therefore, sequences
with strong autocorrelation properties, such as PN sequences, are often preferred for
frame synchronization. Low-order modulation schemes such as binary phase shift
keying (BPSK) are well-suited for preamble symbols due to their robustness and
reliable detection performance. BPSK is a simplified form of phase shift keying in
which each symbol represents a single bit. In this scheme, a binary 0 is mapped to
a signal amplitude of -1, while a binary 1 is mapped to a signal amplitude of +1.
As illustrated in Figure 3.4, a PN-sequence has a strong autocorrelation peak only
at zero lag with significantly suppressed sidelobes.
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Figure 3.4: Autocorrelation of a BPSK modulated PN sequence.

Phase synchronization
As illustrated and presented in Section 2.2, a phase offset appears as a constant
phase rotation of the received constellation. Consequently, the phase offset can be
estimated and compensated for using a known preamble.

ϕ̂ = arg(Pr · P ∗
t ), (3.7)

where Pr is the received preamble, and P ∗
t is the conjugate transmitted preamble

known at the receiver, arg(.) denotes the argument, the phase angle, of a complex
number.

CFO synchronization
There are many methods for estimating CFO, and these estimators are generally
classified into two categories: data-aided and non-data-aided (blind) techniques [22].
However, this project will only focus on data-aided techniques where known reference
signals are exploited to facilitate synchronization. Preambles are commonly used to
estimate CFO in practical communication systems. A widely used approach is to
transmit a repeated preamble, forming two halves r1 and r2 with lengths L. The
repetitive preamble is useful for estimating the CFO by utilizing the autocorrelation
of the received preamble [22]. Consequently, the fractional CFO can be estimated

ϵ̂ = 1
2πL

L−1∑
n=0

arg(r2[n] × r∗
1[n]). (3.8)

In the absence of the CFO, the halves r1 and r2 are identical in phase. However,
if a CFO is present, a phase shift occurs between the halves. As shown in Equa-
tion (2.3), the CFO introduces a linear phase rotation over time. Consequently, by
measuring the phase difference between the two received halves, the receiver can
estimate the accumulated phase shift, which is directly proportional to the CFO. In
general, using a larger number of samples improves the accuracy and robustness of
the estimate by reducing the impact of noise. However, this comes at the cost of
increased preamble overhead, creating a trade-off between estimation performance
and spectral efficiency when selecting the preamble length.
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3.5 Maximum ratio combining
In MIMO systems, the uplink transmission is received independently at multiple
RRHs, each of which captures a different version of the signal due to its own channel
conditions. Modern MIMO architectures exploit this spatial diversity by combining
the received signals to improve overall performance. The received signals at each
RRH can be combined using maximum ratio combining (MRC), which maximizes
the output SNR by coherently aggregating the energy from all received antenna
streams [23]. The per-antenna received signal is defined in the system model in
Section 2.4. If a known preamble is embedded in the transmitted frame, channel
estimation can be applied to estimate each channel gain and its corresponding phase.
The least-squares estimate of the channel gain is

ĥi =
∑N

k=1 P ∗
t [k] Pr[k]∑N

k=1 |Pt[k]|2
(3.9)

where Pr is the received preamble, Pt is the transmitted preamble symbols known
at the receiver, and N is the number of preamble symbols used for the channel
estimation.

The optimal MRC output signal can then be estimated [24]

z =
Nr∑
i=1

ĥ∗
i ri, (3.10)

where z is the MRC output signal, ĥ∗
i is the conjugated least-square estimate of the

channel gain, ri is the received baseband signal at antenna i, and Nr is the number
of receiving antennas.

19



4
Methodology

This chapter presents the experimental methodology used to design, implement, and
evaluate the USRP-based user equipment. The work is structured into two main
development phases.

The first phase involves developing and optimizing software to enable reliable com-
munication between two USRP devices. During this stage, the system is pushed to
its operational limits to determine the maximum achievable bandwidth, throughput,
and signal duration.

The second phase focuses on integrating the system into the D-MIMO testbed.
This includes estimating and compensating for the CFO without relying on external
reference signals. Furthermore, experiments are conducted within the Chalmers
testbed environment, where MRC is implemented to coherently combine received
signals.

4.1 Software implementation and verification
The system was implemented in MATLAB using the UHD drivers together with
the Communications Toolbox Support Package for USRP Radio, which provided
control of the USRP devices. The code was stored in a Git repository on GitHub
to enable collaboration and version control.

The project used an iterative development approach. Each module of the system
was developed individually and tested frequently. If problems appeared during the
experiment, they were fixed in the software before being tested again. The same
approach was used when testing the entire system.

The system modules were tested by sending test data to each module and examining
the results. Because each module was validated individually, coding errors could
be identified and corrected more efficiently, since the source of an error could be
localized more easily than if the entire system were tested simultaneously.

If the modules did not perform as expected, they were systematically debugged by
further analysis. Intermediate variables were logged and visualized, and the code
was reviewed to identify potential issues. In this step, MATLAB visualization tools
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such as constellation plots, spectrum analyzers, and eye diagrams were extensively
utilized.

A simulation channel was also implemented to facilitate the development. The
simulation channel was designed to operate according to the signal model described
in Equation (2.5). Instead of transmitting the symbols via cable or antenna, they
were sent via a simulation channel in MATLAB. The channel supported simulation
for the signal distortions described in Section 2.2.

4.2 Point-to-point USRP communication
The experimental methodology follows a staged approach, where the USRP is first
verified to have functional transmitting and receiving chains, both over cable and
through a wireless link. Once this is confirmed, full USRP-to-USRP communication
is established. An overview of the hardware specifications for the USRP B205mini-i
is provided in Appendix B.

Communication via cable
Figure 4.1 illustrates the experimental setup used to verify the receiving capabilities
of the USRP through a coaxial cable. In this phase, a function generator is used to
transmit a predetermined waveform through the coaxial cable to the USRP receive
port. The setup also includes MATLAB-based processing to verify the correctness
of the received signal.

Figure 4.1: Experimental setup for verifying the receiving capabilities via cable.

After validating the receiving capabilities of the USRP, experiments are conducted
to evaluate its transmitting performance. As shown in Figure 4.2, the USRP is
connected to an oscilloscope through the coaxial cable. The transmitted signal is
then verified using the oscilloscope. Due to potential limitations of the oscilloscope,
such as bandwidth and sampling rate, a lower frequency than 2.35 GHz was used
during initial testing. In this case, a signal with a carrier frequency of 100 MHz was
selected to ensure reliable measurement within the oscilloscope’s operational limits
[25]. When measuring the transmitted signal, a 30 dB attenuator was connected
between the transmitter output and the oscilloscope input to reduce the signal power
and prevent damage to any equipment.

Figure 4.2: Experimental setup for verifying the transmitting capabilities via cable.
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Wired link
Once wired transmission and reception had been verified, half-duplex communication
between the USRPs was established. As illustrated in Figure 4.3, the USRPs were
connected to the same host computer. The devices were interconnected through a
cable and a 10 dB attenuator to limit the received power. In addition, both USRPs
were connected to a common 10 MHz reference signal to provide a shared refer-
ence for the LOs. In this phase, QPSK modulation was implemented in MATLAB
using the Communications Toolbox to generate a baseband signal from randomly
generated bits. After modulation, upsampling and pulse shaping were performed.
The USRP hardware then upconverted the baseband signal to the desired carrier
frequency before transmission. As illustrated in Figure 4.4, the transmitted base-
band signal consisted of two parts, forming the frame structure: a PN sequence and
payload bits. Once the implementation had been successfully verified, the signal
quality was evaluated using the metrics described in Section 3.3.

Figure 4.3: Experimental setup for evaluating wired USRP-to-USRP communica-
tion.

Figure 4.4: Frame structure with PN-sequence preamble. The number of payload
bits is arbitrary.

Wireless link
After establishing a wired link with satisfactory performance, a wireless link between
the USRPs was implemented and subsequently optimized. As illustrated in Figure
4.5, the carrier frequency was configured to 2.35 GHz, which corresponds to the
operating frequency of the D-MIMO testbed.
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Figure 4.5: Experimental setup for evaluating full wireless USRP-to-USRP com-
munication.

4.3 Experimental evaluation methodology

PN-sequence optimization
To reduce the number of overhead bits for the frame synchronization preamble,
four PN sequences with different lengths were tested over the wireless channel. The
tested PN sequences had lengths of 3 bits, 7 bits, 15 bits, and 31 bits. Each sequence
length was evaluated across 10 trials, where the correlation peak, BER, and EVM
of each transmission were recorded. All transmissions were conducted using 1000
payload symbols.

Maximum usable signal bandwidth
The transmitted signal bandwidth is defined in terms of occupied bandwidth, specif-
ically for a RRC passband signal with roll-off factor α, as defined in Equation (3.2).
In practice, the OBW is commonly quantified using the 99% occupied bandwidth
metric, which is defined as the frequency interval containing 99% of the total signal
power. This definition is widely adopted because it provides a robust and repro-
ducible estimate of the effective signal bandwidth. By excluding only the outermost
spectral components, which typically contain negligible power and noise contribu-
tions, the 99% OBW provides a stable and reliable measure of the signal bandwidth.

At the transmitting USRP, the digital IQ samples are converted into an analog
waveform by a DAC. Before digital-to-analog conversion, interpolation is applied
to insert additional samples between consecutive baseband samples. This process
effectively lowers the symbol rate relative to the DAC sampling rate. Consequently,
the effective transmit sampling rate at the DAC is given by

fs = Rc

L
, (4.1)

where Rc denotes the master clock rate and L is the interpolation factor. As L
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increases, the effective sampling rate decreases, resulting in a larger time interval
between consecutive transmitted samples.

In order to maximize the occupied bandwidth, the interpolation factor was set to
1, and Ns was set to 2. To evaluate the maximum usable signal bandwidth, the
master clock rate was incremented in steps from 32, 42, 56, and 61.44 MHz, which
increases the sample rate according to Equation (4.1). At each step, five frames
consisting of 10000 bits were transmitted and received, and both BER and EVM were
measured. The largest OBW at which the BER remains below 10−3 was reported
as the maximum usable signal bandwidth.

Maximum achievable throughput
To determine the maximum achievable throughput in bits per second, a roll-off
factor sweep experiment was performed. The symbol rate is defined as:

Rs = fs

Ns

= 1
TsNs

, (4.2)

where fs is the sample rate and Ns is the number of samples per symbol. Equa-
tion (3.2) can be rewritten to extract Rs

Rs = W

1 + α
. (4.3)

The Ns is held constant at 2, while the master clock rate Rc was held at 61.44
MHz, which is the maximum clock rate. The roll-off factor, α, was swept from
0.1 to 0.5, incrementing in steps of 0.1. Five frames consisting of 10000 bits were
transmitted and received for each step, and the BER and EVM were computed.
The observed bandwidth that contains 99% of the transmitted signal power was
first computed. The corresponding symbol rate was then computed using Equation
(4.3). Consequently, the throughput could be computed according to Equation
(3.3). The highest Rthroughput at which the BER stays below 10−3, corresponding to
achieving a success rate of at least 99.9% was recorded as the maximum throughput.

Maximum signal duration
To evaluate the maximum signal duration, frames of varying lengths were transmit-
ted. To determine the longest successfully transmittable frame, increasingly larger
frames ranging from 1000 to 50000 symbols were transmitted. Each frame length
was transmitted five times, and the BER and EVM were recorded. For each frame
length, the 99% OBW of the signal was computed and used to compute the symbol
rate according to Equation (4.3). With the symbol rate computed, the correspond-
ing signal duration was computed according to Equation (3.4).
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CFO estimation
To enable the USRPs to function as flexible user equipment, it was desirable to
operate them without relying on external references from a function generator. To
estimate the CFO without external references, a second preamble was introduced.
The second preamble consisted of a randomized sequence repeated once, as illus-
trated in Figure 4.6. This repetition enables estimation of the CFO according to
Equation (3.8).

To optimize both overhead bits and estimation performance, five different preamble
lengths were tested. Each preamble length was tested using transmissions containing
10000 symbols, as this sample size made the effects of CFO clearly observable. The
tested preamble lengths were 32, 64, 128, 256, and 512 bits modulated using BPSK.
For each case, the BER and EVM were recorded.

It was also of interest to evaluate whether estimating the CFO at the very first
transmission after powering up the USRP was sufficient. To investigate this, two
tests were conducted. In the first test, data were continuously transmitted to the
receiving USRP while estimating the CFO over an extended period to observe how
it varied over time. The second test followed the same procedure but began after
the USRP had been powered on for a longer duration to investigate if the CFO
saturates when the USRP reached a stable operating temperature.

Figure 4.6: Frame structure used for CFO estimation. The CFO preamble consists
of two identical halves.

4.4 Integration into D-MIMO testbed
To evaluate the proposed system within the D-MIMO testbed, the USRP-based user
equipment was integrated into the experimental setup. The USRP was connected to
a centrally located antenna via an SMA cable, enabling wireless transmission within
the testbed environment. During the measurements, each user signal was transmit-
ted from the USRP and independently received at the six RRHs. The transmitted
frames consisted of a 15-bit PN sequence, a 128-bit CFO estimation preamble, and
500 payload symbols. The lengths of the payload and CFO preamble sequences
were constrained to 500 and 128 symbols, respectively, to remain within the FPGAs
on-board memory limitations. As described in Section 2.4, the testbed supports a
maximum receive signal duration of 76.8 µs, which imposes a strict constraint on
frame design. To maximize the number of transmitted symbols while still accommo-
dating the required preamble overhead, the master clock rate Rc was configured to
its maximum value of 61.44 MHz. In addition, the interpolation factor was set to 1
to maximize the transmit sampling rate of the USRP, as defined in Equation (4.1).
Based on these settings, the maximum number of symbols that could be reliably

25



4. Methodology

transmitted within a single frame was determined. The transmitted signal occupied
a bandwidth of 19.3 MHz. Using Equation (4.3), the corresponding symbol rate
was computed, and Equation (3.4) was then used to determine the maximum num-
ber of symbols that could be transmitted within the available time window. For a
signal bandwidth of 19.3 MHz and roll-off factor α = 0.5, the maximum supported
frame length was computed to be 995 symbols, including both preamble and pay-
load symbols. However, to ensure reliable reception, the frame duration tf should
satisfy tf ≤ tf,max/2. Consequently, the transmitted frame contains significantly
fewer symbols than the maximum number supported by the testbed.

At the receiver side, the baseband signals were forwarded to the FPGA, where they
were time-aligned and combined to emulate a D-MIMO uplink scenario. The sig-
nals from the six RRHs were combined using MRC, as defined in Equation (3.10).
The channel gains were estimated using the received CFO preamble and the corre-
sponding known transmitted CFO preamble. The resulting MRC output served as
a reference for comparison with the signals received individually at each RRH.

For each transmission attempt, system performance was evaluated using standard
metrics derived from the demodulated data. In particular, the EVM was computed
to assess modulation accuracy, while the BER was used to quantify the reliability
of the received bitstream.
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Experimental Results

This chapter presents the experimental results from the conducted experiments. The
experiments cover frame synchronization, preamble length, maximum throughput,
signal bandwidth, signal duration, CFO estimation, and integration into the D-
MIMO testbed using MRC.

5.1 Parameter values for wireless communication

Table 5.1: USRP settings.

Wireless system
Carrier frequency 2.35 GHz
Tx gain 51 dB
Rx gain 38 dB
Master clock rate 32 MHz
Interpolation factor 2
Decimation factor 2

Table 5.2: Standard RRC filter parameters.

Filter parameters
α 0.5
Ns 4
Filter span 10

Table 5.3: Standard parameters for wireless experiments.

Experimental setup parameters
Distance between antennas 0.5 m
Transmit power 9 dBm
Sample rate 16 MHz
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The USRP settings shown in Table 5.1, filter parameters shown in Table 5.2, and
the experiment parameters shown in Table 5.3 are used in the upcoming tests if
nothing else is specified.

5.2 Synchronization performance

PN-sequence
Below are the results from the frame synchronization test to optimize the PN se-
quence length. Each PN-sequence was evaluated under 10 trials.

Table 5.4: EVM, BER, and correlation peaks from varying lengths of PN-
sequences.

PN-sequence length [bits] BER EVM [%] Correlation peak
3 0.5101 145.93 0.0518
7 0 9.47 0.1116
15 0 7.63 0.2482
31 0 7.73 0.5655

As shown in Table 5.4, the 15-bit PN sequence provides the best performance by
yielding the lowest overhead. Therefore, the 15-bit PN sequence is selected for frame
synchronization and will be used in the upcoming tests.

CFO estimation
In the CFO estimation results, all measurements were obtained without the use of
external references. Each test was conducted using 10000 symbols across five trials
for each preamble length.

Table 5.5: BER and EVM for different CFO preamble length.

Preamble length [bits] BER EVM [%]
32 0.2842 98.28
64 0.0110 25.35
128 0 18.55
256 0 12.13
512 0 8.03

As can be seen in Table 5.5, the BER and EVM decrease when increasing the pream-
ble length. This result is expected since larger preambles improve the averaging
process and reduce the influence of noise on the CFO estimation.

As can be seen in Figure 5.3, the constellation without CFO correction results in
a heavily rotated constellation, where the constellation clusters are nonexistent. In
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(a) Constellation without CFO cor-
rection.

(b) Constellation with CFO correc-
tion using 512-bit preamble.

Figure 5.1: Effect of CFO correction on constellation quality.

contrast, applying CFO correction using a 512-bit preamble results in the received
constellation forming four distinct clusters.

(a) Measured variation of fractional
CFO over time starting from initializa-
tion of USRP.

(b) Measured variation of fractional
CFO over time during long-term oper-
ation of the USRP.

Figure 5.2: Measured fractional CFO over time.

Figure 5.2a shows the CFO from the initial start-up of the transmitter. A significant
increase in the fractional CFO can be observed during this period. Figure 5.2b
illustrates the long-term variation of the fractional CFO after continuous USRP
operation. The CFO initially increases rapidly after start-up, but its variations
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gradually stabilize over time as the system reaches a steady state.

5.3 Results on maximum throughput and signal
bandwidth

Below are the results of the throughput and signal bandwidth test to optimize the
value of the roll-off factor α and master clock rate Rc.

Table 5.6: Achieved bandwidth and throughput from varying roll-off factor from
0.1 to 0.5, Ns set to 2, and Rc to 61.44 MHz.

α Psuccess [%] EVM [%] OBW [MHz] Rs [Msym/s] Rthroughput [Mbit/s]
0.1 90.82 26.99 31.47 28.61 51.89
0.2 99.97 20.79 32.61 27.18 54.25
0.3 99.97 24.17 34.41 26.47 52.84
0.4 100 15.70 36.33 25.95 51.82
0.5 100 12.60 38.45 25.63 51.19

Table 5.6 shows the achieved bandwidth and throughput for roll-off factors ranging
from 0.1 to 0.5. The highest achievable throughput is 54.25 Mbit/s for α = 0.2,
corresponding to a success rate above 99.9%.

It is also observed that decreasing the roll-off factor α degrades both EVM and
success rate performance. Constellation diagrams show increased symbol dispersion
and the formation of bridges between adjacent symbols, indicating higher ISI. Based
on this observation, eye diagrams of the received samples were plotted for α = 0.1
and α = 0.4. The case α = 0.1 shows pronounced ISI, while α = 0.4 exhibits no
visible ISI-related errors.

(a) Eye diagram of received samples
during throughput test with α = 0.4.

(b) Eye diagram of received samples
during throughput test with α = 0.1.

Figure 5.3: Comparison of eye diagrams for α = 0.1 and α = 0.4, illustrating the
effect of ISI on the received signal.
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Table 5.7: OBW, EVM, and BER achieved by varying the master clock rate Rc.
Ns set to 2 and α = 1.

Rc [MHz] BER EVM [%] OBW [MHz]
32 0 9.24 25.80
48 0 11.14 38.63
56 0 11.60 45.11
61.44 0 11.10 49.51

Table 5.7 shows the results of the maximum usable bandwidth test, where the master
clock rate Rc was swept from 32 to 61.44 MHz. The results show that increasing the
clock rate, and consequently the sample rate, increases the occupied bandwidth. By
applying the constraint BER ≤ 10−3, the maximum usable clock rate is determined
to be 61.44 MHz, corresponding to a signal bandwidth of 49.51 MHz.

5.4 Results on signal duration
The results from the signal duration are presented below, where the number of
transmitted symbols was swept from 1000 to 50000 symbols.

Table 5.8: Symbol rate, EVM, and frame transmission time from the signal dura-
tion test. Frame length varies from 1000 symbols to 50000 symbols.

Nr. symbols BER EVM [%] Rs [Msym/s] tf [ms]
1000 0 6.27 3.38 0.296
2000 0 7.11 3.38 0.592
3000 0 8.90 3.38 0.888
5000 0 9.44 3.36 1.490
10000 0 11.17 3.38 2.968
20000 0 13.62 3.38 5.917
30000 0 15.31 3.38 8.902
40000 0 14.49 3.38 11.852
50000 0 14.48 3.38 14.836

As can be seen in Table 5.8, increasing the number of transmitted symbols leads
to a higher EVM. However, the BER remains 0 in all cases. This indicates that
transmitting a larger number of symbols does not introduce any practical limitations
for the USRPs under the tested conditions.

In addition, Table 5.8 shows that the computed symbol rate remains constant for
frame lengths ranging from 1000 to 50000 symbols. Consequently, the frame dura-
tion increases proportionally with the frame length.

To verify the accuracy of the computed frame duration, a frame containing 50000
symbols was transmitted and measured using an oscilloscope. Figure 5.4 illustrates
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Figure 5.4: Measured signal duration of 50000 symbols with oscilloscope.

the received frame, where the frame duration was measured to be 12.54 ms. This
corresponds to a deviation of 2.3 ms compared to the computed frame duration for
50000 symbols in Table 5.8.
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5.5 D-MIMO testbed experimental results
Below are the results from one of the transmission tests to the D-MIMO testbed at
Chalmers.

(a) Constellation without CFO correc-
tion. BER and EVM computed to 0.212
and 79.99%, respectively.

(b) Constellation with CFO correction
using 128-bit preamble. BER and EVM
computed to 0 and 12.61%, respectively.

Figure 5.5: Constellation diagrams obtained from the testbed: (a) without CFO
correction and (b) with CFO correction.

Figure 5.5a shows the constellation diagrams obtained from the testbed without
CFO correction, and with CFO correction, which can be seen in Figure 5.5b. As
shown in Figure 5.5a, the CFO between the USRP and the testbed LOs is significant,
resulting in a clearly rotating constellation even for a payload consisting of only 500
symbols. However, the 128-bit preamble is capable of accurately estimating and
compensating for the CFO, as illustrated in Figure 5.5b.

Table 5.9: Achieved BER and EVM from testbed experiments. Metrics are pre-
sented for each RRH separately and for the combined MRC estimate across all
RRHs.

RRH # 1 2 3 4 5 6 MRC
BER 0 0 0 0 0 0 0
EVM 20.07% 12.61% 24.17% 15.22% 14.53% 14.24% 4.64%

Table 5.9 presents the computed BER and EVM for each RRH individually, as
well as for the combined MRC estimate across all RRHs. While the individual
RRHs exhibit significantly different EVM values, the BER remains constant at zero
for all cases. This variation in EVM is caused by the different channel conditions
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experienced by each RRH. By combining the received signals using MRC, the overall
EVM is improved to 4.64%.

34



6
Discussion

This chapter discusses the findings of the experiment conducted on the USRP-based
communication system. Possible explanations for the observed results and the trade-
offs involved in the system design will also be presented.

6.1 Communication performance
The parameter settings presented in Tables 5.1 and 5.2 establish a stable operating
point for all subsequent wireless experiments and define the baseline conditions of
the system. The transmit and receive gains presented in Table 5.1 were selected to
ensure sufficient received signal strength while avoiding saturation of the receiver
front-end amplifiers.

The obtained results demonstrate a highly reliable communication system with sta-
ble performance throughout the conducted experiments for both BER and EVM.
However, this high reliability may also indicate that the system was not operating
within its performance limits. The experiments were performed under relatively
favorable conditions, including a line-of-sight propagation channel and the use of a
relatively low modulation order, both of which reduce the likelihood of transmission
errors. Consequently, the evaluated scenario may not fully reflect the challenges
encountered in more demanding wireless environments, such as severe multipath
propagation, non-line-of-sight conditions, or higher-order modulation schemes that
are more sensitive to noise and channel impairments [26]. Therefore, the obtained
results should primarily be interpreted as a proof-of-concept under controlled lab-
oratory conditions rather than as a characterization of performance in practical
large-scale deployment scenarios.

6.2 Synchronization challenges
As shown in Table 5.4, longer PN sequences produce higher cross-correlation peaks.
However, the usefulness of the correlation peak values can be questioned since the
increase in peak magnitude is inherently tied to the sequence length rather than in-
dicating improved detection performance. On the other hand, increasing the length
of the PN sequence improves system performance in terms of both BER and EVM.
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With a 3-bit PN sequence, the system tends to lock onto incorrect indices, resulting
in failed detection of the correct frame boundaries. In contrast, a 7-bit PN sequence
consistently detects the correct frame boundaries. This demonstrates the importance
of selecting a sufficiently long synchronization sequence to ensure robust frame detec-
tion while simultaneously minimizing unnecessary transmission overhead. However,
it still provides a limited number of samples, which is insufficient for accurately
estimating the phase offset between the transmitter and receiver.

In Table 5.5, increasing the preamble length leads to lower BER and EVM. This is
expected, as a longer preamble provides more samples for CFO estimation, improv-
ing robustness in the presence of noise. However, this improvement comes at the
cost of increased overhead, which reduces the overall system throughput.

A similar trend is observed in the simulated results presented in Appendix A, where
both BER and EVM decrease with increasing preamble length. However, the sim-
ulated values are consistently higher than those measured in the real system for
the same preamble lengths. This discrepancy is likely due to different SNR condi-
tions, suggesting that the experimental setup operated under more favorable channel
conditions than those assumed in the simulations.

Regarding the choice of preamble length, a clear performance transition is observed
between 64 and 128 bits. Below 128 bits, the CFO estimation is insufficiently accu-
rate, resulting in non-zero BER. From 128 bits and above, the BER drops to zero,
while the EVM continues to improve with increasing preamble length. Beyond this
point, the choice of preamble length (e.g., 128, 256, or 512 bits) becomes a trade-off
between additional performance gain in EVM and increased overhead.

Furthermore, it is shown in Figure 5.2 that the fractional CFO between the USRPs
seems to increase if the transmitter is continuously active. This is likely due to
temperature-induced drift in the LO, caused by heat generated in the circuit during
operation [27]. However, it does seem to saturate if active for a longer period of time.
This indicates that the oscillator frequency stabilizes as the hardware approaches
thermal equilibrium. Consequently, the CFO becomes more predictable after pro-
longed operation, improving the reliability of the CFO estimation process. The
results also demonstrate an important tradeoff between synchronization robustness
and spectral efficiency. While longer synchronization preambles improve estimation
accuracy and reduce BER and EVM, they simultaneously increase transmission
overhead and reduce the achievable throughput.

6.3 Throughput vs reliability tradeoffs
The results presented in Table 5.6 demonstrate that the roll-off factor has a sig-
nificant influence on both OBW and the overall communication performance. The
OBW increases from 31.47 MHz at a roll-off factor of 0.1 to 38.45 MHz at a roll-off
factor of 0.5. This behavior is consistent with Equation (3.2), where a larger roll-off
factor increases the excess bandwidth introduced by the pulse-shaping filter. At the
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same time, increasing the roll-off factor improves the signal quality, as reflected by
both the success rate and the EVM. The success rate increases from 90.82% at a
roll-off factor of 0.1 to 100% at roll-off factors of 0.4 and 0.5, while the EVM de-
creases from 26.99% to 12.60%. This improvement is likely caused by reduced ISI
and increased tolerance to timing errors. Larger roll-off factors produce pulses with
smaller time-domain side lobes, which reduces symbol interference and improves
symbol detection reliability.

This behavior becomes particularly visible in the eye diagrams presented in Fig-
ure 5.3b and Figure 5.3a. For the larger roll-off factor, the eye opening is sig-
nificantly wider, indicating that the received signal can be sampled with reduced
sensitivity to timing errors and ISI. In contrast, the eye diagram corresponding to
α = 0.1 is nearly closed, demonstrating that the available sampling interval without
ISI becomes considerably smaller.

Despite the large differences in EVM and success rate in Table 5.6, the throughput
remains relatively stable for all tested roll-off factors and varies between approxi-
mately 51 and 54 Mbit/s. The highest throughput is achieved at a roll-off factor of
0.2, resulting in a throughput of 54.25 Mbit/s. This demonstrates that the highest
throughput does not necessarily coincide with the best EVM or success rate. In-
stead, the throughput depends not only on the symbol rate, but also on the received
success rate, as shown in Equation (3.3). However, if comparable performance can
be maintained with a higher modulation order, the achievable maximum throughput
can be significantly increased.

Furthermore, Equation (3.2) shows that increasing the roll-off factor reduces the
achievable symbol rate for a fixed bandwidth. Consequently, the selection of roll-off
factor represents a tradeoff between spectral efficiency and signal quality. Under the
tested conditions, α = 0.2 provided the highest throughput while still maintaining
reliable communication performance with a success rate of 99.97%.

Overall, Table 5.6 shows that larger roll-off factors improve both the success rate
and the EVM. However, these improvements come at the cost of increased OBW
and reduced symbol rate, while the throughput remains relatively unchanged. The
choice of roll-off factor therefore represents a trade-off between spectral efficiency
and overall system performance, and should be selected based on the application
requirements.

Table 5.7 further illustrates the effect of varying the master clock rate while keeping
Ns and roll-off factor fixed to 2 and 1, respectively. The results show that increasing
the master clock rate significantly increases the OBW, since a higher master clock
rate enables a higher sampling rate and symbol rate. However, the EVM remains
relatively unchanged for master clock rates between 48 MHz and 61.44 MHz, varying
only between 11.10% and 11.60%. When maximizing the master clock rate to 61.44
MHz the maximum usable bandwidth is measured to 49.51 MHz.

The lowest EVM is achieved at a master clock rate of 32 MHz, where the occupied
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bandwidth is also the smallest. Consequently, lower master clock rates are preferable
when minimizing bandwidth usage and maximizing signal quality are prioritized. In
contrast, higher master clock rates become beneficial higher data rates are required.

6.4 Signal duration and on-board memory con-
straints

As shown in Table 5.8, the frame length does not appear to impose any major limi-
tations on the communication system. The specifications of the B205mini-i indicate
that the USRP operates as a streaming-based device, continuously transmitting
data supplied by the host computer [28]. Consequently, the primary limitation is
associated with the host system, as it determines the continuity and rate at which
data can be transferred to the USRP hardware.

Although the BER remains zero for all tested frame lengths, the measured EVM
gradually increases as the number of transmitted symbols increases. The EVM in-
creases from 6.27% for 1000 symbols to approximately 14.84% for 50000 symbols.
This behavior is likely caused by the accumulation of residual phase rotation due
to CFO. Even though a shared 10 MHz reference clock was used, small frequency
mismatches still remain between the transmitter and receiver. As described in Equa-
tion (2.3), CFO introduces a phase rotation that increases linearly with the sample
index. Consequently, the accumulated phase error becomes increasingly significant
for longer frame durations, causing the received symbols to gradually deviate from
their ideal constellation positions.

The results further demonstrate the importance of CFO compensation for longer
frame transmissions. When CFO recovery was applied using a 512-bit preamble,
the EVM for 10000 symbols was reduced to 8.03%. In comparison, the same trans-
mission without CFO compensation resulted in an EVM of 11.17%, as shown in
Table 5.8. This indicates that CFO estimation and compensation become increas-
ingly important as the frame duration increases.

Furthermore, the measured frame duration differs slightly from the computed value.
For a transmission consisting of 50000 symbols, the frame duration measured using
the oscilloscope was 12.54 ms, corresponding to a deviation of approximately 2.3 ms
from the computed duration of 14.836 ms. However, when the theoretical symbol
rate of 4 Msym/s, given by Equation (4.2), is used instead, the resulting frame
duration for 50000 symbols is 12.5 ms. This estimate agrees much more closely with
the measurement, exhibiting a deviation of only 0.04 ms. One possible explanation is
that the measured occupied bandwidth underestimates the actual signal bandwidth,
consequently leading to an underestimation of the true symbol rate of the system.
Despite this discrepancy, the experiments demonstrate that the USRP is capable of
handling significantly longer frame durations than those supported by the D-MIMO
testbed, which is limited to a maximum signal duration of 76.8 µs, as described in
Section 2.4.

38



6. Discussion

6.5 Evaluation of D-MIMO testbed integration
Figure 5.5 shows the effect of using CFO correction on the received constellation.
Without the CFO correction, the constellation points are spread in a circular shape
instead of forming clusters around ideal symbol positions. This suggests that the
received signal is being affected by continuous phase rotation, which is caused by
CFO due to the difference between the USRP and the RRH’s LO. As a result, the
receiver made incorrect symbol decisions, leading to a BER of 0.212 and an EVM of
79.99%. After the CFO correction, the receiver forms four separate clusters. This
implies that the CFO correction accounted for the offset, which allowed the receiver
to make correct symbol decisions. The EVM and BER also decrease significantly,
with a BER value of 0 and an EVM equal to 12.61%.

The CFO correction resulted in a BER equal to 0. However, the EVM could further
be improved due to multiple receivers in the testbed. Since the D-MIMO testbed
consists of 6 RRHs, the data from the RRHs results in six different received signals.
The RRHs are located at different distances from the USRP, and therefore, they
are all subject to different channels. This is reflected in Table 5.9, where each
RRH exhibits a different EVM value. However, by applying MRC to combine the
received signals, a much lower EVM of 4.64% could be obtained. These results
clearly demonstrate the effectiveness of D-MIMO systems. Although individual
RRHs may experience varying channel conditions and consequently different levels
of signal distortion, it can be effectively exploited through combining techniques
such as MRC.

6.6 Future work
Future work directions would focus on enabling end-to-end transmission in the D-
MIMO testbed, with the USRP acting as the receiving device to achieve full system
integration. This would also make it possible to evaluate beamforming using the
RRHs and study its impact on system performance. In addition, future work could
explore multi-user D-MIMO scenarios using both USRPs as independent transmit-
ting users.

Further extensions could also include higher-order modulation schemes and multi-
carrier systems such as orthogonal frequency-division multiplexing. Using higher
order modulation techniques can significantly improve the spectral efficiency and
throughput of the system, although at the cost of increased susceptibility to channel
noise and signal distortion. Similarly, orthogonal frequency-division multiplexing
offers enhanced performance in multipath environments.
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7
Conclusion

This thesis presented the design, implementation, and evaluation of USRP B205mini-
i-based user equipment for use in the Chalmers D-MIMO research testbed. The work
was divided into two phases: establishing a point-to-point communication link be-
tween the two USRPs and integrating the system into the D-MIMO testbed using
CFO estimation and MRC.

In the first phase, a wireless communication link between the USRPs was successfully
established. A 15-bit PN-sequence was selected for frame synchronization, and the
system achieved zero BER across all tested configurations, with EVM values ranging
from 6.27% to 15.31%. In addition, the system supported high symbol rates and
wide signal bandwidths, achieving a maximum symbol rate of 27.18 Msym/s, a
maximum throughput of 54.25 Mbit/s, and a maximum bandwidth of 49.51 MHz
with Rc set to 61.44 MHz.

In the second phase, a CFO estimation based on repeated preambles enabled syn-
chronization without external reference clocks. Using a 512-bit CFO preamble, the
system achieved zero BER and an EVM of 8.03%. The system was successfully
integrated into the D-MIMO testbed, where MRC combining across all six RRHs
achieved an EVM of 4.64%, significantly improving the received signal quality com-
pared to the individual RRHs.

The results demonstrate that low-cost SDR hardware can replace expensive labora-
tory instruments for user equipment in D-MIMO research, making further testbed
experiments more accessible and scalable. However, the testbed is constrained to
receive signals with a maximum duration of 76.8 µs, which constrains the maximum
frame length and limits the amount of data that can be transmitted during the
experiments.
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A
Simulation Results for CFO

Estimation Performance

Simulation results for CFO recovery are presented in Table A.1. The simulations
were performed with an SNR of 15 dB, a fractional CFO of ∆f/fs = 5.0×10−6, and
a phase offset ϕ = π

12 . For each preamble length, 100 simulations were performed.

Table A.1: Simulated tradeoff between preamble symbol overhead and CFO esti-
mation performance

Preamble length [bits] BER EVM Fractional Deviation Maximum fractional deviation
32 0.38 112.89% 320% 900%
64 0.19 71.63% 100% 420%
128 0.03 32.34% 40% 140%
256 0 13.48% 20% 40%
512 0 10.12% 0% 20%

The fractional deviation, expressed as a percentage, is calculated as

Fractional deviation =
|∆f

fs
− ϵ̂|

∆f
fs

× 100 (A.1)

where ϵ̂ denotes the estimated CFO.
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B
USRP B205mini-i Hardware

Overview

The USRP is an SDR developed by Ettus Research and National Instruments [29].
The model used in this project is the USRP B205mini-i, which operates over a
frequency range of 70 MHz to 6 GHz and supports a maximum instantaneous band-
width of 56 MHz.

Figure B.1: USRP layout. [6]

As shown in Figure B.1, the B205mini-i includes multiple RF ports for both trans-
mission and reception. One port is used for RF transmission, another for RF recep-
tion, and an additional REF port provides a reference clock signal used for hardware
synchronization between devices. The USRP is controlled through a MATLAB in-
terface using the UHD drivers, which enable real-time transmission and reception
of IQ samples [6].

The B205mini-i also includes a reference port. This port allows the device to be
synchronized with an external 10 MHz reference signal (typically provided by a
function generator) to improve carrier frequency accuracy. In addition, the same
port can be used to receive a pulse-per-second signal for timing synchronization,
enabling multiple devices to operate with aligned time bases.
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