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Abstract: 
LTE (Long Term Evolution) is likely the most complex wireless system ever developed. It 
incorporates features that could not have been economically implemented as recently as a 
decade ago. Today, with large-scale ICs, LTE can be easily accommodated in base stations and 
battery-powered handsets alike. LTE-Advanced is the upgraded version of LTE technology for 
providing more speed and greater reliability. 

In this report, the wireless communication between the user and base station is 
implemented by creating 4G LTE environment in MATLAB. Impact of Coherence time on 
beam weight computation varies for different delay profiles. Moreover, SNR of the transmitted 
signal varies significantly by the time gap between two successive uplink frames in TDD 
configuration. In this report, computationally efficient algorithm for reducing beam weight 
computations in system level LTE simulations is proposed. 

The wireless channel is modelled in both Rician and Rayleigh fading channel. 
Efficiency of beam forming algorithms is observed at different channel conditions like delay 
profile, fading channel, bandwidth, correlation, modulation technique.  

The MUSIC algorithm is implemented for detecting the movement of the users in Line 
of sight condition.  
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Preface: 
Communications has always been an interesting area where new methods and technologies 
come along with certain problems which must be solved with new methods. In this way, the 
development takes place and introducing intelligence for beam weight computation is a good 
example for it. In this Master Thesis, Chaithanya focused more on channel characteristics and 
its behavior while Rohan was focused on introducing intelligence based on these characteristics. 
The research and implementation on DOA estimation has been done together and both of us 
know every part of the thesis work. 
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1. Introduction: 

Modern communication networks use Multiple Input Multiple Output (MIMO) technology to 
achieve high data rates. As a special MIMO technique, beamforming also permits the targeted 
data transmission to the specific areas, making it possible to improve transmission to users at 
the far reaches of the cell coverage. A uniform antenna array is used to steer the array so that it 
is most sensitive in a particular direction. The signals from the antenna array are combined or 
processed to achieve improved performance over that of a single antenna. The weighting 
method is fundamental in the antenna array to control the behavior of the array. A weighting 
method is a means of selecting the weights that multiply the signals from the antennas in an 
antenna array. Like other communication standards such as WLAN and WiMAX™, Long Term 
Evolution (LTE) also defines beamforming. Beamforming is particularly important for Time 
division duplex mode in LTE. 

In beamforming, finding a weight vector is essential step for directing the signal towards 
User Equipment (UE). In this paper, the optimum beamforming weighting is determined from 
the pilot assisted channel estimation in which the known signals, called pilots, are transmitted 
along with data to obtain channel knowledge for proper decoding of signals at the receiver. In 
Time Division Duplex (TDD) system, the uplink and downlink are on the same frequency and 
thus channel characteristics are the same. So, when an UE sends an uplink signal, the base 
station uses it to estimate the channel. In the case of TDD-LTE, the uplink demodulation 
reference signal is used for channel estimation. 

The beamforming is done at regular intervals due to changes in channel and user 
movement. This requires rapid signal processing and powerful algorithms and it increases the 
computational load at the base stations. As the channel changes, the initial estimate becomes 
the worse fit which means the beamforming performance also deteriorates with time. To combat 
the deteriorating channel estimate, a new estimate should be performed but at the cost of Down 
Link (DL) data rate since the system requires the Up Link (UL) transmissions to do so. Hence, 
there is a need to introduce intelligibility to the system to cope up with massive beamforming 
requirement for the next generation cellular system. 

Algorithms such as Multiple Signal Classification (MUSIC), Estimation of Signal 
Parameters via Rotational Invariance Technique (ESPRIT) could be used in the base station to 
determine the Direction of Arrival (DOA) for the UE signal and thus to determine UE location. 
A Uniform Linear Array (ULA) antenna array is typically used where the distance between the 
individual antennas is the same and d ≤ λ/2 to determine DOA. 

1.1 Purpose and Aims: 
In this thesis work, we explore how to reduce the beam weight computation i.e., introduce an 
intelligence algorithm at the base station by understanding the channel characteristics and its 
behavior. The beamforming algorithms are simulated in an LTE model and their performance 
is observed when intelligence algorithm is introduced in different channel conditions. The 
reduction in the computation of beam weights is measured based on TDD 2 configuration. The 
performance of the algorithm implemented is measured based on Bit Error Rate(BER) when 
the intelligence is implemented and in normal case. Moreover, DOA estimation is investigated 
to know the location of UE which helps in understanding the channel behavior more, to 
implement the intelligence. 
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1.2 Methodology: 
To accomplish the aims of this thesis work, literature study is the first step to understand all the 
basic concepts of LTE. Then, simulations are done in various channel conditions to analyze the 
behavior of the channel with various beamforming techniques. After understanding the channel 
characteristics, intelligence is implemented to reduce the beam weight computation at the base 
station. Both Rician and Rayleigh channel models are implemented to observe the performance 
of the intelligence algorithm introduced. Also, DOA estimation is performed and it is combined 
with the intelligence algorithm to give better performance. 

1.3 Limitations: 
In this work, the model implemented focuses on transmission to and from a single base station 
within a single cell. The assumption taken is that the users have an established communication 
with the base station, so only data symbols and pilot symbols are transmitted. Another 
assumption is that hardware, circuits and the differences between UL and DL parts are tuned. 
Scheduling, error correction and retransmissions are not implemented to keep the model simple 
and to focus on the beamforming part and beam weight computation. The maximum Doppler 
shift is assumed to be known at the base station and DOA estimation can only be done in Rician 
fading model i.e., if there is a Line of Sight (LOS) path.   

1.4 Literature Study: 

There is a great amount of research currently going on in Multi-User-MIMO (MU-MIMO) 
systems with beamforming. At the same time, research has been going on to reduce the 
computations at the base station for beamforming. The research on DOA estimation has been 
going on since nearly two decades. 

• The paper (2) presents the overview of massive MIMO concept and of the contemporary 
research on the topic with focus on extensive use of inexpensive low power components, 
improving the throughput, increased radiated energy efficiency and reduced latency. 

• The paper (8) presents a scalable simulation tool that has been built using parts from the 
current 4G/LTE network for comparing the performance of Zero forcing (ZF), Regularized 
Zero Forcing (RZF), and Maximum Ratio Transmission (MRT) beamforming algorithms at 
different environments. 

• In paper (3), The review of array signal processing methods with focus on estimation of signal 
location for beamforming is discussed.   

• The paper (9) discusses the effect of coherence time on the MIMO channel for beamforming 
condition. It focuses on the rapid channel fluctuations due to the motion of the mobile, 
presumed to be the vehicle. The rapid channel fluctuations degrade the performance of feedback 
schemes that would otherwise increase the information throughput that can be achieved.   

The intent with this thesis work is to create intelligence algorithm to reduce the beam 
weight computation on a simulation tool that is based on LTE. The results of this work could 
then be used when developing LTE further or for education; for people that want to learn more 
about LTE, beamforming, intelligence algorithm and DOA estimation. 
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2. Background: 

2.1. MIMO: 
Multiple Input-Multiple Output is another LTE major technology innovation used to improve 
the performance of the system. This technology provides LTE with the ability to improve its 
data throughput and spectral efficiency above that obtained using Orthogonal Frequency 
Division Multiplexing (OFDM). 

Although MIMO adds complexity to the system in terms of processing and the number 
of antennas required, it enables high data rates to be achieved along with much improved 
spectral efficiency. MIMO uses multipath signal propagation that is present in all terrestrial 
communications. It employs multiple antennas in the receiver and the transmitter to utilize the 
multipath effects that always exist to transmit additional data rather than causing interference. 

2.2. Uplink and Downlink: 
Transmissions from the UE to the base station is called uplink and transmission from base 
station to the UE is called downlink. The most notable difference between uplink and downlink 
is that they use different multiple-access techniques. Single Carrier Frequency Division 
Multiple Access (SC-FDMA) is used in the UL and the Orthogonal Frequency Division 
Multiple Access (OFDMA) is used in the DL. 

UL and DL transmissions are handled by two techniques, namely TDD and Frequency 
Division Duplex (FDD). FDD uses two separate frequency bands for sending UL and DL 
frames simultaneously which means the data can be transmitted and received at the same time, 
increasing throughput. TDD on other hand uses one frequency band and the frames are divided 
in time instead, which means that the same channel is used for both UL and DL transmissions. 
Depending on the current data flow in the network different UL/DL frame schemes are used. 
This requires more precision in synchronization. In this thesis, TDD is used since UL and DL 
channels are assumed reciprocal and almost stationary over a certain period which is beneficial 
for beamforming. 

2.3. LTE Resources: 
The basic LTE physical resource is a time-frequency grid as shown in the figure. The OFDM 
symbols are grouped into resource blocks. The resource block is the smallest unit of resources 
that can be allocated to the user. The resource block is 180 kHz wide in frequency and 0.5 ms 
long in time. Each user is allocated a certain number of resource blocks in time-frequency grid. 
The underlying data carrier for an LTE frame is the resource element. The resource element, 
which is 1 subcarrier x 1 symbol, is the smallest discrete part of the frame and contains a single 
complex value representing data from a physical channel or signal. The higher the modulation 
used in the resource elements, the higher the bit rate. The number of resource blocks and the 
position of resource blocks in the grid at a given point of time depends on advanced scheduling 
mechanisms in time and frequency dimensions.  

In a LTE system, to manage different types of information that need to be carried 
between the base station and UE and to maintain synchronization, LTE frame and subframe 
structure is defined by 3GPP. 
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Figure 2.1: LTE OFDM Technology [14] 

The frame structure for LTE differ between time division multiplex, TDD and frequency 
division multiplex, FDD modes as there are different requirements on segregating the 
transmitted data. 

Type 2 frame structure is used for LTE TDD systems, see Figure 2.2. The frame is 10 
ms long along time axis. The frame is divided in to 10 sub frames which are 1 ms each which 
in turn is divided in to two slots of 0.5 ms. There are 14 symbols in a sub frame and 7 symbols 
in a slot. A symbol is the smallest unit in time. Some sub frames are divided further into standard 
special sub frames. The special sub frames consist of three fields; 

• DwPTS- Downlink pilot time slot 
• GP- Guard Period 
• UpPTS- Uplink pilot time plot 

These three fields are individually configurable in terms of length, although the total length of 
all three together must be 1 ms. 

 
Figure 2.2: TDD Frame Type 2 Structure [15] 

2.4. OFDMA: 

The downlink LTE air interface is based on Orthogonal Frequency Division Multiplexing 
Access (OFDMA), a multi carrier scheme that allocates radio resources to multiple users based 
on frequency (subcarriers) and time (symbols) using OFDM. For LTE, OFDM subcarriers are 
typically spaced at 15 kHz and modulated with QPSK, 16-QAM, or 64-QAM modulation. 

OFDMA allows a network to flexibly assign a bandwidth to a user based on bandwidth 
needs and user’s data plan. Unassigned subcarriers are switched off, thus reducing power 
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consumption and interference. However, it is the scheduling and assignment of radio resources 
that makes OFDMA distinctive from OFDM. The OFDM diagram in Figure 2.3, the subcarriers 
assigned to set of users are static over a period of time. In OFDMA figure, multiple users 
flexibly share the subcarriers, with differing bandwidth available to different users at different 
time. 

 
Figure 2.3: OFDM vs OFDMA [15] 

2.5. SC-FDMA: 
In the uplink, LTE uses a pre-coded version of OFDM called single carrier frequency domain 
multiple access. SC-FDMA is used in place of OFDMA due to several factors, including the 
high current requirements for OFDMA-based power amplifiers and correspondingly short 
battery life. Lower peak-to-average power ratio for SC-FDMA based power amplifiers results 
in extended battery life with improved uplink performance. 

In SC-FDMA, data is spread across multiple subcarriers. This differs from OFDMA, 
where each subcarrier transports unique data. The need for a complex receiver makes the SC-
FDMA unacceptable for the downlink due to size and processing power limitations in a wireless 
device. 

 
Figure 2.4: OFDM vs SC-FDMA [15] 
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2.6. Transmission of user data: 
The user data is transferred in two physical channels which are called Physical Uplink Shared 
Channel (PUSCH) for UL transmissions and Physical Downlink Shared Channel (PDSCH) for 
DL transmissions. The channels have a set of resource elements allocated for data symbols, i.e. 
a set of indices in the time-frequency grid which contains the user data. The user data arrives 
as bits to the transmitter unit and is called a Code Word (CW). The codeword can be further 
divided into either one or two streams of codewords, CW1 and CW2 as shown in Figure 2.5. 
Before these codewords are transmitted from the physical antennas they are processed in a few 
steps. To keep the model simple, the steps in figure are used which include symbol modulation, 
layer mapping, precoding, resource mapping and OFDMA or SCFDMA modulation. In a real 
system, one would also like to include error detection which includes Cyclic Redundancy Check 
(CRC) insertion, code-block segmentation, turbo encoding, rate matching, code-block 
concatenation and scrambling as pre-steps to the ones shown in the figure. As mentioned earlier, 
error detection is not included to keep the signal processing of the transmitter and receiver 
chains simpler. 

 
Figure 2.5: Transmitter chain [8] 

Symbol modulation is the stage where the bits are converted from ones and zeros to a 
complex number. This is done by mapping a sequence of bits to a number in the complex plane. 
By giving a certain sequence of bits a certain amplitude and phase all combination of bits can 
be coded in sequence. In this project, four types of modulation techniques are used; QPSK, 
16QAM, 64QAM and 256QAM which respectively maps 2, 4, 6 and 8 bits into a single symbol. 
The below four figures shows the resulting complex valued symbols after modulation with the 
four modulators. As seen in the figures, the more bits that are coded into a symbol the smaller 
the distance between each symbol will be. This means that modulation of a higher order will be 
more sensitive to noise compared to a modulation technique with a lower order. On the other 
hand, a higher order modulation technique will transfer more bits during the same time interval. 
Therefore, the modulation should change with the channel conditions for optimal transmission. 
Note that the constellation diagrams are normalized such that the average power of the signal 
is equal to one. 
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Figure 2.6: Starting from top left and going clockwise: Constellation Diagram for QPSK, 16QAM, 256QAM and 64QAM [8] 

Layer mapping is done to assign each symbol in the stream of symbols to a specific 
layer. Layers in this context means the number of shared resources that are transmitted to the 
same user, and each layer must thus have orthogonal reference signals to be separated. Table 
2.1 shows how the mapping depends on the number of codeword streams and the number of 
layers used, 𝑥𝑥𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙 refers to a layer and   𝑑𝑑𝑐𝑐𝑐𝑐𝑐𝑐𝑙𝑙𝑐𝑐𝑐𝑐𝑙𝑙𝑐𝑐refers to a codeword stream. 𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠

𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙  is 
the number of symbols for a specified layer. In this project two codewords are used when using 
more than one layer. The more layers that are used, the more data is transferred at the same 
time. Similar to modulation, the system is more sensitive to noise if it transmits more layers 
because it is more difficult to separate the layers. To have a system of full rank, which means 
that all the transmitted layers are successfully demodulated at the receiver, the system needs to 
have at least the same number of transmit and receiver antennas as the number of layers used. 

The next two stages of coding are to precode the symbols of the layers with a set of 
weights and then to combine the layers and map them to the physical antennas. It is at this stage 
that beamforming is performed and each physical antenna will then have its own weighted 
resource grid. In the final step the grids are converted to a waveform using either OFDMA or 
SCFDMA for DL or UL transmissions respectively. Cyclic prefix insertion is an important part 
here. It is used to decrease the impact of the signal taking multiple paths with different delays. 
The effect of this delay spread is that signals arrive at different times. This means that two 
symbols with different time-index can arrive at the same time and interfere, which is called 
Inter-Symbol Interference (ISI). When the receiver then samples the signal, and does a Fast 
Fourier Transform (FFT) on the signal, it will contain a mix of frequencies from  
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Number 
of layers 

Number of 
codewords 

Codeword to layer 
mapping 

i=0,…,𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙-1 

  

      1       1 𝑥𝑥(0) =𝑑𝑑(0)(𝑖𝑖) 𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙=𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠

0 

      2       2 𝑥𝑥(0) =𝑑𝑑(0)(𝑖𝑖) 
𝑥𝑥(1) =𝑑𝑑(1)(𝑖𝑖) 

𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙=𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠

0=𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
1 

      3       2 𝑥𝑥(0) =𝑑𝑑(0)(𝑖𝑖) 
 𝑥𝑥(1)=𝑑𝑑(1)(2𝑖𝑖) 
𝑥𝑥(2) =𝑑𝑑(1)(2𝑖𝑖 + 1) 

𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙=𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠

0=𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
1/2 

      4       2  𝑥𝑥(0)=𝑑𝑑(0)(2𝑖𝑖) 
 𝑥𝑥(1)=𝑑𝑑(0)(2𝑖𝑖 + 1) 
 𝑥𝑥(2)=𝑑𝑑(1)(2𝑖𝑖) 
 𝑥𝑥(3)=𝑑𝑑(1)(2𝑖𝑖 + 1) 

𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙=𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠

0/2=𝑀𝑀𝑠𝑠𝑙𝑙𝑠𝑠𝑠𝑠
1/2 

Table 2.1: Codeword-to-Layer Mapping [8] 

  
different symbols. This is a problem and to handle it a cyclic prefix is inserted to every symbol. 
The cyclic prefix itself is the last part of every symbol and the length depends on the type of 
prefix, normal or extended. A normal cyclic prefix will cover for delay spreads up to 1.5 km or 
about 5 µs and an extended prefix can handle delay spreads up to 5-10 km which is 16.7-33.3 
µs. Thus, all symbols that arrives within the delay spread, inside of the cyclic prefix, will be 
seen as the same symbol. The FFT computes the frequency content of the signal and the 
frequency content will not change with delayed components of the same signal. The last step 
of the modulation itself is to use an Inverse Fourier Transform (IFFT) on the complex-valued 
signals to translate them into the time domain. The signals are then transmitted on the wireless 
channel before they are received by the receiver chain. 
 
  
2.7. Reception of user data: 
 The reception of data includes steps that are the inverse of the ones involved in the transmitter 
chain. Namely OFDMA- demodulation and SCFDMA-demodulation, layer de-mapping and 
symbol demodulation. Channel Estimation and Channel Equalization are also added to the 
chain and are very crucial in wireless transmission. The receiver chain that is used in the model 
in this thesis is shown in Figure 2.7. 
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Figure 2.7: Receiver Chain [8] 

Channel estimation is needed because when signals are transmitted over a wireless channel, 
they lose their initial characteristics because of path loss, interference, fading and noise. 
Because of this, the signal will have a new amplitude and phase at the receiver. To compensate 
for this, known pilot symbols are placed at known indices in the resource grid. In this way, the 
receiver can do channel estimation by comparing the received symbols with the known 
symbols. The symbols are spread across the grid depending on what transmission mode is used, 
the number of layers used and also if it is UL or DL transmission. First the channel estimate for 
all reference symbols is found using least squares. Then averaging is done on the estimated 
reference symbols with an averaging-window spanning both time and frequency domain to 
suppress the effect from noise. Interpolation is then performed between the pilot symbols to 
retrieve a channel estimate over the entire grid. It is done by finding the best fit of a line between 
the estimated and averaged symbols of each column in the grid. The line can for example be 
either linear or cubic. The unknown symbols are then found from the indices of the fitted line 
and all of the lines are put together to a grid. Virtual pilot symbols may also be inserted outside 
of the grid to increase the performance of the interpolation at the grid edges. These virtual pilots 
are found from a grid that is formed from the cross product of the original pilots closest to the 
virtual pilot that you wish to generate. Channel equalization is used to retrieve the user data 
from the channel estimate. This is simply the inverse channel estimate multiplied with the 
received symbols to remove the channel impact. There are two well-known ways of doing this, 
Zero Forcing (ZF) and Minimum Mean-Squared Error (MMSE). The difference between the 
two methods is that MMSE uses the channel noise estimate while the ZF does not. The effect 
of this is that MMSE gives an equal or better estimate compared to ZF over the entire SNR 
range. 
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3. Wireless channel: 
3.1. Rayleigh fading model: 
  
Rayleigh fading models scattered signal of a wave between the transmitter and receiver, i.e. 
none of signal paths is dominant and each multipath of the signal will vary and can have an 
impact on the overall signal at the receiver. It is a kind of fading that is often experienced many 
reflection points which created in a well built up urban environment. Rayleigh fading model is 
reasonable model to model a heavily built-up city centers like Manhattan in New York. The 
model is considered as the flat fading of the component 𝑖𝑖 of the multipath channel filter taps, 
provided that the tap gains are circularly complex Gaussian random variables with zero mean. 
The Rayleigh distribution is normally modeled for Non-Line of Sight (NLOS). The Rayleigh 
distribution is given by: 
  

                                   𝑓𝑓(𝑥𝑥) = 𝑥𝑥
𝜎𝜎2
𝑒𝑒−

𝑥𝑥
2𝜎𝜎2

                           𝑥𝑥 ≥ 0          (3.1) 
  
where 
𝜎𝜎2= Time average power of the received signal before envelope detection 

The Rayleigh distributed variables are generated using a method that creates a sum of 
sinusoids with independent uniformly distributed phase and amplitude as well as a frequency 
shift factor. There are several known methods of generating these sinusoids and the one used in 
this thesis has been shown to exhibit good statistical properties and was presented in [4]. As 
opposed to other similar methods such as Jakes’, the sum of sinusoids is properly stochastic in 
its nature and different generated paths are mutually uncorrelated [4]. Another property of this 
method is that it is very easy to generate exactly as many samples as needed. The sum of 
sinusoids method is outlined in [10]. This method converges quickly to the Rayleigh 
distribution, so the computational cost can be kept low with a value of M around 10 [4]. 
  
              𝑋𝑋(𝑡𝑡)  = 𝑋𝑋𝑐𝑐 (𝑡𝑡) + 𝑋𝑋𝑠𝑠(𝑡𝑡)    (3.2) 
                         𝑋𝑋𝑐𝑐 (𝑡𝑡)= 2

√𝑀𝑀
∑ 𝑐𝑐𝑐𝑐𝑐𝑐(𝜓𝜓𝑛𝑛) 𝑐𝑐𝑐𝑐𝑐𝑐(𝜔𝜔𝑐𝑐𝑡𝑡𝑐𝑐𝑐𝑐𝑐𝑐(𝛼𝛼𝑛𝑛) + 𝛷𝛷)𝑀𝑀
𝑛𝑛=1  (3.3) 

                      𝑋𝑋𝑠𝑠 (𝑡𝑡)= 2
√𝑀𝑀
∑ 𝑐𝑐𝑖𝑖𝑠𝑠(𝜓𝜓𝑛𝑛) 𝑐𝑐𝑐𝑐𝑐𝑐(𝜔𝜔𝑐𝑐𝑡𝑡𝑐𝑐𝑐𝑐𝑐𝑐(𝛼𝛼𝑛𝑛) + 𝛷𝛷)𝑀𝑀
𝑛𝑛=1  (3.4) 

                      and 𝛼𝛼𝑛𝑛=2𝜋𝜋𝑛𝑛−𝜋𝜋+𝜃𝜃
4𝑀𝑀

,    n=1, 2,…,M    (3.5) 
where M is the number of sinusoids to sum,𝜓𝜓𝑛𝑛 , 𝛷𝛷 and 𝜃𝜃 are uniformly distributed on [-𝜋𝜋,𝜋𝜋) 
∀𝑠𝑠  and 𝜔𝜔𝑐𝑐 is the maximum doppler frequency. 
 
 3.2. Channel Propagation: 
 Most mobile wireless communication channels are multipath and time-varying channels. The 
reflected waves arrive at the receiver with different path delays, fluctuations in signal’s 
amplitude, angle of arrival and change in phase. Wireless mobile channels normally are affected 
by Doppler shift caused by user mobility, and the reflected waves have Doppler spread which 
is caused mainly by multipath propagation. The narrow-band channel of the Doppler spread is 
usually equivalent to maximum delay shift. 
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  In the LTE standard, the number of most significant signal paths and their respective 
relative tap delays and losses are typically determined into three different scenarios; "Extended 
Pedestrian Approach" (EPA), "Extended Vehicular Approach" (EVA) and "Extended Typical 
Urban" (ETU) as shown in Table 3.1. 
 

         Profile                        Tap delays(ns) 

           EPA               [0 30 70 90 110 190 410] 

           EVA      [0 30 150 310 370 710 1090 1730 2510] 

           ETU       [0 50 120 200 230 500 1600 2300 5000] 

  

         Profile                     Relative Power(dB) 

           EPA              [0.0 -1.0 -2.0 -3.0 -8.0 -17.2 -20.8] 

           EVA       [0.0 -1.5 -1.4 -3.6 -0.6 -9.1 -7.0 -12.0 -16.9] 

           ETU          [-1.0 -1.0 -1.0 0.0 0.0 0.0 -3.0 -5.0 -7.0] 

  

         Profile            Max Doppler Frequency(Hz) 

           EPA                          5 

           EVA                         5 or 70 

           ETU                       70 or 300 

Table 3.1: Parameters for LTE Profiles defined in LTE [8] 

 For each of these paths, a complex-valued Rayleigh distributed sequence is generated. Each 
sequence then acts as the time-varying envelope with which the signal is filtered. 
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4. Beamforming: 
Beamforming is generalized way of precoding to support multi-stream (or multi-layer) 
transmission in multi-antenna wireless communications. In multi-user MIMO, a multi-antenna 
transmitter communicates simultaneously with multiple receivers (each having one or multiple 
antennas). This is known as Space-Division Multiple Access (SDMA). 
Interference is used in practice by building an antenna array with many antennas and transmit 
phase-shifted versions of the same signal from each antenna in the array. The total beam of all 
antennas will then interfere constructively in some directions and destructively in others. If 
information about the channel between the UEs and base station is known, the beamforming 
weight for each antenna can be found such that the total beam can be steered towards the UEs. 
There are many ways of doing this, but in this thesis the focus will be on known linear precoding 
techniques that either maximizes the Signal to Noise ratio (SNR) or the Signal to Interference 
and Noise Ratio (SINR) at each user in the system as in 
                     𝑌𝑌 = 𝐻𝐻𝐷𝐷𝐷𝐷𝑊𝑊𝑋𝑋 + 𝑠𝑠    (4.1) 
where W is the beamforming weighting matrix, X is the signals from all users, n is independent 
and identically distributed Gaussian noise, Y is a matrix with users and HDL is the downlink 
channel matrix with the instantaneous gain and delay from each multipath between the K single 
antenna users and the M base station antennas. 

In this thesis, we used linear precoding strategies such as Maximum Ratio Transmission 
(MRT), Zero-Forcing (ZF) and Regularized Zero-Forcing (RZF). 
  
4.1. Maximum Ratio Transmission(MRT): 
As explained in [11], maximum ratio transmission maximizes the SNR for each user. This 
algorithm has very low complexity as it is the Hermitian of the channel H, i.e. the conjugate-
transpose of the channel and the beamforming weights are chosen per 
                    𝑊𝑊𝑀𝑀𝑀𝑀𝑀𝑀 = 𝐻𝐻𝐻𝐻    (4.2) 

The cost of the low complexity is that the system is sensitive to inter-user interference 
which increases with the number of UE’s in the system. The interference also originates from 
channel correlation and white noise and this reduces the orthogonality of the system which in 
turn leads to a lower throughput. 
  
4.2. Zero-Forcing(ZF): 
The well-known ZF algorithm maximizes the signal to interference and noise ratio (SINR) of 
the system and it has been explained in previous work [11], [12] and [13]. Some good properties 
of this algorithm are that it cancels interference between users and is straightforward to 
implement since the beamforming weights are the pseudo inverse of the channel. A drawback 
with this algorithm compared to MRT is the increased complexity due to inversion calculations. 
One condition for the ZF to be a well-defined problem is that the number of base station 
antennas must be at least the total number of all user antennas as stated in 
                                𝑀𝑀 ≥  𝐾𝐾𝐾𝐾    (4.3) 
where, M is the number of base station antennas, K is the number of UE’s and N is the number 
of antennas per UE. The beamforming weights ‘W’ are then calculated as the pseudo-inverse 
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of the channel matrix H; 
                       𝑊𝑊𝑍𝑍𝑍𝑍 = 𝐻𝐻𝐻𝐻(𝐻𝐻𝐻𝐻𝐻𝐻)−1   (4.4) 
 
4.3. Regularized Zero-Forcing(RZF): 
The ZF algorithm itself does not include any noise model in the weight estimation, which leads 
to the regularized zero forcing (RZF). The RZF algorithm is 

                𝑊𝑊𝑀𝑀𝑍𝑍𝑍𝑍 = 𝐻𝐻𝐻𝐻(𝐻𝐻𝐻𝐻𝐻𝐻 + 𝛼𝛼𝐼𝐼𝑀𝑀)−1 
and as seen here RZF is an extension to ZF where α is to be determined to reduce the effect of 
noise in the system. The solution to RZF becomes the MMSE solution when 𝛼𝛼=𝐾𝐾𝜎𝜎ℎ2/𝑃𝑃𝑐𝑐𝑙𝑙 , 
where 𝜎𝜎ℎ2 is the channel noise variance and 𝑃𝑃𝑐𝑐𝑙𝑙 is the downlink power. If 𝛼𝛼 equals zero, which 
means at high SNR, RZF becomes ZF and as 𝛼𝛼→∞ RZF normalized by converges to the MRT 
solution. 
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5. Algorithms: 
5.1 Intelligence Algorithm: 
As we mentioned earlier, the channel is invariant for very brief period i.e., the characteristics 
of the channel does not change for that period of time. This duration is called Coherence Time, 
which depends on the maximum Doppler shift of the channel.  

 

   Coherence Time = 0.423
𝑀𝑀𝑙𝑙𝑥𝑥𝑀𝑀𝑠𝑠𝑀𝑀𝑠𝑠 𝐷𝐷𝑐𝑐𝐷𝐷𝐷𝐷𝑙𝑙𝑙𝑙𝑙𝑙

   (5.1) 

So, if the maximum Doppler is less, then coherence time becomes more and vice versa. 
Therefore, the beam weight once computed when an UL frame arrives, need not be computed 
again for that coherence time of the channel.  

Scenario Maximum Doppler Coherence Time 

EPA 5 84ms 

EVA 70 6ms 

ETU 300 2ms 
Table 5.1: Coherence Time for Different Profiles 

5.2. Direction of Arrival Estimation: 

5.2.1. Channel Modeling: 

For estimating the direction of arrival of the signal from UE, the main condition is that there 
should be a LOS path. If there is no LOS path, the obtained angle may be due to reflection, 
refraction, diffraction or scattering. Hence, the channel is modelled into a Rician fading channel 
where there is LOS path along with multipath. It is also known as Nakagami-Rice Distribution.  

 

 
Figure 5.1: Rician Fading environment [16] 

The channel filter taps of Rician distribution is given as follows: 

𝑓𝑓(𝑥𝑥) = 𝐼𝐼0(𝑥𝑥𝑥𝑥
𝜎𝜎2

) 𝑥𝑥
𝜎𝜎2
𝑒𝑒−

𝑥𝑥
2𝜎𝜎2

                           𝑥𝑥 ≥ 0   (5.2) 
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where, 
       𝐼𝐼0 : Modified Bessel function of the first kind with order zero 
      α: Amplitude of the strong component (LOS) of constant signal 
 When α is zero the Rician distribution will be reduced to Rayleigh distribution. The channel is 
implemented as follows: 
 

       𝑍𝑍𝑘𝑘(𝑡𝑡) = � 1
1+𝐾𝐾𝑘𝑘

�1
𝑁𝑁
∑  𝑁𝑁
𝑛𝑛=1 𝑒𝑒𝑥𝑥𝑒𝑒 �𝑗𝑗𝜔𝜔𝑐𝑐𝑡𝑡 𝑐𝑐𝑐𝑐𝑐𝑐 �

2𝜋𝜋𝑛𝑛+𝜃𝜃𝑛𝑛,𝑘𝑘
𝑁𝑁

��   * 𝑒𝑒𝑥𝑥𝑒𝑒(𝑗𝑗𝛷𝛷𝑛𝑛,𝑘𝑘) 

                                            +� 𝐾𝐾
1+𝐾𝐾𝑘𝑘

∑  𝑁𝑁
𝑛𝑛=1 𝑒𝑒𝑥𝑥𝑒𝑒��𝑗𝑗𝜔𝜔𝑐𝑐𝑡𝑡 𝑐𝑐𝑐𝑐𝑐𝑐(𝜃𝜃0,𝑘𝑘) +𝛷𝛷0,𝑘𝑘�� (5.3) 

where, 𝜔𝜔𝑐𝑐,𝑘𝑘, 𝐾𝐾𝑘𝑘 and 𝜃𝜃0,𝑘𝑘 are, respectively, the maximum radian Doppler frequency, the Rice 
factor and the specular component’s angle of arrival of the 𝑘𝑘𝑡𝑡ℎ Rician fading sample sequence, 
and where 𝜃𝜃𝑛𝑛,𝑘𝑘, 𝛷𝛷𝑛𝑛,𝑘𝑘 and 𝛷𝛷0,𝑘𝑘 are mutually independent and uniformly distributed over [−𝜋𝜋, 𝜋𝜋) 
for all 𝑠𝑠 and 𝑘𝑘. 
 
5.2.2 MUSIC: 

Multiple Signal Classification (MUSIC) algorithm is a spectral estimation technique which 
work on the principle of decomposition of eigenvalues. The advantage of MUSIC algorithm is 
that it can be applied to both linear and nonlinear array of antennas. The algorithm is explained 
below: 

1. Find the covariance matrix of the signal taken. 
                                𝑅𝑅 = [𝑥𝑥𝑥𝑥𝐻𝐻]                           (5.4) 

2. Then, find the eigenvalues and eigenvectors of the covariance matrix. 
3. Consider the 𝐾𝐾𝑡𝑡ℎ eigenvector as signal subspace so that the corresponding N-1 

eigenvectors will be from noise subspace.  
                𝑅𝑅 = 𝑄𝑄𝑠𝑠𝛴𝛴𝑄𝑄𝑠𝑠𝐻𝐻 + 𝑄𝑄𝑁𝑁𝛴𝛴𝑄𝑄𝑁𝑁𝐻𝐻                                (5.5)   

where, 𝑄𝑄𝑠𝑠and 𝑄𝑄𝑁𝑁are the signal and noise subspaces. 
4. The MUSIC algorithm exploits the orthogonality relationship between the signal and 

noise subspaces, so the following equation holds true:   
                          𝛽𝛽𝐻𝐻(𝜃𝜃).𝑄𝑄𝑁𝑁 = 0                                              (5.6) 

 where, 𝛽𝛽(𝜃𝜃) is the steering vector component and is given by 

𝛽𝛽(𝜃𝜃𝑘𝑘) = �1 𝑒𝑒−𝑗𝑗
2𝜋𝜋𝜋𝜋
𝜆𝜆 𝑠𝑠𝑀𝑀𝑛𝑛(𝜃𝜃𝑘𝑘). . . . . . . . . . . . 𝑒𝑒−𝑗𝑗(𝐷𝐷−1)2𝜋𝜋𝜋𝜋𝜆𝜆 𝑠𝑠𝑀𝑀𝑛𝑛(𝜃𝜃𝑘𝑘) �         (5.7) 

                              where, d=distance between antenna 

      𝜆𝜆=wavelength 

                                         D=Number of antennas 

                               𝐴𝐴 = [𝛽𝛽(𝜃𝜃1)  𝛽𝛽(𝜃𝜃2)  𝛽𝛽(𝜃𝜃3)  𝛽𝛽(𝜃𝜃4) . . . . . ]    (5.8) 

                               where, A is the steering vector 

5. Therefore, the angle of arrival can be represented in terms of incident signal sources and 
noise subspaces as shown below: 
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                           𝜃𝜃𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀 = 𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑎𝑖𝑖𝑠𝑠.𝛽𝛽𝐻𝐻(𝜃𝜃)𝑄𝑄𝑁𝑁 𝑄𝑄𝑁𝑁𝐻𝐻 𝛽𝛽(𝜃𝜃)    (5.9) 
6. The above equation can be expressed in other form to obtain peaks in spectrum 

estimation plot. 

                  𝑃𝑃𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀 = 1
𝛽𝛽𝐻𝐻(𝜃𝜃)𝑄𝑄𝑁𝑁 𝑄𝑄𝑁𝑁

𝐻𝐻 𝛽𝛽(𝜃𝜃)
    (5.10) 

5.2.3 ESPRIT 

Estimation of Signal Parameters via Rotational Invariance Technique (ESPRIT) is a fast, 
efficient and simple estimation which takes less power and memory needed for storage. The 
ESPRIT algorithm uses the ULA steering vector in different way. The algorithm is explained 
below: 

1. Find the covariance of the signal taken, then its corresponding eigen values and eigen 
vectors. 

2. The ESPRIT algorithm is based on forming shift structure ‘A’ defined below 

                            𝐴𝐴 = � 𝐴𝐴1
𝑙𝑙𝑎𝑎𝑐𝑐𝑡𝑡 𝑎𝑎𝑐𝑐𝑜𝑜� =  �𝑓𝑓𝑖𝑖𝑎𝑎𝑐𝑐𝑡𝑡 𝑎𝑎𝑐𝑐𝑜𝑜𝐴𝐴2

�                   (5.11) 

           𝐴𝐴2 = 𝐴𝐴1𝜙𝜙          (5.12) 

 𝜙𝜙 is the diagonal matrix having the roots 𝑒𝑒𝑗𝑗𝑗𝑗𝑠𝑠,𝑎𝑎 = 1,2,3 … .𝑀𝑀. 

3. Form 𝑈𝑈1� and 𝑈𝑈2�   from M principle eigen vectors applying the deletion transformation 
to 𝑈𝑈𝑠𝑠 which signal subspace, we get  

  𝑈𝑈1 = 𝐴𝐴1𝑇𝑇        𝑈𝑈2 = 𝐴𝐴2𝑇𝑇         (5.13) 

 Combining 5.12 & 5.13, we get  

                 𝑈𝑈2 = 𝐴𝐴1𝜙𝜙𝑇𝑇    𝑈𝑈2 = 𝑇𝑇−1𝜙𝜙𝑇𝑇        (5.14) 

 By definition, 𝛹𝛹 = 𝑇𝑇−1𝜙𝜙𝑇𝑇, becomes 

                    𝑈𝑈2 = 𝑈𝑈1𝛹𝛹         (5.15) 

4. Solve the above approximate relation using Least-Square Sense or Total Least Square 
Sense. 

5. The DOA is obtained by applying the inversion formula to the eigen values of 𝛹𝛹 as 
shown below 

              𝜃𝜃𝑠𝑠� = arccos � 1
𝑘𝑘𝑐𝑐
𝑎𝑎𝑎𝑎𝑎𝑎{𝑧𝑧𝑠𝑠�}� ,𝑎𝑎 = 12,3,4 … .𝑀𝑀       (5.16) 

5.2.4 MVDR  

Minimum Variance Distortionless Response (MVDR) is a beamforming method. In this 
method, the noise power and interferences are minimized while keeping fixed gain of unity. 
The algorithm is explained below: 

1. Find the covariance matrix of the signal taken. 
2. Form the steering vector 𝐴𝐴 as illustrated in Eq.5.8. 
3. Calculate the weights by using the formula, 
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𝑜𝑜 = 𝑀𝑀𝑥𝑥𝑥𝑥−1𝐴𝐴
𝐴𝐴𝐻𝐻𝑀𝑀𝑥𝑥𝑥𝑥−1𝐴𝐴

                                                  (5.17)  

4. The angular spectrum of MVDR can be described as, 
    
                       𝑃𝑃𝑀𝑀𝑀𝑀𝐷𝐷𝑀𝑀 = 1

𝐴𝐴𝐻𝐻𝑀𝑀𝑥𝑥−1𝐴𝐴
         (5.18) 

 
5. The peaks obtained in the spectrum are due to orthogonality between steering vector 

and noise subspace. Hence, DOA is obtained by identifying the peaks in spectrum. 
 

5.2.5 Root-MUSIC 

Root-MUSIC uses polynomial rooting of MUSIC algorithm. The idea is based on 
Pisarenko’s method. The algorithm is explained below: 

1. Find the covariance matrix (R) of the signal taken. 
2. Define polynomials as below, 

 
                             𝑒𝑒𝑙𝑙(𝑧𝑧) = 𝑢𝑢𝑙𝑙𝐻𝐻𝑒𝑒(𝑧𝑧), 𝑙𝑙 = 𝑀𝑀 + 1,𝑀𝑀 + 2, … … 𝐿𝐿 (5.19) 

where, 𝑢𝑢𝑙𝑙  is the 𝑙𝑙 𝑡𝑡ℎ eigen vector of R and 
    𝑒𝑒(𝑧𝑧) = [1, 𝑧𝑧, … . . , 𝑧𝑧𝐷𝐷−1]𝑀𝑀                        (5.20) 

 
3. It is observed that 𝑒𝑒𝑙𝑙(𝑧𝑧) has 𝑀𝑀 of its zeros at 𝑒𝑒𝑗𝑗𝑗𝑗𝑠𝑠. To exploit information from the 

noise subspace, we use the equation_ 
𝑒𝑒(𝑧𝑧) = 𝑧𝑧𝐷𝐷−1𝑒𝑒𝑀𝑀(𝑧𝑧−1)𝑈𝑈𝑁𝑁�𝑈𝑈𝑁𝑁𝐻𝐻�𝑒𝑒(𝑧𝑧)                     (5.21) 

4. The 𝑀𝑀 roots having largest magnitude occurring inside the circle, say 𝑧𝑧1,� 𝑧𝑧2,� … . . , 𝑧𝑧𝑠𝑠�   
gives the DOA using the formula 

 
𝜃𝜃𝑠𝑠� = arccos � 1

𝑘𝑘𝑐𝑐
𝑎𝑎𝑎𝑎𝑎𝑎{𝑧𝑧𝑠𝑠�}� ,𝑎𝑎 = 12,3,4 … .𝑀𝑀       (5.22) 
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6. Implementation:  

6.1. Channel characteristics: 
Provided by Ericsson, a scalable simulation tool developed in MATLAB is used during this 
master thesis. First, to approach the formulated problems the tool is modified to feature the 
Rician fading channel, coherence time, the estimation of the arrival of signal etc. The Bit Error 
Rate (BER) performances of the beamforming algorithms Zero forcing (ZF), Regularized zero 
Forcing (RZF), and Maximum Ratio Transmission (MRT) are taken as the criteria for analyzing 
the effect of the channel characteristics on the performance of the information throughput in 
different LTE environments. 
The system is simulated in the following LTE environments: Spatial correlation, symbol 
modulation techniques, Types of fading channel.  
 
6.2. Intelligence Algorithm:  
The assumption taken is that the maximum Doppler of the channel is known when channel 
estimation and coherence time is calculated. The intelligence algorithm is written in such a way 
that an UL sub frame is sent only after coherence time of the channel. This algorithm can 
increase the performance for cases with less Doppler as the coherence time will be more and 
the beam weights need not be computed frequently. For example, in case of EPA scenario 84 
DL sub frames can be sent without computing the beam weights since the duration of 1 sub 
frame is 1 ms. After this, an UL sub frame is sent to estimate the channel and calculate new 
beam weights. 

The algorithm is also incorporated in such a way that an UL sub frame is sent when the 
BER crosses a certain threshold even though there are sub frames left to be sent within the 
coherence time. In this way, the system can achieve good performance as well as compute the 
beam weights efficiently at the same time. 

6.3. Direction of Arrival (DOA): 
6.3.1. Channel: 

As discussed in the previous section, the channel is modelled as Rician fading channel. When 
this is implemented, the specular component of the model is considered to be as one path and 
the rest of the paths are considered to have non-specular components, in other way, it has 
multipath propagation. 

 As mentioned in 5.2, there are several algorithms to find the DOA. The below table 
shows the relative complexity in terms of computations. 

Algorithm Computations 
MUSIC About 1 million computations 
MVDR 2 million computations 
Root-MUSIC More than 1 million computations 
ESPRIT Almost 1 million computations 

Table 6.1: Computations for Different DOA Estimation Algorithms 

 From Table 6.1, we can see that MUSIC and ESPRIT has less computational complexity 
compared to other algorithms but MUSIC can be applied to both linear and non-linear antenna 
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arrays. Hence for the estimation of DOA, implementation is done using MUSIC algorithm.  

6.3.2. MUSIC Algorithm: 

The MUSIC algorithm is implemented as explained above. The following steps are done to 
implement it in our model: 

1. First, the data taken should be in the 𝐾𝐾×𝑀𝑀 form where N is the number of antennas at 
base station and M is the number of samples which depends on the sampling rate of the 
signal. 

2. Then, find the covariance matrix by multiplying the signal with its transposed conjugate 
of the signal. 

3. Find the eigenvectors and eigenvalues of the covariance matrix. 
4. Consider the eigenvector corresponding to last eigenvector as signal space and rest of 

the eigenvectors as noise subspace. 
5. Now, multiply this noise subspace with the steering vector at each angle from -90 

degrees to +90 degrees to get a spectrum with one maximum peak. 
6. Take the angle of the highest peak and add it with 90 to get the angle of arrival. For 

example, if the peak is at -45 degrees, then the angle of arrival is at (90+(-45)), which 
is 45 degrees. 
 

6.4. Combined Implementation: 

 
Figure 6.1: Block Diagram representing the process at Base Station 

As explained earlier, the receiver chain does the inverse operation of the transmitter chain. The 
above block diagram represents both receiving and transmitting parts of the base station. The 
process is explained as below: 

1. The base station receives all the signals from multiple UE’s in as waveform. 
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2. The waveform is converted into resource grid by demodulating the signal. 
3. The received grid is then used for channel estimation for each UE and the coherence 

time is calculated for that UE. 
4. Channel Equalization is done and the received grid for that UE is calculated using the 

channel estimate and the equalized grid. This is done by following equation:  
                   Received Grid= Channel Estimation* Equalized Grid 

5. After calculating the received grid for that UE, then it is modulated to get the received 
waveform for that UE. 

6. Perform MUSIC algorithm to get the DOA and store to compare for next calculation. 
7. Then, layer de-mapping is done and the information is obtained. 
8. In next step, the DOA’s stored is compared to see whether they are equal. If they are 

equal, then previous beam weights are used. If they are not same, new beam weights are 
calculated using channel estimates. 

9. After beam weights part, the DL sub frames are sent till the coherence time of the 
channel for that UE. Since 1 sub frame is 1ms, then the number of sub frames that can 
be sent is the magnitude of the coherence time itself. 

The process repeats again when next UL sub frame is sent after the coherence time. 
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7. Results: 
7.1 Channel Characteristics: 

Unless stated otherwise, the following parameters are used for simulating graphs present in this 
section. Bandwidth of the channel is taken as 20 MHz, number of UE’s are assumed to be 4 
with varying distances from the base station, the delay profile is EVA, number of base station 
antennas are 4, the noise added in the channel is assumed to be Gaussian noise, number of layers 
is 1, beamforming algorithm is MRT.  

The number of UE’s in the system is referred to as the number of UE’s sharing the time-
frequency resource and for simplicity each UE is assigned the entire resource grid. 
The throughput of the system in terms of BER is shown for three spatial correlations Low, 
Medium and High correlation in Figure 7.1 as the SNR values are gradually increased under 
Rayleigh fading channel.  The 64 QAM modulation is used during the setup for these three 
simulations. 

 
Figure 7.1: Bit Error Rate as a function of SNR with MRT and 64 QAM modulation 

As one can observe the performance of the system is more robust for low correlation 
followed by medium and high correlation respectively. This goes in line with the theory of 
spatial correlation that the antennas are not well separated with increase in the spatial 
correlation, which typically leads to performance degradation in space diversity systems. 
  In the next figure, the throughput of the system in terms of BER is shown for three 
symbol modulation techniques QPSK, 16QAM and 64 QAM. 

 The performance of the system is more robust in QPSK, followed by 16 QAM 
and 64 QAM respectively. The reason is constellation size of the symbols increases as one 
moves in the order QPSK,16 QAM,64 QAM. With increase in size the power of the transmitted 
signal and data rate also increases which results in less separation space between adjacent data 
symbols in the channel. As a result, BER increases degrading the performance. 
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Figure 7.2: Bit Error rate as a function of SNR with MRT and low correlation 

 
Figure 7.3: Bit Error rate as a function of SNR with QPSK modulation and low correlation 

 In the Figure 7.3, 7.4, 7.5 the throughput of the system in terms of BER is shown for 
beamforming algorithms ZF, MRT and RZF. Each figure shows the performance of system in 
different modulation schemes. In Figure 7.3, QPSK modulation is used. As QPSK represents 
low data rate, one can observe that MRT has better performance compared to ZF. As regularized 
ZF (RZF) precoder shares both the properties of ZF and MRT, the RZF performance is more 
robust than the other two at low SNR and as the SNR increases RZF approaches to ZF which 
is expected according to the theory mentioned in the earlier sections. So, when the simulations 
are run in high SNR environment RZF will be same as ZF.  
 In Figure 7.4, 16 QAM modulation is used. As the data rate increases one can observe 
that the performance of system using MRT precoder is degrading compared to that of ZF 
precoder. The RZF outperforms both ZF and MRT at low SNR and RZF approaches to ZF with 
increasing SNR value. 
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Figure 7.4: Bit Error rate as a function of SNR with 16 QAM modulation and low correlation 

 
Figure 7.5: Bit Error rate as a function of SNR with 64 QAM modulation and low correlation 

In Figure 7.5, 64 QAM modulation is used. The performance of the 64 QAM is like 16 
QAM with only the difference is slight increase in BER value in three beamforming algorithms 
due to further increase in the data rate. 
 

7.2 Intelligence Algorithm: 

7.2.1. Rayleigh model: 

The intelligence algorithm is implemented in Rayleigh fading channel and simulated in all three 
scenarios i.e., EPA, EVA and ETU. 

a) Single User: 

i. EPA: 

The coherence time of this scenario is about 84ms, so 84 sub frames are sent after one UL sub 



24 
 

frame. 

 

 
Figure 7.6: Bit Error rate vs Subframes in Rayleigh-EPA single user scenario 

This can be observed from the Figure 7.6 where the BER with beamforming is almost 0 until 
83 sub frames. Since the coherence time is only 84ms, the channel tends to change and previous 
beam weights used is not valid anymore. This can be observed from the graph where the BER 
increases at 84th sub frame.  

ii. EVA: 

 
Figure 7.7: Bit Error rate vs Subframes in Rayleigh-EVA single user scenario 

Figure 7.7 depicts the EVA scenario where the maximum Doppler is 70Hz, where total of 20 
sub frames are sent with QPSK modulation. The coherence time of this scenario is 6ms, so 6 
DL sub frames can be sent after 1 UL sub frame. From the graph above, we can see that the 
BER with beamforming remains less than that of without beamforming. The BER rises in 5th 
sub frame as the channel condition tends to change, therefore an UL sub frame so sent so that 
channel can be estimated and new beam weights can be calculated. The same process is repeated 
for successive sub frames. 
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iii. ETU: 

Figure 7.8 depicts ETU scenario where the maximum Doppler is 300 Hz or it can be said that 
the UE is moving at a speed of 60 km/h. The coherence time for this is 2ms. In this case, a 
decision can be made whether to send the frames as per coherence time to get good BER or 
follow the existing TDD 2 configuration to save beam weight computations. 

 
Figure 7.8: Bit Error rate vs Subframes in Rayleigh-ETU single user scenario 

b). Multi-User: 

i. EPA: 
In multi-user case, the BER tends to increase for both, with and without beamforming. This is 
due to interference between users and inter-channel interference. Though the BER with 
beamforming is always less than without beamforming, the BER is quite significant for both 
cases, so there can be a threshold level for SNR to keep the performance better. 

 

 

Figure 7.9: Bit Error rate vs Subframes in Rayleigh-EPA Multi-user scenario 
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ii. EVA: 

 
Figure 7.10: Bit Error rate vs Subframes in Rayleigh-EVA Multi-user scenario 

In EVA scenario, the BER for with beamforming case reaches more than without beamforming 
case similar to single user situation. But the only difference is that BER is very high here 
compared to the former.  

iii. ETU: 

As mentioned in single user situation, a decision can be made to opt either performance or 
reduce computation. Due to interference, the BER in both cases is high. 

 

 
Figure 7.11: Bit Error rate vs Subframes in Rayleigh-ETU Multi-user scenario 

7.2.2. Rician Channel: 

Since, the Rician channel has a LOS component with the multipath, the BER rate will reduce 
compared to the Rayleigh fading channel. 
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a). Single User: 

i. EPA: 

Compared to single user situation in Rayleigh model, this EPA scenario has good performance 
with beamforming as well as the computation is reduced significantly when intelligence 
algorithm is introduced. 

 
Figure 7.12: Bit Error rate vs Subframes in Rician-EPA Single user scenario 

  

ii. EVA: 

 
Figure 7:13: Bit Error rate vs Subframes in Rician-EVA Single user scenario 

       This situation is similar to single user Rayleigh model EVA scenario where nearly 50% 
computation is saved. The BER tends to rise when the coherence time is nearly at its end. 

iii. ETU: 

In this situation, the random nature of the channel can be seen. Since there is LOS path, the 
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channel tends to be either invariant for long time or it tends to be invariant for coherence time. 

 

Figure 7.14: Bit Error rate vs Subframes in Rician-ETU Single user scenario 

b). Multi-User: 

i. EPA: 

This situation is like EPA Rayleigh model multi-user scenario. The BER tends to increase due 
to interference from UE’s and channel. 

 

 
Figure 7.15: Bit Error rate vs Subframes in Rician-EPA Multi-user scenario 

ii. EVA: 

This situation is like EVA Rayleigh model multi-user scenario. The BER tends to increase due 
to interference from UE’s and channel. But the BER is very high in both with and without 
beamforming cases. Since BER tends to increase, there can be threshold level so that the 
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transmission can be stopped when the BER reaches the threshold level. 

 
Figure 7.16: Bit Error rate vs Subframes in Rician-EVA Multi-user scenario 

iii. ETU: 

This scenario is same as Rayleigh model scenario. In some situation, the BER for with 
beamforming case is less than without beamforming but in other cases it is vice versa. 

 
Figure 7.17: Bit Error rate vs Subframes in Rician-ETU Multi-user scenario 

7.3. Direction of Arrival: 

7.3.1. Rician Channel: 

a). Single Path (Non-fading Channel): 

The graph in Figure 7.18 is the result obtained when multipath is not considered and no fading 
occurs in this single path. The UE is positioned at exactly 450 from base station. We get exact 
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angle as there is no multipath and due to no fading, there are no other dominant peaks. 

 

Figure 7.18: DOA estimation for Rician-Single path without fading 

 

b). Single Path (Fading Channel): 

This is the result obtained when multipath is not considered but fading is considered. The UE 
is position at 450. We obtain exact angle including some other peaks due to fading effect. 

 

 
Figure 7.19: DOA estimation for Rician-Single path with fading 

c). Multipath: 

The result in Figure 7.20 is observed when the model is simulated in multipath, where one of 
the path is LOS itself with fading. The UE is placed at 450. Since there is multipath propagation, 
the angle obtained is not exact and this deviation of angle will be maximum of 50. 



31 
 

 
Figure 7.20: DOA estimation for Rician Multi-Path Fading 

7.3.2. Rayleigh Channel: 

The DOA cannot be found out in Rayleigh fading channel as there will no LOS path and there 
are many scattering, reflections, diffractions and refractions. It can be also observed from above 
graph, where there are several DOA’s indicating there is no fixed LOS component and all the 
obtained angles are due to scattered rays. 

 
Figure 7.21: DOA estimation for Rayleigh Fading 

7.4. Computations: 

The number of computations made to calculate beam weight depends on coherence time of the 
channel which in turn depends on the maximum Doppler. Figure 7.22 shows the relationship 
between maximum Doppler and coherence time. 
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Figure 7.22: Coherence Time vs Doppler 

a). EPA: 

In EPA scenario, the computations made with and without intelligence algorithm is shown 
below. The comparison is made by comparing with TDD 2 configuration. It can be seen that 
the number of computations for 342 sub frames without intelligence is 85 whereas with 
intelligence only 4 computations are made resulting in almost 95% reduction in beam weight 
computation. 

 

 
Figure 7.23: Computations vs Subframes in EPA scenario 

b). EVA: 

Here, since the Doppler is high and coherence time less, the reduction in computation is far less 
compared to EPA scenario. For 44 sub frames, 11 computations are made without intelligence 
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and only 6 computations are made with intelligence saving almost 50% of beam weight 
computation. 

 
Figure 7.24: Computations vs Subframes in EVA scenario 

    

c). ETU: 

The ETU scenario is different than other two scenarios. Since ETU has maximum Doppler of 
300 Hz, coherence time is only 2ms indicating that computation must be made for every 2 sub 
frames. 

 
Figure 7.25: Computations vs Subframes in ETU scenario 

This is increase in computation as in normal TDD 2 configuration a computation is made after 
3 DL sub frames. Hence, there is increase in computation when intelligence is introduced. 

As mentioned above, for high Doppler the computations cannot be reduced rather it will 
increase so that there will be good BER. Therefore, there should be some threshold Doppler 
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that has same computations as the current TDD 2 configuration. Since the current TDD 2 
configuration, 3 DL sub frames are sent. Therefore,  

𝐷𝐷𝑀𝑀 =
0.423

3
 

𝐷𝐷𝑀𝑀 = 140 𝐻𝐻𝑧𝑧 

The computation plot for Doppler of 140 Hz is shown in Figure 7.26. As we can see that the 
computations for with and without intelligence is same for 𝐷𝐷𝑀𝑀. Hence, a decision can be made 
if the Doppler goes more than this value to reduce the computations or to have performance.

 
Figure 7.26: Computations vs Subframes for Doppler of 140Hz 

The below graph in Figure 7.27 shows the percentage reduce in computation for corresponding 
maximum Doppler.  

                    
Figure 7.27: Computation Percentage vs Subframes for EPA, EVA, ETU and Doppler=140Hz 

EPA has highest reduction in computation and the threshold to save the computation is 𝐷𝐷𝑀𝑀 =
140 𝐻𝐻𝑧𝑧, as calculated above. For ETU case, i.e., Doppler of 300 Hz, the percentage is negative 
indicating that there would be more computations if intelligence algorithm is used. 
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8. Conclusion: 
In this work, we have successfully introduced an intelligence algorithm which reduces the beam 
weight computation at the base station. This is done by understanding the channel behavior and 
other characteristics of the channel. The intelligence algorithm is then tested for various channel 
characteristics and it is observed that the performance of the algorithm is much better when the 
maximum Doppler is below 140 Hz. The performance was measured based on the currently 
used TDD 2 configuration. Another measurement criteria are to check whether the BER is 
similar when the algorithm was introduced to the case when no intelligence was present. This 
indicates that the used beam weights within the coherence time are appropriate and hence 
computations are saved. The DOA is also measured with less estimation error in Rician fading 
model and the estimated DOA is also implemented in the intelligence algorithm to make it more 
efficient. 
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9. Future Scope: 
The model used in this project with the intelligence algorithm can be further developed into 
advanced model by including error correction and scheduling where it can be perfect replica of 
the present LTE system where simulations can be done for new techniques and 
implementations. The intelligence algorithm can be tested in real time where many factors 
would be affecting the performance such as implementation cost, channel conditions, number 
of computations for the algorithm. If we were to continue, the first task would be to calculate 
the Doppler and find the coherence time of the channel rather than assuming that the Doppler 
is known. Also, coherence time can be calculated using the received signal, therefore the 
Doppler need not be calculated. 
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