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ABSTRACT

To provide an increasing volume of data rapidly via telecommunication devices,
throughputs must be increased. With the new coming 5G and 6G, mm-Wave
frequency designs are studied to be used because of their wider available frequency
bands. In the context of sustainability, research on how to provide these throughputs
with the least power consumed is needed. This thesis aims to optimize the digital
baseband computation of mm-Wave communication systems for several scenarios
in SISO and MU-MIMO. To estimate the power consumed, the number of digital
operations is counted and is related to the quantization level. The optimal levels
for each block of the digital part of the communication are analyzed. With this
model, we show that for the optimal configuration around 20% of savings can be
made compared to a full 10-bits computation.
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DAC Digital-to-Analog Converter
DFT Discrete Fourier Transform
DSP Digital Signal Processing
EE Energy Efficiency
FDM Frequency Division Multiplexing
FFT Fast Fourier Transform
LDPC Low-Density Parity Check
LLR Log Likelihood Ratio
LNA Low Noise Amplifier
LoS Line-of-Sight
LUT Look-Up Table
MCT Maximum Combining Transmission
MIMO Multi Input Multi Output
MMSE Minimum Mean Square Error

Millimeter-Wave

vii



MU-MIMO
NLoS
OFDM
PA
P/S
QAM
RF

RX
SCO
SINR
SIR
SISO
SNR
SRRC
S/P
TX

ZF

Multi-User MIMO

Non Line-of-Sight

Orthogonal Frequency Division Multiplexing
Power Amplifier

Parallel to Serial

Quadrature Amplitude modulation
Radio Frequency

Receiver

Sampling Clock Offset
Signal-to-Interference-plus-Noise Ratio
Signal-to-Interference Ratio

Single Input Single Output
Signal-to-Noise Ratio

Square-Root Raised Cosine

Serial to Parallel

Transmitter

Zero-Forcing

viil



1 INTRODUCTION

1.1 Context

In a context where telecommunication and data are widely used, the need for
more sustainable and efficient communication becomes more and more important.
Additionally, with the ever-increasing throughputs, new systems for mm-Wave will
have to adopt other schemes such as wider bandwidth, Multiple Input Multiple
Output (MIMO) techniques and/or spatial diversity, etc [14]. As fifth-generation
(5G) systems begin to take place, the research for 6G is already undergoing. 6G
would enable terabit-per-second data rates and would allow the Internet of Things
to become a reality. But at these frequencies, the power consumption will become
a challenge[35].

Telecommunications chains are made of an analog part comprehending the antennas,
beamforming networks, amplifiers, and local oscillators and the digital part with
all the processing of the data to be sent/received. For the analog part at the
transmission for example, at the base station 75% of the power is consumed in the
Power Amplifier (PA) [1]. Working for wider bandwidths means also working with
a higher sampling frequency for the digital signal processing part (DSP) which lead
to a higher power consumption.

The trade-off between power consumption and performance is a fundamental
challenge in telecommunication systems design. Finding the optimal balance
between power consumption and performance is crucial to achieve efficient and
sustainable communication systems. Therefore, understanding the relationship
between power consumption and performance is essential in developing energy-
efficient telecommunication solutions.

The used scheme is multi-user MIMO (MU-MIMO) with Hybrid beamforming
however single input single output (SISO) will also be taken into consideration at
the start of this research.



A lot of papers characterize the power of a specific telecommunication chain and it
is usually done with hardware measurements [34] [5] |42]. They perform one type of
communication, optimize one design, and then show the power consumption.

A model to quantify the power consumption of the entire wireless system was
created at IMEC, the Base Station power model. The model was taking the power
estimates of the PAs, the BaseBand (BB) unit, the power supply and cooling
systems, etc to see the impact of the traffic on the network. It revealed that for
older generations, the power consumed by the network was not dependent on the
traffic of data load [4]. The model then evolved with the new generation to be more
flexible on the scenario used, to have a model for many types of architectures [10].
This power model has for goal to be able to estimate the global power consumption
that each design could have. This approach gives for each scenario, the power
consumption in a theoretical way, before the hardware implementation of the chain.
The model used is very versatile and makes it possible to compare the power
consumption of several scenarios. This would allow us to analyze more thoroughly
the optimal scheme for a specific application with regard to the type of coding
rate, modulation, filter size, multiple streams, bandwidth, etc. This way, we can
analyze which type of communication system would be best to create to have the
most energy-efficient design. This model comes from a previous paper of IMEC
[10]. A part of this model is improved in this work and will be explained in the
section

1.2 Objectives

The goal of this thesis is to characterize the telecommunication chain above 100GHz.
Through simulations, a trade-off will have to be made between the number of
operations (the power complexity) and the performance recorded in Signal to Noise
Ratio (SNR) to obtain a Bit Error Rate (BER) of 1073, 107, and 107°. The
number of operations of the Digital Processing blocks will be determined to estimate
the power consumption of the chain with regards to the power consumption per
operation. This will then lead to seeing which blocks need to be changed/optimized
or for which block reducing the quantization level would be enough.

In this work, the digital Base-band communication part of the power model [10]
from IMEC is refined and simulations related to the performance of the quantization
are analyzed.

The thesis is organized as follows. In chapter [2| the telecommunication chain
used will be explained. We will also explain the methodology to study the power



consumption and the performance. In chapter [3| all the blocks of the chain will be
thoroughly looked into and given their number of operations.

In the chapter [4], the simulation results for several scenarios will be assessed.

Finally, in chapter [, we will summarize our findings and discuss the future prospects
of improvements.



2 BLOCK DIAGRAM & METHOD-
OLOGY
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Here above on the figures|2.1{and are the block diagram of the transmission(TX)
and the reception(RX) for millimeter-Wave(mm-Wave) frequency communication.
In this work, the synchronization is supposed to be perfect (without frequency
offset, sampling clock offset, IQ-imbalance, and phase noise). In this chapter, the
block diagram of the radio-frequency(RF) communication chain will be explained.
In section [2.1], the transmission will be described, and the reception in section [2.2]
After, the modelization of the power consumption will be described in section
with the previous model and the one from this work. And finally, how to link it
with the performance in the section [2.4]

2.1 Transmission

Generically, at the transmission, the data sent are sequences of bits of informa-
tion. They go through a coding block that adds redundancy in the sequence to

,,,,,,,,,,,,,,,,,,,,,,,,,,



balance/counter the effect of the channel. It is also there to correct the effect of the
noise and other impairments which could lead to an error in the received bits.

In a simulation scenario with synchronization impairments, known pilots can
be included in the packets and sent. These pilots will help to estimate these
impairments. Then they would be compensated to recover the signal sent. In this
work, only the channel impairments were taken into account such as the random
phase due to the distance or the multipath channel with Rician fading [22]. Because
of the properties of very high frequencies with heavy path loss, most simulations
will be done with a Line of Sight (LoS) component only [32]. In the simulations,
the channel impairments such as the phase and amplitude of all the multipaths are
known to both TX and RX (meaning perfect estimation) because no estimation
algorithm is implemented (none pilots are sent). This would therefore correspond
to a perfect channel estimation.

Then the bits are mapped onto the symbols and these constellation symbols will be
modulated using OFDM [37]. The modulation operation is the block that changes
the digital information into a waveform that can go over a channel(RF in this case).
The idea behind OFDM is the following. Each of the symbols will be multiplied to
a sine function at a certain multiple of a frequency. Thanks to the orthogonality of
sine, they are all orthogonal between each other. This corresponds to a frequency
division multiplexing(FDM) by mapping each constellation symbol (for the size
of the OFDM symbol) on a subcarrier. And this operation is very similar to an
inverse Discrete Fourier Transform (IDFT). So practically, for 1 OFDM symbol, a
vector of constellation points corresponding to the subcarriers is put in an IFFT.
And that gives a time domain signal which is the addition of all the carriers. And
the number of the subcarriers is the same as the length of the OFDM symbol
generated.

Then a copy of the last portion of the OFDM symbol is put at the beginning
of the OFDM symbol. This is the cyclic prefix and it is used to combat all the
discontinuities that happen on the data because of a multipath fading channel.
The cyclic prefix will be discarded to remove the effect of the delayed versions of
the OFDM symbol before recovering the data. OFDM will thus allow the delay
spread to be much longer than if the constellation point were sent. This prevents
the ISI from happening.

For mm-Wave frequency, the Non Line of Sights (NLoS) components are more
absorbed by the reflectors and the propagation for longer distances will be more
attenuated. This means that the cyclic prefix can be shorter. Additionally, due to
the BeamForming, the energy will not be directed in the direction of the reflector
resulting in a smaller effect of the reflected part.



For a MIMO situation, a precoder can be added to help the beamforming of the
signal to put all the energy in the direction of the user and nulls for the direction of
other users for example. This precoder can be of several types: Zero Forcing(ZF),
maximum combining transmission(MCT'), and minimum mean square error(MMSE)
and they will be more explained in the section [3.8

The signal can also be upsampled or not if guard bands are used instead. If the
signal is not upsampled, the Nyquist theorem shows that aliasing will appear. The
guard bands in OFDM are needed and have the same effect in this case. The zero
padding in the frequency domain is in fact an oversampling in the time domain.
And so no data is read on the corrupted bands.

The signal goes through a pulse shaping filter that, as the name says, shapes the
signal in a way to limit the usage of the bandwidth.

After all the digital processing, the signal goes through a digital-to-analog converter
(DAC) and then in the case of Radio Frequency (RF) communication, goes through
the mixer to transmit the signal around the carrier frequency. The signal is then
amplified before being sent to the antenna.

2.2 Reception

At the reception, first, the signal needs to be also amplified with a Low-Noise
Amplifier (LNA) because of the attenuation due to the distance between the TX-RX
antennas. Then it goes through a Band-pass filter to filter out all the part of the
spectrum which is not part of the signal of interest. Then it goes through the mixer
to go back to the baseband. After, the Automatic Gain Control(AGC) will work
with the Analog-to-Digital Converter to maximize the usage of the ADC so that it
does not saturate and that it has an optimal dynamic range.

Then the synchronized signal in this case goes through a matched filter which
maximises the SNR.

The cyclic prefix of the OFDM symbols is removed and the FFT is performed to
get back the subcarriers with as values the constellation points. But before getting
the symbol demapping, equalization needs to be performed to remove the effect
of the channel on the streams. After that, the symbol demapping is done with a
soft-decision to enter the channel decoding.



2.3 Power Modelization

The methodology to characterize the power consumption of each scenario was to say
that the power consumption comes from several different parts. There is the analog
part including the PA, and all the other analog components (such as Low-Noise
Amplifier, Local Oscillator, mixers, Band-pass and low-Pass filters). There is also
the digital part which will be updated from the previous model. And the last part
is the general system overhead which corresponds mostly to the losses of the supply
[10]. The previous and the new model will be explained in this section.

A big part of the power consumption of the whole system is due to the PA as
it increases the power of the signal to be sent at the antennas[l]. Its power
consumption depends on the internal efficiency of the PA and the output power
needed for the operation point. And for sub-terahertz frequency designs(from
100GHz), the maximum power efficiency for a 300GHz power amplifier is 7% with a
11mW output power|13]. Then the other analog components are modeled from the
state of the art. The losses from the overhead/supply that are taken into account
are due to the power converters with 8% of losses. The modelization of these parts
was taken from previous research from IMEC [10].

2.3.1 Description previous model

In the previous model|10|, the power consumption of the digital part of the com-
munication was computed by counting the number of operations. The number of
operations of each block depends on several factors: the modulation, the bandwidth
used, the size of the FFT block,...). This represents the complexity. For each block,
a different quantization level could be used and so the complexity of each block
has to be multiplied by a quantization scaling. The scaling was approximated to
1.2, as more linear operations were done than quadratic. This power model took
only the basic operations such as additions and multiplications and no memory so
a factor of overhead of 2.5 was needed. To translate these numbers of operations in
terms of power consumption, it needs to be multiplied by an energy efficiency for
a certain reference technology. The one from the paper is 300GOPs/W for 4-bit
complex operations in the 28nm technology. The formula can be seen below.

Power Consumption = Complexity (scaled with bandwidth, number of streams, modulation,...)
* Quantization scaling  (Power factor : different per operation)

* Overhead (memory operations, flexibility)
/ Efficiency (GOPS/W for reference technology)



2.3.2 New Model

In this work, the consumption of power for the digital part of the communication
is also based on the previous model. As in the previous model, the complexity
is computed on each block separately to count the number of operations. But
each type of operation is counted individually, including the number of additions
(add), the number of multiplication with a constant value (mult.s), the number
of multiplication of 2 variables (mult,.), the number of Look-Up Tables accesses
(LUT) and the number of memory accesses for both reading and writing (Mem).
A distinction between the 2 types of multiplication is done because the design
architecture can be optimized if the multiplication factor is known in advance. This
can create a path to decrease the complexity of the multiplication drastically. With
all the operations taken differently, their power consumption will also need to be
computed separately.

In the communication chain, in between the Symbol Mapping block and the
Channel decoding block(in the case of a soft Symbol demapper), the samples are
represented /quantized with more bits. Thus the number of operations to perform
an addition for example will be bigger.
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Figure 2.3: Example Full-Adder 32 bits |15]

Figure illustrates that the N-bit adder can be done by chaining together N
full-adders. This increase linearly the consumption with regard to the number of
bits. In consequence, each operations are closely related to the number of bits used
so the quantization level has here an impact on the energy consumption.

For each access to memory or operation such as additions or multiplication, an
energy per bit is considered. This energy is evolving with a linear scale for operations
as additions or for memory access and a quadratic scale for multiplication. For
example, for a multiplication of 2 4-bit variables, there will be a power consumption
of cst.4? £J and for an addition this comes down as cst.4 fJ. The energy constant cst



will determine what is the energy consumption for this type of operation. Curves
of energy per operation per bit have been made thanks to this paper [1§].
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Figure 2.5: Energy per memory

The Figures [2.4)[2.5] illustrate the energy functions of the operations with the bits
representation of the data. Because of the few data points provided, the values of
the constants are rough estimations. We estimate then that the power factor of
the multiplication should have been 2 and the other constant should have been the
same as for the addition.
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The memory is read or written normally per word(32-bit) and not per bit so normally
we should not describe the energy consumption per bit for this operation. But as
multiple operations can be processed at the same time, multiple data(represented
with 8bits for example) can be read at the same time in one 32-bit word to be
further processed. We can therefore also do an estimation per bit of the memory.
The figure also shows that the energy of the SRAM is 50 times superior to the
addition.

The values of the constants are also on the graphs for a technology on 45nm. To
have the estimation of the energy for 7Tnm (2022 - product), we have to multiply
the constant by the power saving factor of 0.0528 related to the year technology
(= 0.5%0.65%) [10].

For example, if we want to perform 10 additions and 11 multiplications with 8-bit
representation we will have the following formula for the energy consumed for these
operations:

Energy = (10 % 0.0032 8 + 11 % 0.0032 * 8?) * 0.0528 = 0.132 [pJ]

Returning to the link with the previous model, no overhead should be needed in
this case as the memory is taken into account. And because we get the energy of
the operation directly, it just needs to be multiplied by the frequency at which this
operation is performed.

The global power consumed is thus the sum of all the blocks of the power consumed
by each block. And the power on one block is the energy of all the operations in
this block multiplied by their frequency of activation.

The estimated power result is therefore in this equation :

Power Consumed = (Z (o e(bits)) Xfw) (2.1)

blocks \ Ops

With o the number of a certain type of operation for a certain block (Ops being
all the types of operations), £(bits) the energy constant of this operation for a
data represented over a certain number of bits, y the number of activation per
constellation symbol of this block and f., the constellation rate.

The power to access lookup tables was neglected in the results afterward. And the
two types of multiplications were considered the same.
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2.4 Performance Simulations

The chain is simulated in MATLAB to observe the performance with regard to
the quantization level of the different blocks. In the simulation, the inputs of each
block (fft,...) are quantized to a certain level. Then in the block, the operations
are not quantized and only the output is. The inside of the blocks is considered a
black box in terms of quantization.

The quantization level used for each block impacts the performance of the com-
munication. A lower number of quantization levels will add more distortion to
the signal hence decreasing the BER. A lower number of quantization levels will
thus decrease the performance but also decrease the power consumption as seen in
the subsection [2.3.2] The performance in terms of the power of the Digital part
estimate and the SNR to achieve a specific BER(=1e-5,1e-4,1e-3) is recorded for
some scenarios with varying quantization levels. Then all these different points of
performance for quantization setups are put in a plot to see which combination of
quantization levels for each block is optimal for the scenario.

This will be done at first only on the digital part of the chain to see the improvements
and then at the end also with the analog part to see the global power.
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3 BLOCKS AND ALGORITHMS

In this chapter, we analyze the digital blocks of the communication chain with
their algorithms. The number of operations is computed for all the blocks.

We also analyze the Beamforming and the channel model used for MU-MIMO
simulations.

3.1 Channel Coding

The information bits are coded to introduce redundancy in the chain. It allows to
have correcting capabilities if some bits are corrupted by the channel. The channel
decoder will be able to correct the errors if the number is reasonable.

For high data rates, the most used code is LDPC-coding|23| because they require
low decoding complexity but with long block lengths. On the other hand, Turbo-
codes require a higher decoding complexity than LDPC-codes and can achieve good
performance even with smaller block lengths[16].

As the goal is to transmit data rates in the range of tera-bits, LDPC is chosen. It
is also the most common type of coding currently used for 5G standards[11].

The coding is implemented using a sparse matrix-vector multiplication. Normally,
the matrix given is the parity-check matrix and it is given with a base matrix that
has to be extended [40].

13
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Figure shows how the base matrix is represented and expended to create the
Parity check matrix. This base matrix is given with an expansion factor equal to 4.
The value -1 corresponds to a zero matrix and all other values of the base matrix
correspond to circular shifts on the rows of the identity matrix.

As we want to optimize the power of the communication, we choose the parity-check
matrix, and from that it is possible to transform this matrix into its generating
matrix. This way, for a given code rate, simpler computations are used to generate
the coded bits.

c=bG
Glzl o le codedbits
[Cl CNcodedbits] = [bl bNinfobits:|
GNinfoln'ts 71 GNinfobitstcodedbits

With c the coded bits, b the information bits, and G the generating matrix of the
LDPC code.
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For each coded bit, there are Ny, fopits additions modulo 2(XOR operations). But
because we know the generating matrix, only the indices of the ones in the generating
matrix are considered. This will thus give the number of operations(only additions)
of the coded block that is equal to the number of ones in the generating matrix.
And for the memory, all the bits read are stored in the registers at a negligible cost
and the coded bit is written on the memory.

Each coded bit has an average layer degree number of additions.

#Op = (D —1) add [/coded bit]
#Mem = Dlread] 4 1[write] [/coded bit]

Where D is the LDCP layer degree which corresponds to the mean number of ones
per column in the generating matrix.

If we want to relate it to the activation at the symbol rate, log(M) coded bits
needs to be created for one symbol. The number of operations is therefore done
log(M) times per symbol with M being the modulation Order.

The coding rate will impact the LDCP layer degree and most of all, the overall
power consumption if we speak in terms of information data rate.

3.2 Channel Decoding

The channel decoding block is the block that uses the channel outputs to provide
an estimation of binary inputs. In this work, the channel output is the output of
the soft demapper discussed in section [3.4l The decoding used for the LDPC is an
iterative algorithm known as the Sum-Product Algorithm(SPA) (also known as belief
propagation algorithm) [21] [23]. It works globally as follows: the variable nodes
send soft-information messages to the check nodes. These messages correspond
to the probabilities for the check nodes to be "1" or "0" based on the received
data and previous "check-to-variable" messages. Then the check nodes compute
the "check-to-variable" messages by combining the incoming "variable-to-check"
messages. Then, the new probabilities for the transmitted bits are computed.
These steps are done for several iterations until convergence to a bit sequence or
the maximum number of iterations is reached. The Min-Sum Algorithm can be
seen as a simplified logarithmic SPA [36]. The number of operations is related
to the number of check nodes and variable nodes of the LDPC code. But also to
the number of iterations needed to converge. It is approximated to the following
formula

15



#Op = 1 * D]add]
#Mem = 1 x D[add]

Where ¢ is the number of iterations and D the LDPC layer degree.

In this block compared to the channel coding block, the quantization level (Q) used
is not 1 but bigger to represent all the probabilities values. And the number of
activation per constellation rate is the same as for the channel coding: log(M).

3.3 Mapping

The mapping is the operation done to transform the array of bits in constellation
symbols. The mapping used for most transmissions is the quadrature amplitude
modulation(QAM) with gray coding. The gray-coding is a technique to arrange the
binary values of a symbol so that only one bit of difference appears between neigh-
boring symbols. The QAM is usually chosen because of its high spectral density
which allows it to transmit much data over a given bandwidth. However, its perfor-
mance degrades rapidly in the presence of channel impairments. These are corrected
by using equalization, synchronization, and interference cancellation.

The implementation of the mapping can be done easily by reading the bits by block
and assigning them to Look-Up-Table(LUT).

For example, for 16-QAM the bits are read by 4 and this value is the index of the
LUT which will then write the value of the symbol. Figure [3.2] shows the gray
mapping of the 16-QAM and how the bits are transformed into symbols.

16
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The number of operations done is:

£0p = 1LUT
#Mem = log(M)[read] + 2Q[write]

In the equation for the memory, ) is the quantization level of the symbol, and 2
is therefore to count for both I/Q components. This equation shows that at the
entry of the block, the data is read on the bits and after the block, the symbol is
written on the symbols that are represented on () bits.

The activation is of course 1 by constellation rate.

3.4 Demapping

The demapping change with the modulation used and can be with a soft or a
hard decision. Soft demapping allows us to take the degree of certainty of the

17



symbols but needs more computational resources. For QAM, the soft demapping
was developed in an internal research from IMEC [9).

In the soft-output demappers, the goal is to compute the Log-Likelihood Ratio(LLR)
instead of a hard-decision decoding.

So for ¢;, the coded bit 7, the formula for LLR says :

Where Sy, are the set of constellation points for which the ¢ bit is 0/1 and p(s;)
is the a-posteriori probability. Because of the independence of the noise and the
mapping for both the in-phase component and the in-quadrature component for
QAM, only the I component was analyzed further. This equation can therefore be
simplified as follows :

>, exp(— (Ii;g%])
CZ = ]'Og( (Iifrl)z )
ZIO eXp(_ 202

Where I; and r; are the real components of the set of values and of the received
signal.

This formula can be linearized per piece. Hereunder is an example of the 16-QAM
for the first 2 bits only representing the real component of the symbol. The same
formulas can be used for the 2 other bits.

¢ = 4(”; 2 rp< =2
clzzgén 9< < -2
= 4(7’10—2 D 2<r;
Cy = 2(”;2_ 2) rr <0
Cy = _2(7‘10—22) 0<rs
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We can see from these formulas that one addition and one multiplication by a
variable is performed but there are also log(M) if conditions to see in which zone
is the sample received. The if-conditions are considered as additions.

#Op = logy (M )mult,e, + 2logy(M)add
#Mem = 2[read] + log, (M )[write]

This operation is done on () bits and is done once per constellation rate with @)
being the quantization level (number of bits) of this block.

3.5 FFT/IFFT

To go from the frequency domain to the time domain or reversely, the Fourier
or inverse Fourier transform is needed to perform. And because the signals are
discreet, the Fourier transform is a Discreet Fourier Transform. The formula of
this algorithm is the following

X(k) = Z_O x[n] exp (jniz;k)

This formula can be executed in O(N?) for all signals but a better algorithm was

found exploiting the symmetries of complex exponential. It is called the Fast
Fourier Transform(FFT).

Figure [3.3| shows an example for the FFT algorithm on a block size=S8.
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Figure 3.3: 8-point decimation-in-frequency FFT algorithm [31]

See the appendix [A] for the implementation.

Also multiplication and the additions of 2 complex numbers, multcc and addcc,
can be decomposed in terms of real additions and real multiplication with the
following formula :

multce = dmult + 2add
add(c(c = 2add

This type of algorithm allows to change the complexity of the operation for the
FFT block from O(n?) to O(nlogyn) with the FFT block being the N samples
going into the FFT algorithm. The number of operations for 1 FFT block is

N
#Op = logQ(N)Emult(chst + logy(N)Naddec [/FFT block]
#Op = logy(N)2Nmult.s + logy(N)3Nadd [/FFT block]
#Op = logy(N)2mult s + log,(N)3add [/sample]
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And for the memory, we access the data at each multiplication for both I and Q
components so it becomes :

#Mem = log,(N)NJread] + logy(N)NLUT + logy(N)N[write] [/FFT block]
#Mem = 2logy(N) + logy(N)LUT [/sample]

This operation is done at the same rate as the constellation rate on () bits where
@ is the quantization level of this block.

3.6 Up(/Down)sampling And Filtering

Upsampling and downsampling the signal allows us to use the whole bandwidth
available (Nyquist theorem). The signal needs to be filtered after to not encounter
aliasing.

Thanks to polyphase components, the filtering can be done during the up/downsampling.
This allows filtering at the lower rate of the signal, decreasing the number of opera-
tions and therefore, its power consumption.

v

x[n] » h[0] ™ML > Zz0 y[m]

v
>
||
—
e
v

™L

h[T — 1] ML ) _Cfb

Figure 3.4: Upsampling and filtering in one block
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N
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v

Figure [3.4) shows how the upsampling and the filter would be implemented in one
block. T is the number of taps of the filter and L is the upsampling factor. The
rate of the output is therefore L times bigger.

For a real(R) filter, we have the following number of operations :
#Op = (Tmultcrest + (T — 1)adder) /L = (27 multess + 2(T — 1)add) /L |[/oversample]

T
#Mem = QZ[read] + 2[write] [/oversample]
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This block is done L times per constellation rate also on a certain quantization

Q.

3.7 Channel Estimation

Channel Estimation is a crucial block of the communication chain. Its main function
is to estimate the characteristics of the channel to be able to compensate for these
effects. The compensation is done on the equalizer and if the system is MIMO, a
precoder can be added at the transmitter too. To estimate the channel, known
symbols are sent on the preamble[24]. The estimation is done once per packet.
This block was not put in the simulation.

Because of the multipath properties of the channel. The channel can be modeled in
the time domain with several delay taps. The signal at the reception is therefore a
convolution on all the channel taps of the signal sent. In the frequency domain, this
corresponds to just one multiplication per subcarrier. This operation will therefore
be computed in the frequency domain as OFDM is perfectly suited for this. If
we assume that the channel is flat on a coherent bandwidth(corresponding to N,
subcarriers), we can estimate it using just a division with the pilot sent.

#Op = Imultce /N, = (4mult.s + 2add) /N, [/subcarrier]

The rate of the subcarriers is the same as the constellation rate.

But to mitigate the effect of the noise on the estimation, a smoothing FFT can also
be included. The channel frequency response is transformed in the Time domain.
There, the noisy taps are discarded and an FF'T is used to go back to the frequency
domain. This corresponds to 2 FFT operations.

#O0p = 2#0pppr = 2(logy (N )2mult.s + logy,(N)3add) [/subcarrier]

3.8 MU-MIMO Precoding

The precoder is applied at the transmission for a MU-MIMO simulation. It is used
to take advantage of the multiple antennas to increase the quality of the signal
at the receiver by reducing the interference between the users that occurs on the
wireless channel. By doing so, it allows to take the spatial dimension of the users
to do a spatial multiplexing of their signal.
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For OFDM, this operation is done in the frequency domain. And this has the
advantage that it can help maximize the allocation of resources in the case of a
frequency-selective channel for example. In that case, a certain subcarrier will not
be able to transmit very well due to the frequency selectivity of the channel. The
precoder will therefore enhance the spectral efficiency.

The precoding matrices that are tested are Zero-Forcing (ZF) and Maximum Com-
bining Transmission (MCT) sometimes also known as Maximum Ratio Transmission
(MRT) [19]. For the MCT, the precoding matrix is the hermitian(conjugated and
transposed) of the channel matrix. No computation needs to be performed before
the data is precoded. The matrices on which these operations are performed are

of size: Ny x Ny, with Ny being the number of users based on the channel model
developed in the section [3.12]

For the Zero-Forcing, the channel estimation matrix needs to be inverted. To do
this, the Gauss-Jordan method is used. It consists to triangularise the matrix first
in an Upper Triangular Matrix and then perform the Upward pass to have an
Identity matrix at the end. The same operations are executed in parallel on an

Identity matrix and the result will therefore be the inverse matrix ([A|I] becomes
[11A71) (8.

On the downward pass, for one row, there is the following number of operations for
a matrix n X n. The variable n is the number of streams N, in this case.

1 1 =« r x x z|lx 0 0 00 0
2 0 1 r T T|x 0 00 0
1—11 0 0 1 T rTlr x z 0 0 0
1 0 0 0 ¢ =z R I A z 1 0 0
1+11 0 0 0 T rlx x z 0 1 0
J 0 0 0 d «x r|xr x x 0 0 1 0
n 0 0 0 =z =z -l x z 0 0 1

Downward Pass Add Mult (and div) number of times
Ri — CRi 0 n 1
Rj — Rj —dR; n n n-i
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Over all the rows, it correspond to :

nn+1) 15 1,

H#Add = Zn—zn—n —TLZZ—H —n——==-n"—=-n
= 2 2 2
L 1
#mult = (n+n(n—1)) = 5(713 + n?)
i=1
And for the Upward pass :
1 1 «x r x 0 Olx =« r T T
2 01 z x 0 Olz =z T T X T
1—11 0 O 1 = 0 Olz = T T T T
1 0 10 Olz x T T T T
1+1]1 0 0 0 1 Olz x r T T x
J 0 0 o 00 --1--- 0|z =z r T x x
n 0 0 0 00 1|z z T r x T
Upward Pass Add Mult (and div) number of times
Rj — Rj — dRZ n n n-i
. Lg 1,

#Add = #mult => (n—i)n = " 5

=1

The total number of additions and multiplications to find the inverse are the
following :
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This is done for a complex matrix so the multiplications and the additions need to
be modified accordingly.

#0p = 4(n*)mult + (2(n®) + 2(n® — n?))add
= (4n*)mult + (4n* — 2n*)add

This inverse is calculated on all the subcarriers. But we can suppose a coherent
bandwidth so that the channel in this bandwidth is considered flat. This means
that the inverse can be computed once every N, (the coherence BW in terms of
subcarriers).

#0p = ((AN?Ymult + (4N? — 2N?)add)/N. [/subcarrier]

It is then applied to all the subcarriers of the data.

#Op = Nymultce par + (Ns — 1)addee = ANsmult e, + (4Ng — 2)add [ /subcarrier]

3.9 Equalisation

Equalization is the block used to compensate at the reception for the distortion
introduced by the channel. Because the goal is to transmit at a high data rate and
with low power, linear equalizers are preferred compared to non-linear ones which
require more computational resources.

There are many different algorithms for equalization, the most known are the Zero-
Forcing (ZF) and Minimum Mean Square Error (MMSE). Only the ZF equalizer
was used for the simulations. In the case of a MU-MIMO simulation, we also
suppose that the receptor has only knowledge of his channel with the transmitter
and not the channels of other users.

The computation of this is the following :

#Op = Imultce yar = 4multye, + 2add  [/subcarrier]

This corresponds to the inverse operation of the channel estimation and this weight
calculation is done once per preamble so once per packet.

And 1 complex multiplication is also done on all the subcarriers to equalize the
signal. This is done on all the data.
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3.10 Synchronisation

Even if the synchronization was not implemented and tested, some algorithms for
the synchronization were still analyzed [28].

For the CFO estimation, the first algorithm considered was the one from P.H.
Moose. But because IQQ imbalance and CFO estimation degrade each other, it
would be best to have an algorithm that does the 2 at the same time [12].

A proposed method would be to first estimate roughly the CFO with the Moose
algorithm and sampling clock offset with an interpolation in the first synchronization
block. This block is done before the downsampling so it is at a higher rate to
find a first rough correction. After that, more complex algorithms could be used
at a lower rate to find the estimation and compensate for the joint effect of 1Q
imbalance and CFO and the phase noise.

The Moose Algorithm is a data-aided algorithm sending repetitive blocks so that
the difference between the consecutive blocks shows the offset in frequency [29).
The formula is

Af. =
27N, fosr

oy (3l + Nily*[1])

Where AAfc is the estimate of the difference in the carrier frequency of TX and
RX, N, the size of the repetition block, and fosr the sampling frequency including
the oversampling factor. To find the argument, the CORDIC(coordinate rotation
digital computer) algorithm is used [3].

And the compensation is done also using CORDIC and applied to all the oversam-
pled samples.

The sampling clock offset appears if there is a clock frequency difference between TX
and RX. This creates a varying delay in the exact sample timing and to compensate
for this effect, an interpolation filter is applied.

#Op = Nyeomult + (Ngeo — 1)add  [/oversampled sample]

Where N, is the number of taps of the interpolation filter.

The second block of the synchronization could be a joint estimation with an
expectation-maximization(EM) algorithm performed iteratively on the CFO and
the 1Q-imbalance [17].
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3.11 BeamForming

To increase the spacial diversity and with that, the performance, beamforming
is also used. There are 3 types of beamforming possible, analog BeamForming,
digital beamforming, and hybrid beamforming. Figure [3.5] shows the three types of
beamforming possible.

—_—

i 1

Phase shifter

Phase shifter
Analog

Beamformer
FAB

a. Digital Beamforming b. Analog Beamforming

¢. Hybrid Beamforming

Figure 3.5: Beamforming architectures in mm-Wave massive MIMO systems: (a)
Fully-digital architecture, (b) Analog only architecture, (c) Hybrid analog/digital
architecture [2]
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Analog beamforming is using 1 digital chain for multiple antennas. They combine
together to point in a specific direction. The drawback is that the circuit is built
for a specific direction and cannot change in time to point at another user for
example.

Digital beamforming, on the other hand, means that each antennas receive a
separate signal coming from a digital chain. Each signal is digitally precoded in
order to maximize the useful signal and minimize the interference between users.
For that, it can change the phase and amplitude on each subcarrier of the signal.
This one is more flexible because it can be modified regarding the conditions
during the communication but it increases the digital complexity and so the power
consumption.

Hybrid beamforming is a combination of both analog and digital BF so that packets
of antennas are using analog beamforming to steer in a certain direction and digital
beamforming will be used considering each packet of antennas as one directive
antenna. Analog beamforming is used to create the beamshape to steer the signal
in a certain direction and digital beamforming is used to modify the beamshape to
have nulls in the other directions of the users.

For the high frequency, known as mm-Wave frequency, Hybrid beamforming will be
considered. Because at these frequencies, the antennas are very small, this means
that the power they radiate is also small and so, to get the same level of power,
many antennas are needed. This has for consequence that for digital BF many
PAs would be also needed. To reduce this number while still having adaptability,
Hybrid Beamforming is used.

3.12 MU-MIMO Channel Model

For a MIMO system, there are multiple antennas and channels associated to them.
Because the antennas are really close to each other, it is supposed that the channel
between them is the same, at least for one stream.

If the angle of departure (AoD) is non-zero, there is a delay in the signal at the
antennas. The field lines are approximated to be parallel thanks to the Fraunhofer
approximation of long distances (far field communication). The delay between
the antennas is a function of the distance between the antennas in this case and
the phase-shift. The antenna pattern used is a uniform linear array antenna.
For this type of array, there exists an array factor to determine the parameters.
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F(0,0) = a, exp(jkr,.7) = XN exp(j (n—1)v) with o = kd(7.2)+® [26].

a, =exp (j(n — 1)P) Uniform amplitude and phase difference

= (n—1)da uniform distance

If we want to steer the beamforming in the 6 direction, the phase-shift (®) between
the antennas has to be :

b = —27TX sin 0,42 max radiation direction

The distance between the antennas, d, is A/2. It satisfies the grating lobes condition
for every number of antennas. This fixed value is not the optimal value for a specific
number of antennas in a certain direction. The optimal equation can be found with
the following equations [38].

I € [—kd + s kd + @]

2
27TX + & <21 — WW end of visible range at last zero

d 1 ||

2 < (1 = _ =

AT ( N> 2w

d 1 1

< (1-5)

A~ 1+sin(f) N

Adapting the % can also be done to have a thinner beam-steering increasing the
spatial multiplexing overall. Taking the biggest % respecting this condition leads
to the thinnest beamwidth without grating lobes.
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Due to the Beamforming, the signal of the multiple TX antennas combines on the
only receptor as follows :

BFr;
r= {hl hNTX} BFTk 5+ w

Channel Matrix BFT Nrx

—_—
BeamForming TX

1

r= {hl hle(jNTqu’)} s+ w

e(—iNTx A®)

Where h, is the channel between the user and the antenna 1, BFr; is the beam-
forming weight at the first antenna and s is the signal sent, w the noise and r the
received signal.

All signals combine in phase due to the beamforming being done to correct the
delay of the channel. And therefore, we can observe an antenna gain in this
direction.

If multiple RX antennas are used for one stream.

h171 hl,NTX BFT71
r=|BFry .. BFang|| hoa e s+w
hNRX,l hNRX,NTX BFTvNTX

BeamForming RX

Where BFg; is the beamforming weight of the first RX antenna, and h; ; is the
channel between the first RX antenna and the first TX antenna.

We can multiply the 2 beamforming vectors and the channel matrices to have a
virtual channel matrix between the streams and not the antennas anymore.

For multiple users with the same number of RX antennas N]{}X , several beamforming
at the receiver and at the transmitter are used.
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IR]

h ... h BE BE
_ BFpi1 ... BFrinm. 1,1 1,Npy T1,1 T1,Ns
BFrnN,1 ... BFRN,Npx

hNRXal hNRXJVTX BFTvNTXJ BFTvNTXst

BeamForming RX
BeamForming TX

_ BFR,].,]_ o O hl’l h17NTX BFT,]. O S1
0 BFRNS,NRX

hNnyl hNRX,NTX 0 BFT,NTX,NS SN,

BeamForming RX
BeamForming TX

Where BFr N, ngy i the beamforming weight of the last antenna of the last user
and s is the signal from the first user and r is the received vector of signals of
every user.

The Beamforming matrices are diagonal by blocks because the analog beamforming
is done per stream. On the receiver side, the signal could not come from the other
antennas than the one from its beamforming so that part is not changeable (users
are not connected). On the transmitter side, it is done in the same way where
each stream is associated with 1 beamforming array. This design could be different
and Figure [3.6] illustrates the 2 types of hybrid beamforming. In this work, we
are using a sub-connected Hybrid beamforming instead of a fully connected one.
The sub-connected consumes less power than the fully connected, but the latter
provides more gain in spectral efficiency.

~ a Y

H
Phase shifter - Phase shifter

2 { Ni/Ne

S1

SN,

+w

Analog Beamformer Analog Beamformer

pA8 Fre

a. Fully connected hybrid beamforming b. Sub-connected hybrid beamforming

Figure 3.6: The 2 types of Hybrid Beamforming
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The precoder is added before the beamforming at the transmission to increase the
spatial efficiency and therefore, the performance.

S1
HV,LI HV717NS Pl,l P17NS
r = o | +w
Hyngi - Hynown| [Pvgt - P, sy
S
Virtual channel Precoder

By using a Zero-Forcing (ZF) precoder, if the estimation of the channel is perfect,
the precoder will have this form: P = H;'. The multiplication of the 2 will be
the identity matrix. But if there is noise in the estimation, the performance of
this precoder could drop. There is also the Maximum Combining Transmission
(MCT). This precoder has this matrix: P = H{f. The MCT algorithm is based on
multiplying the channel matrix by its hermitian matrix to get the maximum power
in the diagonal. This type of precoder maximizes the power of the received signal
in the dominant direction and mitigates the impact of interference. It is working
a bit like analog beamforming for which the goal is to maximize the power on
the diagonal, hence maximizing the SNR. If the two are used, the virtual channel
matrix will be even more directed on the diagonal and diagonally dominant, making
it look like an Identity matrix in the end.

ZF is aimed to completely eliminate the interference between the different streams,
by arranging nulls in the direction of the other users. MCT precoder maximizes
the SNR and the maximum mean square error (MMSE) precoder is a precoder that
makes a trade-off between SNR maximization and interference mitigation. But
its complexity is even bigger than the Zero-Forcing hence, increasing the power
computation. It was not analyzed in this work.
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4 SIMULATIONS RESULTS

4.1 Setup

In this chapter, the SISO and the MU-MIMO communications are analyzed.

For a reminder, Orthogonal Frequency Division Multiplexing (OFDM) is the digital
modulation scheme used for the simulation with quadrature amplitude modulation
(QAM). Most simulations will be done with the LoS component only, meaning
a Rician channel with only one path. This hypothesis can be done for high
frequency, as the other NLOS components are much degraded. In the simulations,
synchronization is supposed to be perfect and thus only the data(no pilots) is
sent.

The sampling frequency was fixed to 1GHz on the power model. It is linear with
the power consumption and does not impact the simulations so it can be scaled
easily.

Other parameters of the simulations are as follows, the size of the FFT is 512, the
CP is 128, the number of taps(excluding the central tap) of the SRRC filter is 8
with a roll-off factor of 0.2, and the coherence BW is 15.

4.2 SISO simulations

To begin with, a synchronized communication was used with 16-QAM OFDM on
a LoS channel with a code rate of 13/16 with an oversampling factor of 2 and a

Square-Root Raised Cosine (SRRC) filter.

Each block was first analyzed to observe the effect of the quantization on one block
only. The other blocks were using the quantization level of MATLAB. Hereunder is
an example of the IFFT in figure Each color represents a different quantization
level. This figure shows that the performance of the simulation is good (with a
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degradation of less than 0.5dB) until 4 quantization levels are used.

SISO 16QAM OFDM LoS - code rate 13/16
Quantification IFFT

A ‘
\‘ - :8: No Q
Q=16
10-2 Q=10
Q=8
» et
Q=6
107 —é— Q=5
Q=4
o
1w} -4
o 10
107
10° d
d
107 , ‘ ; |
10 1 12 13 14 15

SNR

Figure 4.1: Quantization of the ifft

This was done for all the blocks separately. After that, the SNRs required to
achieve a BER of 1073, 107, and 10~® for each simulation were recorded. They
are putted in figure [4.3| with their power consumption associated.

For the coded version with code rate=13/16 and on the Rician channel with a LoS
component exclusively, we get the results in Figure [£.3] All the points represent
the scenarios regarding the power of the digital part only of the communication
chain with respect to the SNR to achieve a certain BER. The color with the
legend "Constant" means that the simulation was done with the quantification
level the same for all the communication blocks. The color for ifft, pulse shaping,...
are related to the simulations where only these algorithms were quantized. No
difference in the BER performance between the quantization level of 16 and the
quantization from MATLAB was observed. Therefore, for the power consumption
of the blocks with the quantization level from MATLAB, the quantization level
was assumed to be 16. And finally, the "Optimal" is a combination of quantization
at several levels.

To find the possible optimal quantization levels, a heuristic process to perform
simulations is done based on how to decrease the power consumption without
increasing the SNRs. From the simulation with a constant quantization level, we
produced the figure [£.2] In this figure, we can see the percentage of the power of
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each block.

Percentage of Power per block
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Figure 4.2: Power consumption of this SISO scenario with constant quantization

The blocks of FFT and IFFT consume the most power and their performance is
still good for low quantization levels. The pulse shaping filter and the match filter
do not consume as much and their performance decreases faster.

This is why the configurations tested are with all the blocks at a quantization level
of 10 and the IFFT and/or the FFT at 7. Or the rest at a quantization level at 8
and the IFFT at 7. The different configurations can be seen in a table in Annex

B.1

The optimal quantization for this scenario depends on what is the optimization
function. The cost function is related to the power to achieve a certain SNR and the
power to decrease the energy of the communication by reducing the quantization.
A possible optimal quantization would be to take Q=7 for the fft and the ifft and
Q=10 for the rest. In this case, a power saving of 52.06% compared to the full
16-bit computation can be made and 17.83% compared to 10-bit.
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Figure 4.3: Power consumed of the digital chain

with SNR to achieve this performance
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Communications on different channels were also analyzed for SISO communication
such as the Rician channel. We choose the same K-factor of the Rician fading
channel as the one used in other research for mm-Wave frequencies . It has a
value of 13.3 dB and this corresponds to a normalized power in the LoS direction of
L —955%. Another channel, with the power in the LoS direction of 50%, is also

1+ K

simulated to see the degradation in this case. The parameters of these channels
are shown in the table {1l
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LoS energy fraction | 0.955 Or 0.5 | fraction of the total energy for the LOS component
= K/(1+K)
Delay limit 20 maximum delay spread in taps(not including LoS
tap)
Density 0.2 Probability to have a tap at any position between
1 and the max delay spread
Decay 4 factor by which the average NLOS tap energy de-
cays over the maximum delay spread
Table 4.1: Rician Fading Channel Parameters
16QAM OFDM - non coded
0 Performances on different channels
’]U E T T T T T T
102 [ %  Theoretical LoS=100% 3
—&—L0S=100% - No Q
LoS=95.5% - No Q
=8 05=100% - Qcst=16
x LoS=95.5% - Qcst=16 ]
L 10 | —%—L0S=100% - Qest=10 L\
LoS=95.5% - Qcst=10 1
—#— LoS=100% - Q=7&10
LoS=95.5% - Q=7&10
LoS=50% - No Q : :
108 |8 LoS=50% - Qcst=16 \ 4
—3— .0S=50% - Qcst=10 E
—¥— LoS=50% - Q=7&10
—f—— Theoretical Rician : LoS=50%
—><— Theoretical Rayleigh : LoS=0%
108 —&— Theoretical Rician : LoS=95.5% , , ,
-10 -5 0 5 10 15 20 25
EbNO

Figure 4.4: Quantization impact on channel degradation

Figure [4.4] illustrates the performance of the quantization on 3 different channels.
The one with only the LoS component reaches the theoretical limit of the 16-QAM
constellation. The other channel, the Rician fading channel, never reaches this
theoretical LoS limit and has a shift in Eb/NO of approximately 2dB at a BER of
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1075. The quantization for both has the same impact on the performance. The
optimum can therefore be found for the same level of quantization when operating
on this Rician fading channel.

For the third type of channel, half the power was sent in the LoS direction. The
performance till Q=10 for all blocks were approximately the same as the ones
without quantization. And they reach the theoretical limit of this Rician channel.
But the optimal version has not in this case the same behaviour as for the previous
model.

We can also observe that the Rayleigh has almost the same curve as the Rician
with 0.5. It is because if the LoS direction has not the majority of the power, it
could also be considered as one path of the Rayleigh fading channel.

Then the effect of the SRRC filter was analyzed. Figure shows the error metric
for the filters. It is the sum of the energy of the convolution at all non-central
samples. In Figure , the 2 parameters are the length of the filter (number of
taps including both sides of the baseband filter without the center: T") and the
roll-off factor (a). From this figure, we can choose which filter to use based on its
performance.

14 16 18 20
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-44.78 -41.40 -40.61 -41.75
-39.65 -42.80 -49.65 -53.23
-47.87 -51.86 -47.20 -48.59
-47.77 -46.77 -53.90 -56.22
-46.95 -59.71 -51.87 -53.40
-60.93 -50.68 -56.06 -58.07

Performance better than - (dB, sum energy at other sample positions for filter * filter)
-20
25
30

Figure 4.5: Performance of the filter regarding the Roll-off factor and the filter
length coming from internal research from IMEC

Simulations with 64-QAM non-coded bits are used because we can get more sensible
results and see more effectively the impact of the filter parameters. The quantization
was done on the pulse-shaping filter only.
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We first analyze the effect of quantization with filters with approximately the same
performance errors. For this, the filters taken were the filters with an error less than
-40dB such as the one with (a: 0.1,7 = 18), (a: 0.2,7 = 10), and (a: 0.4, = 4)
in figure [4.6
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Quantization Pulse Shaping «:0.1 length:18 Quantization Pulse Shaping «:0.2 length:10
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Figure 4.6: Performance Quantization with filters of same error from Figure

In Figure[4.6] we can observe no real difference in performance between the quantized
simulations of the several filters. All the filters have the same performance and the
quantization on a longer filter has not a bigger decrease in performance than the
quantization over a smaller filter.

Then, the impact of quantization on the intrinsic performance of the filter was
also studied. For this, the filters used all have the same roll-off factor of 0.1 but
different lengths.
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Figure 4.7: Performance Quantization with filters of different error from Figure

Figure [£.7 illustrate that first, if the intrinsic performance of the filter is worse than
the -25dB, the BER does not achieve 10~* and hardly 10~3. Then it also shows
that the loss of the filter with no quantization does not affect the performance of
the low-quantization simulations unless the losses are bigger than the ones from
the quantization.

In conclusion, the filter has to have good performance (-30/-40dB) to have a
working communication. Then the quantization has no combined effect with the
filter’s performance. If the filter has a bad performance, then we should use a
smaller quantization level to reduce the power consumption.

40



4.3 MIMO simulation

The configuration used is only one antenna at each receptor. The angle of arrival
is thus always 0. We also suppose that the array of antennas at TX is on the same
horizontal line. The users are all further away so the elevation angle between the
users is approximately the same. Its impact is limited therefore it is not considered
and only the azimuth angle @ is.

16QAM OFDM - 2streams 0°&60°- 1RX antenna
Precoders Performances with perfect channel estimation
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Figure 4.8: Precoder Performance

In figure we can see several precoding techniques, the ZF precoding, the MCT
precoding, and no precoder which is analog beamforming only. Figure [4.8 shows
that for 1 antenna per user, the MCT precoder cannot transmit the data efficiently
as well as without a precoder. This comes because both signals come from isotropic
antennas and the signal from both streams comes with the same power to the users.
The channel matrix is not diagonally dominant so the power maximization is not
efficient. With more antennas, the analog beamforming is better and so, the MCT
precoder has better performance [7].
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Figure 4.9: Angle of Resolution with a ZF precoder

In Figure [4.9], we can see the BER curves for several directions of the users. The
BER reaches the theoretical curve with 2 antennas until the users are 10° apart or
with 3 antennas for this case. Figure [£.9shows that even with a perfect ZF precoder,
the data cannot be transmitted correctly if the users are too aligned with each
other. In this case, more antennas at TX are needed to have a better beam-steering.
And if the distinction between the 2 users can be made, the performance become
good again. The spatial separation of the beams cannot be done for 4 antennas
and interference cannot be corrected by the ZF precoder. The channel matrix is
not well conditioned in the case of 2TX antennas with 10° of difference between
the users. It has a condition number of 11.13dB while it has a value of 6.84dB with
3 antennas. The channels with less than 10dB are suitable for spatial multiplexing

[33].

If there is enough spatial separation between the transmit and receive antennas (re-
garding the condition number), it is possible to use multiple signal paths/streams(Nj).
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This allows to increase the channel capacity(C') given by this formula [39]:

C = N,Blog,(1+ SNR)

Where B is the channel Bandwidth.

Then the effect of the different constellation sizes is also analyzed.

4QAM OFDM coded LOS 2str 8TX-1RX 0°-60° OSF 2
Quantization Pulse Filter

(4.1)

16QAM OFDM coded LOS 2str 8TX-1RX 0°-60° OSF 2

Quantization Pulse Shaping

Q=16 :8:():16
A Q=12 ) Q=12
107 F Q=103 10 10|
8 Q=9 :8:@41
Q=8 Q=8
102 Q=7 |3 102 F Q=7
Q=6 :8:@:5
Q=5 Q=5
0% F Q=4 9 10° F VW
V0-5¢ i 0-0-6-%
W) > o 7
107 F \ 5 107 F <
107 F N 1 105k i
6 L - 6 L
10 o 10 '\ OO g
10.7 L L L L 10.7 L L L
0 2 4 6 8 10 8 10 12 14 16
SNR SNR
64QAM OFDM coded LOS 2str 8TX-1RX 0°-60° OSF 2
0 Quantization Pulse Shaping
10 T T . T T T
:8:0216
_1< Q=12
107 F Q=10
+3
y Q=8
102 F Q=7
+:
102 F as
& g
[a1]
0L
1051
100k &\
10-7 L L Il L L Il
8 10 12 14 16 18 20 22

Figure 4.10: Performance of the M-QAM

In Figure .10, we see the BER curves for the 4-QAM, 16-QAM, and 64-QAM
for several quantization levels of the pulse-shaping filter. Figure shows that
for the increasing constellations, one quantization level bigger is needed to have
the same behavior. It increases at the same rate as the symbols. From 4-QAM to
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16-QAM, the symbols are represented with 2 more bits, one in each direction and
so is the quantization number for the blocks.

As the number of users for these simulations was small(2 streams for most sim-
ulations), the complexity of the precoder was not a big contributing factor in
terms of power consumption. And because there is no estimation of the channel
performed in the simulation, the effect of a small preamble or long preamble cannot
be seen.

The performance is globally the same as for SISO communication. The simulations
were done with 16-QAM OFDM LoS with an LDPC code rate of 13/16 on 2 streams
in the directions of 0° and 60°. We construct Figure in the same way as for
Figure [4.3] in SISO communication.
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Figure 4.11: Power consumed of the digital chain
with SNR to achieve this performance
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Figure illustrates that the behavior for the MU-MIMO is globally the same
as the SISO system. It has a factor of a bit more than 2 for 2 streams because
of the precoding operations. To find the optimal case in this system, we use the
same idea as for the SISO system. The IFFT and the FFT consume the most
and the distortion of the pulse shaping filter is bigger in the MIMO system. The
quantization level of the filter is the limiting factor so it is kept bigger. In this case,
an optimal quantization is () = 10 for the pulse shaping filter and the matched
filter and @ = 8 for the rest. A table taking all the points of the optimal MIMO is

kept in Appendix [B.2
The power saving between a full digital block on 16-bit and the optimized version
with a 0.15dB of loss at a BER of 107° is 52.93%. The saving between a full digital

on 10 bits and the optimized one is 19.75%. And for Tb/s communications, this
represents a lot (250W for TX and RX) [10].

At 1.76GHz, for 4.165Mbps, the power consumption of the digital baseband com-
putation is in between 20%-40% with an overall quantization level of 10. And it
would be more around the 40% for terabits communication [10].
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5 CONCLUSION

This thesis aimed to refine the digital processing part of the power model from
IMEC by improving the way to characterize the different types of operations. For
this, the algorithms of the communications were analyzed more thoroughly in terms
of all the types of operations.

Then the second part was to analyze the effect of the quantization on the simulation
of several scenarios in SISO and MU-MIMO. With this, a graph on the trade-off
between related SNR and the power of the digital baseband computation has been
made. This graph contains several configurations of quantization for each block
and then an optimal configuration for the scenarios was chosen.

According to this model, around 20% of power savings can be made compared to a
full 10-bits digital computation, reducing the power consumption.

Unfortunately, the power consumption of the paper which gives an energy con-
sumption per type of operation does not give the same range of power consumption
from the paper of the previous model.

The previous model from IMEC supposes 150 Giga operations per second per Watt
for 4-bit complex arithmetic operations on a 40nm technology[10]. For the other
assumptions related to the type of operation, we have the values from Figure [2.3
We assume that there is the same number of complex additions and multiplications
so it corresponds to a mean number of 2 real additions and 2 real multiplications.
If we want to see if they correspond we can do the following computation :

.1
150 x 109
0.36 [pJ] = 6.67 [pJ]

2(0.032 x 4) +2(0.032 x 4?) [pJ] [J]

The factor of difference between the 2 formulas is 18.4. The difference between
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them is significant so, other papers will need to be analyzed to see which constant
to use for the different operations.

Additionally, a hypothesis was taken that access to SRAM was necessary to store
the data in between the blocks. Using only registers might be possible in the design
too. This would decrease a lot the power consumption as this operation is 50 times
more consuming and therefore the optimization would need to be redone.

For a typical mm-Wave channel, the energy fraction of the LoS component is
around 95.5% and the optimization configurations done on a fully LoS channel are
still true.

We can also conclude that concerning the filter, only its intrinsic performance
influence the BER and the performance of the filters are not correlated to the
quantization. Therefore, the trade-off between roll-off related to the bandwidth
and length of the filter length is still valid.

And concerning the constellation size, the optimal quantization configuration can
be adapted by changing the quantization accordingly to the number of bits to
represent the symbols. For example, for 64-QAM, the quantization level will be
using 1 bit more in I/Q components compared to 16-QAM.

Several improvements can be added for future research. To have a more robust
simulation model, taking the carrier frequency offset (CFO), the sampling clock
offset (SCO), the IQ imbalance, and the phase noise could be done in the simulation.
The packet would need to include the preamble and pilots.

Furthermore, the quantization steps could be done after each basic operation inside
of the "black boxes" of the blocks (such as the fft [A]...) to have a more realistic
simulation.

Moreover, in the plot of the SNR and the power of the chain, the SNR could also
be expressed in terms of the power of the chain to see what is the optimal point
between quantization savings and transmission power. This way, we could analyze,
for example, what is the power consumption of the PA needed to get the same
performance as if no quantization was done. Do the quantization losses compensate
for the increase of SNR for the same performance?

Then the peak-to-average power ratio (PAPR) is a problem for OFDM. Sending
signals on multiple subcarriers creates sometimes constructive interference between
them which results in high peaks while the average amplitude is low. This has
effects on the quantization because it can on one side create saturation or on the
other side low resolution. It can also add some distortions to the PA (saturation of
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the PA). A block reducing it at emission after upsampling and before the PA could
be added to the block diagram [6].

In a simulation with packets containing pilots, another type of equalizer could be
analyzed. For now, only linear equalizers were used for their low consumption and
simplicity. The non-linear equalizer like the Maximum Likelihood (ML) equalizer
or the sphere decoding (SD) could be analyzed [27].
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A ALGORITHM FFT

Algorithm of the FFT with radix 2 written in Python. The quantization steps
could be added in this code in future simulations.

def fft opcount(a,countadd,countmult) :
nmnn
Recursive algorithm performing the Fast Fourier Transform
and returning also the number of operations
acc : vector containing the the Fourtier Transform
countadd : the number of complex additions
countmult : the number of complexr multiplications
N = len(a)
if (N<=1):
return a,countadd,countmult
a_even,countadd_even,countmult_even = fft_opcount(al::2],countadd,countmult)
a_odd,countadd_odd,countmult_odd = fft opcount(al[l::2],countadd,countmult)

countadd = countadd_even+countadd_odd
countmult=countmult even+countmult odd
acc = 1j*np.zeros(N)

for i in range(N//2):
m = np.exp(-2j*np.pi*i/N)*a_odd[i]
countmult += 1
acc[i] = a even[il+ m
acc[i+N//2] = a_even[i]- m
countadd += 2

return acc,countadd,countmult

o4



B OPTIMAL CONFIGURATIONS

B.1 SISO
Power | BER=1E-05 | BER=1E-04 | BER=1E-03 | Configuration
16.09 | 13.282 12.933 12.425 Q=7 for ifft , rest Q=10
14.52 | 13.344 12.996 12.498 Q=7 for fft/ifft , rest Q=10
13.28 | 13.490 13.088 12.595 Q=7 for fft, rest Q=8
13.28 | 13.504 13.067 12.571 Q=T for ifft, rest Q=8
12.76 | 13.522 13.124 12.615 Q=T for fft/ifft, rest Q=8

B.2 MU-MIMO

Power | BER=1E-05 | BER=1E-04 | BER=1E-03 | Configuration

44.86 | 13.397 12.941 12.353 Q=7 for ifft , rest Q=10
41.71 | 13.516 13.003 12.398 Q=T for fft/ifft , rest Q=10
37.78 | 13.342 12.878 12.363 Q=10 pulse/match, rest=8
34.54 | 13.818 13.313 12.694 Q=10 pulse/match, rest=7

95
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