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Abstract

In this thesis, we investigate the zero-delay transmission of source samples over three
different types of communication channel models. First, we consider the zero-delay
transmission of a Gaussian source sample over an additive white Gaussian noise (AWGN)
channel in the presence of an additive white Gaussian (AWGQG) interference, which is
fully known by the transmitter. We propose three parameterized linear and non-linear
transmission schemes for this scenario, and compare the corresponding mean square
error (MSE) performances with that of a numerically optimized encoder, obtained using
the necessary optimality conditions. Next, we consider the zero-delay transmission of a
Gaussian source sample over an AWGN channel with a one-bit analog-to-digital (ADC)
front end. We study this problem under two different performance criteria, namely the
MSE distortion and the distortion outage probability (DOP), and obtain the optimal
encoder and the decoder for both criteria. As generalizations of this scenario, we consider
the performance with a K-level ADC front end as well as with multiple one-bit ADC
front ends. We derive necessary conditions for the optimal encoder and decoder, which
are then used to obtain numerically optimized encoder and decoder mappings. Finally,
we consider the transmission of a Gaussian source sample over an AWGN channel with
a one-bit ADC front end in the presence of correlated side information at the receiver.
Again, we derive the necessary optimality conditions, and using these conditions obtain
numerically optimized encoder and decoder mappings. We also consider the scenario
in which the side information is available also at the encoder, and obtain the optimal
encoder and decoder mappings. The performance of the latter scenario serves as a lower
bound on the performance of the case in which the side information is available only at

the decoder.
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Chapter 1

Introduction

1.1 Overview

Communication technology is an essential part of our modern lives. One of the chal-
lenges in designing communication systems is to enable reliable and efficient transmission
of information bearing signals, such as an image, audio, text or a video, over a noisy
communication medium. Many practical applications require the transmission of a con-
tinuous amplitude source over a noisy channel, to be reconstructed at the destination
with some performance criteria. For example, transmission of multimedia signals over
cellular networks, wireless transmission of sensor measurements to a fusion center, or
transmission of received signals at remote radioheads to the baseband processing unit

in a cloud radio access network (CRAN).

In almost all communication systems we have today, data compression and transmission
over the channels are handled separately. This provides modularity for the practical sys-
tem design. Moreover, it is motivated by Shannon’s source-channel separation theorem,
which states that, in a point-to-point scenario, there is no loss of optimality if the source
is first compressed, independently of the channel statistics, and then, the compressed

bits are transmitted over the channel with a capacity achieving channel code [2].

During the last decades, significant amount of research have been dedicated to improve
the performance of source compression and data transmission over a noisy channel. The
tremendous progress in both research directions have enabled today’s wireless networks
that can deliver high data rate content reliably to a large number of users. However,

1



Chapter 1. Source-Channel Coding 2

in certain emerging applications, it is impossible to achieve the desired level of reliabil-
ity and energy efficiency under complexity constraints, due to device limitations, and
latency constraints, imposed by the underlying applications. It is known that in those
scenarios jointly optimizing the source and channel coding may improve the end-to-end

performance. This has led to a growing research interest in JSCC in recent years.

While Shannon’s separation theorem proves the optimality of separate design of suffi-
ciently long and unbounded-complexity source and channel codes, many emerging ap-
plications today require transmission of measured parameters under extreme latency
constraints. For example, state measurements in a smart grid are to be transmitted as
fast as possible to the control centre, which then has to estimate the system state and
interfere in the case of a black out. Similarly, in a body sensor network the transmission
of vital signals to the control centre has to be extremely fast as delays may lead to
significant health problems. In these examples, it is not possible for the transmitter to
wait to collect a large number of source samples in order to apply vector quantization,
or to exploit capacity-achieving channel codes with efficiently large blocklengths. In this
thesis, we consider the other extreme of “zero-delay” transmission, that is, each source

sample is transmitted over a single use of the channel

A well-known approach to zero-delay transmission is linear encoding and decoding. Both
the complexity of encoding/ decoding, and the delay can be significantly reduced by
linearly mapping the source samples to channel inputs (linear transmission). Despite its
simplicity, linear transmission achieves the MMSE distortion in a point-to-point setting
when a Gaussian source is transmitted over a static AWGN channel and the source and
the channel are with equal bandwidth; that is, when an average of one source sample is
to be transmitted over one channel use [3]. However, linear transmission is in general
not capable of exploiting additional degrees-of-freedom available in the system, and its

optimality breaks down in many other setups.

The optimality of linear transmission is very sensitive to the matching between the
source/ channel distributions, input cost constraint, the distortion measure and the
source and channel bandwidths [4]. In the point-to-point setting, linear transmission
is an alternative for optimal SSCC, and its main advantages are simplicity and zero-
delay. Surprisingly, it has been shown that linear transmission achieves the optimal

performance in various other scenarios, such as Gaussian MAC with correlated Gaussian
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sources [5, 6], or broadcasting a common source to multiple receivers over Gaussian
channels. Specifically, for the latter scenario linear transmission is the only known
optimal transmission scheme. Moreover, in some other scenarios, such as transmission
with bandwidth mismatch [7], or broadcasting with correlated side information [8], linear
transmission is shown to improve the performance when combined with digital coding

schemes in the form of HDA transmission.

In general, the optimal zero-delay scheme is not necessarily linear. Indeed, in many other
scenarios, there is no explicit way to derive such analog mappings, nor is the optimal
performance known. In [1] and [9], Shannon and Kotelnikov utilized space-filling curves
for transmission with bandwidth compression. Later, this approach was extended to the
transmission of a Gaussian source over an AWGN channel with bandwidth compression
and expansion in the work by Fuldseth and Ramstad [10], Chung [11], Vaishampayan and
Costa [12], Ramstad [13] and Hekland et.al. [14]. For numerically optimizing the analog
mappings two approaches is usually utilized. In the first one, the analog mapping has a
structure which is defined by some parameters. The goal of the optimization is to find
the optimum values of the parameter set of the structured mapping. It is noticed that in
this approach, the performance is limited to the parameters considered for that specific
structure. In the second approach, the design of the analog scheme is based on PCCQVQ.
In this approach, a discrete form of the problem is tackled utilizing tools developed for
vector quantization [15], [16]. Recently, in [17] a novel approach for finding optimal
analog mappings has been studied. The main difference between the approach used in
[17] and PCCQVQ based approaches is that in [17] the authors derive the necessary
conditions of optimality in the original analog domain without any discretization. This
in turn provides a theoretic analysis of the problem. Besides, a completely different
numerical method, which iteratively imposes the optimality conditions of the original

problem, is used to obtain NOE mapping functions.

1.2 Background

The two major results in information theory are Shannon’s source coding theorem, which
characterizes the ultimate limit of compressing a source sequence; and Shannon’s channel

coding theorem, which characterizes the maximum rate of reliable communication over
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V X Y V
—> Encoder Channel Decoder ———»

F1GUrE 1.1: Block diagram of a generic point-to-point communication system.

v

noisy channels. By using appropriate encoding and decoding techniques for both source

and channel coding we can approach these limits arbitrarily closely.

Although the information theoretic performance characterization of many communica-
tion scenarios (specially multiuser settings) remain open, there are some special cases in
which the ultimate bounds are well established, e.g., the point-to-point communications
and lossy compression of a single source. These information theoretic results are built
upon unlimited delay and complexity assumptions. Therefore, although the fundamen-
tal performance bounds for these special cases have been established, and there exists
certain practical coding techniques with high delay and complexity that can approach
these bounds, there is still a significant amount of work to do regarding the practical
implementations under certain complexity and delay constraints to achieve the optimal
performance. On the other hand, the optimal performance under complexity and delay
constraints is unknown other than some special scenarios and in the high SNR regime

18], [19].

The block diagram of a generic point-to-point communication system is shown in Figure
1.1. Tt consists of 1) realizations of a random source V' that need to be transmitted to the
destination, 2) an encoder, which transforms the source sequence into the channel input,
3) a noisy channel over which the encoded symbols are transmitted, and 4) a decoder that
reconstructs the original source sequence from the received noisy signals in either lossless
or lossy fashion. In general this setup is a JSCC problem in which the encoder structure
and channel input depend on the source and channel statistics. Shannon showed that
for the point-to-point setup, by carrying out source encoding/ decoding and channel
encoding/ decoding separately, we can reach the theoretical optimal bound. As a result
of Shannon’s separation theorem the transmitter and the receiver can be decomposed

into two separate components (see Figure 1.2):

e Source encoder: compresses the source sequence into bits,

e Channel encoder: operates on the compressed bit sequence, and exploits channel

coding techniques to protect these bits from channel errors over the noisy channel,
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Vm
) Source Channel Channel Source )
encoder encoder decoder decoder
FI1GURE 1.2: Block diagram of the point-to-point communication system with separate
source and channel encoders and with additive noise.

<,
3

e Channel decoder: operates on the received signal from the channel output and

extracts the message index,

e Source decoder: based on the channel decoded message index, reconstructs

(decompresses) the transmitted source sequence.

Throughout this thesis, we will consider a special case of the general model in Figure 1.1
in which the source sequence consists of independent samples of a Gaussian distribution,
and the channel is stationary memoryless with AWGN. In the following, we present

Shannon’s source coding, channel coding, and source-channel separation theorems.

Shannon’s source coding theorem [20]: When compressing a source sequence V'™,
the goal is to represent the source sequence with the lowest possible rate, such that the
average distortion 1/m Y7 | E[d(V;, Vi)], d(v,d) : R? — R of the recovered sequence V'™
at the receiver is below a predefined value D. Shannon characterized the minimum rate

required to achieve an average distortion of D, called rate-distortion function R(D) as

R(D) & min I(V;V). (1.1)
p(0|v):E[d(V,V)]<D

Dual form of (1.1) can also be considered called the distortion rate function D(R), which
is the minimum average achievable distortion D for a source compression rate of R; and

it is defined as below

D(R) £ min_ E[d(V;V)]. (1.2)
p(ol):(V5V)<R

For an iid Gaussian source, we have D(R) = 022 2% where o2 is the source variance

and R is in bits per source sample.

Shannon’s channel coding theorem: Assume that we want to transmit a message
index M (uniformly distributed over the set M) over a DM noisy channel with channel
input X, channel output Y and conditional probability p(y|xz). Channel encoder maps

each message M € M to a channel input vector X" and the channel decoder finds an
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estimate M of the transmitted message based on receiving Y. The performance metric
is given as the probability of decoding error P, = P(M # M ). Shannon formulated
the channel coding problem as finding the maximum communication rate C' = log M /n,
called the channel capacity, such that P, can be made arbitrarily small while letting the
block length be sufficiently large [21]. He characterized the capacity C' as the maximum
mutual information between the channel input X and the channel output Y over possible
input distributions:

C 2 maxI(X;Y). (1.3)

p(z)

Although some numerical algorithms are proposed in [22] to numerically evaluate (1.3),
in general it is hard to find closed form expressions for channel capacity. For the special
case of an AWGN channel under an APC of P, ie.,1/n) ;" | E [|X¢|2] < P, the capacity

is shown to be [2]:

c(p) = %log <1 + ;) , (1.4)

n

where O'?L is the channel noise variance, and C' is in bits per channel use.

Shannon’s source-channel separation theorem: Consider the point-to-point com-
munication system in Figure 1.2, and let C' be the capacity of the DM channel and R(D)
be the rate distortion function of the DM source. Shannon showed that the necessary
and sufficient condition for communicating the DM source over the DM channel with

predefined distortion level D, is R(D) < C.

This theorem states that as long as this inequality holds, a source can be transmitted over
the channel optimally with SSCC. This is the main theoretical motivation behind the fact
that the communication systems today are designed based on SSCC. It is worth noting
that this statement holds when the code length is of infinite length, which introduces
infinite delay and complexity. However, infinite delay and complexity in practice is

impossible, and enforce the designers to use suboptimal finite length/ complexity codes.

Optimal Performance Theoretically Attainable: OPTA is obtained from eval-
uating the rate distortion function at channel capacity. By expanding the inequality
R(D) < C for a Gaussian source and an AWGN channel, OPTA in the Gaussian band-

width matching (m = n) setting can be found to be

2

D =—r=. 1.5
orma =7 (1.5)
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In addition to infinite delay and complexity, separate coding over Gaussian channels is
also not robust against variations in the channel conditions. In many applications the
exact value of the channel SNR is not known at the transmitter. Although systems
using digital transmission can take advantages of advanced quantization, compression
and error control algorithms, since their structure is dependent on the target SNR,
their performance does not improve with increased SNR (leveling-off effect) and breaks
down completely when the true SNR is lower than the target SNR (threshold effect).
Threshold effect becomes even more drastic when these systems operate close to their

optimal performance limits.

Joint Source Channel Coding: For the reasons mentioned in the previous section,
JSCC can be an appropriate alternative to SSCC to transmit analog sources, such as
video, image, audio, over noisy channels. It has been proven in [3] that for transmitting
an iid Gaussian source over an AWGN channel, in the case of bandwidth matching,
OPTA is attainable by a direct mapping of the source symbols to the channel inputs.
That is, no coding is required, and OPTA is achieved by low complexity and delay free

transmission.

Another motivation to study JSCC is their robustness against varying conditions of the
channel compared to digital systems. To mention a few of the studies on JSCC, in [7]
using nearly robust HDA coding techniques for transmission of a Gaussian source over a
broadcast channel, the authors show that the optimal performance in terms of Shannon
limit can be approached and the threshold effect can be mitigated. In [23], HDA coding
techniques are used to derive lower bounds on the distortion exponent for fading MIMO
channels when the channel state is available at the receiver. In [24], it is shown that
linear transmission is optimal when both the channel and the side information are time
varying. In [25] using HDA codes and optimal power allocation, it is shown that in the
case of bandwidth mismatching, the interference (known at the transmitter) over the
channel can be cancelled at the receiver. In the following some known JSCC schemes

are described.

1.2.1 Optimal linear encoding/ decoding

In general there is no guarantee that OPTA can be achieved by linear encoding/ de-

coding. Assume we want to send m samples of a source V through n channel uses.
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The transmitter uses a matrix T € R™"*™ to encode v and produces the channel input
signal x™. After the transmission over the AWGN channel, at the decoder, the received

R’I’I”LXTL

vector y" is decoded by the use of a matrix R € , and 0" is produced as the source

estimation. We would like to minimize the MSE distortion
p=1 fj 2 (v - Vi (1.6)
m = ’ '

where

" =Tv™, " =Ry", (1.7)

and y" = 2" 4+ w", where w"™ is an n-dimensional AWGN vector with covariance matrix
021,%n. It is shown in [26] that for the bandwidth compression case(m > n) the optimal

matrices are in the form of

\/?Inxrm R = O—U\/ﬁ

T: — 55, _o+tmXn
o P+o2 ’

(1.8)

where Ly, is a matrix with I;; = 1, ¢ = 1,...,n and zero otherwise. For the case of

bandwidth expansion (m < n), we have

n VP m o,V P
Lixm, R= — L. (19)
n P+o?

In [26], it is shown that the performance of linear encoding/ decoding is very close to
OPTA for low channel SNR. However, at high SNR, it is far from the OPTA (except
bandwidth matching scenario in which BPAM is optimal). To get closer to OPTA we

have to investigate nonlinear systems.

1.2.2 Hybrid Digital Analog Systems

Digital systems suffer from two drawbacks known as threshold effect and leveling-off
effect. The threshold effect means that once the channel SNR is less than the SNR at
which the digital system has been designed, the performance of the system degrades
drastically. On the other hand, the leveling-off effect refers to the fact that due to the
finite precision of the quantizers in the system, once the channel SNR is higher than the
designed SNR, the performance of the system does not improve and it remains constant.

Since linear transmission does not suffer from these two effects, it can be combined with
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digital coding techniques to improve the performance of the system in case there is SNR

mismatch.

Recently, some nonlinear HDA systems have been proposed in the literature. In [27]
transmission of a uniform source sample by two channel uses (bandwidth expansion) of
an AWGN channel has been studied under the MSE distortion criterion. The encoder
quantizes the source sample and transmits the quantization index and the quantization
error. The quantizer is optimized with respect to the MSE distortion criterion. It is
shown that utilizing a uniform quantizer is nearly optimal for a uniformly distributes
source. In [28] the authors propose a scheme which is composed of two parts: digital and
analog. In the digital part, the source is quantized with a low delay source optimized
vector quantizer (SOVQ) and later the quantization indices are encoded via a high
delay channel encoder. In the analog part, the error of the quantization is mapped via a
nonlinear analog mapping and scaled. The output of the analog part and the digital part
are superimposed and transmitted over an AWGN channel. Employing this structure,
it is shown that under both bandwidth compression and expansion, robust and graceful
performance can be achieved for a wide range of channel SNR. In [29] the authors study
the transmission of two correlated Gaussian memoryless sources over a Gaussian Multiple
Access Channel (GMAC). They propose two zero-delay JSCC schemes. The first scheme
quantized the sources, such that, one of the source quantization indices are nested in
the other source quantization indices. The quantized value of each source output is
scaled to an acceptable power level and transmitted over the channel. In the second
scheme, one of the sources is mapped using a nonlinear mapping and the second source
is quantized. The output of the encoders are added (superimposed) over the channel.
It is shown that the proposed schemes are robust against channel variations and have a
constant gap with the performance upper bound in the high SNR regime. In [30] zero-
delay JSCC transmission of a Gaussian source over an AWGN channel in the presence
of a correlated Gaussian side information at the receiver is studied. It is noted that
when block coding is allowed, the corresponding source coding problem of this scenario
is known as Wyner-Ziv problem [31]. In [30], authors employ a HDA coding scheme
based on superimposing the scaled quantization of the source and linear mapping of the
quantization error. Having shown the robustness of the scheme for bandwidth matching
scenario, it is shown that application of this scheme in the bandwidth expansion scenario

performs better than the well known space-filling spiral mapping [1, 9].
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1.2.3 Power Constrained Channel Quantized Vector Quantization (PC-
cQvQ)

In [10, 15] the authors propose an algorithm in order to minimize the MSE distortion

D= ;f‘ﬂa Vi - ;2] (1.10)

=1

subject to an average power constraint given as
1 n
P = EEIEHXZ»F] <P, (1.11)
1=

where X; is the channel input at time index ¢. Using Lagrangian method, authors in

[10, 15], consider the unconstraint optimization problem

min D + AP, (1.12)
19

where f, g are the encoder and decoder mappings, respectively, and A > 0 is the La-
grangian multiplier. From optimization theory [32, 33], it is well known that the optimal
solution to the problem (1.12), in general satisfies the necessary condition of optimality

for the constrained optimization problem

minimize D
19 (1.13)
subject to P < P.

To solve the problem (1.12), the authors in [10, 15] utilize a vector quantizer followed by
a mapping from an m-dimensional source space to an n-dimensional channel space. They
consider the channel space as a finite signal set composed of K centroids in the codebook
C={¢ fiﬁl- The source space is partitioned into K partitions as P = {; fiﬁl. The
vector quantizer maps the source samples to indices. Later each index is mapped to a
channel symbol. On the receiver side, the decoder recovers the source based on nearest
neighbour detection. The optimization of this algorithm is based on the generalized

Lloyd algorithm [34].
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FIGURE 1.3: Shannon’s original example of a 1 : 2 mapping [1].

1.2.4 Shannon-Kotelnikov Mapping

Unlike quantizing the source in digital systems, Shannon-Kotelnikov mapping [1, 9] is an
approach where the source is directly (source encoder and channel encoder are merged
together) mapped into the channel. In this approach, the source is represented using
a point in the source space R, and similarly the channel is represented by a point in
the channel space R”. The main idea is to use the geometrical interpretation of the
communication problem. This geometrical approach first introduced by Shannon in [1],
and later in [9] Kotelnikov extended the tools for the bandwidth expansion problem
by using a similar signal mapping approach. Shannon-Kotelnikov mappings are used
either for bandwidth expansion or bandwidth compression. The former uses the redun-
dant dimension for error control and the latter represents a lossy compression. For the
case of the bandwidth matching, it is well known that linear mapping is optimal for a

memoryless source and a Gaussian channel [3].

As an example of 1 : 2 bandwidth expansion mapping, Shannon proposed the curve
shown in Figure 1.3. In this mapping, the one dimensional source is given by the line
space V (e.g., the length along the curve), which is mapped to a two dimensional channel

input (X1, X2). This approach performs better than the one that we send the source
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sample twice over the channel (repetition coding). By interchanging the source and
the channel, Shannon also suggested that the same mapping can be used for bandwidth
reduction (every source vector (V1; V2) is projected onto the nearest point on the mapping
curve, which will be represented using a one dimensional channel space, e.g., the distance

from some reference origin to the projected point on the curve).

One important question regarding Shannon-Kotelnikov mappings is that what is the
optimal geometrical structure of such mapping? One possible answer is to look at the
discrete mappings obtained from PCCQVQ and connecting the adjacent points of the
codebook. As another answer, in [13], it is shown that a good mapping should satisfy
some certain requirements: 1) The mapping curve should cover well the entire source
space to reduce overload distortion; 2) source symbols with high probability should be
mapped to low power channel symbols so that the transmission power is minimized; 3)
points in the channel space that are close to each other should be mapped to source
symbols that are also close in the source space in order to minimize the distortion when
errors occur. Furthermore, when choosing a mapping, all channel representations should
have low correlation so that no redundant information is transmitted on different channel

symbols.

1.2.5 Optimality Conditions for Analog Mappings

In [17], a new approach has been studied to dealing with the source-channel coding prob-
lems. The authors in [17] study the functional properties of the MSE distortion under
average power constraint for the zero-delay source-channel coding problem, and the prob-
lem of obtaining vector transformations that optimally map between the m-dimensional
source and n-dimensional channel space. They study the functional properties of the
point-to-point problem. In particular, it is shown that the MSE distortion for the zero-
delay source-channel coding problem is a concave functional of the source density, given
a fixed noise density, and of the noise density given a fixed source. It is also shown
that the MSE distortion is a convex functional of the channel input density. This result
guarantees that there is a unique encoding mapping function that minimizes the MSE

distortion. Using gradient-descent based optimization algorithms such as noisy channel
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relaxation (NCR) [35-37], a design algorithm has been proposed, which iteratively im-
poses the optimality conditions to obtain NOE mappings. This approach has also been
utilized in [387 , 39] for finding the NOE mapping functions.

An interesting result in [17], regarding the zero-delay source-channel coding problem
(point-to-point with infinite resolution front end) is related to the linearity conditions of
optimal mappings in terms of the source and channel densities and the channel power
constraint. It is shown that given a Gaussian source, optimal mapping are linear in the
high SNR regime regardless of the channel density. Likewise, for a Gaussian channel,

optimal mappings are linear in the low SNR regime regardless of the source density.

1.3 Thesis Overview and Summary of the Main Contribu-

tions

In this thesis, we focus on zero-delay source-channel coding techniques under three
different scenarios. This work is motivated by many recently emerging applications such
as wireless sensor networks (WSN) or Internet-of-Things (IoT), where there are many
problems which must be dealt with. For instance, since the real time communication in
such applications matters, it is not possible to utilize very long block coding techniques.
On the other hand, due to the increasing number of simultaneous users, interference is
another problem in providing qualified data at the end user. In addition to these issues,
in almost all of the contemporary applications the signals are being digitized before
being processed. Therefore, investigating the performance of different scenarios under
these circumstances are of interest. In the following, we review the topics and the main

contributions presented in the next chapters.

In Chapter 2, we consider zero-delay transmission of a Gaussian source over an AWGN
channel in the presence of an independent AWG interference signal. We study the
minimization of the MSE distortion under an average power constraint assuming that the
interference signal is known at the transmitter. Optimality of simple linear transmission
does not hold in this setting due to the presence of the known interference signal. We
propose various non-linear transmission schemes. The nonlinear schemes utilize a scalar
quantizer to produce the channel input. Based on the numerical observations, it is seen

that, in contrast to typical uniform quantization of Gaussian sources, a non-uniform
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quantizer, whose quantization intervals become smaller as we go further from zero,
improves the performance. Given that the optimal decoder is the MMSE estimator, we
derive a necessary condition for the optimality of the encoder. Using the optimality
condition, we obtain NOE mappings with the help of gradient-descent based algorithm
used in [17, 39]. Based on the numerical results, it is shown that one of the schemes
with non-uniform quantization performs closer (compared to the other schemes) to the

numerically optimized encoder while requiring significantly lower complexity.

In Chapter 3, motivated by practical constraints arising in sensor networks and Internet-
of-Things applications, we consider the zero-delay transmission of a Gaussian measure-
ment over a vector Gaussian noise channel with a low-resolution ADC front end. We
study the optimization of the encoder and the decoder under both the MSE distortion
and the DOP criteria with an average power constraint on the channel input. The mo-
tivation for considering the DOP criterion, is that, since the MSE distortion criterion is
not a good performance metric for applications involving transmission of image or speech
[2, Chapter 10], the DOP criterion could be a reasonable metric compared to the MSE
distortion criterion. We derive the optimal solutions for the case of a one-bit ADC front
end for both criteria. In particular we show that, the optimal encoder mapping tends
to a linear encoder only in the low SNR regime. Instead, antipodal digital transmission
is optimal in the high SNR regime. For the DOP criterion, we show that the optimal
encoder mapping is piecewise constant and can take only two opposite values when it is
non-zero. For both the MSE distortion and the DOP criteria, we derive necessary opti-
mality conditions for a K-level ADC front end and for multiple one-bit ADC front ends.
We later use these conditions to derive and evaluate numerically optimized solutions. To
gain insights into optimal encoding and decoding functions, extensive simulations have

been carried out.

In Chapter 4, we study the zero-delay transmission of a Gaussian source over an AWGN
channel with a one-bit ADC front end in the presence of correlated side information at
the receiver. We focus on the design of the optimal encoder and the decoder under the
two performance criteria as in Chapter 3, namely, the MSE distortion and the DOP
under an average power constraint on the channel input. For both the MSE distortion
and the DOP, we derive the conditions of optimality for the encoder and the decoder.
For the MSE distortion we observe that the NOE is periodic, and its period increases

with the correlation between the source and the receiver side information. For the DOP,
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we observe that the NOE mappings are bounded and fluctuating between positive and

negative values.

Finally in Chapter 5, we provide the conclusions from our research presented in this
thesis, and discuss about the potential research directions that can be considered in the

future.



Chapter 2

Zero-Delay Source-Channel
Coding in the Presence of
Interference Known at the

Encoder

2.1 Overview

Zero-delay transmission of a Gaussian source over an AWGN channel is considered in the
presence of an additive Gaussian interference signal. The MSE distortion is minimized
under an average power constraint assuming that the interference signal is known at the
transmitter. Optimality of simple linear transmission does not hold in this setting due to
the presence of the known interference signal. While the optimal encoder-decoder pair
remains an open problem, various non-linear transmission schemes are proposed in this
chapter. In particular, ICO and 1DL strategies, using both uniform and non-uniform
quantization of the interference signal, are studied. It is shown that, in contrast to typical
scalar quantization of Gaussian sources, a non-uniform quantizer, whose quantization
intervals become smaller as we go further from zero, improves the performance. Given
that the optimal decoder is the MMSE estimator, a necessary condition for the optimality
of the encoder is derived, and the NOE satisfying this condition is obtained. Based on the

numerical results, it is shown that 1DL with non-uniform quantization performs closer

16
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(compared to the other schemes) to the numerically optimized encoder while requiring

significantly lower complexity.

2.2 Introduction

While the spectral efficiency of communication systems has improved significantly within
the last decade, latency remains as the bottleneck for many applications. In many emerg-
ing applications, such as those involving cyber-physical systems (CPS) or wireless sensor
networks (WSN), real-time interaction among distributed autonomous agents is crucial.
A communication link is called real-time when the communication time is lower than the
time constants of the application. Such applications impose significantly lower round-
trip latency requirements compared to what is achievable today. For example, in many
applications involving CPSs, local system measurements are reported by sensor nodes
via noisy links to other network agents. The need to have near real-time monitoring
and control of the underlying physical system imposes strict delay constraints on the
communication links. In such a scenario, utilizing long block codes for source compres-
sion or channel coding is not viable due to the stringent delay constraint. Similarly,
when tactile control of an object and hearing/ seeing its reaction through a wireless
connection is desired, a reaction latency on the order of milliseconds will be imposed on
the communication link [40]. For example, for a typical 1 m/s speed of a finger on a
touch screen, the reaction time for the screen is expected to be approximately 1ms in
order to achieve an unnoticeable displacement of Imm between the object to be moved

and the finger [41].

We consider zero-delay transmission of system parameters over wireless channels, that
is, a single source sample needs to be transmitted over a single use of the channel.
It is well-known that zero-delay linear encoding (uncoded transmission) of a Gaussian
source over an AWGN channel does not result in any performance loss in terms of the
end-to-end MSE distortion [3]. However, this is not the case if there is bandwidth
mismatch between the source and channel [9, 14, 42], if there is correlated source side
information at the receiver [43], or if there is a peak power constraint at the transmitter
[44]. Characterization of the optimal transmission strategy is challenging in general, and

remains an open problem in most cases.
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In this chapter we consider zero-delay transmission of a Gaussian source over an AWGN
channel in the presence of an AWG interference signal causally known at the transmitter.
This is known as the dirty-tape channel. Known interference at the transmitter can
be used to model communication systems which use superposition coding to transmit
multiple data streams simultaneously [23, 25, 45, 46]. For the superposed data streams,
the codewords corresponding to lower layers act as known interference. The capacity of
the dirty-tape channel was first studied by Shannon [47], who characterized the capacity
using the so-called Shannon strategies. The channel model when the interference is
known non-causally at the transmitter is known as the dirty-paper channel. The capacity
of the dirty-paper channel was characterized by Gelfand and Pinsker in [48], and it was
later shown in [49] that, in the Gaussian setting, the capacity of the dirty-paper channel

is equal to the one without interference.

Despite Shannon’s single-letter characterization, there is no closed-form capacity expres-
sion for the dirty-tape channel even in the Gaussian setting. Willems in [50] proposed
the ICO strategy for the Gaussian dirty-tape channel. The basic idea of this scheme is
cancelling the interference by giving a structure to it. Willems showed that, it is possible
to partially cancel the interference at the receiver by quantizing it at the encoder, and
by proper power allocation between the interference quantization error and the channel
input signal, which is uniformly distributed over the quantization region. More recently,
Erez et al. [51] proposed inflated lattice strategies for the Gaussian dirty-tape channel in
[50]. They show that the rate loss of their coding scheme with respect to no interference,
which is shown to be zero in the case of dirty-paper channel [49], is not more than 0.254
bits per channel use in the asymptotic high SNR regime. On the other hand, it is shown
in [52] that the ICO scheme of Willems performs better than the inflated lattice based
coding scheme in the low SNR regime. In [53], optimal mappings based on an iterative
algorithm are proposed. Based on the numerical results in [53], it is shown that the

numerically obtained encoder performs well compared to the scheme proposed in [51].

All of the above mentioned work study the channel coding problem whereas we are
interested in zero-delay JSCC over the dirty-tape channel. Note that Shannon’s source-
channel separation theorem [2] does not apply to zero-delay JSCC problems; and hence,
we can not directly use the above channel coding results to evaluate the MSE perfor-
mance. A generalization of this problem is studied in [39], which further allows correla-

tion between the source and the interference signals, and bandwidth mismatch between
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the source and the channel. While [39] focuses on deriving a numerically optimized en-
coder and decoder pair, our goal here is to develop low-complexity joint source-channel
transmission techniques motivated by the channel coding strategies proposed in [50]
and [51]. The problem we consider is intrinsically connected to problems in stochastic
control where the controllers must operate at zero delay. A control problem, similar to
the zero-delay source channel coding problem here, is the Witsenhausen’s well known
counterexample [54] (see e.g. [55] for a comprehensive review) where a similar functional
optimization problem is studied and it is shown that nonlinear controllers can outperform
linear ones in decentralized control settings even under Gaussianity and MSE assump-
tions. Expanding upon our previous work in [56], we consider ICO and 1DL schemes
combined with nonlinear companders. While characterizing the optimal performance is
elusive for this problem, we present numerical results comparing the performance of the
proposed strategies, and provide some heuristics to improve them. In particular, we pro-
pose a counter-intuitive non-uniform quantization scheme in conjunction with the ICO
and 1DL schemes, which increases the average quantization error, and hence, the power
used for interference concentration, but leads to a lower MSE since the transmitter can
then use a compander with a larger dynamical range for the more likely interference

states.

Similarly to [39], we also characterize the necessary condition for the optimality of an
encoder mapping, and obtain a NOE using steepest descent to search for an encoder that
satisfies the derived necessary condition. While the MSE achieved by NOE outperforms
the other proposed schemes, it is demanding computationally. It is shown that non-
uniform quantization in conjunction with 1DL performs closer (compared to the other
schemes) to the NOE, while the number of parameters to be optimized for the 1DL
scheme (with non-uniform quantizer) is significantly less than NOE; and hence, it has
significantly less computational complexity. We also note that, although we considered
Gaussian distributed interference, the results obtained in this chapter can be easily

extended to any distribution of the interference.

The rest of the chapter is organized as follows: In Section 2.3 we introduce the system
model. In Section 2.4 zero-delay transmission schemes under average power constraint
are introduced. In Section 2.5, we characterize the necessary condition for the optimal
encoder, and introduce NOE. In Section 2.6, we compare all the proposed transmission

schemes numerically.
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FIGURE 2.1: Zero-delay transmission of a Gaussian source over an AWGN channel in
the presence of AWG interference known at the transmitter.

2.3 system model

We consider the transmission of a Gaussian source over an AWGN channel in the pres-
ence of an AWG interference signal, which is known at the transmitter. The setup is
illustrated in Figure 2.1. Without loss of generality, we assume, that the memoryless
Gaussian source sample, V', has zero mean and unit variance, i.e., V ~ AN(0,1). The
interference signal is independent of the source, and also follows a Gaussian distribution,
S ~ N(0,02). The discrete memoryless channel output Y, is given by Y = X + S+ W,
where X is the channel input, S is the known Gaussian interference signal, and W is
the additive Gaussian noise, W ~ N(0,02), independent of the source and interference

signals.

We denote the zero-delay encoding function as X = h(V,S), where A(-,-) is assumed
to be Borel measurable, square integrable function. An average power constraint is

imposed on the channel input:

E[X?] <P, (2.1)

where the expectation is over all realizations of the source and interference signal. We
are interested in transmitting the source samples, V', over the channel under the MSE
distortion criterion. We denote the MMSE estimation function at the receiver by V =
g(Y) £ E[V|Y]. Our goal is to characterize the minimum MSE E [|V — Vﬂ, for given

P, 02 and o2 values.

We note that, in our setting, due to the zero-delay constraint, causal and non-causal
knowledge of the interference are equivalent. In other words, non-causal knowledge of
the interference is useless, and the transmitter only uses the knowledge of the current

value of the interference.
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We define the functions below, which will be used throughout the chapter.
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where Q(-) is the complementary cumulative function defined as Q(t) = ?\/%e*%du.
Since we deal with definite integrals throughout the chapter, we will avofd writing the
boundaries of the integrals explicitly when they are from —oo to co. Also, if no limits are
specified, the summations are over all integers Z. We also define the rectangle function

R(t) as

1 —i<t<d,
R(t) = (2.6)

0 otherwise.

[N
Do

2.4 Parameterized zero-delay transmission schemes

In this section we introduce five different transmission schemes for the setup introduced
in Section 2.3 with increasing complexity. Later on, in Section 2.6, we will compare and

comment on the performances of these schemes.
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2.4.1 Interference Cancellation

The simplest way to communicate in the presence of a known interference signal is to
cancel the interference. In the ICA scheme, the transmitted signal X is a simple linear
combination of the source realization V' and the interference S. The transmitter decides
how much of the interference will be cancelled depending on the system parameters. We

have
X =aV +0bS, (2.7)
where a and b are the coefficients to be determined. The channel input has to satisfy
E[X? =a®+ V%02 < P. (2.8)

With MMSE estimation at the receiver, the achievable average distortion is found as

1

(V=

The optimal b value that minimizes (2.9) is given by

P+oltop—\/(P—02)?+02+202(P +02)

b* =
202

. (2.10)

The optimal value for a can be obtained from (2.8) and (2.10). The ICA scheme con-
sumes part of the transmission power for interference cancellation; and thus, is expected
to perform poorly especially in the low power regime, when the interference power is

relatively high compared to the input power.

Remark 2.4.1. We note that in the high SINR regime (P >> 02) the average achievable
P

distortion is Dica =1/ (1 + ;203 ) That is because, by rewriting b* we have

P—i—o‘?—ﬁ—o‘%—\/PQ (1_ 2;? +¥+U§+a$}$2aﬁog)
202
2 2
(a) P+a§+a§—P( —%Jr‘%)
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b= —

1

Y (2.11)
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FIGURE 2.2: Source clipping and mapping at the transmitter.

where (a) is due to the approximation /1 —z ~ 1 — z/2 for small x. This is as though

the signal X = aV — S, (a = P — 02) is transmitted over the channel.

The analysis of the performance of the ICA scheme is relegated to Section 2.6. Next we

will introduce alternative non-linear transmission strategies.

2.4.2 Interference Concentration

This scheme is motivated by Willems’ ICO scheme for channel coding [50]. We combine
the interference concentration idea with JSCC of a Gaussian signal under a PPC [44].
The interference signal S is concentrated to one of the pre-determined discrete points
on the real line; that is, the interference is quantized, and the corresponding quantiza-
tion noise is cancelled, rather than cancelling the whole interference. Only the signal
corresponding to the quantization index of the interference is received at the receiver.
The transmitter superposes a companded version of the source signal such that it is

compressed into one quantization interval of the quantizer.

The signal transmitted over the channel is given by
X =T(V)— (S mod A), (2.12)
where (S mod A) € [—%, %) corresponds to the quantization error, and is defined as

S mod A2 S —Q(5), (2.13)
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FIGURE 2.3: Source is clipped to the region [—5, 5
to the interval [7%7 ”JEA]. Dots are interference concentration points and dashed

lines are the decision thresholds for interference concentration at the transmitter.

], and the channel input is limited

where Q(S) is the nearest neighbour quantizer defined as below

Q(8) 2 A {S + 1J . (2.14)

Tw)=1{ &£v -5 <v<i, (2.15)
-5 p<—8e

where K = A — 2d. Notice that k + A is the variation range of the channel input X
(since T'(v) and (S mod A) are varying in the intervals [—x/2, x/2], and [-A/2,A/2]),
respectively. Parameter d can be considered as a guard interval between the source

mappings into different intervals. Parameters d, x and A are illustrated in Figure 2.3.

It can be seen from (2.12) that, in the ICO scheme, s is concentrated to one of the
quantization indices in {iA : i € Z}, which corresponds to a uniform quantizer with
quantization interval size of A. Power consumed by the transmitter for interference
concentration is equivalent to the average quantization noise variance for the interference
signal. While the power allocated to interference concentration, a?gmod A» depends only
on the value of A, the power of the compander component, a%, depends on « and A,
parameters. 0’% and a%mod A are to be chosen such that the channel power constraint is
satisfied. We have

E [X?] = 0% + 08moan < P, (2.16)
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where the expectation is taken over the pdf of the channel input fx(z) = fr(t) *

fsmoda (t), where x denotes the convolution operation, and we have

fr(t) = 21me‘za23<t>+c2< )(6(t—2)+6< 2). e

_(ia+t t
m t) = e <\/§a) .R< > 2.18
fsmoan (t) zz: 5o, A (2.18)
Therefore, for (7% and U%mod A We have
A2
1 A 1 2 e s
2 2 v
geellia(2) (-2 <X e
T A2 2 J\2 AZ) AN2r

_aay? 1 A A A
( ! ) (2.20)

2 _ 2
o = N e W, 2 22
SmodA /72770'5 : 20_3’ Ug ’ 29
i

Since solving (2.16) for equality with respect to d, A and A, is cumbersome, we resort
to numerical techniques to find the A and A, parameters that satisfy the average power

constraint. The received signal is given by

Y=X+S5S+W
=T(V)—(Smod A)+ S+ W

=T(V) + Q(S) + W. (2.21)

MMSE estimation is directly applied on the received signal to reconstruct the transmit-

ted source sample:

(y) = ff”fv(v fs (8) fyv,s(ylv, s)dvds
7 [f fvv (8) fyv,s(ylv, s)dvds
ZP<Qi) fov( Vfw(y —T(v) — g;)dv

quz J fv) fw(y — T(v) — g)dv

[>
S

i

Zp(qi) ) (Fy,qi,A’iv + € = (fW ( ) - fw (y+ % - %)))
~ Spla) (G g + Q(%) (w5 -0+ fw +5-a))

(2.22)
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where ¢; £ i- A, i € Z, are the points to which the interference is concentrated when we

have s € w;, w; = [qi -3 S.a+ A) and we have

o2 A A
s = T 2 A A 2.23
ql /fs S 0 ( 2 » iy 20_37 20_?) ( )
—% 2 2,2
P2 "z (Bt Y =a) A Ay (2.24)
yyqiva 27_(_0_” 1 2A,12}0',% 9 Avo—% ) 2 ? 2 b .
_ A3w—ap)?
o Ay 20F3EHT) . Alon + k5 w(y—q) Ay Ay (2.25)
Via, T for (A202 + K2) 0 2A202 7 Aol T 272 ) .

Finally, the corresponding average distortion is evaluated as below

—1—quz / [ vo@) + a5+ w) i () (0w
ZI—Zp(qi)' (esv -/(g <g+w+qi) —g(—g+w+qi>>fw(w)dw

/ /va (v +w+ qz> fW(w)dwdv> , (2.26)

where (a) is due to the MMSE estimation.

Remark 2.4.2. In this remark, we consider a suboptimal decoding algorithm and study
its complexity with respect to the optimal MMSE estimation. For the ICO scheme
(as well as the other non-linear encoding schemes introduced later in this chapter) it
is also possible to use an alternative suboptimal decoding scheme called MAP-MMSE.
In MAP-MMSE, we first decode the interference concentration index ¢; using MAP
decoding at the receiver, and then cancel the decoded interference from the received
signal y = T'(v) + ¢; + w. Finally MMSE estimation is applied on the remaining signal

y =T (v) + g¢;i — §; + w to estimate the source sample.

For MAP decoding of the transmitted interference concentrated index ¢;, the term Z =
T (V) + W is assumed as noise with pdf fz. We define a,;, a;; as the decision threshold

distances out of which the incorrect decoding for ¢; is occurred. We have

p(@i)fz(ar) = plgiv1)fz(A = ar),

P(gi-1)fz(A — ay;) (¢) fz(—aw), (2.27)
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where
z2
72(0’%-%—(220%) + 2.2
fz(z) = \G/QW(U%+QQU?J) * 40 (2(12:2;2 7% ’5 ;
Ay (== g>2 _(+% >2
+ 9 le ] (2.28)
The final distortion can be written as
map ZDmap S € wj p(ql>
=3 p(a:)Diplai + Z € G)plai + Z € ), (2.29)
i g

where §; = [¢; — ai; , ¢ + ari) is the MAP decoder decision region for declaring ¢; as

output and p(¢; + Z € ¢;) and Dian(ai+ Z € (;) are obtained as

qj+ar;—qi
plgi+Z €)= / fz(2)dz (2.30)
qj—a1;—4q;

gjtar;j—q;=T(v)
Dirjlap(qi 4+ Z € C]) = O—g -

Vgmap (T (v) + w + ¢ — ¢;) fv (v) fw (w)dwdv
qj—ay;j—q;—T(v)
A2 qGtar;—¢i—7%

—0'2—0'6 57 .

Gmap (g +w+ g — Qj) (fw(w) = fw(w + K))dw

gi—aui—4—%
A

-

_% qj—a;—q; —av

qjtarj—qi—ow

U fv (V) gmap (v + w + ¢ — q;) fw (w)dwdv, (2.31)

where

foY \V(ynew|”)dv
Imap(Ynew) = EV|Ynew) = e , 2.32
wltmew) = BlVlned =7 nenlo)do (2:32)

where ynew = T'(v) +w + ¢; — ;. By expanding fy,_ v (Ynew|v), we have

fY,,eW\V(yneww = Zp qi fYnew|VQ(ynew|v Qi)

= Zzp qi fW ynew|v qza

q;)p(d = qjlv, @)
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=3 (@) fw Wnewlv, 41,4 = q5) - /fw(w)p(d = ¢j|v, ¢;, w)dw
i

1
= O (e
V2ol el

ar;—T(v)—q;
A R

e 207, . / fw (w)dw. (2.33)

a;—T(v)—q;

This algorithm, in addition to being suboptimal, is also computationally more demand-
ing due to the increased computational complexity in the MMSE stage (2.32). Even
considering ML decoder instead of MAP decoder does not improve the computation time
significantly. This is because of the dependence of the noise with the signal produced by
MAP decoder namely ynew, which increases the complexity of computing fy, ... v (Ynew|v)
in (2.33). Hence, we restrict our numerical analysis to MMSE estimation as it provides

the optimal performance in a shorter time.

Remark 2.4.3. In this remark we note that ICO scheme is very similar to what is known
as THP [57, 58] studied in the context of the IST channel. In THP, the massage is dis-
crete (replicas of M-PAM constellation points on the real line), and what is transmitted
over the channel is the error of the interference with respect to the nearest intended
constellation point, whereas in ICO the intended massage is continuous and what is
transmitted over the channel is the error of the massage with respect to the quantized
version of the interference. Indeed, ICO can be interpreted as the JSCC version of THP

scheme.

2.4.3 Comparison of ICA and ICO in the Asymptotic Zero-Noise Regime

In order to illustrate the benefits of ICO over ICA we consider the asymptotic zero-
noise regime, i.e., we assume that o2 — 0. For ICA, one can see that, if P > o2 then
the interference can be completely removed using part of the available power, and zero
distortion is achieved in the limit as the noise disappears. On the other hand, when
P < 02, the best achievable distortion is (62 — P)/o2 (this can be easily verified from
(2.10) and (2.9)); that is, there is always residual distortion in the estimation even if

there is no noise in the system.
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On the other hand, one can show that in the asymptotic zero-noise regime, independent
of the input power constraint, zero distortion can be achieved by the ICO scheme. In
the absence of noise, since the received signal is always within the quantization region
of the interference signal, the quantization index can always be detected correctly. Once

the quantization index is known, the effect of interference can be completely removed.

With MMSE estimation applied on the received noiseless signal T'(V) + Q(S), the re-

constructed source samples can be written as below

a3
e 8 Ay
NoT v > 2
g(T)+Q(8) =4 v —Ae <y < B (2.34)
a3
. A,
_em v < —7

The remaining distortion is only due to the companding of the source samples to squeeze
them into the quantization region. By letting A, go to infinity we can reconstruct the
source perfectly, and zero distortion can be achieved asymptotically. Note that, letting

A, — oo also means that the average input power depends only on A in the limit.

These arguments show that the ICO scheme can provide significant improvements com-
pared to ICA, particularly when the interference is strong and the noise in the system
is low. In the following, we provide other techniques based on the idea of providing a
structure to the interference. We will observe that these techniques will further improve

the performance of the ICO scheme.

2.4.4 One Dimensional Lattice

The idea of using a lattice structure for communication in the presence of known inter-
ference has been considered in [51] for the channel coding problem. Here we consider
using a similar lattice structure for JSCC. The channel input for the 1DL scheme is
given by

X =(T(V)—S5) mod A, (2.35)

where T'(+) is as defined in (2.15). In the 1DL scheme, the term 7'(v) — s is concentrated

[ee]

to one of the quantization points in {7 - A} .
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In order to satisfy the average power constraint, we need to characterize the pdf of X,

which can be obtained as follows:

w|>

)

> fris(iA + ) -S<a<

fx(x) = (2.36)

0 otherwise,

where fr.s(u) is defined as

A%uz
Aye 2(850F+2) 7 (J?A% +K2 u K /i)
0 s T 99T 5
21 (A202 + K2) 2k202 o2 272

Ay _@=5)? (uerf)?
+ Q( 2 ) (6 202 +e 202 ) . (237)

fT*S(u) =

V2mog

Notice that in 1DL, the channel input X is limited to [-A/2,A/2). The quantization
step size, A, must be chosen such that the channel input power constraint is satisfied. We
recall here that due to the fact that finding a closed form expression for channel power
constraint with respect to A and A, is cumbersome, we resort to numerical calculations

to evaluate the value of A that satisfies the power constraint.

The received signal can be written as

Y=X+5+W
=(T(V)—S)mod A+S+W
=—[T(V)-S—(T(V)=S) mod A+ T(V)+W

—T(V)— Q(T(V) — 8) + W. (2.38)

The numerical results for the 1DL scheme are presented in Section 2.6. Here we just
state that the 1DL scheme achieves lower MSE distortion compared to ICO, since 1DL
supports a larger A value for an equal power constraint. This is mainly due to the

bounded channel input which leads to a more efficient use of the available power.

2.4.5 ICO with Non-Uniform Quantizer

Note that both the ICO and 1DL schemes give some shape to the interference, rather

than simply reducing its variance as in ICA. Both schemes use uniform quantization for
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this. In this section we consider using a non-uniform quantizer for the ICO scheme, and

different companders for the source sample depending on the interference signal.

In classical scalar quantization, non-uniform quantization is employed in order to reduce
the quantization noise for the more likely values of the underlying signal at the expense
of the less likely values. With such a quantizer, in our setting, we would have smaller
intervals around zero, and the interval size would increase as we go further away from the
origin. Note that, this would reduce the transmission power allocated for interference
concentration, since it achieves a lower quantization noise variance. However, this would
also mean that we have to compress the source signal even further when the interference
realization is close to zero. We observe that the final distortion benefits more from
increasing A; that is, having quantization points with larger separation. Hence, we apply
the opposite of classical non-uniform scalar quantization, and use a lower resolution
quantization for more likely values of the interference, and decrease the quantization

interval size as we go further away from zero.

As before, the interference signal is concentrated to the middle point of the quantization
interval into which it falls. Since the length of the quantization interval depends on
the realization of the interference, a different compander function will be used for each
interval. We denote by Q(-) the non-uniform quantizer with decision intervals w;

defined as

woé{S:2S8<2}; =0,
wié{S:Bi§S<Bi+Ai}; i:1727"'7

w2 {s:—B;—A;<s<-Bj}, i=-1,-2.., (2.39)

and quantizations indices ¢¥ corresponds to the middle point of each interval. We have

A,

g = sgn(i) - <Bi + 2) : (2.40)

where sgn(-) is the sign function!, and

i - Ao/2, if  i={1,0,—1},
B; & R li|—1 (2.41)
X+ 231 Aj, otherwise.
j:

We have sgn(z) = 1 if £ > 0, —1 if x < 0, and 0 if 2 = 0.
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We define the function fg(s) as follows

fs(s) = (2.42)

where fg(s) is the pdf of the interference S, and a > 0 is a parameter to be optimized.

The length of the i-th quantization interval, A;, is chosen such that

2 / fs(s)ds:/fs(s)ds, i=1,2,... (2.43)

S€EwWo SEw;
For Gaussian interference and a > 0 it can be shown that

il > |j] = A; < Ay,
i| = || = Ai = A (2.44)

At the transmitter, if S falls into the quantization interval w;, we have QN (S) = ¢.

Therefore, source V is transformed as follows

¥ vz
T(v,q)) &£ { &0 4 <v< iy (2.45)
-5 v< -8

where we have defined T'(v, q;»N ) to denote the companding function, in order to highlight
its dependence on the realization of the interference quantization qiN . The transmitted

signal is generated as below
X =T(V,0N(8)) — (S mod AN), (2.46)

where (S mod A%) denotes the quantization noise for the non-uniform scalar quantizer

with QN(-).

To satisfy the average power constraint we follow the same approach as in Section 2.4.2.

For brevity we define U £ (S mod AY). We have

B = 3 p () [ aPfrion (21QY(8) = oY) do

A

—A;



Chapter 2. Zero-Delay Source-Channel Coding in the Presence of Interference Known
at the Encoder 33

= ZP(%N ) (";(v,qgv) + UIQJ\QWS):%” )

=D (@) Ty gm) + o (2.47)
where
2
N O0s N A A
Ny =Ty (22, qN, ——L 2.4
p(qz ) 0 < 2 ,4; 20_§a20_§) ( 8)
A2
1 A 1 2 e %
2 =A2 | - ) Y (. . 2.4
rve) =N 22T\ T ) e a) T aver (249)

To evaluate o7 in (2.47), we need the distribution of U for the non-uniform quantizer.

Since max{A;} = Ap, we have U € [—Ag, Ap). The cdf of U can be written as
Fy(u) =) Fyiov (ulQV(S) =q")p(a), (2.50)
i
where Fyon (u|QN = qlN) for different i’s can be expanded as below

1 4" +u A A,
F uQNS:qlN :/ fs(s)ds, —=<u< =, 2.51
UIQN( | (S) ) p(ng\f) qiNf% S( ) 9 ( )

By differentiating (2.50) with respect to u, and recalling that ¢~; = —¢¥ and p (qyj) =

P (qf), we obtain

fs(u)
fu(u) =
p(ad)
2l+Bi+Bi 2 —B.L‘—B/L'
< fo(-a +u) R(GG00) + St + o) R(SG0T5T) Ao A
+ Z ~ , —— <u< —.
i—1 p(q;") 2 2

Using conventional tools in probability theory, o7 in (2.47) can be evaluated as

@)
2 e 2% 1 qZN Az Al
b= g L2 (202’0—2’_2’2 - (2:53)
A

2mo,
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The received signal for the ICO-NU scheme is given by

Y=X+S+W

=T(V,0M(S)) — (S mod AN) + S+ W
=T(V,Q"(5)) + Q™ (S) + W.

(2.54)
At the receiver we use MMSE estimation as introduced in Section 2.4.2. The source
reconstruction and final distortion is obtained as follows.

> p(g)- (Fqu a5
g (y) = —

4 Ry 2
Soa) (G, 2+ Q)
(]

i VA,

>

2
v

o]

ﬁ

(fwly =5 — ) fwly+ 5 - )

)

)
(fwrly =& =+ fwly+ & )
(2

55)

D=1- ZP(%N ) / / vgN (T(v,¢]) + ¢ +w) fw (w) fv (v)dwdv.

(2.56)
2.4.6 1DL with Non-Uniform Quantizer

In this section we consider the 1DL scheme combined with a non-uniform quantizer

similarly to the ICO scheme in Section 2.4.5. The transmitted signal is given as below

Xipr, = ([T(V, QN (S)) — S] mod A™).

(2.57)
We have

To satisfy the average power constraint we follow the same approach as in Section 2.4.2.

A

B X% = Y o) [ .

N .TQfX‘QN (x|QN( ) = qfv) dz. (2.58)
-3
where
fxjon (21QN(9) =¢) =
fclN(qZN +z)+ fCZN(qZN +x —sgn(x)4;), —% <z< % for all ¢,

(2.59)
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where fcq’N (u) = fT(V,q{V)(U) * fg1on (s|QN(S) = ¢Y), and we have

_(utag/2)?
) ) Q(ﬂ)e 205
N OéiIO (ﬁi)%7_%au+%) + . N2 _Ai§u<07
f (u) = " P o (2.60)
X . Q Dy 20%
OéiIO (ﬁi)é:u_%a%) =+ ( ;(3;\31) oo, 0§’LL<A1',

where «; and [3; are given as

,%
Aye 2(a302+42)

p(a)/2m(AZ03 + AF)

5 = A%ag + A?
! ZJEA%

oG =

(2.61)

(2.62)

The received signal for the 1DL-NU scheme is given by

Y=X+S+W
= ([T(V, QN (S)) — S] mod AN) + S+ W
=T(V,QY(5)) — QY (s) + W. (2.63)

At the receiver we use MMSE estimation as introduced in Section 2.4.2. To reconstruct

the source samples at the receiver we use (2.55) and (2.56).

Remark 2.4.4. The intuition behind choosing the function in 2.42 is the following. We
know that clipping the source sample injects a distortion at the encoder side. Therefore,
given an average power constraint, the larger the A, value, the smaller the distortion
introduced by clipping. Since the interference has a Gaussian distribution, we know that
realizations of the interference around the origin are more likely than those towards the
tails of the distribution. Note that the quantization noise variance of the quantization
scheme we use, corresponds to the power spent for concentrating the interference at
the transmitter. Therefore, Uniformly quantizing the interference S, is equivalent to
assigning the power budget uniformly across realizations of the interference, whereas,
assigning larger intervals around the origin distributes the power budget non-uniformly
among interference realizations, such that, more likely interference realizations are quan-
tized with larger quantization intervals; and hence, they require more power, but allow

smaller distortion due to clipping. The heuristic interference quantization scheme used
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here can be further improved by devising a numerical technique similar to the classical
Lloyd-Max algorithm [34]. We leave the optimization of the interference quantizer for

the ICO and 1DL schemes as a future work.

2.5 Necessary Condition for Optimality and NOE Design

As stated in the Introduction, the optimal zero or low-delay joint source-channel coding
scheme is an open problem in most communication scenarios, with few exceptions [3].
A common approach for these problems in the literature [17], [15] is to formulate the
optimal encoder mapping as an unconstrained optimization problem through the La-
grangian, then to apply calculus of variations techniques to obtain a necessary condition
for the optimal mapping, and finally numerically obtain an encoder mapping, typically
using an iterative steepest descent algorithm, that satisfies this necessary condition.
Due to lack of convexity, this solution does not guarantee global optimality, and the
final solution is highly sensitive to the initial mapping. Despite these drawbacks, with
carefully chosen initial mappings, and sufficiently high-grained quantization of the con-
tinuous source and channel alphabets, these NOEs achieve the best known performance

in most scenarios.

In this section, we will follow the same approach as in [17], [39]. We briefly include the
derivations for completeness, and then, we numerically obtain the encoder that satisfies
this condition. Numerical techniques have been previously used for joint source-channel
mappings in various scenarios in [15-17, 38]. By writing the Lagrangian cost function

for this system model we have

J(h,g) =E[(V = V)’] + X-E[1(V. 5)?]

—1- / / ( / (v, )+ w + ) furr (w)dw — )\h(v,s)2> Fo(0) fs(s)duds, (2.64)

where A is the Lagrangian multiplier, and h(V,.S) is the encoder mapping function. By

writing Euler-Lagrange equations [32, Section 7.5] we have

Vo (hg) = (m(s, 0= [ uihions) +w+ s)fw<w)dw) Fe(0)fs(s),  (265)
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where ¢(-) is the derivative of g(-). From calculus of variations [32], it is well-known
that for the optimal encoder mapping, (2.65) must be zero. This yields the necessary

condition for optimality as below

v

h(v,s) = oY

/g(h(v, $)+w+ s) fw(w)dw. (2.66)

The optimal decoder is the MMSE estimator, and the corresponding distortion is ob-

tained as below

D=1- /// vg(h(v,s) + s+ w)fs(s) fv (v) fw (w)dvdsdw. (2.67)

Remark 2.5.1. We note here that the uncoded transmission satisfies the necessary con-
dition in (2.66). Considering the transmitted signal as h(v,s) = av, where a = /P,
> and y is the

a
a?+o02+02

the MMSE estimation can be simplified to ¢g(y) = cy, where ¢ =
received signal. Substituting h(-), g(-) in (2.66) we have

Cc

cv
av—”\/fw(w)dw = )\_2a

(2.68)

Substituting A = o> in (2.65) makes the gradient VjJ(h,g) zero. The final resulting
distortion in this caseis D =1/ (1 + £ ) It is also noticed that for the ICA scheme,

52152

oitos

bs
c

since A = ¢ 4 7 is not a constant, that does not satisfy (2.66).

2.5.1 Numerically Optimized Encoder

Since the optimality condition for the encoder derived above does not have a closed
form expression, we use the iterative steepest decent algorithm to obtain the encoder

numerically. During the iterations the encoder is updated as below
hi+1<va S) = hi(”a S) - ,U'Vh(ha g)v (269)

where i is the iteration index, p is the step size, and Vj,(h, ¢g) is obtained as in (2.65). At
each iteration the initial cost (2.64) is decreasing. Iterations are performed until Vy,(h, g)
reaches a predefined threshold value. In order to calculate the integrals in (2.65) at each

iteration we use discretization. It is worth mentioning that, since discretization injects
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FIGURE 2.4: Encoder mapping h(v,s) for NOE (02 =4, 02 = 1).

some residual error into the algorithm, it is essential to increase the accuracy in order
to make the residual distortion (due to discretization) negligible compared to the final
achievable distortion. Hence, the simulation takes considerably longer time to converge

at high SNR values.

In our simulations we start from the low power constraints. The algorithm is initiated
with a vector whose elements are the different values assigned to each discretized pair
of (v, s). For the lowest power constraint, the initial values are chosen close to zero to
make sure that they satisfy the average power constraint. The final solution obtained for
a low power constraint is used as the initial guess for the higher power constraint, and
so on. It should be remarked, that there is no guarantee that this iterative optimization
scheme converges to the global optimal solution. We have also tried to initiate the
NOE from the encoder mappings obtained for ICO and 1-DL schemes, as well as their
non-uniform quantized counterparts; but in all cases we obtained the exact same final

encoder mapping.

In Figure 2.4, the encoder structure for numerically optimized encoder with P = 4 dB is
shown. The plot shows, in a colour-coded fashion, the channel input value (here in range

[—40,40]) corresponding to each discretized pair of source v and interference s values. To
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FIGURE 2.5: NOE mapping for different interference values (07 =4, o2 = 1).

S

elaborate the details of Figure 2.4, the encoder mapping for different values of the source
and the interference outputs are shown in Figures 2.5 and 2.6, respectively. From Figures
2.4-2.6, we observe that, ) the source is clipped similarly to the parameterized nonlinear
schemes considered in Section 2.4 (see Figure 2.5 and Figure 2.2 for comparison); i)
Depending on which interval the interference falls into, the transmitted signal resembles
a shifted version of a linear mapping (see Figure 2.6). This is similar to the transmission

of quantization noise in ICO and 1DL schemes.

2.6 Numerical results

We remark here that obtaining closed-form expressions for the optimal performance of
JSCC under strict delay constraints is extremely difficult if not impossible. Instead, in
this section, we provide numerical results comparing the performances of the proposed
transmission schemes. We will also include the Shannon theoretic lower bound (SLB)
obtained by evaluating the rate-distortion function of the Gaussian source at the capacity
of the underlying channel when the interference is completely removed. Not surprisingly

this lower bound is quite loose in general.
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FIGURE 2.6: NOE mapping for source outputs v = 0.9 and v = —1.1 (62 =4, 02 = 1).
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schemes for 02 =4, 02 = 1.
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FIGURE 2.10: A vs. channel power constraint for ICO and 1DL for different values

of A, (62 =25, 02 =1). Red dotted lines are associated with ICO and blue lines are

associated with 1DL. A for 1DL is always greater than that for ICO (for fixed value of
power constraint and A,)

In Figures 2.7 and 2.8, performances of the proposed transmission schemes are illustrated
and compared with SLB for different SNR levels. For ICO-NU and 1DL-NU we optimize
(2.22) and (2.26) over A and A, as well as a. As it can be seen in Figures 2.7 and
2.8, non-uniform quantization improves the performance of both the ICO and 1DL
schemes. 1DL-NU outperforms all the other schemes proposed in Section 2.4 in both
the low and high SNR regimes. We expect that SLB is loose in general (especially in the
high interference regime), and identifying a tighter lower bound will be instrumental in
characterizing the performance limits in this problem. We see that, as expected, NOE
outperforms all other encoding schemes, but this is at the expense of a much longer
computation time. We also observe that the proposed low-complexity parameterized

encoding schemes perform close to NOE, particularly in the high SNR regime.

We also observe that, 1DL outperforms ICO, even though the performances of the
two schemes have relatively similar behaviour. Also, in the low interference regime ICA
outperforms both ICO and ICO-NU. In Figure 2.9, the size of optimal A versus different
channel power constraints for ICO is shown for different values of A,. It can be seen

from the figure that by increasing either P or A,, size of A grows non-linearly. This
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FIGURE 2.11: Average MSE distortion vs. A, for the ICO for 02 =25, 02 =1 .

can be easily verified from (2.16), (2.19) and (2.20). Note that (2.20) tends to o2 as
A increases. On the other hand, in (2.19) it can be shown that as A increases, A,
increases too (for a fixed value of ¢%). For high values of A and A, (2.16) simplifies to
A=A, \/]Tag . This linear relation is also observed in the figure. In Figure 2.10 the
size of the quantization interval A for both ICO and 1DL is plotted against the power
constraint. As it is seen in this figure, for all power constraint values, 1DL uses a larger A
than ICO for quantization, which explains the improved performance of 1DL compared
to ICO (larger A means that the source is mapped into a larger interval, and hence, can
be reconstructed with a smaller average distortion). A similar observation applies also

to the ICO-NU and 1DL-NU schemes, and the latter outperforms the former.

In Figure 2.11 the average distortion versus A, is plotted for ICO, and for different
input power constraints. We observe from the figure that the average distortion is a
convex function of A,. For high power constraints, distortion is almost constant beyond
a certain value for A, (the bottom curve in Figure 2.11). As it can be seen, the higher
the input power constraint (since o2 = 1, increasing P is equivalent to increasing SNR)

the higher the optimal value for A,, which achieves the minimum average distortion.

In Figure 2.12 the average distortion with respect to normalized (% = %) is plotted
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FIGURE 2.12: Average MSE distortion vs. % for ICO and 1DL for P = 5 (dB),
o2=4,02=1.

for both ICO and 1DL. It is observed that the average distortion has a minima with
regard to the noise gap, d. It is seen from the figure that there is space to improve
the achievable average distortion by optimizing over d. Since optimizing the achievable
distortion over d, A,, A is demanding, we have obtained the noise gap effect d on the
final distortion only for P = 5 dB in Figure 2.12 (for the remainder of the simulations

we have assumed d = 0).



Chapter 3

Zero-Delay Source-Channel

Coding with a Low-Resolution

ADC Front End

3.1 Overview

Motivated by the practical constraints arising in sensor networks and Internet-of-Things
applications, the zero-delay transmission of a Gaussian measurement over a vector addi-
tive white Gaussian noise channel is studied with a low-resolution ADC front end. The
optimization of the encoder and the decoder is tackled under both the MSE distortion
and the DOP criteria, with an average power constraint on the channel input. Optimal
encoder and decoder mappings are identified for the case of a one-bit ADC front end
for both criteria. For the MSE distortion, the optimal encoder mapping is shown to be
non-linear in general, and it tends to a linear encoder, in the low SNR regime, and to an
antipodal digital encoder in the high SNR regime. This is in contrary to the optimality
of linear encoding at all SNR values in the presence of a full precision front end. For
the DOP criterion, it is shown that the optimal encoder mapping is piecewise constant,
and can take only two opposite values when it is non-zero. For both the MSE distortion
and the DOP criteria, necessary optimality conditions are derived for a K-level ADC

front end and for multiple one-bit ADC front ends. These conditions then are used to

45
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obtain numerically optimized solutions. Extensive numerical results are provided to gain

insights into the optimal encoding and decoding functions.

3.2 Introduction

Power consumed by ADCs grows exponentially with the number of bits, and linearly
with the sampling rate [59], [60]. This limits the resolution of the ADCs when the
available power is limited, for example for sensor nodes or mobile devices that operate
on limited battery power. As an extreme case, one-bit ADCs are of particular interest
due to their low hardware complexity, since they can be realized using a simple threshold

comparator, and without the need for automatic gain control [61], [62].

Motivated by these considerations the impact of a one-bit ADC front end on the perfor-
mance of a communication system has been studied in the literature for various models.
In [63], it is shown that antipodal signalling, or BPSK, is capacity achieving for a
real-valued AWGN channel with a one-bit ADC front end, whereas, for the complex
counterpart, QPSK is optimal. While, these results hold under the assumption that the
one-bit ADC is symmetric (that it, a zero-threshold comparator), in [64] it is shown that,
in the low SNR regime, a symmetric quantizer is not optimal, and the optimal perfor-
mance is achieved by flash signalling [65, Def. 2] together with an optimized asymmetric
quantizer. In [66], it is shown that, for a point-to-point Rayleigh fading channel with
a one-bit ADC front end, under the assumption of perfect CSI at the receiver, QPSK
is capacity achieving. When the CSI is not available at the receiver, it is shown in [67]
that, QPSK is optimal above an SNR threshold that depends on the coherence time of
the channel, while, for lower SNRs, on-off QPSK achieves the capacity. For the point-
to-point MIMO scenarios with a one-bit ADC front end at each receive antenna, the
capacity is unknown. In [68], it is shown that, with perfect CSI at the receiver, QPSK is
optimal at very low SNRs. In [69], upper and lower bounds on the capacity with perfect

receiver CSI are presented.

While the reviewed works focus on reliable transmission of digital information over long
blocks, in many applications, such as the Internet of Things, cyber-physical systems, and
wireless sensor networks, the low-delay transfer of analog measurements is crucial. Mo-

tivated by this observation, this work considers the zero-delay transmission of an analog
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Gaussian source over a vector AWGN channel followed by a low-resolution ADC front
end. With an infinite resolution front end and equal bandwidth of a Gaussian source and
an AWGN channel [3], it is well known that under an average power constraint and MSE
distortion measure, linear transmission and MMSE estimation are, respectively, the op-
timal encoder and decoder. Instead, the optimal encoder and decoder are unknown in

the finite resolution scenario studied here.

For the general case of bandwidth mismatch between the source and the channel, there
is no explicit method to obtain the optimal encoding and decoding functions, except for
the special case of the matched source-channel pairs [4], [3]. Various solutions have been
proposed for specific source-channel pairs. Notable examples are the space-filling curves,
originally proposed by Shannon [1] and Kotelnikov [9], and later extended in [10-14] for
the delay-limited transmission of a Gaussian source over an AWGN channel. In [10, 15]
and [16], design of an optimal encoder is studied based on PCCOVQ, where a discretized
version of the problem is tackled using tools developed for vector quantization. In [17],
the authors studied optimal vector transformations from the m-dimensional source space
to the k-dimensional channel under a given transmission power constraint and for the
MSE distortion criterion. Having obtained the necessary conditions of optimality for the
encoder and the decoder, [17] shows that, in point-to-point zero-delay transmission, i.e.,
each source sample transmitted over a single use of the channel, the optimal solution is

unique.

In this chapter, we study the optimization of encoding and decoding functions for the
transmission of a Gaussian source sample over the single use of a vector AWGN channel
with a low-resolution ADC front end. We tackle the optimization problem of the encoder
and the decoder under two different criteria; namely the MSE distortion, and the DOP
with an average power constraint on the channel input. We derive the optimal solutions
for the case of a one-bit ADC front end for both criteria. For the MSE distortion, we
show that the optimal encoder mapping tends to a linear encoder, which is optimal
with a full-precision front end, only in the low SNR regime. For the DOP criterion,
we derive the optimal encoder mapping, showing that it is piecewise constant and can
take only two opposite values when it is non-zero. For both the MSE distortion and the
DOP criteria, we study necessary optimality conditions for a K-level ADC front end and
for multiple one-bit ADC front ends. These conditions are used to obtain numerically

optimized solutions.
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FIGURE 3.1: System model for the transmission of a single Gaussian source sample
over a quantized vector AWGN channel with N ADC front ends.

The rest of the chapter is organized as follows. In Section 3.3, we introduce the system
model. In Section 3.4, we consider the design of the optimal transceiver under the MSE
distortion criterion when the receiver has a single observation of the source. In Section
3.5, we study the same design problem under the DOP criterion. In Section 3.6, we
study a more general case in which the receiver makes multiple one-bit observations
under both the MSE distortion and the DOP criteria. In Section 3.7, numerical results

are provided.

Notations: Throughout the chapter, R denotes the set of real numbers; uppercase and
lowercase letters denote random variables and realizations, respectively. We use bé-v to
denote the bit-wise representation of the number 2% — j. j =1,...,2" with length N.

E[-] and Pr(-) denote the expectation and probability operators, respectively. Let f () =

d " a2
L), ') = £4

denote the first and second order derivatives of the continuously
differentiable function f with respect to the argument. The standard normal distribution

is denoted by N(0,1), with distribution function ®(-), and the CCDF by Q(-), which is

given by

1 7 t2
Q(Z) = \/%/Q_th.

Unless stated otherwise, boundaries of the integrals are from —oo to co.
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3.3 System Model

We consider the system model in Figure 3.1, in which a single sample of a Gaussian
source V ~ N(0,02) is transmitted over a single use of a quantized vector AWGN
channel. The encoded signal is given as X = f(V'), where f : R — R is a mapping from
the source sample to the channel input, with average transmission power P = E[f(V)?].
The receiver makes N noisy measurements of the encoded signal, which are digitized by
means of a low-resolution ADC front end. Mathematically, each noisy received signal is
modelled as

where the noise W; ~ N (0, 0121,1_), i1 =1,..., N, is independent over index 7. Each received

signal Z; is quantized with a scalar K-level ADC producing quantized level
Y;=09(Z;),i=1,...,N. (3.2)

The scalar K-level ADC is characterized by fixed quantization intervals and correspond-

ing quantized level, namely
Q(z) =y, for z€ [z(j,l),z(j)) ,i=1,...,K, (3.3)

where z(;_1) and z(;) are the lower and upper bounds of the interval corresponding to
the quantized signal y;), respectively, for j = 1,..., K, and we have z) = —oc and
(k) = oo. Note that the ADCs employed to quantize different channel outputs all have

the same structure, that is, the quantization intervals and reconstruction levels.

For most of the chapter we will consider a symmetric one-bit ADC, with threshold

2(1) = 0 and reconstruction levels y;) =1 and y(9) = 0:

0 z2>0,
Q(z) = (3.4)
1 z2<0.
We define the SNR as
NP

(3.5)
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Based on the quantized signals (Y1, ...,Yy) = Y/, the decoder produces an estimate 1%

of V using the decoding function g : {y(),. .- ,y(K)}N SR, ie, V= g(YM).

Two performance criteria are considered, namely, the MSE distortion defined as

and the DOP defined as
¢(D) = Pr ((V —V2> D) . (3.7)

In both cases, we aim at studying the optimal encoder mapping function f, along with
the corresponding optimal estimator g at the decoder, such that, D and (D) are min-
imized subject to the average power constraint. More specifically, as it is common in

related works (see, e.g., [17]), we consider the unconstrained minimization

minimize L(f, g, \), (3.8)
7g

where

D+ AE[f(V)?] for the MSE criterion,
L(f,g,\) = (3.9)
e(D) + AE[f(V)?] for the DOP criterion,
with A > 0 being a Lagrange multiplier that defines the relative weight given to the

average transmission power E[f(V)?] as compared to the distortion criterion.

3.4 Single Observation: MSE Distortion

In this section, we study the design of the encoder and the decoder under the MSE cri-
terion by focusing on the case of a single observation (N = 1). For the one-bit ADC in
(3.4), we obtain the optimal encoder and decoder in Section 3.4.1. Furthermore, we con-
sider the conventional linear transmission and digital modulation schemes for reference
in Section 3.4.2 and Section 3.4.3, respectively. Finally, we consider the extensions to a
K-level front end, and obtain a necessary condition on the optimal mapping in Section
3.4.4. For brevity, throughout this section, we drop the subscript ¢ = 1 identifying the

observation index.
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3.4.1 Optimal Encoder and Decoder for a One-Bit Front End

To elaborate on the optimal encoder and decoder for the one-bit ADC in (3.4), without
loss of generality, we write the receiver mapping function as

f)(l) Y = O,

g(V)=V = (3.10)

e Y =1,
which is defined by the pair of parameters (9, 92y). In (3.10), since, for any encoder
mapping f, the MMSE estimator is optimal under the MSE criterion, and hence also for
problem (3.8), we have (1) = E[V|Y = 0] and 9(5) = E[V|[Y" = 1]. The next proposition

provides the optimal encoder mapping function.

Proposition 3.4.1. The optimal mapping f for problem (3.8) under the MSE criterion is

unique up to a sign, is an odd function of v, and is defined by the implicit equation

f()2

fw)e =t =

v

Proof: See Appendix B.

Tlustrations of the optimal mappings satisfying (3.11) will be given in Section 3.7. Here,
we observe that, by expanding the Taylor series of the exponential function in (3.11),
it can be easily verified that, in the low SNR regime, that is, as ag} — 00, the optimal

mapping satisfies the condition f(v) o v, that is, it approaches a linear mapping.

Furthermore, given that the optimal mapping function f(v) is odd, we can write

é [v® (le) Pr(Y =0|V =v)dv
Pr(Y = 0)

32 (2o )
e
0

and hence the average distortion can be simplified as

o) =E[V|Y =0] =

(3.12a)

D =02 —-E[VV] (3.13a)
1. S o
—ol -3 (v(l)E[V\V = 1)) + b E[V|V = v(g)}) (3.13b)
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= oy — 0, (3.13¢)

where (3.13a) is due to the orthogonality property of MMSE estimation; (3.13b) follows
from the fact that the optimal encoder is odd; and (3.13c¢) is due to the chain of equalities
E[V|V = 9] = E[V]Y = 0] = 91y = —0(2) = —E[V|V = d2).

3.4.2 Linear Transmission for One-Bit Front End

Here we consider the performance of linear transmission in the presence of a one-bit

ADC front end. The encoder mapping for linear transmission is given by

g

)= [ 2. (3.14)

As seen in Section 3.4.1, linear transmission is optimal in the low-SNR asymptotic. In the
following we elaborate on its performance for any given channel SNR ~. The MSE distor-
tion achieved by linear transmission, D;, can be found by substituting (3.14) in (3.13c).
Since the resulting expression is not in closed form, we derive analytical upper and lower
bounds that can be useful to obtain additional insights. Using the lower bound in [70] for

12 w(k— -1
the @ function, namely Q(z) > Be‘k'T, where g = %\/l(k —D(r(k—1)+2)

s

for any k > 1, the distortion of linear transmission can be lower bounded as

2
Dy > o? (1—i<1—1f£'7> ) (3.15)

On the other hand, using the inequality Q(z) < i(e’z + e 7) in [71] we have the

upper bound as

Using these bounds we observe that, in the asymptotic limit of low SNR, i.e., as v — 0,
we have the average distortion D; = o2, while, in the high SNR asymptotic, i.e., as
¥ — oo, we obtain D; = ¢2(1 — 2/n). Both distortions can be argued to be opti-
mal asymptotically. In fact, for zero SNR, the MMSE estimate even with an infinite-

resolution front end is given by V = 0, which yields D = o2. Instead, for infinite SNR,
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the best mapping is given by the optimal binary quantizer, which yields D = ¢2(1—2/7)
(see, e.g., [2, Section 10.1]).

3.4.3 Digital Transmission for One-bit Front End

Here we consider a conventional digital transmission scheme, which is based on quan-
tizing and mapping the source to a discrete constellation for transmission over the
channel. Accordingly, the source is quantized to one of the M levels, each charac-
terized by the interval [v;_1y,v()), | = 1,..., M, where v = 00, vy = —o0, and
vy > vg—y for all I = 1,.., M. Each interval [v;_;),v() is mapped to the corre-
sponding channel input X = z(;). We take the constellation of possible transmission
points to be {X = A2l —1— M),l = 1,..., M}, for some parameter A > 0, such
that, the average power constraint is satisfied. Note that, when M is even, this cor-
responds to the M-PAM modulation, while if M is odd, the constellation includes the
zero-power signal, i.e., x( Mgy = 0. The average transmission power can be written as

E[x? =3, x%l) - Pr(X =), where Pr(X = z)) = L ['© & (v/0,)dv.

Ov JU(1-1)

The average achievable distortion for M levels of symmetric digital transmission, i.e.,

V(1) = —v(nm—1), can be easily obtained as
v 2
M
_ 2 (20l —1— M)y v
Doy =o02—| = d(—)d 3.17
M = O, o ; Q < 5 / v - v , (3.17)

va-1)
where 52 = Zf\il(% —1- M)QPr(x(l)).

As a special case, when M = 2, setting the quantization threshold as v(;) = 0, we obtain
BPSK transmission. The resulting achievable distortion can be computed from (3.17)

as

Daz =02 (1- 2 1-20(/7?). (3.1)

We observe that, as for linear transmission, when v — 0o, we have Dy = 02(1 — 2/7),

and when v — 0, we have Dd,g = o2

o. Also, from (3.18), one can check that the
slope of the average distortion for BPSK transmission as v — 0 is —402/72, which

is smaller than the slope for linear transmission that can be obtained from (3.13c) as
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—202/m. This shows that in the low SNR regime linear transmission is preferable to

BPSK transmission.

As another example, for M = 3, we set the quantization thresholds as v(;) = —c and
v(2) = ¢, so that [—c, c] is the interval of source values for which the transmission symbol
is z(9) = 0. The MSE distortion can be computed by solving the following optimization

problem with line search:

Dg3=min o2 | 1— (3.19)

c>0 e 2Q (é)
3.4.4 K-Level Front End

In this section, we consider the system model in Figure 3.1 with a single observation,
ie., N =1, but with a K-level ADC front end as in (3.3). As in the case of single
one-bit observation, without loss of generality, we write the receiver mapping function

as

A

gY)=V=1

o), Y =y, (3.20)

for y = 1,..., K. In the next proposition, we obtain a necessary optimality condition
for the encoding and decoding functions f and g.

Proposition 3.4.2. The optimal encoder and decoder mappings f and g for the K-level

ADC front end in (3.3) satisfy the necessary conditions

)2 2

1 & _Cunto) o Gypoie)
V) = — e 20%, —e 204, @ . 2’U _ {} ) 7 321
) = 3 e ; o (2v =) (3.21)

and (3.20) with

oo (1) (@ (2522) 0 (22))

() = o (:7) (Q (z(j,g;f(v)) "0 (Z(j);wf(v))) o

Furthermore, the gradient of the Lagrangian function L(f, g, A) over f for g in (3.20) is

j=1,... K (3.22)

given as

K (g~ 1)’ _(Zu)*f;(”)f X R
Z 202, —e 200 U(4) (21) — U(j)) . (323)

=1

VI = 2\f(v W
TTOw
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Proof: See Appendix C.

We note that the gradient in (3.23), along with (3.22), will be used in Section 3.7 to

obtain numerically optimized encoders and decoders.

3.5 Single Observation: Distortion Outage Probability

In this section, we study the optimal encoder and decoder under the DOP criterion
defined in (3.7) for the case of a single observation (N = 1). We first study the case of
a one-bit front end in Section 3.5.1, and then we extend the results to a K-level front

end in Section 3.5.2.

3.5.1 Optimal Encoder and Decoder for a One-Bit Front End

With no loss of generality, the decoder is given as in (3.10) for some reconstruction points
(@(1), 6(2)). To proceed, we first focus on the optimization of the encoder mapping f for
a given decoder in (3.10). We then tackle the problem of minimizing the DOP over the

reconstruction points (9(y), 9(2))-

To elaborate, we define the intervals
I 2 {v: (v—10)* < D}, (3.24)

for 7 = 1,2, which are depicted in Figure 3.2. Each interval I;, corresponds to the set
of source values that are within the allowed distortion D of the reconstruction point
?(j)- The following claims hold: () For all source outputs v in the set (I3 U L)Y ={v:
minj—; o(v — ﬁ(j))z > D}, outage occurs (superscript C' denotes the complement set).
We refer to this event as source outage. (i) For all source values in the interval I; N Iy,
either of the reconstruction points yield a distortion no more than the target value D.
Therefore, regardless of which of the two reconstruction levels, 9(;) and @(2)), is selected
by the receiver, no outage occurs. From observations (i) and (i), it easily follows that,
for all source values v inside the intervals (I; U I3)¢ and (I3 N I5), the optimal mapping
is f(v) = 0, since, for both intervals, the occurrence of an outage event is independent

of the transmitted signal.
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L\ L\ I

FIGURE 3.2: Tllustration of the intervals Iy, I and (I;NI3) that characterize the optimal
encoder for the DOP criterion, for two different cases depending on the (9(1), ©(2))
values.

From the discussion above, we only need to specify the optimal mapping for the intervals
I1\I5 and I5\I;. This should be done by accounting not only for the source outage event
mentioned above, but also for the channel outage events. In particular, the distortion

outage probability ¢(D) can be written as

(D) =Pr (V € (I, UL)°)
+ Pr (V c (Il \Ig), V = @(2))

+ Pr (V € (12\11),‘7 :ﬁ(l)) s (325)

where the first term accounts for the source outage event, while the second and third
terms are the probabilities of outage due to channel transmission errors. For instance,
the second term is the probability that the decoder selects V= U2y while V' is in the
interval I; \ I2 (see Figure 3.2). The next proposition characterizes the optimal encoder
mapping.

Proposition 3.5.1. Given a target distortion D, and arbitrary reconstruction points 9(y)

and 9(g), the optimal mapping f for the problem (3.8) is given by

0 wve(LuL)u(l1nl),
f) =4 —u ve (hL\), (3.26)
U NS (11\12),
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where u is the unique solution of

ue ! (3.27)

- 2/ 2mo N

Proof: See Appendix D.

We note here that, for given A > 0, the optimal u is independent of the values of 9(y)
and ?(z). Examples of optimal encoders will be provided in Section 3.7. In the next

proposition, we turn to the optimization of the reconstruction levels (17(1), 17(2)).

Proposition 3.5.2. The optimal reconstruction points (@(1), 17(2)), are given by

iy = VD —a*, (3.28)

where a* is obtained from

a*= arg min 2Q (2\/§_G> +2 <Q <Uu> + /\u2>
a€[0,VD] ! b

where u is obtained by solving (3.27).

Proof: See Appendix E.

To summarize, the optimal encoder and decoder are obtained as follows. First, given
the Lagrange multiplier A > 0, the value of u is obtained by solving (3.27). Then
the decoder’s reconstruction points (%), 9()) are computed from (3.28)-(3.29). Finally,
Finally, the optimal encoder mapping is given by (3.26). The next remark elaborates on

the optimal encoder and decoder in two asymptotic SNR regimes.

Remark 3.5.1. If A is large, i.e., in the low-SNR regime, from (3.27) we have u ~ 0. Also
2

u

from (3.27) it can be verified that Au? = £ o

w
8o A

a*~ arg min Q (a) +Q (2\/?—a> , (3.30)
aclo,vD] b

~ 0. Hence, from (3.29) we obtain
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yielding 9(;) = 99y = 0, that is, [; = Iz and €(D) = 2Q (%ﬁ) On the other hand, for

small values of A, corresponding to the high-SNR regime, u becomes large. Also, from
2

u u?
(3.27) we have A = 1/ (2\/27r0wue2f’12u). Hence, we have \u? = u/ <2\/27mwe2012u) ~ 0,

and

(3.31)

Oy

a* ~ arg min 2Q (

2\/5a>
a € [0,/D]

which yields distinct intervals Iy and I with 91y = =09y = VD, and €(D) = 2Q (2‘/5)

Ov

3.5.2 K-Level Front End

Here we turn to the case of K-level front end under the DOP criterion. With no loss of
optimality, the decoder is given as in (3.20) for some reconstruction levels {9y, ..., 9(x)}
to be optimized. For a subset V C {17(1), . 17(K)}, let I, be the set of source outputs v
for which the quadratic distance between v and the reconstruction points in set V is less
than D, while the quadratic distance with respect to the reconstruction points in V¢ is

larger than D. This set is obtained as
= () 5L\ U L V=1..K, (3.32)
ﬁ(j)ev ﬁ(j)evo

where [; is defined as
I & {v:|v—10,|* < D}. (3.33)

We also define the set I corresponding to V =) as

C

L=l J |, (3.34)
V:|V|#0

that is, the set of values v € R that do not have a reconstruction value 9;) within a
distance v D. Note that the sets {IV : VC {@(1), o @(K)}}, is a partition of the whole

real line.

As for the single one-bit front end (3.25), the DOP depends on both source and channel

outage events. Note that the source outage occurs if V' € Ip, whereas the channel outage
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occurs when V' ¢ Iy, with no outage occurring when V' € I {6 }- In the following

..,ﬁ(K>
proposition, we present necessary optimality conditions for the encoder and decoder

mappings.

Proposition 3.5.3. For a K-level ADC front end, the optimal encoder and decoder map-

pings f and g satisfy the necessary conditions

f) = 5G(fv), (3.35)
where G(f,v) is defined as
G(f,v) £
0 vely: |V =0,K,
. ,(Zu'—l);f(”))z ,(Z<j>*2f<”))2
T > e ot —e ot vely: V[=1,...,K -1,
7t ’D(j)EV
(3.36)
and (3.20) with
t+vD
i(;) = arg max / & (U) (Q (Z(Jl)_f(v)> —Q (z(])—f(v)>> dv.  (3.37)
t o Ow Ow
t—VD

Furthermore, the gradient of the Lagrangian function L(f, g, \) over f for g in (3.20) is

given as

VL= 2\f(v) - %G( £,0). (3.38)

Proof: See Appendix F.

As for Proposition 3.4.2, in Section 3.7, we will use (3.37) and (3.38) to obtain numeri-

cally optimized encoders and decoders, that satisfy the necessary optimality conditions.

3.6 Multiple Observations

In this section, we study the more general case in which the receiver has N > 1 noisy

one-bit quantized observations, YV, of the transmitted source sample. For both the
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MSE distortion and the DOP criteria, without loss of generality, we write the receiver
mapping function as

g(YN) =V =i, if YN =0, (3.39)

where bé-v is the N-length binary representation of the number 2V — j for j = 1,...,2".
Note that there are 2%V reconstruction levels 0(;), each of them corresponding to a dif-

ferent configuration of the received signal YV € {0,1}"V. We will denote by bév (k) the

k-th element of the vector bj»v .

3.6.1 MSE Criterion

Recalling that the optimal decoding function under the MSE criterion is the MMSE
estimator, the optimal decoder satisfies 9;) = E[V|YN = ij] In the next proposition,
we provide necessary conditions for the optimal encoder and decoder mappings along

with an expression for the gradient of the Lagrangian in (3.9) over the encoder mapping
f.
Proposition 3.6.1. Given a front end with N one-bit ADCs, the optimal encoder and

decoder mappings f and g satisfy the necessary conditions

2N
F0) = 57 SO (N, f(v), ) iy (20— i) (3.40)
j=1
and (3.39) with

Jv® (;’7) 1@ <(1)bi(;)'+1f(v)> dv

7

N bV (i) +1 ?
Jo(2)11Q <<—1>f<>> v

(3.41)
Ow,;
where © (N, f(v), j) is defined as

F()?

N b (k) T 202, N b (D+1

A (—1)% We k (—1)% f(v)

O (N, f(v),j) = Q <> : (3.42)
1; V2nou, z—gék Tw
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Furthermore, the gradient of the Lagrangian function L(f, g, A) over f for g in (3.39) is
given as

2N

VL =2\f(v) = Y 950 (N, f(v),5) (2v = ;) - (3.43)

Jj=1

Proof: See Appendix G.

3.6.2 DOP Criterion

In this subsection, we consider the DOP criterion. The analysis follows the same steps
as in Section 3.5.2. In particular, we define the different intervals I,, where V is a subset
of {D(1),...,0~y} as in (3.32). Based on this definition, in the next proposition, we

derive necessary optimality conditions for the encoder and decoder mappings.

Proposition 3.6.2. Given a front end with N one-bit ADCs, the optimal encoder and

decoder mappings f and g satisfy the necessary conditions

1 -
flv) = ﬁG(f,v), (3.44)
where G(f,v) is defined as
G(fv) &
0 vely: |V =0,2",
_fw)?
Z % (_1)b]]€\7(i)e 2:7%,2- 11—\[[ Q ((—1)b]]y(l)+1f(’u)) ve IV . ‘V| _ 1, B -72]\] _ 1’
k: dpyev | i=1 Vanou, = -
(3.45)
and (3.39) with
t+v'D N b (i
_1\% (4)+1
i) = arg max / ) <;’) ITe (M dv, j=1,...,25.  (3.46)
v 1 wj

t—D =
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Furthermore, the gradient of the Lagrangian function L(f, g, A) over f for g in (3.39) is

given as

VL =2\f(v) — =G(f,v). (3.47)

1
2

Proof: See Appendix H.

Remark 3.6.1. From the optimal decoder in (3.46) and (3.41), it can be easily verified
that with equal noise variances for the N observations, i.e., O’%Ui =02 fori=1,..., N, the
reconstruction points 0(;y corresponding to those vectors b;-v that have the same number

of ones are equal. As a consequence, there are only N + 1 efficient reconstruction points

instead of 2&V.

3.7 Numerical Results

In this section, we provide some illustrations of the results derived above by means
of numerical examples. We consider the MSE distortion and the DOP in separate
subsections. Throughout this section, we set 02 = 02, = 1, so that the SNR in (3.5) is

w

proportional to the power constraint P.

3.7.1 MSE Criterion

We start by considering the MSE distortion in a single measurement system (N =
1) with a one-bit ADC front end (K = 2). Figure 3.3 shows the optimal mapping
functions obtained from Proposition 3.4.1 for different values of P. The value of the
Lagrange multiplier A in (3.11) is obtained by means of bisection so as to satisfy the
power constraint E[f(V)?] = P. We can observe from Figure 3.3 that, as discussed in
Section 3.4.1, for low SNR, the optimal mapping function tends to linear transmission,
while, for high SNR, the mapping mapping function tends to resemble a step function,

which corresponds to a digital transmission with M = 2.

To further elaborate on the case N =1 and K = 2, in Figure 3.4, the MSE distortion of
the optimal, linear and digital transmission schemes are plotted versus the SNR . For

clarity of illustration, we plot the complementary MSE distortion 1 — D, where we note
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F1GURE 3.3: Optimal encoder mappings for the MSE distortion criterion under differ-
ent power constraints P (dB) (02, = 02 = 1).

that D = 02 = 1 is achievable by setting V=0 irrespective of the received signal. The
figure confirms that, linear transmission approaches optimality at low SNR, whereas,
for high SNR, digital schemes outperform linear transmission. Also, it is seen that, for
digital transmission, increasing the number of constellation points generally improves
the performance, although, in the high SNR regime, binary transmission is sufficient to

achieve the optimal performance.

We now investigate other scenarios with a K-level ADC (N = 1, K > 2) studied in
Section 3.4.4, and multiple one-bit ADCs (N > 1, K = 2) studied in Section 3.6.1.
For these cases, for which Proposition 3.4.2 and Proposition 3.6.1 provide respective
necessary optimality conditions, we resort to a gradient-descent approach, as in, e.g.,

[17). The gradient-descent algorithm updates the current iterate f)(v) as
F (W) = fO(v) - uVL, (3.48)

where ¢ is the iteration index and p > 0 is the step size. VL is the derivative of the
Lagrangian (3.8) with respect to the mapping function f at f(), which can be found
in (3.23) and (3.43) for K-level ADC and multiple one-bit ADCs, respectively. The
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FIGURE 3.4: Complement of the MSE 1 — D (dB), versus the SNR ~ (dB) for the
optimal encoder obtained in Proposition 3.4.1 as well as for the linear and digital
schemes studied in Sections 3.4.1, 3.4.2 and 3.4.3 (02 = 02 = 1).

algorithm is initialized with an arbitrary mapping, here we use linear mapping specified
in (3.14). It is noted that the algorithm is not guaranteed to converge to a global optimal
solution. We refer to mappings obtained from (3.48) as numerically optimized encoder

(NOE) mappings.

In Figure 3.5, obtained NOE mappings are illustrated for a K=4 level and a K=8 level
ADC front end, respectively, under the MSE distortion criterion. The decision thresholds
for K=4 and K=8 are chosen as [c0, —d, 0, d, oo] and as [—o0, —3d, —2d, —d, 0, d, 2d, 3d, o],
respectively, where the parameter d is optimized by means of a line search. From the
results obtained in Figure 3.5, it is noticed that, in the low SNR regime, the NOE
mappings for both K = 4 and K = 8 approach linear transmission as discussed in
Section 3.4.1. Instead, as the SNR ~ increases, the NOE encoding functions resemble

piecewise-constant digital mappings.

We now compare two front-end architectures, both of which receive B output bits per
received sample. The first architecture uses all bits to quantize a single observation,
ie., N =1 and K = 28, while the second one receives B one-bit measurements, i.e.,

N = B, K = 2. In Figure 3.6, the achievable MSE distortion is shown for the two
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FIGURE 3.5: NOE mappings for different power constraints (dB) and under the MSE

distortion criterion (02, = 02 = 1): (a) K = 4; (b) K = 8. The curves are labelled by

the pair (P, d), where P is the average power constraint (dB) and d is the quantization
step size of the ADC front end.
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—Shannon Lower Bound

0 2 4 6
8

FIGURE 3.6: Complement of the MSE (1 — D) vs. SNR (v) (linear scale) for different
ADC architectures with B-bit outputs (02 = 1). Variance of the AWGN in all scenarios
and for all observations is one (o, = 1)

architectures for B =1, 2, 3, along with the Shannon lower bound [3, Equation 21] as
the optimal performance regarding N = 1 and K = oo. It is seen that, for the same
number of bits per sample, B, as the SNR ~ increases, the 28-level ADC architecture
outperforms the receiver with B one-bit ADCs, whereas, the opposite is true for low
SNR. This shows that, for high SNR, it is more beneficial to invest additional output
bits in improving the ADC resolution. In contrast, for low SNR, it is preferable to
increase the number of observations in order to improve the effective SNR by collecting

independent measurements of the transmitted signal.

3.7.2 DOP Criterion

Here, we turn to the optimal mapping and performance under the DOP criterion. We
start by considering the case of a one-bit ADC front end with a single observation,
ie, N =1, K = 2. The optimal mapping along with the corresponding optimal
reconstruction points (17(1), 6(2)) for three different values of the power constraint P are
shown in Figure 3.7, as obtained in Propositions 3.5.1 and 3.5.2. It is seen that, as the

SNR decreases, the optimal reconstruction points, (1) and 9(2), tend to zero, while, for



Chapter 3. Zero-Delay Source-Channel Coding with ADC Front Ends 67

high SNR, they tend to 01y = —0() = VD, as per Remark 3.5.1. This observation can
be explained as follows: for low SNR, the DOP is generally dominated by the probability
of channel outage, i.e., by the last two terms in (3.25), which are zero for ;) = 99y = 0.
In contrast, for high SNR, the optimal solution aims at minimizing the probability of

source outage events, i.e., the first term in (3.25), which requires (1) = —99) = VD.

Continuing the analysis of the N =1, K = 2 case, in Figure 3.8, the complement of the
DOP, 1 — ¢(D), is plotted with respect to the SNR for different values of D. As SNR
decreases, based on the discussion above and Remark 3.5.1, DOP tends to the first term
in (3.25) when 91y = 9(2) = 0, which can be computed as Q(vVD/o,). Furthermore, as
the SNR increases, DOP tends to the first term in (3.25) but with 61y = —9(9) = VD,
resulting in (D) = Q(2v/D/0o,), indicated by the dashed lines in Figure 3.8.

In order to derive NOE mapping functions under the DOP criterion for K > 2or N > 1,
we apply the following iterative gradient-descent based algorithm based on the results

obtained in Propositions 3.5.3 and 3.6.2:

L. Initialize the set of reconstruction points {9(;)}, j=1,... 28

2. Find the NOE mapping corresponding to the decoder (3.20) and (3.39) for K-level
ADC and multiple one-bit ADCs, respectively, with {0;)}, 7 =1,..., 2B selected
at step 1 using the gradient-descent algorithm (3.48), with VL defined as in (3.38)
for K > 2, and as in (3.47) for N > 1,

3. Find the optimal reconstruction points corresponding to the obtained NOE map-

ping using (3.37) for K > 2, and (3.46) for N > 1;

4. If convergence is not obtained, go back to step 2.

For low SNR, based on the results in Section 3.5.1 (see also Figure 3.7) the reconstruction
points are close to zero; and hence, we can initialize the algorithm with all-zero values
when A is very large. Therefore, we first set a large value for A\ and consider all-zero
vector as the initial mapping. Then, we consider successively smaller values of A, i.e.,
increase the SNR. We use the reconstruction points obtained for the previous value of

the Lagrange multiplier A to initialize the algorithm for the current value of .

In Figure 3.9, the complement of the DOP, 1 —¢(D), is shown for two architectures with
B = 2 output bits, namely one observation with 4-level ADC (N =1, K =4), and two
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F1GURE 3.7: Optimal encoder mappings for N = 1, K = 2 under the DOP criterion,
for different values of the SNR. (7). The dots are the reconstruction points (1) and 0z
(62 =02=1and D =0.3).
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FIGURE 3.8: Complement of the DOP (1—¢(D)) versus SNR (7) (linear scale). Dashed
lines represent the DOP in the high SNR regime for the corresponding distortion target
(02 =02 =1).
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F1GURE 3.9: Complement of the DOP 1—¢(D) versus SNR +y (linear scale) for different
ADC architectures with B-bit outputs (02 = 02 = 1).

observations with one-bit ADCs (N = 2, K = 2), as well as for the architecture with a
one-bit ADC (N =1, K = 2), for a target distortion of D = 0.09. In accordance with
the discussion above, all architectures have the same performance for low SNR, namely
e(D) = 2Q(v/D/o,) = 2Q(+/0.09). Furthermore, in a manner similar to the discussion
on Figure 3.6 for the MSE criterion, in the low SNR regime, it is beneficial to increase
the number of observations, whereas at high SNR, it is preferable to increase the ADC
resolution. In this regard, we note that, in the high SNR the optimal K = 4 levels are
selected to minimize the probability of source outage, that is, the probability Pr(V €
Iy), yielding the reconstruction points V = {—3vD, —vD,vD,3v/D} and a DOP of
2Q(4vVD/a,) = 2Q(1.2) = 0.2301. Instead, for N = 2 and K = 1, the three effective
reconstruction points (see Remark 3.6.1) at high SNR tend to V = {—2v/D,0,2vD}
and the minimum DOP is lower bounded by Q(3v/D/a,) = 2Q(.9) = 0.3681.



Chapter 4

Zero-Delay Source-Coding with a
One-Bit ADC Front End and Side

Information at the Receiver

4.1 Overview

Zero-delay transmission of a Gaussian source over an AWGN channel with a one-bit ADC
front end is considered in the presence of a correlated side information at the receiver.
The design of the optimal encoder and the decoder is studied for two performance
criteria, namely, the MSE distortion and the DOP, under an average power constraint on
the channel input. For both the MSE distortion and the DOP, conditions of optimality
for the encoder and the decoder are derived, and it is observed that the presence of
receiver side information has a significant impact on the structure of the optimal encoder
mapping. For the MSE distortion it is observed that the NOE is periodic, and its period
increases with the correlation between the source and the receiver side information. For
the DOP, it is observed that the NOE mappings are bounded and fluctuating between
positive and negative values. The fluctuation of the encoder mapping is damped and

approaches zero with the increasing magnitude of the source values.

70
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4.2 Introduction

A key component of the front end of any digital receiver is the ADC that is typi-
cally connected to each receiving antenna. The energy consumption of an ADC (in
Joules/sample) increases exponentially with its resolution (in bits/sample) [60]. This
leads to a growing concern regarding the energy consumption of digital receivers, either
due to the increasing number of receiving antennas, e.g., for massive MIMO transceivers
[72], or due to the limited availability of energy, e.g., in energy harvesting terminals
[73]. Energy-efficient operation of digital receivers may hence impose constraints on the

resolution of the ADCs that can be employed for each receiving antenna.

Motivated by communication among energy- and complexity-limited sensor nodes, we
study zero-delay transmission of analog sensor measurements to a receiving sensor equipped
with a 1-bit ADC front end. In keeping with the scenario of a network of sensors, we
further assume that the receiving sensor nodes has its own correlated measurement of
the transmitted source sample. Focusing on the MSE distortion and DOP criteria, our
goal is to gain insights into the structure and the performance of optimal encoder and

decoder functions when the source sample and the side information are jointly Gaussian.

This work contributes to a line of research that endeavors to understand the impact of
front end ADC limitations on the performance limits of communication systems. The
capacity analysis of a real discrete-time AWGN channel with a K-level ADC front end
is studied in [63], proving the sufficiency of K + 1 constellation points at the encoder.
Furthermore, it is shown in [63] that BPSK modulation achieves the capacity when
the receiver front end is limited to a 1-bit ADC. In [64], the authors show that, in the
low SNR regime, the symmetric threshold 1-bit ADC is suboptimal, while asymmetric
threshold quantizers and asymmetric signalling constellations are needed to obtain the
optimal performance. Generalization of the analysis from single-antenna AWGN chan-
nels to MIMO fading systems are put forth in [68], and, more recently, to massive MIMO
systems in [72] and [74]. In [75] some of the authors of this work considered the set-up
analysed here, but in the absence of correlated side information at the receiver. It is
noted that the zero-delay constraint prevents the application of the mentioned channel
capacity results to this set-up, and that, as it will be seen, the presence of correlated

side information at the receiver significantly modifies the optimal design problem.
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In this work, we derive necessary optimality conditions of an encoder mapping for two
performance criteria, namely, the MSE distortion and the DOP. For the MSE criterion,
we observe that, similarly to the case with an infinite resolution front end studied in
[17, 38, 43], the optimal encoder mapping is periodic. Furthermore, the period of this
function depends on the correlation coefficient between the source and the side infor-
mation, and is independent of the input power constraint, or equivalently the channel
SNR. Motivated by the structure of NOE mappings, we also propose two simple pa-
rameterized mappings, which, although being suboptimal, approach the performance of
NOE mappings in low and high SNR regimes. For the DOP criterion, we observe that
the NOE mappings are fluctuating between positive and negative values. Additionally,
the NOE mappings for the DOP are damped as the source magnitude increases, and
they become zero when the absolute value of the source output is greater than some

threshold value.

The rest of the chapter is organized as follows. In Section 4.3, the system model is
explained. Considering the MSE criterion in Section 4.4, we study the optimal design
of the encoder and the decoder in Section 4.4.1. In Sections 4.4.2 and 4.4.3, we propose
two parameterized encoding schemes. In Section 4.4.4, we consider the scenario in which
the side information is also available at the encoder. We obtain the optimal performance
for this scenario, which can be considered as a lower bound on the performance of the
original problem with decoder-only side information studied in this chapter. In Section
4.4.5, we study the asymptotic performance of the problem when the block length of the
transmission tends to infinity. Focusing on the DOP criterion in Section 4.5, we first
consider the optimal design of the encoder and decoder in Section 4.5.1. Next in Section
4.5.2, as for the MSE counterpart, we consider the case in which the side information is
also available at the encoder. We obtain the optimal performance for this scenario, which
accordingly can be considered as a lower bound for the performance of the decoder-only

side information problem. In Section 4.6, numerical results are provided.

Notations: Throughout the chapter, upper case and lowercase letters denote random
variables and realizations, respectively. The standard normal distribution is denoted by
N(0,1), and its pdf by ®(-). Operators E[-] and Pr(-) stand for the expectation and
probability, respectively. Q(-) denotes the CCDF of the standard normal distribution,
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FIGURE 4.1: System model for the zero-delay transmission of a Gaussian source over
an AWGN channel with a one-bit AD front end and correlated side information at the
receiver.

defined as

s 1 [ 2
Q(z) = \/ﬂz/e dz. (4.1)

The boundaries of integrals are from —oo to co unless otherwise stated. We denote the

pdf of a standard bivariate normal distribution with correlation r as

e* 72(1ir2) (v2+u2 72mu)

1
P (v,u) = —— , 4.2
(v, ) 2mv/1 — r2 (42)
and the conditional distribution for these variables as
1 _ (v—ru)2
S (v|u) = ——=¢ 207, (4.3)
2m(1 —1r?)

4.3 System Model

We consider the system model in Figure 4.1, in which a single source sample V ~
N(0,02) is transmitted over a single use of a channel characterized by AWGN followed
by a one-bit ADC front end. The receiver has access to side information U ~ N(0, 02),
which is correlated with the source V. The correlation matrix of the source and the side

information is given by
2
o TOyOy

A= Y . (4.4)

OOy JZ

Accordingly, the encoded signal is given as X = f(V), where f : R — R is a mapping

that is constrained to satisfy an average power constraint E[f(V)?] < P. At the receiver,
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the received noisy signal is modelled as
Z=fV)+W, (4.5)

where W ~ N(0,02) is independent of the source and side information. The noisy
signal Z is quantized with a one-bit ADC producing the received signal as
0 Z>0,

Y =0(2)= L 720 (4.6)

We define the signal-to-noise ratio (SNR) as v = U%. Based on Y and U, the decoder

produces an estimate V of V using a decoding function g : {0,1} xR — R, i.e., V3 (U) =
g(Y,U).

Two performance criteria are considered in this chapter, namely, the MSE distortion
defined as
D=E [(v - f/)ﬂ , (4.7)

and the DOP defined as
¢(D) = Pr ((v —V2> D) . (4.8)

In both cases, we aim at studying the optimal mapping function f, along with the
corresponding optimal estimator g at the receiver, such that, D and ¢(D) are minimized
subject to the average power constraint. More specifically, as it is common in related

works (see, e.g., [17]), we consider the unconstrained minimization

minfimize L(f,g,)N), (4.9)
9

where

D+ AE[f(V)?] for the MSE criterion,
L(f,9,7) = (4.10)
e(D) + AE[f(V)?] for the DOP criterion,
with A > 0 being a Lagrange multiplier that defines the relative weight given to the

average transmission power E[f(V)?] as compared to the distortion criterion.
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4.4 The MSE distortion criterion

In this section, we study the performance of the system model in Figure 4.1 under
the MSE distortion criterion. In the following, we first consider the optimal design of
the encoder and the decoder, and obtain a necessary condition for the optimality of
the encoder. For reference we also study two parameterized encoding schemes, namely
PLT and PBT. Then, as a lower bound, we consider the optimal design when the side
information is available at both the encoder and the decoder. We also consider the
Shannon lower bound as the optimal performance of the system in the asymptotically

long block length.

4.4.1 Optimal Encoder and Decoder Design

The design goal is to minimize the Lagrangian in (4.9) for the MSE distortion criterion.
Note that, for any encoding function, the optimal decoder is always the MMSE estimator;
therefore, we focus on the design of the encoder mapping f. With an MMSE estimator

at the receiver, the optimal reconstruction function for any encoder mapping is given by

by(u) = g(y,u) =E[V]Y =y, U = (4.11a)
[ v® (% %) Q ((—1)211f(v)> dv
BICDrIc=srn

(4.11D)

The following proposition provides a necessary condition for the optimal encoder map-
ping.
Proposition 4.4.1. The optimal encoder mapping f for problem (4.9) under the MSE

distortion criterion must satisfy the implicit equation

W Imowra A (W) 25 = 20A(v) — B(v), (4.12)

where A > 0 and is given. The functions A(v) and B(v) are defined as

v

) (g(0,u) — g(1,u)) du, (4.13a)

Oy
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e

and g(y,u), y = 0,1, is the optimal MMSE estimation defined in (4.11). Furthermore,

v

) (9(0,u)* = g(1,u)?) du, (4.13b)

Oy

the gradient of the Lagrangian function L(f, g, A) over f, for g given as in (4.11), is given
by

_fw)?
2(7121)

e

(2vA(v) — B(v)). (4.14)

Proof: See Appendix L.

Remark 4.4.1. To elaborate further on the necessary condition obtained in (4.12), we

consider two extreme values of the correlation coefficient r.

e independent side information(r = 0): When the correlation coefficient is zero, the

necessary condition (4.12) reduces to

F)?
2V2m o, A f(v)e 278 = 20 (9 — 1) — (0§ — 97) , (4.15)

where 0, for y = 1,0, can be obtained from (4.11) as

b, 2E[V|Y = y] = Jod (7) ¢ <(_1)i“lf(v)) dv. (4.16)

fq) (&) Q ((*1)2‘;1]0(”)) dv

In the absence of side information at the receiver, it is shown in [75] that the

optimal mapping is an odd function. Therefore, with no loss of optimality, it can
be easily verified that 09 = —0;. Hence, the condition in (4.15) can be further

simplified as
(4.17)

which is the result obtained in [75].

e Perfect side information (r = 1): In this case, we have ® (u/oylv/0oy) = Z40(u —
v), where §(-) is the Dirac delta function. Therefore, it can be easily verified

from (4.12) that the optimal mapping is f(v) = 0, as expected. Note that, the
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result is valid also for the negative correlation, i.e., » = —1. In this case we have

D (u/oyl|v/oy) = —Z26(u — v).

Ov

Remark 4.4.2. Due to the symmetry of the zero-threshold ADC at the receiver and the
noise distribution and motivated by the optimality of an odd function in the absence of
receiver side information [75], we conjecture that the optimal encoder in the presence
of correlated side information is also an odd function of v. While this argument is
strengthened by our numerical observations (see Section 4.6), we leave the proof of the
validity of this conjecture as an open problem for future work. Here, we show that an
odd function can indeed satisfy the necessary condition in (4.12). Assuming that the
optimal mapping is odd, i.e., f(—v) = —f(v), it is shown that A(v) and B(v) are even

and odd functions of v, respectively (see Appendix J). Therefore we can write

2\/%0’1”0'”/\]0(—1))6% = —20A(—v) — B(—v) (4.18a)
= —2vA(v) + B(v) (4.18Db)
= —2\/ﬂawa1t)\f(v)e%, (4.18¢)

concluding that an odd mapping can satisfy the necessary condition. Also, following
similar steps as in Appendix J, it can also be shown that for an odd encoder mapping

we have g(1, —u) = —g(0, u).

In Section 4.6, we will present NOE mappings obtained by using a gradient descent
approach. We observe that, due to the correlated receiver side information, the resulting
encoder mappings are periodic, with a period that depends on the correlation coefficient
r. Motivated by this observation, and results for the case with an infinite-resolution front
end in [17], we propose two simple parameterized encoder mappings. Their performance

will be compared with that of the NOE mapping in Section 4.6.

4.4.2 Periodic Linear Transmission

The first proposed encoder mapping is a periodic linear function with period 23, and

slope « within each period. The encoder function is defined as

fere(v) = a(-nlE*3] (ﬂ [ " 1J - ) | (4.19)
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3

—q 0 -3 0 ) 10
FIGURE 4.2: Illustration of the PLT encoder mapping for o =2, 5 = 2.5.

where |z ] is the largest integer less than or equal to z. In Figure 4.2, an illustration of

this mapping for o« = 2, g = 2.5 is shown. To satisfy the average power constraint we

E[f(V)?] = o? <az W (Q (W) 0 <ﬁjﬂ>>

have

8 i5)? 8 ip)?
280, ,(*W;B) ,(7“25)
- ile 20 —e 2% <P. (4.20)
V2 ; B

The parameters a and 3 are optimized under a given average power constraint P in

order to minimize the MSE distortion.

4.4.3 Periodic BPSK Transmission

The second proposed encoder mapping, unlike PLT, adopts digital modulation with two

levels, namely, v and —v, with a period of §. The mapping is defined as

feer(v) =~ (1 +20Q(v) - mod ({?J)) , (4.21)
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0.0 o= | ]

v
FiGURE 4.3: Illustration of the PBT encoder mapping for v = 0.2, § = 3.

where mod(-)g is the argument in modulo 2. In Figure 4.3, an illustration of this mapping
for v = 0.2, and § = 2.5 is shown. Due to the average power constraint, we set v = /P,

and parameter § is optimized to minimize the MSE.

4.4.4 Side Information Available at Both the Encoder and Decoder

In this section, we consider the scenario in which both the encoder and the decoder have
access to the side information U. In this case, without loss of optimality, the encoder
can encode the error

T=v-22uU, (4.22)

Oy
where the random variable o,rU/0,, is the MMSE estimate of V' given U, which can be
computed at both the encoder and the decoder. Since the random variable T, which is
distributed as N(0,02), with 0? = ¢2(1 — r?), is independent of the side information
U, the encoder can directly encode the error T’ via a mapping function f(t) of the error
T by neglecting the presence of the side information U at the receiver. Therefore, the

problem reduces to the one studied in [75].
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5,

o _5 0 5 10

FI1GURE 4.4: Tllustration of the optimal encoder mapping when there is no side infor-
mation at the receiver (Ut2 = Uf‘u = 1). The application of this mapping to the residual

error (4.22) is optimal if the side information U is also known at the encoder.

In [75, Proposition. I}, it is shown that the optimal zero-delay encoder mapping in the
absence of side information is obtained from the implicit equation
f)? t

ft)ezn = NZEm (4.23)

where A > 0 is chosen such that the power constraint is satisfied. Examples of the
optimal mapping are shown in Figure 4.4. It is observed that, in the high SNR regime,
the optimal mapping tends to digital 2-level antipodal signalling, whereas, in the low

SNR regime it tends to linear mapping.

In Section 4.6, we will use the resulting optimal performance in the presence of side
information at both the encoder and decoder as a lower bound on the performance of

the set-up under study in which the side information is available solely at the receiver.

Remark 4.4.3. In Section 4.6, it will be seen that the application of a gradient de-
scent based optimization procedure yields periodic NOE mappings, whose periods are
dependent on the correlation coefficient r. The periodic behaviour of the NOE map-
pings can be explained with reference to the optimal solution discussed above, for the

scenario in which U is also known at the encoder. In fact, in that case, a mapping
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f(v) = f(v— oyru/o,) is optimal, where f(-) is shown in Figure 4.4. Therefore, the
optimal mapping is centred on the MMSE estimate o,ru/0,. When the latter is not
available at the encoder, the NOE consists of periodic replicas of a basic mapping that
behaves in a manner similar to f Z) in Figure 4.4. As further discussed in Section 4.6, the
period increases as the variance of the MMSE estimate of V given U, namely o2(1 —1r?),

decreases.

4.4.5 Shannon Lower Bound

A lower bound on the MSE distortion can be obtained by relaxing the zero-delay con-
straint, and using the Shannon source-channel separation theorem. In [63], it is shown

that the capacity of the AWGN channel with a 1-bit ADC in (4.6) is given by

C=1-1(Q(VSNR)). (4.24)

A

where h(-) is the binary entropy function defined as h(p) = —plogy p—(1—p) log, (1 — p).
Furthermore, the rate-distortion function of a Gaussian source with correlated Gaussian

side information at the receiver is given by the Wyner-Ziv rate-distortion function [31]

+

L o] (4.25)

2 [log? D

where [z]t = max(0,z). Combining (4.24) and (4.25) a lower bound on the MSE

R(D) =

distortion D is obtained as

Diower = (1 — 12)02272(1-HQ(VSNR))), (4.26)

4.5 The DOP Criterion

In this section, we consider the performance of the system in Figure 4.1 in terms of the
DOP. In the following, we first study the necessary optimality conditions of the encoder
and the decoder when the side information is solely available at the decoder. Next, as
a lower bound, we study the DOP when the side information is available at both the

encoder and the decoder.
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4.5.1 Optimal Encoder and Decoder Design

In this section, we derive the necessary conditions for an optimal encoder and decoder
pair by considering the Lagrangian function in (4.10) under the DOP criterion. In the
following, we first obtain the necessary optimality condition of an encoder mapping
function f for a given decoder g. Then, we obtain the optimal decoder g for a given

encoder mapping f.

e Optimal encoder: Here we consider the optimal design of the encoder mapping f.

To elaborate, for a given side information realization u, we define the intervals

I(u) = {v:(v—g(y,u)? <D}, y=0,1, (4.27)

where ¢(-,-) is the decoder reconstruction function, which is assumed to be fixed
and given. Note that, for a given side information realization u, the decoder out-
put is two separate points (depending on the output of the one-bit ADC). There-
fore, for different side information realizations u, we have different reconstruction
points, i.e., g(0,%) and g(1,u), and accordingly, different intervals Ip(u) and Iy (u)

corresponding to ¢g(0,u) and g(1,u), respectively.

Given u, each interval Ip(u) and I(u) in (4.27), corresponds to the set of source
values that are within the allowed distortion target D of the reconstruction points
g(0,u) and g(1,u), respectively. Hence, the following claims hold: (i) For all
source outputs v in the set (Io(u) U I1(u))® = {v : ming—o1(v — g(y,u))? > D},
outage occurs (superscript C' denotes the complement set). We refer to this event
as source outage. (ii) For all source values in the interval Io(u) N Ij(u), either
of the reconstruction points yield a distortion no more than the target value D.
Therefore, regardless of which output (go(u), g1(u)) is selected by the receiver, no

outage occurs.

With these observations in mind, the next proposition characterizes the optimal

encoder mapping for a given decoder g.

Proposition 4.5.1. Given a target distortion D, and a decoder with reconstruction

function g(Y,U), the optimal mapping f(-) for the problem (4.10) under the DOP
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criterion satisfies

_fw)?
e 20'120

fv) = Wors

(PI‘ (U € SO\l(U)) — Pr (U (S Sl\O(U>)) . (428)
where Sp\;(v) and Sy\o(v) are defined as

Sovi(v) 2 {u: boy(u) > v and by (u) < v},

Sio(v) 2 {u: by(u) > v and by (u) < v}, (4.29)

and by, (u), by;(w), bor(u) and b (u) are defined as below

bon () 2 9(0,u) + VD 9(0,u) > g(1,u), (4.300)
min {g(1,u) = VD, g(0,u) + VD} (0,u) < g(1,u),

bor(u) 2 { max {g(l,U) +VD,g(0,u) - \@} 9(0,u) > g(1,u), (4.30)
g(O,u)—\/ﬁ g(O,u) <g(1,u),

by (u) 2 { min {Q(LU) + \/E,g(O,U) - \/5} g(O,U) > g(l,u), (4.30(:)
g(l,u)—i—\/ﬁ g(O,U) <g(1,u),

bll(u) A g(l,u)—\/ﬁ g(ovu) Zg(l,u), (430(1)

max {g(l,u) — VD, g(0,u) + \/5} 9(0,u) < g(1,u).

Furthermore, the gradient of the Lagrangian function L(f, g, \) over f, for a given

g, is found as

_fw)?
e 20%,

V21

VL = 2>\f(’l}) — (PI‘ (U € SO\I(U)) — Pr (U S Sl\o(’l}))) . (431)

Proof: See Appendix K.

e Optimal decoder: Assuming that the encoder mapping f is given, we aim to min-
imize the Lagrangian function in (4.10) for the DOP criterion over the decoding
function g. The next proposition characterizes the optimal decoder mapping for a

given encoder f.
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Proposition 4.5.2. Given a target distortion D and an encoder mapping f, the optimal

decoder g(-,-) for the problem (4.10) under the DOP criterion is obtained as

S ()
g(y,u) € arg max / o (0_ 0) Q <0> dv. (4.32)
~ ’D_ D v u w

Proof: See Appendix L.

Remark 4.5.1. In the following, as for the MSE distortion criterion, we consider two

asymptotic values for the correlation between the source and the side information.

e Independent side information(r = 0): We note that when r = 0, the decoder out-
puts are two separate points, namely g(0,u) = 99 and g(1,u) = 91, depending only
on the one-bit ADC output. Therefore, it can be verified from (4.30) that by, (u),
byi(u), bor(u) and by;(u) are also independent of w. With no loss of generality,

assuming 0y > 01, we have!

by = 01 — VD,
by, = min{f}l + \/5, U9 — \/5},
by = max{@l + \/B, g — \/E},

bor = g + \/E (4.33)
Hence, from (4.29) it can be verified that

R bOl S v S b07‘7
SO\I(U) = (434&)

() otherwise,
R by <v < by,

1) otherwise.

Substituting in (4.28), we obtain

1 by < v < b,

f(0)?
A2 f(v)e 2 =< —1 by <v < by, (4.35)

0 otherwise,

'Due to the independence of the intervals from u, we drop the argument u
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which is the result obtained for the optimal mapping when there is no side infor-

mation at the receiver [75].

e Perfect side information (r = 1): When the receiver has access to a perfect side

information, i.e., r = 1, from (4.32), the optimal decoder is obtained as follows

w) € arg max Nﬁ& v 2 D) 4, 4.36a
9(y,u) € arg / ( )Q( ) (4.36a)

Oy Ow

( 1)y+1f crvu 94+vD

= arg max @ / 0 <v )dv (4.36b)
v 8—vD
- {@ b€ (‘7““ - Yy @)} (4.36¢)
Oy
we can choose the decoder to be g(Y,U) = ¢g(U) = % Therefore, we have
bor (1) = Z2u + VD, (4.37a)
Oy
bor(w) = Z2u+ VD, (4.37b)
Ou
bir(u) = Z2u — /D, (4.37c)
Oy
bu(u) = 22w — V/D. (4.37d)
u
It can be easily verified that
Pr(u € Sp1(v)) =Pr(u e Sl\o(v)) = 0. (4.38)
Hence, from (4.28), we get
fw) =0,

This result is quite intuitive: when r = 1 the source can be recovered directly
from the side information by linear scaling, and hence, no transmission is needed.
Note that, as for the MSE distortion criterion, when the correlation is negative,

i.e., r = —1, it can be easily checked that the decoder is g(Y,U) = g(U) = — 22U,

Oy

Remark 4.5.2. In the low SNR regime, from (4.32), we have g(y,u) ~ %u, y =0,1.

Therefore, in the low SNR regime, the DOP at the receiver can be approximated as (see
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Appendix M)

(4.39)

e(D)zZQ( vD )

opV1 — 12
4.5.2 Side Information Available at Both the Encoder and the Decoder

Now, we consider the case in which the side information U is also available to the
encoder. Based on the available side information, both the encoder and the decoder can

reconstruct the source under the DOP criterion as o,ru/o,. We have

arg min Pr(|V — 02 > D|U = u) (4.40)
+vD
v u
= arg max / o ( ) dv (4.41)
) Oyl Oy
o—vD
= D, (4.42)
Oy

At the transmitter, similarly to the MSE distortion criterion, the encoder uses the op-

timal mapping for the scenario without side information to transmit the error signal

roy

T=Vv-22U (4.43)

Oy

In [75], it is shown that the optimal encoder mapping has the following structure

0 te(loulh)uU(lynl),
ft)=9 -1 te(L\), (4.44)
T te (IO\Il)7

where for A > 0, the value of 7 is the unique solution of

2

T 1
Tewh = ————.
2/ 27O A

(4.45)
The intervals Iy and I; are defined as

I, ={t:(t—1,)* <D}, (4.46)
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where fy, y = 0, 1, are the optimal reconstruction points given by

to = VD — a*, (4.47a)

t) = —y, (4.47b)

where a* is obtained from

oo ey () e ) (00)o(0))
(4.48)

Note that A > 0 is chosen so that for a given pair of reconstruction points (fl, fg) the
power constraint is satisfied.

In the following proposition we obtain the optimal decoder for this scenario.
Proposition 4.5.3. Given a target distortion D, and an encoder mapping f in (4.44), the

optimal decoder g(+,-) for the problem (4.10) under the DOP criterion is obtained as

g(y,u) = Z&u + 1y, y=0,1, (4.49)
u

where ¢, is the optimal reconstruction points corresponding to the source of variance

(1 —72)02 defined as in (4.47). The DOP is obtained as

2\/5 —a
e(D) =2Q <m>

v (1) (o) o (3251).

+2

. . . E _ 1
where t is the solution of the equation te T

Proof: See Appendix N.

In Section 4.6, we will use the resulting DOP in the presence of side information at both
encoder and decoder as a lower bound on the performance of the original decoder-only

side information set-up under study.
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FIGURE 4.5: MSE encoder mappings f(v) with different average power values and
r = 0.85, (0, = 0y = 1). Increasing the power constraint P has no impact on the
period of the NOE mapping.

4.6 Numerical Results

In this section, we present numerical results with the aim of assessing the performance
of the encoder/ decoder pairs proposed in the previous sections. In order to derive the
NOE mappings we apply a gradient descent-based algorithm. The algorithm performs
a gradient descent search in the opposite direction of the derivative of the Lagrangian

(4.10) with respect to the encoder mapping f(-). The update is done as
fir1(v) = fi(v) = uVyL, (4.50)

where i is the iteration index, V(L is defined in (4.14) and (4.31) for the MSE distortion
and DOP criterion, respectively. © > 0 is the step size. The algorithm is initialized
with an arbitrary mapping, e.g., linear mapping. It is noted that the algorithm is not
guaranteed to converge to a global optimal solution. We also remark that different power
constraints are imposed by means of a linear search over the Lagrange multiplier A. In
the following, we first discuss the numerical results for the MSE distortion criterion,

followed by the numerical results for the DOP criterion.
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F1GURE 4.6: NOE mappings that satisfy the necessary optimality condition for different
correlation coefficients r and an average power constraint of P =5 (02 = 02 = 1).

In Figure 4.5, NOE mappings for the MSE distortion criterion are plotted for different
average power constraints, for a correlation coefficient of » = 0.85. We note the periodic
structure of the mapping, which is due to the available side information at the receiver
as discussed in Remark 4.4.3. In contrast, the optimal mapping obtained in [75] when
r = 0 is a monotonically increasing function (see Figure 4.4). We also observe that the
average power constraint does not affect the period of the mapping. In Figure 4.6, NOE
mappings for an average power of P = 5 are plotted for different correlation coefficients.
We see that the period of the mapping indeed depends on r: the higher the correlation

coefficient 7 the smaller the period of the mapping.

In Figure 4.7, we plot the complementary MSE distortion (1 — D) versus SNR for NOE,
as well as for the PLT and PBT schemes, for the correlation coefficient of » = 0.6. The
SLB and the MSE distortion achieved when both the encoder and the decoder have
access to the side information U, which is referred to as the encoder side information
lower bound (ESLB), are also included for comparison. We observe that the performance
of PBT is close to that of NOE at high SNR values. On the other hand, for low SNRs,
PLT outperforms PBT and approaches the NOE performance. The results are aligned
with the shapes of the NOE mappings illustrated in Figure 4.5. We observe that the
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0.8

SNR

FIGURE 4.7: Complementary MSE distortion vs. SNR for 7 = 0.6 (02 = 02 = 1).

w

NOE resembles PLT whereas it approaches the shape of PBT as SNR increases (see
Section 4.4.4).

In Figure 4.8, the complementary MSE distortion (1— D) is plotted versus the correlation
coefficient r for a fixed average power constraint of P = 5. We observe that, for this
SNR. value, PBT performs very close to NOE for a wide range of r values. However,
as r approaches 1, PLT outperforms PBT, and approaches the performance of NOE.
This can be explained based on the observation in Figure 4.5 that, as average power

constraint decreases, the NOE mappings resembles the PLT mapping.

We observe from the comparison of the SLB and ESLB bounds in both Figure 4.7 and
Figure 4.8, that the zero-delay constraint entails a significant loss with respect to the
case in which block processing is allowed. Also observed from Figure 4.8 is that the
ESLB is tight only for low and high correlation regime, and in general there is a loss in
the MSE distortion by not having the side information at the encoder. We note that
this is not the case for the SLB, and the same MSE distortion performance is achieved
when the side information is available, or not, at the encoder. This is because of the no

rate-loss property of the Gaussian source in Wyner-Ziv compression [31].
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F1GURE 4.8: Complementary MSE distortion versus correlation coefficient » under the
average power constraint P =5 (02 = g2 = 1).

Considering the DOP criterion, in Figure 4.9, NOE mappings for different power con-
straints and for three different correlation coefficients are shown. For the lower correla-
tion coefficient » = 0.1 (the NOE mappings on the top of Figure 4.9) the NOE mappings
resemble the optimal mappings in the absence of receiver side information obtained in
[75]. As the correlation between the source and the side information increases, the do-
main of the mapping on which it is non-zero expands. This can be explained as follows.
With a higher correlation coefficient r, receiver’s information on the range of the source
output becomes more accurate. This allows the encoder to allocate its power budget over
a larger set of source output values, as the distortion target can be reached for a larger
set of source values. It is also observed that unlike the encoder mappings for the MSE
distortion criterion, here, NOE mappings become almost zero when the absolute value
of the source output is greater than some positive value. We give an example to explain
this behaviour. Assume a source with unit variance o2 = 1, that outputs v = 10. Also
assume that the distortion target at the receiver is D = 0.09. Based on the side informa-
tion (we assume unit variance o2 = 1 with correlation coefficient » = 0.5) at the receiver,
we can estimate the source to be V = rU. Roughly speaking, to be able to utilize the

side information at the receiver we need to have |v —rU|?> < D, i.e., |10 — 0.5U|? < 0.09.
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FIGURE 4.9: DOP encoder mappings f(v) for different correlation coefficients (r =
0.1, 0.6, 0.8), (62 = 02 = 1). The power constraint P of the mappings increases in the
direction of the arrow.

This results in Pr(19.4 < u < 20.6) ~ 0. Although joint decoding based on the channel
output and the side information can improve this probability, it would be far less than
what is needed to increase the probability to a reasonable value. Therefore, the optimal

mapping does not allocate much power to very large source outputs.

In Figure 4.10, we plot the complementary DOP, 1—e(D), versus SNR for NOE mappings
and for correlation coefficients r = 0, 0.6, 0.8. In addition to that, the DOP when both
the encoder and the decoder have access to the side information U, which is referred to
as encoder side information lower bound (ESLB), is also included for comparison. We

observe that in the low SNR regime the DOP is close to the ESLB. This is because in
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FIGURE 4.10: Complementary DOP vs. SNR for r = 0, 0.6, 0.8 (62 =02 =1).

w

the low SNR regime the channel output is not reliable and the decoding is done almost
based on the side information. We also observe that the DOP saturated as the SNR
increases. In the high SNR regime there is practically no channel outage and the overall

DOP is dominated by the source outage probability, which is independent of the SNR.



Chapter 5

Conclusions and Future Work

In this thesis, we addressed the communication limits under the zero-delay constraint.
We focused on the point-to-point transmission with the MSE distortion and the DOP
criteria under the average power constraint on the channel input. In the following, we
conclude the results of the previous chapters respectively and discuss about the future

possible directions as continuation of this research.

In chapter two, we have studied the problem of zero-delay transmission of a Gaussian
source over an AWGN channel in the presence of known interference at the transmitter.
Due to the zero-delay constraint and the memoryless nature of the source samples and
the interference signals over time, causal and non-causal availability of the interference
information are equivalent in this setting. We have proposed one linear and five non-
linear zero-delay JSCC schemes. The linear scheme is based on interference cancellation,
whereas the non-linear schemes shape the interference and convert it into structured

interference, and use companding for the transmission of the source samples.

We have shown that the proposed non-linear coding schemes can achieve zero-distortion
in the limit of zero noise, whereas this is not possible through the linear ICA scheme
when the interference is strong. We have also introduced the novel idea of non-uniform
interference quantization for this problem, and have shown that the corresponding 1DL-
NU scheme achieves the best performance among the proposed parametric transmission

techniques.

We have also studied the necessary condition for optimality, and obtained a NOE using
this optimality condition. While NOE outperforms other proposed encoders, it has a
94
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significantly higher computational complexity compared to the parameterized schemes.
Based on the numerical results it is shown that 1DL-NU performs closer (among the
proposed parameterized schemes) to NOE. We have also observed that the structure
of the encoder mapping of the proposed parameterized transmission schemes, resemble
that of the encoder mapping obtained numerically in the NOE scheme. Based on our
numerical performance results and the latter observation, we argue that the proposed
low-complexity parameterized transmission schemes can be instrumental in practical

systems to achieve reasonably good performance with limited computational resources.

In chapter three, we considered the zero-delay transmission of a single sample of a
Gaussian source over a quantized vector AWGN channel. We first studied a system
with a one-bit ADC front end at the receiver for two performance criteria, namely
the MSE distortion, and the DOP. For the MSE distortion, we have shown that the
optimal encoder mapping is odd, and that, in the low SNR regime, linear transmission
approaches the optimal performance, whereas digital transmission becomes optimal in
the high SNR regime. For the DOP criterion, we have obtained the optimal structure
of the encoder and the decoder, demonstrating that the optimal encoder function is
symmetric and piecewise constant. For both the MSE distortion and the DOP, we
also derived necessary optimality conditions of the encoder and decoder mappings for a

K-level ADC front end and for multiple one-bit ADC observations.

Among open problems that are left for future research, we mention here the joint op-
timization of encoding and decoding functions as well as of the quantizers, possibly
dithered, used by the ADC front ends. Another interesting problem relates to the im-
plementation of zero-delay joint source-channel coding over fading channels with finite-

resolution ADSs.

In chapter four, we have studied the problem of zero-delay transmission of a Gaussian
source over an AWGN channel followed by a 1-bit ADC front end, in the presence of cor-
related side information at the receiver. We studied the problem with two performance
criteria, namely, the MSE distortion and the DOP under an average power constraint on
the channel input. For both the MSE distortion and the DOP, we derived a necessary
condition for the optimality of an encoder and a decoder function, and then, based on
this condition, and using gradient descent algorithm, we obtained a numerically opti-

mized encoder mappings. For the MSE distortion we observed that encoder mapping is
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periodic, with a period that depends on the correlation coefficient of the side informa-
tion. This motivated us to propose two new periodic parameterized encoding schemes,
referred to as PLT and PBT. We have shown through numerical simulations that, PLT
and PBT perform close to the NOE in the low and high SNR regimes, respectively. For
the DOP we observed that the numerically optimized encoder mapping is fluctuating
between positive and negative values, and that the encoder mapping for the DOP is
bounded, that is, the mapping is damped until it gets zero as we get further from the
origin. For both the MSE distortion and the DOP, we considered the scenario where the
encoder also has access to the side information. We obtained the optimal performance
for this scenario, which is used as a lower bound for the case where there is no side at

the transmitter.



Appendix A

Preliminaries: Calculus of

Variations

In the proofs of the propositions reported above, we leverage the standard method
in variational calculus to obtain necessary optimality conditions [32, Section 7]. The
following lemma presents the key result that will be used throughout the following
appendices. For the sake of brevity, we drop the arguments of functions and functionals
where no confusion can arise. We also use the notation F/ to denote the partial derivative

of a functional F' with respect to a function f.

Lemma A.0.1. Let G;, i = 1,...,n, be continuous functionals of (f, f/, u) and have

continuous partial derivatives with respect to (f, f/). Also, let F' be a continuous

functional of (f, f/, T1,...,Tn,u), where r; is a functional of G; given as
to
ri:/Gi(f(t),f'(t),t)dt, i=1,...,n. (A1)
t1
Let F has continuous partial derivatives with respect to (f, f/, T1,...,7n). Consider the

following minimization problem

minifmize L(f) & /F(f(t), f@),re, ... ry, t)dt. (A.2)

97
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Define the functional derivative VL as

VL EFS (fu). £ ()orr. o) = P (F). f ) rann)
+2 (G{ (FC), 7 w)ow) — G (7). 1 (u),u>)
=1

~/F”(f(t), F @), 71, .., t)dt, (A.3)

where Ff Ff  Fri are derivatives of the functional F with respect to f, f’,ri, respec-
tively. Similarly, sz ,Glf are derivatives of the functional G; with respect to f, f/,
respectively. A necessary condition for a function f to be a solution of the problem

(A.2) is

VL =0, Yu € [tl,tg]. (A4)

Proof: Following the conventional approach in the calculus of variations, we perturb the
function f(¢) by an arbitrary function 7(t), which vanishes on the boundary points t;

and t5 [32]. Let 6;L = W be the Gateaux derivative of the functional L with

a=0

respect to the parameter . We have

to
d / /
5fL:d/F(f—|—om,f +amn,rf, ... o t)dt , (A.5)
atl a=0
where 7" is defined as
to
r?:/Gi(f+an,fl+a77,,u)du, i=1,...,n. (A.6)

t1
Therefore, the Gateaux derivative 7L can be written as

to

6fL—/[an<f,f’,n,...,rn,t>+n’Ff (fof i)t
t1
to

nda
[

i i=1

- F"i(f, f Tly.e.,Tn,t)dt (A7)

a=0

_/77|:Ff(f7fl7r17°"774n7 ) iFf (f?f ’f'l,...,?"n,t):| dt

t1
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CET(f f ey e t)dE, (ALS)

a=0

FFL (o f s ()

dr®
[y

tr f =1

=0

where (A.8) is due to integration by parts, and the fact that n(t) vanishes at ¢; and to

by construction. We compute

to
drf’ _i ) ’ ’
o~ _Oda/Gl(f+om’f +an ,u)du 0 (A.9)
a= t a=
to
= [t s ] 1.5 ) au (A.10)
t1
to d , , to
= / " {GZ (.1 u) = -GL(7, f',U)] du+ Gl (f.f  wn(u) (A1)
th t1
to ,
_/n {G{(f,f’,u)—;;G{ (f,f’,u)] du, i=1,...,n. (A.12)
t1
By plugging (A.12) into (A.8) we finally have
to
_ fre o d o p ¢
0rL = /n(u) [F (f, f,r1, o rn,u) — %F (f, f ,rl,...,rn,u)] du
t1
n t2
+ [/F”(f,f’,rl,...,rn,t)dt
=1 |7
to p
: / n(u) (G{ (£ u) = 5-GI (£, f’,u>) du] (A.13)
t1
to d
:/77(“) Ff(f,f/,rl,...,rn,u)—%Ff <f7f/arl7"'>rnau)
t1
= / d ¢, .
=1 .
-/F”(f,f’,rl,...,rn,t)dt) ]du. (A.14)
t1

Since n(u) is an arbitrary function and the term multiplying n(u) is continuous, it must

be zero everywhere on the interval [t1,t2]. Thus, the optimal solution must satisfy the
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following equality

T R R T )

Z ( (Gf (5. f ) - @G{ (f,f’,u>)

to

./pﬁ(f,f’,m,...,rn,wdt) =0, Yu€ [t ta], (A-15)

t1
which yields (A.4). [

Remark A.0.1. When the functional F is independent of r;, i = 1, ..., n, then F7i(f, f’, u) =

0, and therefore, we obtain the well known Euler-Lagrange equation

d

Ff(fafl7u)_@Ff,(f7f/7u)'

Remark A.0.2. As a special case of Lemma (A.0.1), it will be useful in Appendices B,

C and G to consider the minimization of the functional

L(f) = ;}7@ (;) FUF(t), 71, v ), (A.16)

where we recall that ®(-) is the Gaussian probability density function with mean zero

and variance one, and r;, i = 1,...,n, are of the form given by

to
_ 1/<1> <t> Gi(F(t),0)dt, i=1,... n. (A.17)
O O
ty

From Lemma A.0.1, setting

F= ot (£) PO sert) (A.15)
Gi— U%@ (;) GilF(1),0), i=1,..m, (A.19)

the solution for this problem needs to satisfy VL = 0, where the functional derivative

VL is found as

VLE2F(f(u),r1,...,rn,u)



Appendix A. Preliminaries: Calculus of Variations 101

-Fn GI(f(u),u) | Fri(f(t),r1,...,rn,t)dt ), u € [t1,ta], (A.20)
;( / 1 > 1,02

with Gy, i = 1,...,n, and F being continuous functionals of (f, t) and (f, r1,...,7n, t),
respectively, and having continuous partial derivatives with respect to f, and (f, r1,...,7y),

respectively.

Instead, in Appendices B, D, F and H we will consider the minimization of the functional

Lup:1f¢(t>ﬁmﬂmm. (A.21)

Oy Ovy
t1
From Remark A.0.1, setting
1 t ~

the solution for the minimization of the problem (A.21) needs to satisfy
VL2 F/ (u, f(u) =0, u € [t1,ta], (A.23)

where F has continuous partial derivatives with respect to f.

In the proofs of the Propositions 4.4.1 and 4.5.1, we leverage the standard method in
variational calculus [32, Section 7] to obtain necessary optimality conditions. The next

theorem summarizes the key result that will be needed.

Theorem A.0.2. Let F, Gy and G;, i = 1,...,n, be continuous functionals of (f, H,t),

(f,r1,---,rn,u,t) and (f, ¢, u), respectively, where H and r;, i =1,...,n, are given by
to
(1) = [ Golf(0). (). o). s (A24)
t1

ri(u) = /Gi(f(v),v,u)dv, i=1,...,n. (A.25)
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Also, let F', Gy and G;, i = 1,...,n, have continuous partial derivatives with respect to

(f,H), (f,r1,...,ry) and f, respectively. Consider the following minimization problem

to

minifmize L(f) & / F(f(t), H(t),t)dt. (A.26)

t1

Define VL as

VL2 F(F(), HE)6) + BT (f /Gf (W), 1), u, t)du

+//FH( ZGf )t w) G (f (), r1(w), . .. (w), u, v)dodu,
(A.27)

where F/and FH denote the partial derivatives of the functional F' with respect to f
and H, respectively; and Gg and Gy’ denote the partial derivatives of the functional Gy
with respect to f and r;, respectively. Similarly, G{ denotes the partial derivative of the
functional G; with respect to f. A necessary condition for a function f to be a solution

to the minimization problem in (A.26) is

VL =0. (A.28)

Proof: Following the conventional approach in the calculus of variations, we perturb the
function f(¢) by an arbitrary function n(¢) that vanishes on the boundary points #; and

to [32]. Let §;L & Utan)

be the resulting Gateaux derivative of the functional L
a=0

with respect to the parameter . We have

5L — % /F(f(t) Fan(®), HO(), )dt| (A.29)

t a=0

where H*(t) is defined as

= /Go(f(t) +an(t), r(u),...,ro(u), u,t)du, (A.30)
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and r{(u), i =1,...,n, are defined as
/G v) + an(v),v,u)dv, i=1,...,n. (A.31)

Evaluating the derivative in (A.29), we have

2= [ [wor .m0+ P, m0.0] @ (A.32)

where d%;(t) is the Gateaux derivative of the functional H(t), which is computed as

dHa dOé /GO + 0”7 ) (u)’ et ’Tg(u)v u, t)du (A33)

do a=0

+ Z dTg(iU) Gy(f@t),r(u),...,ro(u),u, t)) du, (A.34)
i=1
where
drzio(éu) L % /Gz(f(v) + an(v) )dv . (A.35)
to 1
= /U(v)sz(f(U), v, u)dv. (A.36)
t1

By plugging (A.36) into (A.34), we can write

dkg;(t) — /n(t)G(};(f(t)7rl(u), .. .,Tn(u)7u7t)du7

to to n

//Z” VG (f(0), 0, W)GH(FE), m1(u), ., Tn(u), u, t)dvdu.  (A.37)

t1t17‘1
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By substituting (A.37) into (A.32) we have

to

67L = / n(F! (£(1), H(t), t)dt

t1

—i—/FH(f(t),H(t),t) (/n(t)Gg(f(t),rl(u),...,rn(u),u,t)du

+//Zn(v)G{(f(v),v,u)Gg"(f(t),rl(u),...,rn(u),u,t)dvdu) dt (A.38)
fop =l
to to
=/77(t) (Ff(f(t)aH(t)at)+FH(f(t)aH(t),t)/Gg(f@%h(ﬂ%--.,Tn(U),uat)dU) di
+ (V)FHE(f(t), H(t),1) ” G{(f(v),v,u)G”(f(t),r (u),...,rn(u),u,t)dvdudt
1] el
(A.39)
to to
— /n(t) (Ff(f(t),H(t),t)—I—FH(f(t),H(t),t)/Gg(f(t),rl(u),...,rn(u),u,t)du) dt
t1 t1
+ ) FH(f(v), H(v),v) ” G{(f(t),t,u)G”(f(v),r (u),...,rn(u), u,v)dvdudt
/] el
(A.40)
:/77<t) (Ff(f(t)aH(t>vt>+FH(f(t>7H(t)7t)/Gg(f(t)aTl(u)v'"arn(u)>uat)du
t1 t1
+//FH(f(v),H(’v),v)ZG{(f(t),t,u)Gg"(f('v),rl(u),...,rn(u),u,v)d'vdu> dt.
b i=1
(A.41)

Since n(t) in (A.41) is an arbitrary function, the necessary condition for f to be a solution

is that the term inside the round brackets in (A.41) is zero. This concludes the proof.



Appendix B

Proof of Proposition 3.4.1

As discussed in Section 3.4, the MMSE estimator g(-) = E[V|-] is optimal for any encoder
mapping f. Due to the orthogonality principle of the MMSE estimation, we can write
D = 02 —E[VV]. Rewriting the Lagrangian in (3.9) for the MSE distortion criterion,

and dropping the constants that are independent of f, we have
L(f,9:7) = —E[VV] + AE[f(V)?] (B.1)

In the following, we prove the proposition by means of three key lemmas. In the first,
using (A.20), we obtain a necessary condition for the optimal encoder mapping. Then,
using this necessary condition, we show that the Lagrangian function in (B.1) takes its
minimum value when f is odd. Finally, tackling the optimization problem in (3.8) over

odd functions, and using (A.23), we obtain the result of Proposition 3.4.1.

Lemma B.0.1. The optimal mapping function f for the problem (3.8), has to satisfy

f()?
fv)e i =ap(v+by), (B.2)
where ay and by are defined as
A —Tr
ar = , B.3a
f vV 27T0'w)\7“2(1 — 7"2) ( )
1 —2r9)r;
ppa (L= 2r2)m B.3b
f 27’2(1 — ’1“2)7 ( 3 )
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with 71 and ry defined as

Lfe(Ee(S)e
e A

Proof: Expanding the objective function L(f, g, ) in (B.1), we have

L(f,9,3) = ~Ey [VEg, [VV] = A (V)?] (B.5a)

_ Ui o <: ) <> D) — 1)) + )\f(v)2> dv (B.5b)

<
_ Ui ® ; 171 )+ Af@)?) do, (B.5¢)
v 2( 2)

T1
ro—1

where ?(1) = and () = 1. We observe that (B.5c) can be stated in the form in

(A.16) by setting

F=vQ ({g) : <T2(17“i r2>> + M\ f(v)?, (B.6a)
G = 00 ({f”) , (B.6b)
Go=Q <fg(z)> . (B.6¢)

Therefore, from (A.20) we have the necessary condition

f(vf f(vf _f<v%2
vrie 20w vrie 20w (1—21“2)7“% e 20

V21o (1 — 7“2) 2A7(v) + V21o,ra(1 — o) ; (r2(1 —1r2))2 2710y,
F(v)?

B o2rie 208 < B (1 —2r9)r
V2mo,re(1 — 1) 2r9(1 —19)

VL =

> +2)\f(v) = 0. (B.7)

By solving (B.7) with respect to f(v), we obtain (B.2), which concludes the proof.
L]

Based on (B.2), we restrict the minimization of the objective function over encoder

mappings fqp(v) that satisfy

Fap(v)e 37 :é(v—b), (B.8)
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— fo(v)
— fa10(v)

—40 -20 8 20 40

FiGURE B.1: The function f,(v) in (B.9) and the function f,;(v) in (B.8) with a =
4, b=10.

for some parameters a and b. Defining the function f,(-) as the unique solution of

fo(v)2
2

fo(v>6 =, (B.9)

it will be convenient to write

fap(v) = 0w fo (U R b> : (B.10)

A0

This shows that any function f,;(v) can be seen as a scaled and shifted version of the
function that satisfies (B.9). The function f,(v) is plotted in Figure B.1, along with an
example of the function f,(v) for a =4, b = 10. It can be easily verified that f,(v) is
odd, that is, fo(—v) = —f,(v). Furthermore, functions of the form f,o(v), that is, with

b =0, are odd as well.

In the following lemma, we show that the Lagrangian functional in (B.1) takes its min-
imum value only over functions of the form f,;(v) where b = 0 for any a, which shows

that the optimal function f,(v) is odd as summarized in Corollary B.0.3.
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Lemma B.0.2. The optimal solution of the problem
minibmize L(fap, 9, M), (B.11)

is achieved for b = 0 for any fixed a.

Proof: We prove the lemma assuming that a,b > 0. This is without loss of generality
given the relationship L(fqp,9,A) = L(fa,—6,9:A) = L(f-ap,9,\) = L(f-4,—5,9, ). In
the following, we show that decreasing the value of b > 0, reduces the average power
of the mapping function, i.e., E[f,(V)?], and increases E[V'V]. Therefore, the function

L(fap,g,A) becomes smaller by decreasing the value of b > 0.

1) E[fas(V)?] is a strictly increasing function of b: By writing the average power of the

function f,;(v) we have

E[fos(V)? = Ui / o (:) Fap(v)2dv (B.12)
S
_ afu [ ("wg*”) fo (0 dv. (B.14)

Differentiating E[f,(V)?] with respect to b, we have

dE[fas(V)? 2 w
- [de;)( /] = a;;, /(aowv+b)<l> (M> fo () dv

v Ov
2
< L /(aowv )P (“"W“’) U(v)do, (B.15)
o3 O
where U(v) is defined as
v)? v< -2
U(v) 2 Jolt) ) (B.16)
folv+ ) >k

It is easy to see that the function on the right hand side of (B.15) is an odd function
shifted to the left by %; therefore, the integral is zero, completing the proof. Note
that (B.15) holds with equality only when b = 0.
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.
n

S
b

b

FIGURE B.2: Plot of the function §(b) in (B.19).

2) E[VV] is a decreasing function of b: We first consider the noiseless scenario, i.e.,

W = 0. In the noiseless scenario, for the reconstruction points we have

. E[Vjo>b Y =0
V= (B.17)
E[Vjo<b] Y =1
b2
—gue 2 Y =0
vare(a) |
= - (B.18)
—we 2 Y =1

Therefore, E[VV] can be written as

E[VV] =Pr(V > b)o E[V|V = 6] + Pr(V < b)ooE[V|V = bz (B.19)

a%e’b2 A~
Two(2)(e(z) "

It can be verified that the function §(b) is even, and that it takes its maximum at b =0

(B.20)

as seen in Figure B.2.
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where

Now, considering the noisy received signal, we expand IE[VV] as
~ 1 w N
E[VV] = /<I> <> E[VV|W = —w]dw, (B.21)
Ow Ow
EVVIW = —w] = E[V|Y = yq), W = —w]*Pr(Y = yqy|W = —w)
+EVIY =y, W = —w]*Pr(Y = yo|W = —w) (B.22)

~(fap )’ ~(faopw)”

_ Oyp€ - n Oye - (B.23)

() (o)
(B.24)

= (frsw).

Notice that the inverse of the function f,;(v) exists because it is one-to-one and is

defined on the whole real line. Therefore,

A 1
E[VV] = /<1> (w) g (fa_bl(w)) dw. (B.25)
ow Ow ’
We want to show that
[ %o () do < [55 (53w) du. (5.26)
Using the change of variables w = f,0(v) and the equality fa_bl(w) = b+ f;&(w),
inequality (B.26) can be written as

(B.27)

2o , fao®w
/ G0+ 0) fop(v)dv < / 5 5(0) fo0(v)do.

Inequality (B.27) is equivalent to

o

£20() , £20() ,
/ e (G(b 4 v) — §(0)) flo(v)du < / 57 (5(0) — G0+ ) flo(v)dv.

[SISS

2

[NISS

(B.28)

—0o0
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Using the transformation —b — v =t for the left hand side of (B.28), we have

fgyo(H‘t)

[ 00— 0) fuol—t =Dt = [ 5 G0 = 500+ 0) Loole+ vy,

[SIIS3

[SIIS3

(B.29)

where the second equality is due to the fact that functions g, f2, f(;,o are even. There-

fore, (B.28) is equivalent to

f,o(b-o-t) , 3,0(15) B
[l noe e - 0] a0 - g0 oja <o, mao

[SISH

The inequality in (B.30) concludes the proof and follows from the following facts:

e g(t)>g(t+b)>0fort> —%, and hence, the second bracket is nonnegative;

£20® 200+ ) )
ec 2 >e 2 ,due to the fact that f, () is nondecreasing;

. f(;,o(t) > f(;,o(t +0b) >0 for t > —g,

!
Corollary B.0.3. The optimal mapping for problem (3.9) under the MSE criterion is

odd.

Proof: By Lemma B.0.1, the optimal mapping can be written in the form f, ;(v) without
loss of optimality. By Lemma B.0.2, we conclude that the optimal mapping is in the

form fq0(v); and hence, it is odd.

Lemma B.0.4. A necessary condition for an optimal solution to problem (3.8) is

—9y _tw)?
NoTS e 2% +2Xf(v) = 0. (B.31)
oW

VL =

Proof: Since the optimal mapping is odd by Corollary B.0.3, it can be easily verified
that 0(;) = —9(3). Furthermore, without loss of optimality we can assume 9(;) > 0.

Therefore, using (3.13c) problem (3.8) can be restated as

minifmize — b1y + AE[f(V)?], (B.32)



Appendix B. 112

where 9 is obtained as in (3.12c). Expanding (B.32), we can write

minimize Uj 7@ (;1) (21)@ (J;(Z)) - )\f(v)2> dv. (B.33)

Since (B.33) is of the form (A.21) with

f()

F=—-20Q (%) + Af(v)?, (B.34)

we have the necessary condition in (B.31) using (A.23). This concludes the proof.
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Proof of Proposition 3.4.2

Expanding the objective function L(f, g, \) as in (B.5a) we have
-1 v w 9

ran =1 [o(2) (o [o@ue)+wpe () dw-arw?) o (©10
Ow o

- %1 ? <;> (vi@(j) (Q (Z(J—1>U;f(“)> —Q <Z(j) — fw))) - /\f(v)2) dv,

j=1 Y

(C.1b)

where we recall that ;) is the MMSE estimation of the source when the received signal

isY = Y()» 1-e., Y=fV)+We [Z(jfl)vz(j))' We have ﬁ(]) = % with

r; = 1/Uq) <U> <Q (Z(Jl)f(v)> —Q (Z(J)) )dv, ji=1,...K,
Ov Oy Ow o
(C.2a)
j=1,.., K.

flv )
= Ulv/q) <;’> (Q (W) 0 (W)) do, K. (C.2D)

Since (C.1b) is of the form (A.16) with

F:—vi:; (Q <'Z(J—1)U;f(v)> _Q<Z(j);f(v))> + A f(v)?, (C.3)

e (B2 (M) e
Goj = (Q <Z(]‘”G;f(v)) —Q <Z(J);wf(v)>> =1, K. (C.5)
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114
By writing the necessary condition in (A.20), we have
R 1 _(Z(jfl);f(’”))z _(Zm—é(”))Q ;
VL = — — le 204 —e 20 +2Xf(v
\/27’1’0’w =1 2; ( )
2 2
v al 1) = (Zu—lz)oguf(v)) - (Z(j>2;§u<”))
V2o S T2j
K 2 (21— F®)* (2(—F @)’
1 re. _\%G-D) _ %)
+ oG e T —e =0. (C.6)
V2moy plbY
Solving for f, we have
K (z o —f(u))Q (Z ) —f(v)>2
1 _G- _Lo
V)= ——— e 203 —e 20%) Beay (20— Ogqy) - C.7
f) 2V/27 0\ Jz:; (9) ( (J)) (C.7)
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Proof of Proposition 3.5.1

We start by expanding the Lagrangian function (3.9) for the DOP criterion as

L(f,9,)) = e(D) + AE[f(V)’] (D.1a)

= Pr (V S (I1 U IQ)C) + Pr (V S (Il \ IQ),V = @(2)) + Pr (V S (_[2 \Il),V = ’lA}(l))

(D.1b)
+)\/<I> ) fo)2e (D.1c)
o . v)“dv, .
where we have used the decomposition in (3.25). The probabilities in (D.1b) can be
written as
c 1 v
Pr(Ve(huh)®)=— O — | do, (D.2a)
o o
ve([1UIL)C
. 1 v f(v)
veli\I2
. 1 v —f(v)
vel\I1

Since the intervals on which the integrals in (D.2) are taken do not overlap and span

the real line, the Lagrangian in (D.1) can be written in the form of (A.21) with F(v, f)
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defined as
1+ Af(v)? ve (I1Ul)°,
- ) A()?  ve (L\ L),
F(uv f)= Q(";’())Jr /) k) (D.3)
Q (L) +2f()?* wve(l\ D),
Af(v)? v e (I Nl1y).

Using the optimality condition in (A.23), we have the necessary condition Ff =0 with

2Af(v)
—1
mgvgzu
1

2TOyOw

1)) (L) e 204
Ovy

* ()

v E (Il U IQ)C U (Il N IQ),
—f(v)?

+ 2 f(v) ve(\ L),

NS (IQ \Il)

—f()?
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Proof of Proposition 3.5.2

Given A, and obtaining the value of u from (3.27), we aim to minimize the objective func-
tion in (3.9) for the DOP with respect to the reconstruction points (1) and 9yy. Since
by Proposition 3.5.1 the non-zero optimal values of f(v) are opposite of one opposite of

one another over Iy \ I} and I \ Iz, we can rewrite (3.9) for the DOP as follows

L(fig\) = — / @(”)dw@(“) /@(”)dw /(I><U>dv
Oy O Ow Oy Oy
(I1Ul2)¢ 2\I1 I\ Iz
+A / ) (v) u?dv + / ) (v) u?dv , (E.1)
Oy Oy
\12\11 L\I2

w2

where v is the solution of ue2s% = 2%\1/%)\. From (E.1), it can be verified that (3.9) for

the DOP is minimized if [; and I, lie around the origin, and are symmetric. Define the

positive parameter 0 < a < v/D such that Iy = [-2v/D + a,a] and I = [—a,2vD — a,

and Iy N Iy = [—a,a]. Therefore, (E.1) can be rewritten as
2vVD — 2vVD —
L(f9.0) = 2Q <H> r2(Q(2)+ae) (Q (£)-@ (“)) .
Oy Ow Oy Oy
(E.2)
Optimizing (E.2) over a completes the proof of Proposition 3.5.2.
|
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Proof of Proposition 3.5.3

Necessary optimality condition of an encoder mapping f for a given set of reconstruction
points {01, . .., (k) }: We start by expanding e(D) with respect to the different intervals
defined in (3.32). We have

(D) =1-Pr ((v —V)2< D) (F.1a)

—1- 3 Pr ((V V)2 <DV e IV> Pr(V € Iy) (F.1b)
VIVC{@(I),...,@(K)}

:1—Pr((V—V)2<D|V€I@)Pr(V€I@)

----------

- 3 Pr ((V — V) <D|Ve IV) Pr(V € I) (F.1c)
V:VC{’(A)u),H.,’lA)(K)}
V=1, K1
=1-Pr (V € iy, ﬁ(fo})
- 3 Pr ((v — V) <D|Ve IV) Pr(V € Iy) (F.1d)
V:VC{’{)(l) ..... '[)(K)}
V=1, K —
=1-Pr (V < I{%)v-vf)uo})
1
— Z — d (v) Pr(W + f(v) € {v) dv (F.1e)
Oy Oy
V:VC{’IA)(U,.H,’IA)(K)} vely
V=1, K1

=1-Pr (V € I{f/(l) ----- ?7(10})
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T [e) B () o)

v v N
V:VC{ﬁ(1>,...,ﬁ(K)} vely j:’U(]‘)EV
|V|:17~~7K_1

(F.1f)

where ¢ = Uj:ﬁ(j>ev [2(j—1), %(j))- Note that the different sets in (F.1f) partition the
real line, that is, they are disjoint and their union is the real line. Substituting (F.1f)
in (3.14), the Lagrangian L(f,g,\) can be written in the form of (A.21) with F(v, f)
defined as

1+ /\f(v)Q (NS I@,
Fv,f) = Af(0)* ve I{®<1>>~~ﬂ5<m}’
1= % (Q(H ) @ (Bt p A fwp we ks, V=1 K -1
J0GHEY

(F.2)
Writing the necessary condition in (A.23) and setting to zero leads to (3.36).

Optimal decoder function g for a given encoder mapping f: For a given encoder mapping

f, the optimal decoder can be obtained as

;) = arg rntin Pr((V —t)> > D|Y = Yi)) (F.3a)

_ 2
= argmax Pr((V —t)° <D,Y =y)) (F.3b)

t+vD ZH—F ()
= arg max / / % (v) ) (w) dwdv (F.3c)
t O Ow
t,\/ﬁzU,l)ff(v)
t+vD

oo T () () a2 e

t—/D
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Proof of Proposition 3.6.1

Define y; £ Q(f(v) +w;), w™ £ [wy, ..., wn]", ¥V £ [y1,...,yn]". Expanding L(f,g,\)
in (3.9) for the MSE we have

uon= [ [l ( >i_1@ (% )d Vo a [ (G) f(0)%dv
- (G.1a)

aav ( / w)d N Af(v)Q) dv (G.1b)
o'o'v % ( 22:: J)Pf _UJ)|V—U) —Af(v )2> dv, (G.1c)

N
where d(;) = E[V|YY = bN] = E[V|Y1 = b¥(1),..., Yy = b (N)] and 0 = [] 7. We

can compute

Pr (V — i)V = v) HPr )+ W) = b (4)) (G.2a)

= HQ (wlf()> L j=1,..2N. (G.2b)

wL

Substituting (G.2b) in (G.1c), we have

o bN(1)+1 v
L(fvgvA) = O_l/q) (v) ( ZU(]) HQ <)f()> - )\f(’U)2> d’l), (G3)

v
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where for f}(j) we have

==

=

Gy =

() 1
e () o () g,
v ’LU,L A 7"1] 3 N
=2 45=1,...,2%, (G.4)
Q

sro(z) flo(@f )

Since (G.3) is of the form (A.16) with

=

Il
=

7

b (4)+1 v
- _UZ%) HQ <>+f()> + Af(v)?, (G.5)
élj:uQ<(_)bja(W>,j:1,...,2N, (G.6)
ézj:Q<(_1>bj:)+1f(”)>,j:1,...,2N. (G.7)

Writing down the optimality condition in (A.20), we have

2N
L=-vd 7y (N, f(0),) + 2/

Zv @(]Zf(’v Z Nf() ).le (G.8a)
j=1 % =1 3,
2N

:—Z%@(N,f( )<2v— W) +2Mf(v) (G.8b)
j=1 <J J
2N

==Y O(N, f(v),§) d) (20— d(;)) +2Xf(v) = (G.8c)
J=1

where
i (*1)1)5\](]{:)6_ gi’%j: H 1) l)+1f(v)
O (N, f(v),]) = Q () : (G.9)

’ k=1 V2rou, 1=1,1#k Ty

Therefore, the optimal mapping must be in the form given by (3.43).
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Proof of Proposition 3.6.2

Necessary optimality condition of an encoder mapping f for a given set of reconstruction

points {0(1), ... ,@(K)}: We expand (D)
(D) =1-Pr ((V V)< D) (H.1a)

1 U;} // i) (;) ﬁ@ (;‘Z) duw™ dv (H.1b)

v,wN:|lv—g(yN)|2<D

ety [ e(H)

H P < Wi ) dw™ dv
Tw:
V:VC{f)(l),...,f)(zN)} vely whN:g(yN)ey =1 v

)

(H.1c)
1 v N 1 bJN(i)—i-lf v
=1-— 3 / <I>(UU> 3 (HQ<()%()>>M
vV {ig)dony ) vED jivg eV \i=1 i
(H.1d)

=1- L / ® (v) dv
Oy Oy
B(1yr-e ﬁ(zN)}

S el (fe( )

N N i
V:VC{’Uu),.H,’U(QN)} vely
V|=1,...,2N —1

(H.1e)

N

where 0 = [] oy,. Substituting (H.1e) in (3.9), the Lagrangian L(f, g, A) can be written
i=1

in the form of (A.21) with F(v, f) defined as
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123

(

Writing the necessary condition i

v € Iy,

"€ oo

(=1)% O+ 40)

J
Ow,

)>+)\f(v)2 vely: |V =1,...,2Y7 - 1.

(H.2)

n (A.23) and setting to zero yields the result in (3.45).

Optimal decoder function g for a given encoder mapping f: Assume that the encoder

mapping function is given. Following a similar approach to the derivation of the optimal

decoder for a K-level ADC front

t+v/D

0(j) = arg max P
t—VD

t+v/D

= arg max P

t—/D

end, the optimal decoder at the receiver is obtained as

;’) Pr(Y: = bN(1),...,Yn = b (N))dv (H.3a)
;) ﬂ@ <(_1>b§y(i)+1f(”)> . (HL.3b)
v/ =1 Twi
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Proof of Proposition 4.4.1

Due to the orthogonality principle of the MMSE estimation, it can be easily verified that
D = 02 —E[VV]. Rewriting the Lagrangian L(f, g, \) for the MSE distortion criterion

and dropping constants that are independent of f, we have

minimize — E[VV] + AE[f(V)?]. (1.1)
f

By expanding the objective function in (I.1), it can be written as

awavau///vg ysu ( v’au> @ <;:> dwdudv
+/(D <> oo (1.2)
B Uqu // < (1,u)Q ( ) 9(0,u)Q <_§LU)>> i (UUU, ;Z) dudv

n 7 ) (:) F(v)2dv (1.3)
o [ (Lo o) G (52) e (1))
FAD (;’) f(v)2) dv, (L.4)
where
w2 for( 22 Q1) (Lsa)

ra(u) 2 /<I> <UUU ;1) Q (J;(Z) dv, (L5b)
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(L.5¢c)
(L5d)
(I.6a)
(L.6b)

v) and H(v) defined as
given by

4 are

iy 0 = 1, ceey

in the form of (A.26) with F(f, H(v),
5 ..,T4<U),U,’U 5

Note that (I.4) is

Appendix I.

))\))) )) S = o o o )
R =T S O % ® B © B & 2
= 42 =2 = &2 = = = 42 =Z Z & =
m -
= VR
g Zz
S S d
- o~
2 ! YRS
- ))N/\U/w(v\w/l\w
= SE S w(UfUp._JJ
g AR INN N
. 2 ((Q(Q .
: = @ @ 3|
- VN - N = 3
PR P s /N N 3k o
\\/l/)v —~ o uia\l/u u\l/u s = 2
=l 2= = - 3 g 3 g 1
SIERR R SRS 3|3 N
S RS : = <8 - . ©
= e _ S - = /IWvﬁv YIS vivv S
~— N ~ /IW/l\/IW/l\ A~
= S < PR K o - =g
\)))) =} Uia N —_ |~ \l/\l/nUHl/ -
S R I N 2 =2 2z =Id
7vu70 7UU70 m o f_ nuulanﬁmnl/.lmnTom N
S " ® - = <. 7 3 3 3 S S
/Fviov/ﬁw@iav £ JleTls s 1g g [§'¢ #
o — e — 8§ [ [ [ [ [ [ [ [
[ 22 . 3= .
- ~ - - = 3 s s 3 3 S
°v0 e ¥ § 2 2 2 =2 = 3
Y ~ ~ ~
(U\ /.U\ - -~ S
= = : : O
= o - -
TR E E E = OZ=
—
~

—~ o~ o~ o/~
— Y Y

~—

Now we can apply the necessa
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20
of o) = B v’u> e i
[((0), 0,) (UU ) e

Substituting (I.8) in (A.27), the necessary condition in (A.26) is obtained as

2

)2
2\ v ve 20% v r3(u) rl(u))
VD=0 (L e e (22 - d
oy <Uv>f(v> OpO T\ 2T <0v 0u> <7’4(U) ra(uy) "
_fw)?
t v ou\ —e 2% 1 t wu f(t)
‘/ / el () Varon 'oum(u)‘l’(a;au)Q(%
I

o (L) S e (L 1) o (1)
(

_fw)?

vou\ e 2w 1 t wu
+v® | —, — . S| —,—
<0v Uu) V2moy, OuTd (U’U Ju) Q

)2

(2 e 2)o (42 e
v Oy Oy OuT4(U Oy Oy Ow

Rewriting (1.9), we have

-J [ (Gn) R
=ofo(Ga) G —ra) o (Gon) R

(
fo(r) e fo (2 0) S [o (2 2):

A
7~ N
S|~
EIE
N———

Finally, by some elementary manipulations the result in (4.12) is obtained.

rg(u)
rq(u)?

(L11)

(1.10)

2
du.
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Proof of Remark 4.4.2

For brevity we set that 02 = 02, = 1 in the following proof. The results are valid for any

values of 02 and 2. We have

A(—v) = /<I> (u| —v) (g(0,u) — g(1,u)) du (J.1a)

o [[H ) QF®)d [0 () Q@) ]
= [ow ){f@mu Q(—f0)di f‘PtUQ(f(t))dt}d (-10)

Y YRV LG I—U)Q(f(t))dt 10w Q)]
= [ecu ){ T -0 QU  Jo(—t—u)Q(—f1)d ]d
(J.1c)
B St (tlu) Q (f(t))dt [t (tlu) Q (—f(t))dt
-/ q’(“'“){ TeEw QU d T el Q - f(t))dt}du (3-1d)
- / B (ulv) (9(0,u) — g(1, u)) du (1.1¢)
— Av). (J.1f)
Similarly, we have
B(v) :/CI)(u| —0) (9(0,w)? — g(1,0)%) du (7.22)

<ft<1> (tlu)Q(—f(t))dt)2 B (ft<1> (tIu)Q(f(t))dt>2 "
J®(tu) Q (—f (1)) dt @ (tlu) Q /(1)) dt

:/(I)(u|—v)
—/(IJ(—u|

(J.2b)

(f@ t|—u>@<f<t>>dt> (ftcb tI—UQ(—f(t))dt>2 "
J@(—t—u) Q (1)) dt J®(—t] —u) Q (—f(1)) dt

(J.2c)
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[t () Q (f(1) dt\? ([t (tu) Q (—f(t)) dt\?
< ) - i) |

J @ (tu) Q(f(t)) dt J @ (tu) Q@ (—£())
(J.2d)
= /<I> (ulv) (ﬁ%(u) - @S(u)) du (J.2e)
= —B(v). (J.2f)
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Proof of Proposition 4.5.1

Assume that a decoder function g(Y,U) is given. By expanding the Lagrangian function

L(f,g,)) for the DOP we have

L(f,9,7) = (D) + AE[f(V)?]
- Uiu «(D|U = u)d (;;) dut~ [ @ (”) F(v)%dv.
Expanding ¢(D|U = u) = Pr <|V —~ V2> DU = u) we have
(DU =u) =Pr(V e Ip(u) \ i(u),Y =1|U =u)
+Pr(V e Li(u)\ Io(u),Y =0|U = u)
+Pr(V € (Io(u) UL ()%, |V = V> > DU = u)
),V =V]?>D|U =u)

Iy (u)
) (5o
et
;1) v,

+ Pr(V € (Ip(u) N

1
=

vEIU(u \11(u)

1
+— / o (”
Oy Oy

vel (u)\Io(u)

1
+— / ® (”
Oy Ow

ve (Ip(u)UI (u))C

129

(K.3a)

(K.3b)
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where we used the fact that no outage occurs when V € Io(U) N I;(U). Substituting

u

) G (u, v, f(v)) dvdu + glv/‘p (

Oy

) A2 (v)dv

(K.4)

(K.3b) in (K.2), we can write the Lagrangian L(f, g, A) as
v
Oy
v

ran = fo(2) o2
> G (u,v, f(v)) du + Af%)] dv, (K.5)

1
SYRBIERE
Oy Oy Oy Oy 1Oy

with G (u, v, f(v)) defined as

Q&) ve lo(w\ hiw).
—f(v)
Gl o 24 Q) ve B\ Tw), o)
1 v e (Io(u) UI(u),
0 v € (Ip(uw) N I (u)).
Note that (K.5) is in the form of (A.26) with F(f, H(v),v) and H(v) given by
F(f,H(v),v) = Uivcp (;’) (Hw) + A2 (v)), (K.7a)
H(v) = /GO (f(v),u,v) du, (K.7b)
respectively, where Go (f(v), u,v) is given by
Go ((v),u,v) = Ulufb (J“u ;) G (u, v, f(v)). (K.8)

Applying the necessary condition in (A.27) for the optimal solution, for different terms

in (A.27) we have

P HE)) = 2 (U) £(v), (K.99)
FUG). H ) = o (2). (K 9b)
G (f () u,v) = Uiu¢> (;i ;’) G (w0, (), (K.9¢)
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where G (u,v, f(v)) is obtained as

L ve (bw)\ hw)
el (u,v, f(v)) = —’;t?)u v € (I(u) \ Io(u)) . (K.10)

v e (Io(u) N I(u)) or v € (Ip(w) U I (u)¢

Therefore, (A.27) can be written as
1 1

vi— o (L) (2w [o(

oy \Ou ou ou

Note that the integration in (K.11) is over the side information u. In the following, we

v

) el (u,v,f(v))du) =0. (K.11)

Oy

aim at identifying the boundaries of u, such that, for a given source output v we have

GY (u,v, f(v)) # 0. To do so, we characterize the intervals as

To(u) \ I (u) = (bor(w), bor(u))
Li(u) \ To(u) = (bu(w), bir(u)) . (K.12)

Note that for the other intervals in (K.10) we have Gf (u,v, f(v)) = 0. For a given side
information realization u, g(0,u) and g(1,u) are two points. Hence, depending on the

condition that ¢(0,u) is equal to, less than, or greater than g(1,u), we have different

situations for Ip(u) and I;(u) in (K.10).

Case 1) g(0,u) = g(1,u): In this case the two intervals Io(u) and I(u) overlap com-
pletely, and therefore, Iy(u) \ I1(u) and I (u) \ Io(u) are both empty sets.

Case 2) g(0,u) > g(1,u): In this case by;(u), bo,(u), bi,(u) and byy(u) are obtained as

bor (1) = g(0,u) + VD,
bor(w) = max {g(1,u) + VD, g(0,u) - VD}

b1y (u) = min { g(1,u) + VD, 9(0,u) - VD},

bu(u) = g(1,u) — VD. (K.13)

Case 8) g(0,u) < g(1,u): In this case by;(u), bor(u), b1, (u) and by;(u) are obtained as

bor (u) = min {g(0,u) + VD, g(1,u) - VD},
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bor(u) = g(0,u) — VD,
bir(u) = g(1,u) + VD,
bui(u) = max {9(1, w) — VD, g(0,u) + \/E} . (K.14)

It can be easily verified that for a given source output v, the side information range
corresponding to G (u, v, f(v)) # 0 can be obtained as Sov1(v) U S1\o(v) where Sg\(v)
and S1\p(v) are defined as

Sovt(v) = {u s bor(u) > v > boy(u)},

Sivo(v) 2 fu: by (u) > v > by(u) <ol (K.15)

Finally, we can simplify (K.11) as

_ _fw)?
VI — iq) (U) / 716 202, P <u
Oy Oy V2moy, Oy

v) du
Oy

u€Sp\1(v)
/ L e () 2Af(v) (K.16)
+ e 2w —|— | du+ v .
vV 2no (Uu UU>
u€S1\0(v) !
1 v -1 _fw? U v
()| / o (]2 du
Oy Oy vV 27’1’0’u Oy 0y
uGS’O\l(U)
L 3 o (2|2 ) du+ 22 K.17
+——e 2% —|— | du+ v)| . .
V2o, / (Uu Uv) fv) ( )
uESl\O(v)
Imposing (K.17) to be zero we have
_tw?
e 20w
f(’l)) = 2)\\/% (PI’ (U S 50\1(1})) — Pr (U S 51\0(1)))) . (Klg)



Appendix L

Proof of Proposition 4.5.2

The optimal decoder functions, i.e., g(0,u) and g(1,u) can be obtained as

9(0,u) = arg min Pr(\V—@|2 > DU =u,Y =0) (L.1)

v

=arg max Pr(|V —9> <D|U =u,Y =0) (L.2)
0

o+vD

= arg max 010 pyiuy (tlu,Y =0)dt (L.3)

0 ’ u@—\@
o+vD

— arg max / o <t “ ) Q <_f(t)) dt. (L.4)

~ UU Uu O-/LU

v o-vD

We note that, since the mapping f(v) is given, it could be possible that for some encoder
mapping f and side information realization u, more than one output is obtained in (L.4).

From the DOP point of view, there is no difference in choosing either of these points.

Therefore, we have

o+vD
4 —J(t
g*(0,u) € arg max / o ( “) Q ( / )> dt, (L.5)
N Oy Oy Ow
v o—vD
and similarly for g(1,u), we have
#+vD . .
g"(1,u) € arg max / o <, u) Q (f( )> dt. (L.6)
N Oy Oy Ow
v oD
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Appendix M

Proof of Remark 4.5.2

In the low SNR regime the encoder mapping function can be approximated as an all

zero function. Hence, the DOP can be expanded as

e(D)=1-Pr(|V-V|? < D)

1 .
—1- /Pr(|V V2 < DU = u)d (“) du
Oy

Oy
:1_1/<I)(u> Pr <|V— Tavuf <D|U:u> du
Ou ou oy

1 U ’ v

oo e
L% y—~/D

B 1 u —VD VD
=1- ou ® (%) (Q (va/l—ﬂ) -q <0U\/1—r2>> du
B vD
)

L9vy++/D
U
— | du
O’u>
ron
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Appendix N

Proof of Proposition 4.5.3

Assuming that the side information is available at both the encoder and the decoder,

the decoder can be obtained as

g(y,u) = arg min Pr (|V — 22> DY =y, U = u) + AE[f(T)?] (N.1a)
0]
o+vD 7
—1)y+1 _ royu
= arg max / <I>(:U,;L>Q(( | fg<: Uu))d”ME[f( )%
v o—vD
(N.1b)
9+vD 7 :
—1)y+1 _ royu
= arg max / 0 (;Jv ;Z) Q (( ) faguv = >) dv — AE[f(T)?)
v 9—vD
(N.1c)
+vD royu )2 7
(o)’ [ () (o o ~
= arg max / e 2080-12) Q <( ) fU(U i >) dv — \E[f(T)?]
b VB v
(N.1d)
i+ D—rout .
— arg max / ¢ T (M) dt = AE[f(T)?]  (N.1e)
f iyDorme “
t"+\@ £2 1Y+ f(¢
= o + arg max / e 2080-2)Q) (Hf()> dt — AE[f(T)Q] (N.1f)
u { i w
_ rguu 4y (N.1g)
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Also, the DOP can be expanded as

e(D) = i o (U ) Pr (|V V2> DU = u) du (N.2a)
_/ <OU>PI"<‘V—TUU iy ZD’U—U> du (N.2b)
_ ai ® (O_u) [Pr (V e (Io(u) U Il(u))o) + (N.2c)

Pr (V€ Ioy(u) \ I1(u),ty = t1) + Pr (V € I (u) \ Io(u),ty =to) }du (N.2d)
1 U v
e () [ e (%

To(u)Ulh (u))©
u) dv + / ) (v
Oy Oy

G| [ G

1(w)\Io(u) To(w)\I1(u)

“) dv+ (N.2¢)
Oy

u

) d ||, (N2f)

Oy

where for different intervals we have
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