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ABSTRACT OF THE DISSERTATION
Cross layer design for the transmission of multimedia over wireless channels
by

Hobin Kim
Doctor of Philosophy in Electrical Engineering (Communication Theory and
Systems)
University of California, San Diego, 2011
Professor Pamela C. Cosman, Co-chair

Professor Laurence B. Milstein, Co-chair

When we transmit multimedia through wireless channels, we need to
protect source bits from channel noise. However, due to the constraints on the
channel resources, source and channel bits should share the resources optimally
in the sense of distortion or throughput. That is, the problem is how to allo-
cate channel resources such as the bandwidth, diversity, or transmit power to the
source and channel under system constraints. In addition, due to the unequal prior-
ity of source packets, performance can be improved by assigning unequal channel
resources to the packets based on their priority. In this dissertation, we intro-
duce an information-theoretic framework which allows us to analyze the system
performance mathematically with unequal allocation of the channel resources with
respect to the unequal priority of the source packets. By applying the information-
theoretic framework, an algorithm to find the throughput-optimal unequal error
protection (UEP) is derived.

The first example to apply this framework is the progressive image trans-
mission over block fading channels with relay-assisted distributed spatial diversity.
Assuming a progressive image coder with a constraint on the transmission band-

width, we formulate a joint source-channel rate allocation scheme that maximizes

XV



the expected source throughput. Specifically, using Gaussian as well as BPSK
inputs on flat Rayleigh fading channels, we lower bound the average packet error
rate by the corresponding mutual information outage probability, and derive the
average throughput expression as a function of channel code rates as well as chan-
nel signal-to-noise ratio (SNR) for a frequency-division multiplexing-based system
both without relaying and with a half-duplex relay using a decode-and-forward
protocol. At high SNR, the optimization problem involves a convex function of
the channel code rates, and we show that a known recursive algorithm can be used
to predict the performance of both systems.

The second example is the layered transmission of a Gaussian source over
multiple relays using superposition coding. At first, we analyze the outage proba-
bility and performance in terms of average throughput and distortion for decode-
and-forward (DF) protocols with single-layer and superposed two-layer coding. For
the superposition coding approach, we consider different power allocations to the
base and enhancement layers. Then, we propose a simple protocol which assigns
a pre-determined number of relays to individual layers instead of repeating the
superposition coded packet at the relay. We also present numerical results based
on the analysis to compare the performance.

We then consider a practical application where motion compensated fine
granular scalable (MC-FGS) video is transmitted over multi-input multi-output
(MIMO) wireless channels and the leaky and partial prediction schemes are applied
in the enhancement layer of MC-FGS video to exploit the tradeoff between error
propagation and coding efficiency. For reliable transmission, we propose UEP
by considering a tradeoff between reliability and data rates, which is controlled
by forward error correction (FEC) and MIMO mode selection to minimize the
average distortion. In a high Doppler environment where it is hard to get an
accurate channel estimate, we investigate the performance of the proposed MC-
FGS video transmission scheme with joint control of both the leaky and partial

prediction parameters and the UEP. In a slow fading channel where the channel

XVl



throughput can be estimated at the transmitter, adaptive control of the prediction

parameters is considered.
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Introduction

Recently, the transmission of multimedia such as images and video over
wireless channels has been in high demand, especially due to the explosive growth
of mobile users. However, due to the fundamental limitations on mobile commu-
nication over wireless channels, such as power, bandwidth, mobility and fading,
it becomes challenging to maintain the quality of service if a multimedia stream
is transmitted. To achieve reliable and high-quality performance in wireless mul-
timedia communications, cross-layer design, which allows interaction between the
different protocol layers, was proposed [1][2][3][4].

A simplified protocol stack for cross layer design to transmit multime-
dia over wireless channels is shown in Fig. 1.1, where the application, link, and
physical layers are controlled jointly. To do that, the application layer provides
information such as the rate-distortion (RD) function and unequal priority of the
source bitstream, which can be based on performance metrics such as distortion
or visibility. From the link layer, packet error rate (PER) is sent to the controller.
Instantaneous or long-term averaged channel state information (CSI) or channel
SNR is reported by the physical layer. In the cross-layer controller, all information
from the source and channel are gathered, and then the appropriate parameters
are decided and sent back to the individual layers. For example, source coding pa-

rameters such as source rate, quantization level [5] or intra refresh rate [6] can be
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Application W ——————————
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Network controller
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Link Packet error rate (PER)
(FEC, ARQ)
CSI, SMR
Physical P ——
(Modulation) Power allocation, adaptive modulation

Figure I.1: Simplified protocol stack for cross layer design to transmit wireless

multimedia.

controlled for the application layer. In the link and physical layers, the controller
can determine unequal error protection (UEP) with various channel resources, such
as forward error correction coding (FEC), diversity and transmit power. In the fol-
lowing, we introduce cross-layer designs in various systems for wireless multimedia

transmission, along with the relevant literature.

I.A  Information-theoretic framework for source-channel ra-

te optimization

Usually, source packets in compressed images or video have unequal pri-
ority in terms of the quality, such as distortion or visibility. For example, in pro-
gressive image coders such as JPEG2000 [7], embedded zerotree wavelet (EZW)
coding [8] and SPIHT [9] or scalable video coders such as MPEG-4 [10], decoding
stops at the first packet error. That is, more distortion can be expected if the
early packets are lost. Or, in video encoders such as MPEG-2 and H.264 [11],

packets may have different visibility, which represents the video quality based on



human visual perception. Therefore, it is reasonable to assign unequal levels of
error protection to packets in transmission over lossy wireless channels. However,
it becomes complicated to find the optimal allocation of the channel resources to
the source packets.

Many studies have appeared on cross-layer design with a fixed transmis-
sion bandwidth. For example, in [12], the transmission of progressive images jointly
with rate compatible punctured convolutional (RCPC) codes was proposed and
investigated for binary symmetric channels. In [13], optimization using dynamic
programming for a specific performance measure was proposed to choose block
length as well as the appropriate channel code rate, where various performance
measures such as mean-squared error (MSE), peak signal-to-noise ratio (PSNR),
or the number of received source bits were considered. A more computationally
efficient algorithm was proposed in [14], where the optimal UEP solution was com-
puted recursively. As a more practical approach, in [15], a parametric procedure
was proposed, where the exact bit error rate (BER) corresponding to each code
rate was modelled empirically for certain channels. However, much of the previous
research on source-channel rate allocation with forward error correction coding has
focused on efficient algorithms to find the optimal UEP.

Information-theoretic approaches to joint source-channel bit allocation
have also been considered. Both [16] and [17] considered layered transmission of
successively refinable Gaussian sources over quasi-static fading channels, and the
performance in terms of the distortion exponent was investigated using well-known
rate-distortion expressions for a Gaussian source. In [18] and [19], joint source-
channel coding was studied in multi-input multi-output (MIMO) or cooperative
relay channels, and the performance was presented in the form of a distortion
exponent, which represents the rate of decay of the end-to-end distortion with
infinite SNR.

In Chapters II and IIT of this dissertation, we use an information-theoretic

framework to analyze the source-channel rate allocation to maximize the through-



put of a practical progressive image. This analysis provides an approximate bound

on the system performance at high SNR in terms of average throughput.

I.B Cooperative relay networks

Relay transmission has been considered as an attractive technology to
support high data rates in mobile environments, such as LTE-Advanced and Wi-
MAX [20]. Since a cooperative relay system has an advantage over a single hop
system due to the path-loss reduction in the source-relay and relay-destination
paths, higher modulation schemes can be used for relay transmission. Due to this
advantage, relay transmission was studied for multimedia applications, such as
progressive image [21], video [22][23] or layered Gaussian sources [19].

In Fig. 1.2, a two-hop relay channel with N relays is presented. Let’s
consider the transmission of a multimedia bitstream over the relay channel. In the
first time slot, the source (S) broadcasts the bitstream to the N relays (R). Due to
the different channel qualities from the source to the multiple relays, some relays
may not decode the bitstream successfully. In the second time slot, only relays
which succeed to decode the bitstream retransmit that based on the decode-and-
forward (DF) protocol. Or, with the amplify-and-forward (AF) protocol, all relays
amplify what they received and transmit them to the destination (D).

For the broadcast of a multimedia bitstream, superposition coding is
widely used, for example in DVB-H [25] and MediaFlo [26], because it can provide
different qualities of service (QoS) to the various users who may have different chan-
nel qualities. Moreover, by assigning unequal power between layers, unequal error
protection can be achieved easily. Therefore, we consider superposition coding
for the two-hop relay channel for wireless multimedia communication. Although
superposition coding-based transmission over a relay channel is studied from the
throughput [27] and resource allocation [28] perspectives, its effectiveness in the

transmission of multimedia has not been studied, to the best of our knowledge.
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Figure 1.2: Two-hop relay channel. Channels from source (S) to the N relays
(R1, Ry, -+, Ry) and from the N relays to the destination (D) are considered as

broadcast and multiple access channels, respectively.

In this dissertation, we use a cooperative relay channel to transmit mul-
timedia bitstreams, where superposition coding is applied. We first address the
information theoretic framework to analyze the performance in terms of the dis-
tortion when a layered Gaussian source is assumed. Then, we compare the per-
formance of various relay protocols based on decode-and-forward (DF) and relay

selection.

I.C Scalable video transmission over MIMO wireless chan-

nels

Fine grain scalable (FGS) video was proposed to provide flexible video
streaming which can adapt to dynamic channel conditions. It divides the com-
pressed bitstream into a base layer (BL) and a progressively encoded enhancement
layer (EL), where the EL can be truncated at any arbitrary point.

In the current state-of-the-art video codecs, motion compensated predic-

tion (MCP) is widely used to enhance the compression efficiency. In MCP, the



current frame is predicted from the previous frame by eliminating the temporal
redundancy between frames. For applying MCP to FGS video coding, motion-
compensated fine grain scalable (MC-FGS) video coding was proposed [29]. In
MC-FGS video coding, a high quality reference frame can be reconstructed by
using both the BL and the EL, and thus enhance the compression efficiency sig-
nificantly. However, MC-FGS video coding suffers from error propagation if the
portion of the EL used for prediction is lost at the decoder. In [29], to achieve a
tradeoff between coding efficiency and error resilience, the amount of the EL used
for prediction is controlled at the encoder.

In [30] and [31], this tradeoff is controlled by introducing partial and
leaky predictions in their MCP loop. Specifically, in [31], the authors showed
that partial knowledge of wireless channels, such as the coherence bandwidth and
average channel SNR, can help to find the appropriate values for the partial and
leaky prediction parameters, and this knowledge can be used in cross-layer design.
In this dissertation, we apply the leaky and partial prediction parameters to MC-
FGS video coding, which is transmitted over a MIMO wireless channel. Our goal is
to develop a wireless video transmission system based on a cross-layer design, and
compare the proposed system with a conventional system. In addition, adaptation
of the video coding parameters such as leaky and partial prediction parameters
based on the channel is considered when instantaneous channel state information

is available.

I.D Thesis outline

In Chapter II, we provide the details of the information-theoretic frame-
work to analyze the source-channel rate allocation, which is based on a block fading
channel model. This mathematical expression is also applied in Chapter III for
cooperative relay channels. We then present an algorithm to find the optimal UEP

in the system with and without cooperative relays. We show that our proposed



framework provides bounds for both the performance and the channel code rate.

In Chapter III, we discuss joint source channel coding in the cooperative
relay system with superposition coding. We propose a simple relay dedication-
based protocol and show the performance compared to the conventional DF-based
protocol, both with and without superposition coding, in terms of the throughput
and the distortion.

In Chapter IV, we consider a more practical system, where scalable video
is transmitted over a MIMO channel. We propose a novel UEP method combined
with FEC and MIMO mode selection, and consider the leaky and partial prediction
parameters to achieve a tradeoff in compression efficiency and error resilience.

In the Conclusion, we summarize the contributions of this dissertation,
and discuss potential future work. We note that partial conclusions are also given

at the end of each individual chapter.



I1

Source-channel rate optimization
for progressive image transmission

over block fading relay channels

II.A Introduction

In this chapter, we use an information-theoretic framework to analyze the
source-channel rate allocation to maximize the throughput of a progressive image
in a system either with or without a cooperative relay. This analysis provides an
approximate bound on the system performance at high SNR in terms of average
throughput, which may not be optimal in the sense of distortion. However, the
throughput-optimal approach has some advantages over the distortion-optimal ap-
proach. First, the throughput-optimal approach can be analyzed mathematically
without considering the source characteristics. And, the UEP solution can be found
at the transmitter and receiver independently without any additional signaling be-
tween them, since the average channel gain, which is needed in the throughput-
optimal approach, is known by both the transmitter and the receiver. Moreover,
the throughput-optimal approach can allow one to find the distortion-optimal so-

lution using a local search algorithm and the source statistics in linear time [32].



We study both Gaussian and symmetric BPSK inputs over block fading channels,
and get the mutual information (MI) outage probability, which is a lower bound
on the actual packet error rate (PER) of a BPSK-based system [33],[34]. Although
there are well-known expressions for mutual information and outage probability
for Gaussian inputs, a closed-form expression for the capacity when either PSK
or QAM inputs is used is not known. However, both bounds and approximations
have been widely studied (e.g.,[35][36][37][38]). In this paper, we use [36] to find
an approximation for the MI outage probability for BPSK inputs. Then, we de-
rive an average source throughput expression using MI outage probability and the
progressive property of the source. We prove that this rate-optimization problem
is a convex function of the channel code rates at high SNR, and the solution can
be found by using a recursive algorithm introduced in [39]. Our predicted system
performance and average channel code rates upper bound the simulation results.
The rest of this chapter is organized as follows. In Section II.B, we
introduce the system model for the transmission of progressive images. Using
both Gaussian and BPSK inputs, in Section II.C, we present expressions for the
average source throughput for the baseline as well as the relay-based systems. In
Section II.D, we provide a simple algorithm to determine the optimal channel
code rates under a bandwidth constraint. Numerical and simulation results are

presented in Section II.E, and we conclude this work in Section II.F.

II.B System model

We consider a general progressive image transmission system consisting of
a single source and destination either with or without relays. The image source rate
is denoted by Ry pixels/sec. If we assume r; bits-per-pixel (bpp), then the total
source rate is Rrs bits/sec. The source bit stream is packetized into M packets,
which are protected by suitable channel codes. All the packets are assumed to have

equal channel codeword length, n. The total bandwidth available for the source
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is W Hz, whereas the duration of a code symbol is denoted by 7T,. Assuming a

Nyquist pulse-shaping filter at the transmitter, we have
1+

T, ’
where (3 is the roll-off factor of the pulse-shaping filter.

W =

(IL.1)

We assume the channels between all the nodes are random, independent,
and constant over the packet duration. The coherence bandwidth is assumed to be
the same as the bandwidth of a sub-channel, where the bandwidth of a sub-channel
is defined as W/N and N is the number of relays. We assume Rayleigh fading,
so the square of the fading amplitude follows an exponential distribution, and the
additive noise is independent and identical distributed (i.i.d.) white Gaussian and
independent for each channel. We assume that the receivers of the relays and the
destination know the instantaneous channel realizations, and the transmitters of
the source and the relays know only the mean channel gain.

The destination combines the received channel code symbols on the N
sub-channels using maximal ratio combining (MRC). We assume that the system
is able to detect any errors and halts decoding of subsequent packets following an

erroneous packet.

II.B.1 Baseline System

In the baseline system, the transmission bandwidth W is equally divided
into N uncorrelated sub-bands and the source repeats each packet over the N
sub-channels. The bit duration of each sub-channel is Ty, = N7T,. If K; denotes
the number of information bits in the jth packet, where 7 = 1,..., M, then the
channel code rate of the jth packet is r2(j) = K;/n, where n is the packet length
in bits. The total transmission time for a given image is M xn x T,. In this time,
the total number of source bits generated is RyrsMnTy, which is assumed to be

equal to Zj\il K;=n Zj\il rB(j). That is, we have the rate constraint

M
1
j=1

< Mn. (11.2)
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Since K; information bits are transmitted in the jth packet, the average time
duration to transmit a single information bit, T;?(j), is computed as

nTy,
K;

J

Ty (j) =

If R2(j) = 1/T2(j) denotes the information bit rate for the jth packet, then, we

have

Rp(j) = —t 7 = = : (I1.3)

where 77 (j) = 72 (5)/(1 + B).

Let oj; denote the channel fading amplitude experienced by the jth
packet on the [th sub-channel. We assume that the o;;, for j = 1,..., M and
l=1,...,N, are ii.d. Rayleigh random variables, with second moment E[oz?yl] =
;. The total average transmission power budget at the source is Pr. Therefore,

the average power per sub-channel is P, = Pr/N.

11.B.2 Half-duplex Relay System

We assume N relay nodes, each of them and the source occupying a band-
width of W/N, as presented in Fig. II.1. The source transmits each packet sequen-
tially through one of N sub-channels. Each packet is received by the destination
as well as by all the V relays. The packets are assumed to be further protected by
suitable cyclic redundancy check (CRC) codes to aid verification of their integrity.
With this, only those relay nodes that successfully decode the source packets re-
encode and forward them to the destination. For simplicity, we assume that the
probability of undetected error is very low, and can be ignored. The destination
combines all the packets that it receives from the source and the relay nodes in an
appropriate manner before proceeding with channel decoding. For the [th packet,
we denote by ayq; the fading amplitude on the path from the source to the des-
tination, ainl the fading amplitude on the path from the source to the jth relay
node, and aidl the fading amplitude on the path from the jth relay node to the

destination. Similar to the baseline system, we assume that asqy, o, ; and o,
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Figure II.1: (a) Baseline system and (b) half-duplex relay system, where Si and

Ri are the ith packet transmission at the source and the relay, respectively.



13

forj=1,...,Nandl=1,..., M, are independent and Rayleigh distributed, with
second moments ElaZ; )] = Qu, El(a srl) ] =) and E[(« le) | =,

If we denote by L; the number of information bits in the jth packet,
then the code rate of the jth packet with cooperation is r$°“P(j) = L;/n, j =
1,..., M. In the half duplex relay system, where the relays transmit and receive in
different time slots, 2M time slots are required to transmit M packets. Since the bit
duration of the half duplex relay system, 7%, , is equal to that of the baseline system,
the length of each time slot is (n/2)Ts, = (n/2)NTs, which is half of a packet
transmission time. This leads to the following rate constraint with cooperation :

M

> Lj=RaMT,n/2< Mn/2 = — ZrCOOp = —NR T, < ;

=1

] (I1.4)
where the effective channel code rate of the jth packet, r$°9P(j) = L;/n. If
we denote by P, the average transmit power of the source, and by P; the average
transmit power of the jth relay node, then we have the following energy constraint:

N N
Py(n/2)T+ Y Pi(n/2)Ty = PrTy = P+ Y P;=2Pp, (IL5)

j=1 j=1

where Pr is the average transmission power of the source without cooperation.

II.C Throughput performance analysis

In this section, by assuming large block lengths and block fading of the
channel over the packet duration nTj,, we lower bound the actual PER by the
channel mutual information (MI) outage probability [40], which is defined [41] as
the probability that the instantaneous MI observed by a packet, which is a random
variable (r.v.), is below the attempted information bit rate. Then, we derive the

average throughput expression for each system using the MI outage probability.
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II.C.1 Gaussian Inputs
II.C.1.a Baseline System

Let 7'(';-3 denote the MI outage probability for the jth packet, which is
a lower bound of the PER, at the destination. For the jth packet, the MI (in
bits/sec) is

N
N 4 P
MIP(j) = —- log, (1 +) M—lv_vaj?’,) : (11.6)
=1 N

The corresponding MI outage probability is

72 = Prob (MI®(j) < R}),)

j
w Wrg(4)
= Prob(Nlog2 (1+ZNW ]l>§ N
7 —
— Prob (Z —1>

orc (i) —1q
“Vinc (?a N) s (II?)

where we have used the fact that ¢ £ S aF [ is a Gamma-distributed r.v.

with probability density function (PDF)

efszfl
= > II.
and where I'(n) f e “u" tdu is the standard Gamma function [42], and ipe(z, n)

=0
in (I1.7) is the 1ncomplete Gamma function, which is defined as [42]

1
ﬁleIC xz, n é P_ / 7uun71du~ (119>

In (IL7) T = PN/ (NoW) = Pr§2y/(NoW) is the average received signal-to-noise
ratio (SNR) per sub-channel.
Due to the progressive nature of the source, only the packets decoded

successfully until the first decoding failure are used by the source decoder for
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reconstructing the source. Let us denote by SP the probability of successfully

receiving k source packets at the input of the source decoder. Then, we have

Spo= ma|Ja-7P) k=1... M-1 (11.10)

; i=1
SE = Hl—ﬂ'

The average number of source bits successfully decoded by the source decoder in

the baseline system is

= n(l+8)) (Z f?(z‘)) st (I1.11)

where rB% = (7B(1),...,72(M)). The source-channel rate allocation problem for

the baseline system can then be stated as

maximize 7 g(rSY) (I1.12)
M M

subject to B < ——. II.13

o 3270) < 15 (1.13)

II.C.1.b Half-duplex Relay System

We denote by ¢(1, j) the probability of decoding error of the jth packet
at the ¢th relay node, which is computed as follows: Let MI(¢, ) denote the MI of
the jth packet at the ith relay, then

W P,
MI(Z,]) = NlOgg (1 + N W(asr,j)2>

N2
w = ady)
where 7% = Nﬁ%Qgr, , = 1,..., N. The transmission rate of the jth packet with

cooperation is Ry °%P(j) = 27C°OP(j)W/N, where 7$OP(5) = #COP(5)/(1 + B).
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Then,
ali,j) = Prob (MI(i, ) < B{**°(j))

— Prob ((air,j)2 < 227" — 1)

Q/«é"' VéT’N
927°OP(j) _ q
Vinc <W’ Ly, (I1.15)
Vor

which follows from the fact that (o, ;)*/€2, is exponentially-distributed with unit
mean.

Let D; denote the set of relay nodes that successfully decode the jth
source packet. Then the probability that relays in the set D; are only able to
decode the jth source packet is

Prob(Dy) = ¢ [T (1 —ai,5) p x 3 T alk.5) (IL.16)

i€D; kgD;
owing to the independence of the decoding errors at the relays, which is attributed
to the spatial independence of the channel fading.
At the destination, we assume that each source packet is maximal-ratio

combined. Then, the MI of the jth packet at the destination, conditioned on D;;,

18
w Py B
MI(D;) = - log, <1+—W0‘§d,'+ —W(alrd,')Q)

W _ _
- N log, <1 + N¥ga(@5a,3)? /Qsa + N Z ”Yid(O‘id,j)z/Qid) )

lEDj

(I1.17)

where 7., = 0L, 1 = 1,...,N. Conditioned on Dj, the probability of jth

packet error at the destination is

2~C00p N
70 (D;) = Prob (MI(Dj) < %)
_ 2 —l l 2 l 22Fc000p(j) —1
= Prob ’ysd(QSd,j) /QSd + Z Vrd(ard,j) /Qrd < T :
ZGDj

(I1.18)
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To simplify (I1.18) further, define

Z<DJ> = Wsd(asd,j)z/Qsd + Z and(aid,jf/ﬁid- (IIl9)
leD;

Assuming 7,,, V.4, VI € Dj, are all distinct, and using the moment generating

function approach, it is easy to show that the PDF of Z(D;) is given by

1 z 1 z
— exp (—_ ) + Z M(Dj) = exp (_T) ,  (I1.20)
75(1 75d l€D; 7rd ’yrd

fzp;)(2) = Mo(D;)
where

Mo(D;) = H_—’y_“’_l (11.21)
lep, Jsd ~ Trd

7, 7,
Yrd = Vsd meD; m#l Yed = Vrd

Upon using (I1.20) in (I.18), we arrive at

CoOp 22TCOOP(J) 1
TP (Ds) = Ao(Dj)Yime | — =1

927" (@) _ 1
+ ) ND ) Yine | ————1 - (11.23)
’yrdN

Finally, upon averaging (I1.23) over all possible decoding sets, the average proba-

bility of error for the jth packet is

PP = Z Prob(D;)r; °°P(D;). (I1.24)

CoO

Once 7; P is found, the probability of successfully receiving k packets at the input

of the source decoder with cooperation, Pk P can be expressed in a form similar
to (IL.10), where the 72 in (IL10) is replaced by WfOOp of (I1.24).
The average number of source bits successfully decoded by the source

decoder with cooperation is

M J
?coOp(ZSOOp) = Z (Z Li) P?OOP
j=1 \i=1
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where r°0P = (F°OP(1), ... 7F°OP(M)). The source-channel rate allocation prob-

lem with half-duplex relayed transmission can then be stated as follows :

maximize TCOOp( 7 oOP) (I1.26)

M
: ~CoOp ;
subject to E_ 7 0P (f) < S5 (I1.27)

II.C.2 BPSK Inputs

In order to apply the results of an information-theoretic analysis to practi-
cal system design, BPSK inputs are considered. Although a closed-form expression
for the symmetric capacity with respect to BPSK inputs is not known, it is pos-
sible to compute the symmetric capacity numerically. However, in this paper, we
use both bounds and an approximation for symmetric capacity instead of numer-
ical computation. Both upper and lower bounds for the symmetric capacity were
derived by Baccarelli in [35], and approximations were proposed in [36], [37], and
[38]. In this paper, the upper bound of [35] and the approximation in [36] of the
symmetric capacity for BPSK inputs are used to find an upper bound on the av-
erage throughput of the rate-optimal UEP for the system. From (10) in [35], an
upper bound for the MI of the baseline system is

MIB oo (5) < % (1 —log, (1 + exp < 2 Z N W jl> >> (11.28)

and the upper bounds of MIs for the relay system are

W P
Mlgpsk(i,j) < —=| L —logy | L+ exp [ —2—5(c,,)? , (11.29)
N No% ,

Mlgpsk(D;)

W P, Py
< N (1 — log, (1 + exp < — QNO—wozsdJ -2 Z N, & (Oérd,j) > .

and
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From (9) in [36], the approximation of the MI for the baseline system is

MIE g (5) ~ Z (1 — exp < QbZ P1 %) ) (I1.31)

z10N

and the approximations of MIs for the relay system are

LW P,
Mlgpsk (i, ) ~ ~ (1 — exp ( QbN m( ;Tj)2> ) (I1.32)
0N

P, P,
(1—exp<—2bN sd] sz l id; 2)),
IED;

(I1.33)

and

= =

Mlgpsk (Dj) ~

where b is a parameter that equals 0.6573 for BPSK inputs [36]. The approximated
average throughput expressions of each system with respect to BPSK inputs can
be derived in the same manner as those with Gaussian inputs, so details are not

presented here.

II.D Optimum source-channel rate allocation

In this section, we discuss an algorithm to find the optimal source-channel
rate allocation to maximize the average throughput of each system. In [39], a
recursive algorithm to find the throughput-optimal solution was proposed. We
show that the same algorithm can find the throughput-optimal solution for our
information-theoretic framework. All objective functions for baseline as well as
relay systems are concave over r2 r&°0P at high SNR, which can be proved by
showing that the Hessian matrix of the objective function is negative definite. The
detailed concavity proof is presented in the appendices. Then, the optimal UEP

can be found by M partial differentiations as follows :

T m((r)

= =1,..., M. 11.34
8rc(@ 0 Y (IT.34)



20

If there is no solution for the ith equation, then the ith element of the optimal UEP

is min{ R} or max{R}, where R is the set of possible code rates. In particular,

Tord(M) (1—mm) — TC(M)W =0, (I1.35)

where 7y, is the MI outage probability of the Mth packet, presented in (I1.7)
and (I1.23). That is, we can find the optimum rate of the last packet first, and
then find the rate of the (M — 1)th packet recursively. Therefore, we can find the
rate-optimal UEP policy, rf = (ri(1),75(2), -+ ,r5(M)), using the algorithm of
[39]:

1. Set i =1 and (M) = argmax, (er 7 1(r.(M)) for all r.(M) € (0, 1]

2. If i = M, then 15 = (ri(1),r5(2),--- ,r5(M)) and stop.

c ’h e yc

3. Set i =i+ 1and (M —i+1) = argmax, (v—i+1)e(0,r.(M—i)] T (rC(M — 1+
1), rX(M —1),--- r*(]\/[)) Go to step 2,

» e ’ice

where T;((r,)) is the average throughput expression of the last i packets. Note
that, at low SNR, this algorithm will find a sub-optimal UEP policy since the

convexity of the average throughput was not proved.

II.LE A practical system design example and simulation re-

sults

In this section, we consider a BPSK-based practical embedded image
transmission system with and without cooperative relays and then present the
results of joint source-channel rate allocation based on the analysis as well as
simulations. For a practical system, an algorithm to find a rate-optimal UEP
policy can be found in [14] [39] when the PER of a specific channel coding scheme

is known.
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II.LE.1 Simulation Setup

For the simulation, we use SPIHT to encode Lena image with 0.4 bpp of
source rate. For channel encoding, RCPC and RCPT codes are considered. The
RCPC codes have constraint length 3 and generator polynomial (23, 35) in octal.
The rate of the mother code is 1/4, and the length of the codeword is fixed to 1000
bits, which is also the length of a packet, L. We consider 13 punctured code rates,
Rrepc={8/32, 8/30, 8/28, 8/26, 8/24, 8/22, 8/20, 8/18, 8/16, 8/14, 8/12, 8/10,
8/9}. Since we assumed fixed packet length, there are 13 different source block sizes
corresponding to code rates. For RCPT codes, the encoder consists of two identical
recursive systematic convolutional (RSC) coders with memory of 2 and generator
polynomial (7,5) in octal. The rate of the mother code is 1/3 and the codeword
length is 1000 bits. We also consider 9 punctured code rates, Rropr={8/24, 8/22,
8/20, 8/18, 8/16, 8/14, 8/12, 8/10, 8/9}. We use soft output Viterbi decoding with
10 iterations. Regarding the bit budget, we assume the total number of packets,
M, is fixed at 100, so the optimization must find the code rates of 100 different
packets which maximize average throughput. The channel is assumed to be block
fading, so the channel gain is constant within a packet, but independent packet
by packet. For the half duplex relay system, we assume a single relay is located
halfway between the source and destination, and the path loss exponent is set
to 4. For a comparison of two systems, we assume they have same bandwidth,
transmission time and energy. In the baseline system, the total transmit power
is equally allocated to the subchannels, but in the half-duplex relay system, twice
the total transmit power of the baseline system is equally allocated to the source

as well as to the relay to make them have the same transmit energy, as shown in
(IL.5).
II.LE.2 Simulation Results

In this subsection, we provide simulation results and compare them with

the analytical results. Although any real number between 0 and 1 can be a code
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Figure I1.2: EEP channel code rate profile of the baseline system at SNR of 4 dB,

where three independent sub-channels are assumed.

rate theoretically, we restrict the possible code rate for the analysis to be bounded
by the minimum and maximum code rates of the RCPC or RCPT codes in order to
get comparable results. In Fig. I1.2, the average throughputs of the rate-optimal
EEP for the baseline system are presented, where RCPC and RCPT codes are
considered. As explained in [43], the iterative decoding performance of the RCPT
code approaches the maximum-likelihood (ML) bound as the number of iterations
increases. Therefore, Fig. I1.2 shows that the rate-optimal EEP channel code rate
approaches the analytical bound as better channel coding schemes are used. In the
figure, the three solid curves represent the analytically-derived average through-
puts, which are computed by using the MI outage probability of the Gaussian and
BPSK inputs. For Gaussian inputs, the rate-optimal EEP code rate is approxi-
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Figure I1.3: Average throughput of baseline system and half duplex relay system.

mately 0.9. However, for BPSK inputs, the rate is reduced to 0.65. On the other
hand, the rate-optimal EEP channel code rate for the RCPC codes is 8/16 and
the channel code rate for the RCPT codes is 8/14 with 5 iterations, 8/14 with 10
iterations, and 8/13 with 100 iterations, so the optimal code rate is approaching
0.65 asymptotically. The average throughputs and PSNRs of rate-optimal UEP
policies for the baseline and the half-duplex relay systems are presented in Fig. 1.3
and II.4. Due to the path loss reduction, as well as the cooperative diversity gain,
the half duplex relay system is better than the baseline system, especially at SNR
around 12 dB. However, the average throughput of the half-duplex relay system
saturates at intermediate SNRs. In contrast, the throughput of the baseline sys-
tem is significantly enhanced as SNR increases and the crossover of the two curves
appears at around 20 dB, which is caused by the loss in the spectral efficiency of
the half-duplex relay system. The same trend is observed for average PSNR. In

Figs. I1.5 and II.6, average code rates of UEP policies for the two systems are
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ratio of the number of information bits and the length of packet.
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presented. Fig. I1.5 shows the effective code rate, r., where the effective code rate
is defined as the ratio of the number of information bits per packet to the packet
length. In the half-duplex relay system, the packet consists of two time slots,
where the second time slot is the repetition of the first slot if the relay decodes the
first time slot successfully. Therefore, even though the two systems have the same
channel code rates, the number of information bits per packet in the half-duplex
relay system is half of that in the baseline system, and the effective code rate of
the half duplex relay system cannot be greater than 1/2 max{R}, as shown in Fig.
I1.5. Interestingly, the average code rate for the half-duplex relay system is fixed
at 4/9 after 12 dB of channel SNR. This is mainly caused by the high diversity
gain of the relay system, which allows for a higher code rate. Fig. I1.6 presents the
average RCPC and RCPT code rates, where the code rate of the half-duplex relay
system represents the code rate per time slot, not per packet. As shown in this
figure, the average code rates corresponding to the half duplex relay system con-
verge to max{R} at an SNR around 14 dB. That is, when channel SNR is greater
than 14 dB, the half duplex relay system can choose the highest code rate for all
packets and then rate-optimal UEP becomes EEP. Finally, the rate-optimal UEP
profiles of the baseline system at an SNR of 18 dB are presented in Fig. I1.7. The
UEP profiles of the RCPC and RCPT codes are found using the corresponding
PER and the algorithm of [39], while the two curves above represent UEP profiles
computed by using approximated MI outage probability and its lower bound. The
stepwise UEP profiles are also presented by rounding the UEP profiles of the MI
outage probability to the nearest RCPC and RCPT code rates. As can be seen,
in most packets, the analytically-derived UEP channel code rates are higher than
the UEP channel code rates of the RCPC and RCPT codes, since the MI outage
probability lower bounds the PER. This can help in finding the rate-optimal UEP

for a specific channel coding scheme by reducing the possible code-rate set.
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Figure I1.7: Channel code rate profile of the baseline system at 18 dB

II.F Conclusion

We studied source channel rate allocation for a general progressive image
transmission system over a block fading relay channel. In particular, we derived the
outage probability for the baseline and the half-duplex relay systems with Gaussian
as well as BPSK inputs. We then derived the average throughput expressions using
the channel MI outage probability, which is a lower bound on the PER. To solve
the optimization problem, we proved the concavity of the objective functions at
high SNR and then found the solution using the recursive algorithm from [39].
We compared the average throughput and the rate-optimal UEP code rates found
from the analysis with those obtained from simulations of a BPSK-based system.
Numerical results indicated that our information-theoretic system model yielded
an approximate upper bound at high SNR on the system performance for the

actual BPSK-based system with capacity achieving channel coding.
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Superposition coding for
cooperative communication with

relay selection

ITII.A Introduction

Previously, we studied the cross-layer design for the transmission of pro-
gressive images over cooperative relay channels with focusing on the performance
analysis and the derivation of the algorithm to find UEP with multiple DF protocol
based relays. In this chapter, we extend the cross-layer design for the cooperative
relay channel especially in the relay protocol perspective. That is, to enhance the
performance, a relay-selection-based protocol can be considered instead of a con-
ventional DF protocol. To do that, we still consider a block fading relay channel to
transmit a Gaussian source which is successively refinable. In addition, to support
the layered transmission of the source, superposition coding, which has been useful
for a broadcast channel [33] [44], is considered.

In a broadcast channel, the transmitter cannot adapt to an individual
node’s channel gain. Instead, it may be required that all nodes have some mini-

mum performance. By assigning high priority data, which can achieve a specified

29
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quality, to the base layer of the superposition coding, most nodes can achieve at
least some minimum pre-specified performance, even if they have poor channel con-
ditions. However, for nodes with good channel conditions, signals can be decoded
with better performance. In [27], superposition coding is applied to relay commu-
nication to improve the throughput between the source and the destination, where
the relay transmits a single layer which is re-encoded with a different codebook.
Optimal power and rate allocation in two-level superposition coding based relaying
schemes are studied by Goparaju et al [28]. An information theoretic approach for
this problem is studied in [19], where the authors considered joint source-channel
coding for cooperative relaying systems with superposition coding when channel
state information is only known at the receiver and quasi-static channels are as-
sumed. They investigated the performance in terms of the distortion exponent
to quantify the decay rate of the expected distortion. In this chapter, we ana-
lyze the performance of the system both with and without superposition coding in
terms of the average distortion. Then, we propose a simple algorithm where the
superposition coding is used for the channel from the source to the relays, which
is a broadcast channel. A pre-determined number of relays are dedicated to the
base layer and to the enhancement layer in the transmission from the relays to the
destination, which is not a broadcast channel.

The rest of this chapter is organized as follows. In Sections III.B and
IT1.C, the system model and the performance analysis of three different protocols
based on DF are presented. Numerical results are shown in Section III1.D. Finally,

in Section III.E, conclusions are presented.

III.B System Model and Performance Analysis - SISO

In this chapter, we consider a single source, a single destination, and mul-
tiple relays. A Gaussian source is transmitted. Assuming that the total bandwidth

is divided into N equiwidth, disjoint channels as shown in Fig. III.1, the transmis-
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sions of source and relay nodes are orthogonal in the time and frequency domains.
We assume half-duplex and DF relays, so only those relay nodes that successfully
decode the source packet will re-encode and forward it to the destination. A direct
link (DL) between source and destination is not assumed. We consider a block
fading channel, where the fading coefficients are only known at the corresponding
receivers of the relay and destination nodes.

We assume power constraints on both the source and relay nodes. If the
transmit power from the source node is Pr, then we assume that the maximum
transmit power per relay node is Pr/N, where N is the total number of relays. We

consider the following three protocols for relays to transmit the packet:

II1.B.1 Case 1 : Repetition-based conventional single layer transmis-

sion

As presented in [21], the relay transmits a packet if the packet is decoded
successfully at the relay. If not, the relay is silent. To analyze the performance,
we assume that a successively refinable Gaussian source is transmitted. We derive
information-theoretic expressions of the average throughput and the expected dis-
tortion as functions of the outage probability. In Case 1, the Gaussian source is
transmitted in a single layer.

We denote by o the fading amplitude on the path from the source to
the jth relay node, and by aﬁd the fading amplitude on the path from the jth
relay node to the destination. We assume that o/ and ozf;d, for j =1,...,N, are
independent and Rayleigh distributed, with second moments E[(aZ, )?] = QJ_ and
E[(al,)?] = €/, Then, the mutual information (MI), conditioned on the channel

gain, and the outage probability for the channel from the source to the jth relay
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Figure I1I.1: Case 1 : Repetition-based conventional single layer transmission.

with given rate R can be represented as [21] [45]

| 1 P
MIG) = log, <1+0—2T(oz§r)2> (I11.1)
N

m (R) = Prob(MI(j)<R>

1 Pr, .

= Prob(—log2 (1 + —QT(OHST)Z) < 2R>
2 oNn
P .

= Prob( ;(&ir)z < 2R>

ON

2°R —1
%nc(—R 1), (I11.2)

A
respectively, where v, is the incomplete Gamma function, which is defined as [42]
xr

A 1 / —1 —1
inc — oo " du. II1.3
Y fﬂzo e—uﬂn—ld,u y=0 € :UJ M ( )

Note that MI is normalized by W, which is the bandwidth of a subchannel, through-
out this chapter. The single-sided power spectral density of the additive Gaussian

noise is denoted by Ny, so that the noise power in a bandwidth W is 0%, = NoW.
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We assume there are N relays and that Pr, which is the total transmit power from
the source, is equally allocated to the relays. Then, the relays which decode the
packet successfully will transmit the packet to the destination. At the destina-
tion, all packets are maximal-ratio combined and then decoded. Let ®, denote
the possible set of relay nodes which successfully decode the source packet, where
k=1,...,2N. The probability of the set ®} is

Prob(®) = [[(1 = =, (R) [] =, (R (I11.4)

= JEPy,

where independence of the decoding errors at the relays, due to the spatial inde-
pendence of the channel fading, is assumed. At the destination, the MI and the

outage probability, conditioned on @y, are

Pr/N
MIy(Dy) = 1og2 (1+Z T/ aid)Q) (IIL.5)
led, UN
2R—1
TR, @) = > MPr)Yine PT/NQZ 1), (I11.6)
leDy, O’

respectively, where A\(®y) is defined as [21]

@) =[] ZQ—ld (I11.7)

me®,,m+£l g
For simplicity, we assume channels from relays to destination have identical statis-
tics. Then,

2R —1
ma(R, Pp) = ’Yinc(W, |<I>k‘), (I11.8)
o2 rd

where 2,4 represents the mean channel gain from relays to destination, and |®y|
is the number of relays in the set ®,. Finally, on averaging (II1.6) over all possible
decoding sets, the outage probability is
ma(R) =) Prob(®p)m(R, By). (I11.9)
Dy

With (II1.9), the average throughput at the destination can be computed as

E[T(R)] =0 - m4(R) + R(1 — mg(R)). (I11.10)
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To obtain the expected distortion, we use the well-known distortion-rate function

for the unit variance Gaussian source presented in [33] as
D(R) = 2721, (I11.11)
Based on this function, the expected distortion can be computed as

E[D(R)] = 2% my(R) + 272%(1 — m4(R)). (I11.12)

ITI.B.2 Case 2 : Repetition-based superposition coding

In this case, the base and enhancement layers are multiplexed using su-
perposition coding, where the base layer (BL) and enhancement layer (EL) are
generated by partitioning the successively refinable Gaussian source bitstream and
the EL cannot be decoded without the BL. Since the priority of the BL is higher
than that of the EL, more power can be assigned to the BL, which will be dis-
cussed later. At the relay, the BL is decoded first. To do that, the EL is considered
as interference. If the BL is decoded successfully, then it is subtracted from the
received signal to decode the EL. If a relay decodes both layers successfully, then
both layers are superposed and transmitted. However if a relay decodes only the
BL, then it will transmit the BL only. Since the EL cannot be used to reconstruct
the source without the BL, we ignore the case where only the EL is available.
Relays with good channel conditions will likely decode both the BL and the EL,
while other relays, with poor channel condition, may decode nothing, or the BL
only. Therefore, at the destination, maximal ratio combining (MRC) cannot be
used over all received signals.

For Case 2, we will find the outage probability for the BL and EL sep-
arately. Since the Gaussian source is successively refinable, the source cannot be
reconstructed from the EL alone. As explained previously, at first, decoding is done
for the BL. Then the EL is decoded after subtracting the BL from the received
signal. We define 8 as the power allocation parameter for the BL, so that Py is
allocated to the BL and (1 — 3)Pr is allocated to the EL, where Pr represents the
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Figure I11.2: Case 2 : Repetition-based superposition coding.

total transmit power from a single source. The MI, conditioned on the channel

gain, for the BL from the source to the jth relay can be represented as

BPr(cad,)? )
0% + (1= B)Pr(ady)?/’

1
Ml (j) = 5 log; (1 n (I11.13)

where (1 — 3)Pr(a?,)? represents the power of the interference caused by the EL.
The corresponding outage probability for the BL from the source to the jth relay
is given by
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™ rj,BL(RBL>
— Prob(Mlp, (j) < g

( BPr(al,)? < 92ReL _ 1)
ok + (1= B)Pr(ad)?
— Prob(3Pr(0d,)? — (1 - §) Prod, (220 — 1) < o (22 — 1)

(04,)? 0% (22FBL 1) . 2R
= Pr0b< Q4 < QgT'PT(ﬁji(B—l)(QQRBL_l)))’ if (1+(8—1)2°"BL) >0
N (od,)? 0%, (22FBL-1) : 2R
Pl"Ob( QL. > QgTPT(gli(ﬁ,l)(ﬂRBLil))), if (1 + (ﬂ — 1)2 BL) <0

22BBL —1 : 2R
Yo (77 s )L (5 = 1227 > 0
— a% 037'(1+(ﬂ_1)2 RBL) (11114)

1, if (1+(8—1)2%BL) <0
When the BL is decoded successfully and subtracted from the received signal, the

MI and outage probability for the EL are

Mg (j) = %log2 (1+(1_BL§T<O“{T)2) (I11.15)

22REL -1

%nc(PTj—, 1), (IT1.16)
aer(l - p)

T, 60 (REL)

respectively. If we assume all channels from source to relays have identical statis-

tics, then
22RBL_1
o (Ra) = inc( ) I1.17
mranfio) = e g W (B - D7) i
N
22REL_1
7T7‘ R = inc <—>' ]:[:[‘18
otfie) = el g 1=5) e

As opposed to Case 1, the signals transmitted from relays may not be combined
in Case 2. For example, if some relays decode both the BL and EL, but others
decode only the BL, then MRC cannot be applied for all the received signals at
the destination. Except for the cases where all relays decode both the BL and the
EL, or the BL only, we have the following decoding procedure at the destination :

1. If there are any relays transmitting only the BL, they will be used to decode
the BL at the destination. If there is no relay transmitting only the BL,

decoding is done for the BL by considering the EL as interference.
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2. The EL is decoded after subtracting the BL from the received signal.

Let ©f and ¥y denote the sets of relays which successfully decode only
the BL, or both the BL and the EL, respectively, where ©, N ¥, = (). If we define
yr and zp as the numbers of relays in the sets ©, and Wy, respectively, the joint
probability of ©, and ¥ is

Prob(0, Vi) = (mpr(Ren))Y (1 — mppr(ReL)mreL (Res)))
((1 — WT,BL(RBL))(]- — 7TT7EL<REL))>ZI€. (11119)
Based on the decoding procedure for Case 2, the MI and outage probability for
the BL at the destination, conditioned on (O, Vy), are

$log (14 Cico, Z¥(0le)?), >0
Mlapr (O We) =9y 0 8PN (S, (o)) - (1I1.20)
$logs ( U?v"‘(l—ﬁ)PT/N(ZZE\pk(alrd)z))’ o =0,
7a8L(RBL, Ok, V)
r o <%2RBL71 yk> > 0
mc Z_—‘T]CVQTC{, )

— . 22RBL71 — _ ZRBL
71nc<PT2/NQTd(1+(B1)22RBL)’Zk>7 Yk 0 and (1 + (6 1)2 ) >0
N

1, ypx=0and (1+ (8 —1)228s) <0,
(I11.21)

respectively. If gy, = 2z, = 0, then there is no transmission from relays to destina-
tion, so the outage probability is not defined. After perfect subtraction of the BL
from the received signal, the EL outage probability at the destination, conditioned
on (O, Vy), is

92RpL, _ |

Ta,eL(REL, Ok, Vi) = Yine ( yom
’ Pr/N _
‘712\1 Qrd<1 6)

, 2). (I11.22)

The outage probabilities, after averaging over all possible decoding sets, (O, V)

for the BL and the EL, are

Wd,BL(RBL) = Z Prob(@k, \Dk)ﬂ—d,BL(RBLa @k:» \I’k) (III23)
(O, V%)
TaEL(REL) = Z Prob(Oy, ¥y, )74 kL (REL, Ok, Vi), (I11.24)

(Ok,Pk)
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respectively. Then the average throughput can be computed as

ET(RpL, ReL)] = 0-mapr(ReL) + Ren(l — mapL(ReL)) e eL(REL)
+(Rpr, + Rer)(1 — mgpL(ReL)) (1 — maeL(REL)),
(I11.25)

and the expected distortion is given by

E[D(RpL, ReL)] = 1-mqpL(Rer) + 272" (1 — mypL(ReL))maeL (ReL)
+2—2(RBL+REL)(1 — Wd,BL(RBL»(l — Wd,EL(REL»-

(I11.26)

II1.B.3 Case 3 : Relay dedication-based superposition coding

The decoding procedure of this protocol at the relays is exactly the same
as that of Case 2. However, in this case, we assume all relays can communicate with
each other to know whether other relays decode the BL and EL successfully. Based
on that, we dedicate specific relays to the BL or the EL, instead of transmitting
the superposed signal. By doing that, the BL or EL avoids the interference caused
by the other layer at the destination.

For Case 3, the outage probability from the source to the relays is exactly
the same as for Case 2. However, from the relays to the destination, the outage
is dependent on the number of relays dedicated to a specific layer. Assume at
most M relays are assigned to the BL. If there are more than M relays which
decode both the BL and the EL, then only M relays transmit the BL and the
others transmit the EL. However, if there are fewer than M relays which decode
the BL or both the BL and the EL, then all relays transmit only the BL. Then,
the following decoding procedure is applied to Case 3, where ¥y, and z; represent
the number of relays which successfully decode only the BL, or both the BL and
the EL, respectively :

1. If (yx + 21) < M, all relays transmit only the BL.
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Figure I11.3: Case 3 : Relay dedication-based superposition coding.

2. If (yx + zx) > M, but yr, < M, then the y; relays which decode only the BL
and the (M — y;) relays which decode both layers are dedicated to transmit
only the BL. The remaining (z; — (M — yx)) relays which have both BL and
EL transmit only the EL.

3. If yp > M, then the z; relays which have both layers transmit only the EL.
The other gy, relays transmit only the BL.

If we denote L = y + zx — M for a given (O, V},), the outage probability
for the BL from the relays to the destination is

s

.
22RBL—]_

’Yinc(W,yk + Zk>> L<0
R

rd

2Rpy
mapL(ReL, O, ¥)) = v(%T/—Ngl yk): L>0and yx >M (I11.27)
N

’yinc<?32TR/BTLQ_17M>, L>Oandyk§M,
2 rd

\ N
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and the outage probability for the EL is

22R 1
v(W zk), L>0andy, > M
rd

TaeL(Rer, Ok, Vi) = (I11.28)

'7inc<%>i~R/];ijQ 1 L), L >0 and Yk < M.
N rd

Note that there is no EL transmission from relays to the destination if L < 0.

The average throughput and distortion for Case 3 are exactly the same as those

presented in (II1.25) and (II1.26) for Case 2, except for the expression of outage
probability.

III.C System model and performance analysis - MIMO

In this section, we assume that a single source and multiple relays have a
single antenna each, and the destination has multiple antennas. As opposed to the
previous SISO scenario, we assume all relays share a single channel by applying
multiplexing schemes such as superposition coding as well as spatial multiplexing
for the transmission of multiple layers. Since there are multiple receive antennas at
the destination, spatial multiplexing or spatial diversity can be used in the relay-

to-destination links consisting of virtual MIMO, based on the relay protocols.

III.C.1 Case 1 : Repetition-based conventional single layer transmis-

sion

We consider the same system model presented in the previous section for
the SISO scenario, except that there are multiple antennas at the destination and
all relays share a single channel. Therefore, for the link from the source to the
relays, we have the same analysis for the MI and outage probability. For the links
between the relays and the destination, we denote by O‘Zx the fading amplitude on
the path from the jth relay node to the ith receive antenna at the destination.
Then, at the destination, the MI, conditioned on ®, is

MIy (D) = 1og2 (1 +Z PT/ N O jfd)?), (I11.29)

JjEP
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where Mg represents the number of receive antennas at the destination and the
received SNR computation follows the approach presented in [46]. Assuming that
the channels from the relays to the destination have identical statistics, the outage

probability is
22R —1
7a(R, ®1) = Yine <— MR>. (I11.30)

O 04|

III.C.2 Cases 2 and 3 : Repetition and relay dedication-based super-

position coding

As shown in the previous section, not all relays necessarily transmit the
same data to the destination when superposition coding is applied. That is, some
relays transmit only the BL, but the others can transmit superposed BL/EL or
EL only. However, individual antennas at the destination can receive both layers,
since a single channel is shared by all relays. To combine the received signals at
the individual antenna, we apply optimum combining [47], which maximizes the
received SINR, where the EL is considered as co-channel interference when the BL
is decoded first. With optimum combining, the received SINR is computed as [47]

P
V= WT(CDA(@k, @) Ry (CpA(Oy, ©1)), (111.31)

where R; denotes the short-term covariance matrix of the Gaussian noise and

interference, and is given by
P
Ry = o3Iy, + WT((JDB(@k, ) (CpB (O, D)) (111.32)

In (II1.32), Cp is the matrix of fading amplitudes from the relays to the multiple

antennas at the destination, given by

11 12 1N
Qg Qg T Qg
21 22 2N
a a e a
rd rd rd
Cp = : (I11.33)
Mg1 Mpg2 MgrN

Qg Qg T Oy
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and A(O, ®x) and B(Oy, Py) are the vectors representing how much power is
assigned to the BL and the EL, respectively, at the relay. For example, in the
protocol of ‘Repetition-based superposition coding’, v/8Pr/N and /1 — 8Pr/N
are the assigned powers to the BL and the EL, respectively, if the relay decodes both
BL and EL. Then, the MI and outage probability for the BL at the destination,

conditioned on (O, ), are given by

1
MlgpL(Ok, Pr) = 3 log, (1 + v)
TapL(ReL, O, ) = Prob(v < 22 — 1),

(111.34)

respectively. Due to the lack of a closed-form expression for the outage probability,

the numerical results shown in the next section are based on a simulation.

III.D Numerical Results

In this section, we present numerical results based on the previous anal-
ysis. To generate the results, we consider either two or four relays located midway
between the source and destination. All relays have the same mean channel gain
to the destination. For the SISO scenario, in Fig. I11.4, the expected throughputs
for Cases 1, 2, and 3 are presented using (II1.10) and (II1.25). With two relays,
we assign a single relay to the BL. and the other to the EL to implement Case 3.
As shown in the figure, Case 3 outperforms the other protocols in terms of the ex-
pected throughput. In particular, Cases 1 and 2 have almost the same throughput,
where both of them are based on the DF protocol in the relays. The expected dis-
tortions for the three different protocols are shown in Fig. II1.5. This shows that
layered transmission with superposition coding can reduce the expected distor-
tion, compared to single layer transmission, even with a conventional DF protocol.
And, from the expected distortion of Cases 2 and 3, we need to assign higher order

diversity to the BL to reduce the expected distortion.
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Figure I11.4: Expected throughput with 2 relays and 1 receive antenna at the

destination.

In Fig. II1.6, the expected throughputs for Cases 1, 2, and 3 are shown,
where four relays and a single receive antenna at the destination are considered.
For Case 3, we consider M = 1,2,3. That is, one, two, or three relays are assigned
to the BL. As shown, in terms of the expected throughput, Case 3 with M = 2
achieves the best performance. However, Case 2, which is based on the DF protocol
and superposition coding, still does not enhance the throughput compared to Case
1, which is also shown in Fig. 4. The expected distortion is also presented in
Fig. IIL.7, where Case 3 with M = 2 has the minimum distortion. Over most of
the SNR range, Case 3 with M = 3 has comparable performance to Case 3 with
M = 2. However, if M = 1, the expected distortion becomes worse than that
of Case 2, where the relay repeats the superposed signal to the destination. This
shows that the number of relays assigned to the BL needs to be at least 2 to reduce

the expected distortion.
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Figure II1.5: Expected distortion with 2 relays and 1 receive antenna at the desti-

nation.

In Figs. IIL.8, II1.9, IT1.10, and III.11, numerical results for the MIMO
scenario are presented, where we assume two receive antennas at the destination
and a single channel shared by all relays. Due to the lack of a closed-form expression
for the outage probability in the link between the relays and the destination, we
found the outage probability by simulation. In Fig. IT1.8 and III.9, the expected
throughputs and distortions for the various protocols with two receive antennas
are presented, where we consider two relays. As shown in Figs. III.4 and IIL.5
for SISO, Case 3 yields higher throughput than the other protocols, and Case
2 yields lower distortion than the other protocols. In particular, Case 3 shows
poor distortion compared to Case 2. This is mainly caused by the loss of unequal
resource assignment in the transmission through the link between the relays and
the destination. That is, when there are only two relays, one of them transmits

the BL and one transmits the EL, so the layers are getting equal resources. To
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Figure II1.6: Expected throughput with 4 relays and 1 receive antenna at the

destination.

exploit the unequal resource assignment of the relay dedication-based protocol, we
consider four relays as shown in Figs. II1.10 and I11.11. We see that Case 3 with
M = 2 is the best among all the protocols considered in terms of the expected

throughput as well as distortion.

III.E Conclusion

In this work, we consider the transmission of a Gaussian source over
multiple relays. We consider three different protocols, which are based on the DF,
with or without superposition coding. In the first protocol, a single layer source is
transmitted and the relay repeats the source packet if it is decoded correctly. With
superposition coding, the second protocol allows the relays to transmit either only

the BL or both layers to the destination. Then, we propose a simple protocol to
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Figure II1.7: Expected distortion with 4 relays and 1 receive antenna at the desti-

nation.

assign dedicated relays to the BL and the EL. The key point of the third protocol
is that the superposition coding is used for the channel from the source to the
multiple relays, which can be considered as a broadcast channel, and then specific
relays are dedicated to the BL and the EL in the transmission from the relays to the
destination, which is not a broadcast channel, to avoid the interference present in
the superposition coding. Even though this simple protocol may not achieve the full
diversity order for the superposed BL and EL at the destination, unequal diversity
order can be assigned to the layers. We also present numerical results based on
an information-theoretic approach for two different scenarios equipped with single
or multiple antennas at the destination, and show that there is a reduction in
the expected distortion by using the protocol based on relay dedication to specific

layers for both scenarios.
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Figure II1.9: Expected distortion with 2 relays and 2 receive antennas at the

destination.
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IV

Motion-compensated scalable
video transmission over MIMO

wireless channels

IV.A Introduction

Fine granularity scalable (FGS) video coding is suitable for mobile users
with variable channel bandwidth, since it makes decoding possible even in the
case of partial loss of the bitstream, where the FGS bitstream is encoded in a
progressive manner. For example, in MPEG-4 FGS video coding, the base layer
(BL) contains the most important information, such as coding modes and motion
vectors. A scalable enhancement layer (EL) is generated using bit-plane coding
on the DCT coefficients. When the BL is transmitted reliably, the scalable EL
bitstream can be decoded, even though it is truncated at any point.

In motion compensated prediction (MCP) of conventional MPEG-4 FGS
coding, the current BL and EL are only predicted from the BL of the previous
frame. By excluding the EL from the MCP loop, MPEG-4 FGS coding can avoid
error propagation which can be caused by the corruption of the EL. However,

this can decrease the coding efficiency due to the use of a low quality reference
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frame. To enhance the compression efficiency, motion compensated fine granularity
scalable (MC-FGS) coding was proposed in [29]. In this video coding scheme, a
high quality reference is generated using the EL as well as the BL, which allows
the system to achieve a high coding efficiency. However, the loss of the EL can
result in severe error propagation, since there can be a mismatch (drift) between
the reconstructed references at the encoder and the decoder.

In [48], progressive FGS (PFGS) was introduced to improve the coding
efficiency and alleviate error propagation simultaneously. For higher coding effi-
ciency, PFGS uses a separate prediction loop that contains a high quality reference
frame in the encoding of the EL video. In order to address the drift problem, PFGS
keeps a prediction path from the BL to the least significant bitplanes of the EL
across several frames to ensure graceful recovery from errors over a few frames.
Robust FGS (RFGS) [30] uses a different approach to control the tradeoff between
the coding efficiency and the error propagation, where the two distinct parameters
of leaky and partial prediction are used jointly. UEP can also be used to enhance
the error resilience of MC-FGS by reducing the loss probability of the EL to be
used for the reconstruction of the reference. As in [31], different numbers of parity
bits are allocated to the packets of the EL according to their impact on average
distortion.

In this chapter, we study the transmission of an MC-FGS bitstream over
a MIMO channel with joint control of the UEP and the prediction parameters.
Specifically, we propose a UEP policy consisting of FEC and MIMO mode selec-
tion to exploit the fundamental tradeoff between spatial diversity and multiplex-
ing. Originally, the idea of combining cooperative diversity gain with UEP for a
progressive image bitstream was proposed by Kwasinski in [49], where additional
diversity was applied to high priority packets. We extend this to a MIMO system
which can provide higher diversity orders. That is, for each packet, we choose an
appropriate MIMO mode and FEC code rate to minimize average distortion.

The rest of this chapter is organized as follows. In Section IV.B, the
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source and channel models are described. The UEP scheme, based on a tradeoff
between reliability and data rate, is proposed in Section IV.C. In Section IV.D, we
provide simulation results and a discussion regarding the selection of the prediction
parameters based on the instantaneous channel information which can be fed back

to the transmitter. Finally, in Section IV.E, conclusions are presented.

IV.B System Model

IV.B.1 Source Model

P *
|
o | Enhancement
=2 ! layer not used
3 | for MCP
5 0<B<l Y
z A
o I
&h a a | Enhancement
& | layer used for
o | MCP
|
B=0 :
BL > BL f BL prediction
Y loop
Previous frame Current frame

Figure IV.1: A motion compensated FGS coder with leaky and partial prediction.

We consider an MC-FGS video coder employing leaky and partial predic-
tion, as introduced in [30] and [31]. In conventional MC-FGS video coding, both
the BL and EL are used to reconstruct a high-quality reference. However, this
can result in error propagation. To compensate for the error propagation, RFGS
introduced leaky prediction as presented in Fig. IV.1, where the EL is scaled by
the leaky prediction parameter, a € [0, 1], before it is incorporated into the MCP
loop. That is, at the encoder, the reference for the prediction of the current EL

at time n, FfL’enc, is a weighted sum of the previous BL, F2L and EL, FFL e,
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[31]
EPLene — (1 — )FPL 4 o FPL (IV.1)

Therefore, if the leaky prediction parameter is set to 0, the scheme becomes the
MPEG-4 FGS video coding, where the EL is entirely excluded from the MCP loop.
In contrast, if the leaky prediction parameter is fixed at unity, then it works as
MC-FGS video coding. However, by choosing the parameter less than unity, the
effect of error propagation can be reduced at the price of coding efficiency.

In partial prediction, the encoder designates the amount of the EL to be
used for the reconstruction of the reference frame in the MCP loop. For example,
the encoder could designate the number of bitplanes to be used. By including more
bitplanes of the EL into the MCP loop, better coding efficiency can be achieved.
However, if the instantaneous channel bandwidth cannot support the number of
bitplanes used in the MCP loop, then it can result in error propagation. Therefore,
the partial prediction parameter needs to be chosen based on knowledge of the
channel bandwidth. In this paper, we allow an arbitrary number of symbols in the
EL bitstream to be used in the MCP loop. Because the EL of MC-FGS coding can
be truncated at any point, we do not need to operate with the coarse granularity
of whole bitplanes, but can operate with the fine granularity of individual symbols.
We define the partial prediction parameter, (3, to be the ratio of the number of EL
symbols used for MCP and the maximum number of EL: symbols for that frame.

Then, (IV.1) can be represented as

FnEL,enc,ﬁ — (1 _ Oé)FnB—Ll + O{FEL,IB (IVQ)

n—1 »

where FELencS i the reference for the prediction of the current EL with partial
prediction, and Ffflﬂ is the partially reconstructed EL of the previous frame at

the encoder.
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IV.B.2 Channel Model

In this paper, we assume an M, x M, wireless MIMO channel, where
M, and M, represent the number of receive and transmit antennas, respectively.
Assuming perfect matched filter reception, we can use the following discrete-time

channel model :
r[l] = H[l]s[l] + n[l], (IV.3)

where r[l] represents the M, x 1 received signal vector, s[l] is the M; x 1 transmitted
signal vector, and n[l] is the M, x 1 independent and identically distributed (i.i.d.)
additive Gaussian noise vector for the [-th symbol. H[l] is the M, x M, MIMO
channel coefficients matrix, whose elements are i.i.d. zero-mean complex Gaussian
random variables with variance o7. We consider a high Doppler environment,
which results in rapidly time-varying channels. Given the Doppler spread, to

model the channel estimation error, we consider the following system :

e Pilot symbol assisted modulation (PSAM) [50]
e Orthogonal pilot symbols for each transmit antenna

e Channel estimation using the K nearest pilot samples in conjunction with a

Wiener filter.

If we denote the estimation error of the channel from the jth transmit
antenna to the ith receive antenna by ¢;;[/], then it can be modelled as a complex

Gaussian random variable, and its variance, o2[l], can be expressed as [50]
o[l =1 — w'[[)Rufl], (IV.4)

where R represents the K x K autocorrelation matrix of the nearest K received
pilot samples, w[l] is the K x 1 cross-covariance vector between the received pilot
samples and h;;[l], and we assume o7 = 1. Note that w[l] and R are dependent on

the pilot signal-to-noise ratio (SNR), Doppler spread, and pilot spacing. In this
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Figure IV.2: Packetization of the MC-FGS enhancement layer.

chapter, we assume that the pilot SNR and its spacing are selected to be equal to
the data symbol SNR and the channel coherence time, respectively.

By the assumption that all MIMO channels are independent, channel esti-
mation errors in the MIMO system can be modelled as a matrix consisting of i.i.d.
complex Gaussian random variables with the variance of (IV.4). To maximize
the signal-to-interference-and-noise ratio (SINR) under the condition of imper-
fect channel estimation, we consider the modified minimum-mean-squared-error
(MMSE) detection scheme proposed in [51]. We assume BPSK modulation, and
that N packets, whose size is fixed at m symbols, are allocated to a frame of the
FGS enhancement layer bitstream, as presented in Fig. IV.2. Note that each
packet is protected by FEC. For the transmission of the packet, we choose either
spatial diversity, spatial multiplexing or a hybrid of the two. We have a total
transmit power constraint to make the system consume a constant power for any
selection of MIMO modes. The specific MIMO mode (multiplexing, diversity, hy-
brid) is chosen at the transmitter on a packet by packet basis in order to minimize

distortion. The selection of UEP and MIMO mode per packet is performed at the
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transmitter because the source statistics and encoder characteristics are known

and are based on the average channel gain.

IV.B.2.a Spatial Diversity

Spatial diversity is achieved by transmitting and receiving symbol streams
with the same information content through multiple transmit and receive antennas.

There are various ways to implement spatial diversity, but quasi-orthogonal space

time block coding (QOSTBC) [52] is considered in this chapter.

IV.B.2.b Spatial Multiplexing

Spatial multiplexing makes it possible to increase the transmission rate
proportional to min(M,, M,) without allocating additional bandwidth or transmit
power [53]. Spatial multiplexing can be achieved by transmitting different data
streams through multiple transmit antennas over independently fading channels.
However, under the constraint of the fixed total transmit power, spatial multiplex-

ing assigns less energy per bit compared to spatial diversity.

IV.B.2.c Hybrid Mode

We consider the hybrid mode to have twice the data rate and half the
diversity order, as compared to the spatial diversity mode. For the purpose of
simulation, we implement Double Space Time Transmit Diversity (D-STTD), as

proposed in [54].

IV.C Unequal Error Protection with FEC and MIMO Mo-
de Selection
In this section, we investigate how to find a UEP policy for the FGS

EL to minimize the average distortion by choosing the FEC code rate and the

appropriate MIMO mode in a fast varying channel. For BL, we assume the lowest
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FEC code rate spatial diversity are assigned to guarantee the reliable delivery. We
assume that N fixed size packets are available for the transmission of the FGS
EL in a frame, where the packet length is equal to the duration of m symbols.
For the ith packet, the channel code rate and MIMO mode are denoted r; and
¢;, respectively, where r; is chosen from the possible channel code rate set and
¢; represents one of the MIMO modes. If we denote the packet error rate of the
ith packet by p;(r;, ¢;), then the probability that the first k packets are received

successfully and the first packet error happens at packet (k+ 1) is

7, = Pr(first packet error occurs at packet k+1)
pi(ri, ¢1), k=0
- H?:l(l — i1, &)k (es1, Pry1), 0 <k <N (IV.5)
[, (1= p;(rj 5),  k=N.

When the first & packets are successfully received, the number of information bits
available at the receiver is 2?21 rjM;, where M; represents the total number of
symbols in the jth packet, which is determined by the MIMO mode. Assume
that the rate-distortion function of the source input is available at the transmitter.
Then, the average distortion, E[D(«, )], can be computed as

k

E[D(a, 8)] = D(0, 0, B)mo + Y D> r;M;, o, B)my, (IV.6)

k=1 j=1

where a and (3 are the leaky and partial prediction parameters, respectively, and

D(R, «, 8) is the distortion of the decoded MC-FGS video when the entire base
layer and R bits of enhancement layer are received successfully.

At this point, we focus on the choice of r = [ry,79,- - -,ry] and ¢ =

(61, P2, - - -, On] for minimizing E[D(«, 5)], given o and . In [39], the authors

proposed a local search algorithm to get a sub-optimal distortion-minimizing UEP

policy when the length of the channel codeword is fixed. By using this algorithm,

we can get a sub-optimal rate allocation and MIMO mode selection to transmit the

FGS enhancement layer bitstream. To do this, we define the effective code rate,
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Figure IV.3: UEP policy and MIMO mode selection for the “Foreman” sequence
where o = 1.0 and § = 0.15. Total transmit signal to noise power ratio is fixed at

8 dB.

s;, as the ratio of the number of information symbols to the maximum number
of transmitted symbols in a packet, where the maximum number of transmitted
symbols is defined as that in a packet where spatial multiplexing is used. For
example, in a 4 x 4 MIMO system, 4 x m symbols can be transmitted with spatial

multiplexing. Then, the effective code rate of the ith packet, s;, is given by

ri/4, if spatial diversity is used
si =194 1;/2, if hybrid mode is used
r;, if spatial multiplexing is used.
The computational complexity of finding s = [s1, $2, 83, - -, Sy| using an existing
local search algorithm from [39] is lower than the complexity of finding r and ¢
separately. The performance is the same either way, and is sub-optimal.
In Fig. 1V.3, the UEP policy and MIMO mode selection versus packet

index are shown for the “Foreman” sequence, with @ = 1 and 8 = 0.15. Average
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channel SNR, Pr/c?, is fixed at 8 dB, where Pr is the total transmit power.
Then, for perfect channel estimation, the first 8 packets transmit the enhancement
layer used for MCP. Since this part of the enhancement layer can result in error
propagation if lost, additional protection is required. When there is imperfect
channel estimation, more diversity gain and a lower channel code rate are required
to protect the enhancement layer used for MCP, where the first 12 packets are
involved. In particular, to reduce the loss probability for the beginning of the

bitstream, spatial diversity is applied for the first 2 packets.

IV.D Selection of Leaky and Partial Prediction Parame-

ters

In this section, we discuss the selection of leaky and partial prediction
parameters based on the available channel information at the transmitter. In [30]
and [55], an analysis of error propagation with leaky prediction was presented.
According to these analyses, at the encoder, the EL bitstream is generated by
subtracting the BL residue, (FPL — FBL) and the high quality reference frame,
FT?L’Q"C’B , from the original frame, F;,. That is, the following residue is progressively

encoded as an EL of the current frame,

EL __ BL BL EL,enc,3
€n _Fn_(Fn _Fn—l)_Fn :

Note that the progressively encoded EL can be truncated anywhere. For example,
in MPEG-4 FGS, the EL is encoded using bit-plane coding, and less significant bits
can be discarded, at the cost of lower quality. When transmitted, the EL bitstream
can be truncated due to a limitation of channel bandwidth or transmit power.
We denote the reconstructed EL residue at the encoder using the transmitted
EL bitstream as €ZL. At the receiver, additional truncation can occur in the
EL bitstream caused by channel error. Then, ¢£X and éZL) which represents the

reconstructed EL residue at the decoder, are the coarsely quantized versions of eZ-

due to the truncation of the original EL bitstream at the encoder and decoder. We
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Table IV.1: The symbol definitions

Encoder | Decoder
Original /reconstructed frame F, F,
BL reconstructed frame F5L F5L
Original EL residue el —
Reconstructed EL residue ek bk
Partially reconstructed EL residue eZLB ebLh
High quality reference frame Ffuenc’ﬂ FfL’deC’B
Partially reconstructed frame FELS FELS

assume no mismatch for the BL at the encoder and decoder. The reconstructed

frame at the decoder, F},, is given by

Fn — gEL + (FBL _ FB_Ll) + FEL,dec,ﬁ’

n

where FFPLdecH ig the high quality EL reference for frame n at the decoder. That
is,
FPRdect — (1 — a)FBY + aF5P. (IV.7)

Hence,

F, =& +a(FP5° — FPL) + B2, (IV.8)

where Ff_ﬁ’ﬁ is the reconstructed (n — 1)-st frame using the BL and a partial EL

specified by 3, which is stored in the buffer at the decoder. Therefore,

BT = &8+ (B2 - FPG) + B2, (IV.9)

n

where €ffiﬂ represents the reconstructed partial EL residue at the (n — 1)-st frame

at the decoder. This may not be the same as the reconstructed partial EL residue

at the encoder, ef_LiB , if the successfully received number of EL bits is less than the

amount of partial EL specified by . Also, the partially reconstructed (n — 1)-st
[ELA

frame at the encoder, F, 7", is

FELS —  (ELS | (pBL _ pBLYy 4 pELencs (IV.10)

n—1 n—1
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The error between the original frame at the encoder, F),, and the reconstructed

frame at the decoder, F),, is

Fo—F, = ¢BL _¢PLy fBLencf _ [ELdecs
= e -+ - EL). (IV.11)

Note that the difference between Fffl’ﬁ and ﬁ’f}l’ﬁ results in reference mismatch
FELA _ [ELS)

n—1 n—1

while reconstructing the current frame. From (IV.9) and (IV.10), (

can be represented as
FES < B = - o - BEY). (V)
Then, the distortion of the n-th frame, D, (R, a, (), is

Dn(ﬁ;aaﬁ) = E[(Fn_ﬁn)2]

= Bl — & +a(B - EX)),

where R is an (n x 1) vector of the throughputs from the first to the n-th frames.

If we assume (eZF — eéEL) which depends on the channels corresponding to the n-th
frame, is independent of (Ff_Ll’B — ﬁ’f_ﬁ’ﬁ ) for rapidly varying channels, the above

expression becomes

Du(R., ) = El(e," &%)

n n

+20E[elr — PN EIFL — FRY

n—1 n—1

+Q?E[(FFLP — LAY (IV.13)

n—1 n—1

In [56], the residue between the original frame and the reconstructed
frame in the BL was well modelled as a zero-mean generalized Gaussian random
variable. And, in MC-FGS, to eliminate the temporal redundancy, the previ-
ous frame’s residue is subtracted from that of the current frame, either partially

or entirely. Since both residues are considered as zero-mean generalized Gaus-

EL

7, can also be considered a

sian random variables, the difference between them, €

zero-mean generalized Gaussian random variable. Note that é¥” is the quantized



62

0 1000 2000 3000 4000 5000 6000
Number of received EL bits

Figure IV.4: Distortion corresponding to the reference mismatch, D., where a =

1.0 and the amount of the EL-MCP is 5120 bits.

version of ¢£ and the distributions of both variables are symmetric around zero.

Therefore, the mean of €% and e will be zero and (IV.13) can be represented as

Du(Riaf) = Bl =5 +a®BI(F — FAY)

n n n—1 n—1
— Bl - &y

We define D.(R,,_1,[) as

De(Rnfla 6) = E[(EEL”B - gELwB)?]’ (IV15)

n—1 n—1

where R,,_; is the number of successfully received bits for the EL at the (n — 1)-st

frame and D (R,,_1,3) becomes zero if R, 1 is larger than the amount of the EL
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specified by . With (IV.12) and (IV.15),

Du(R., ) = Bl(e;” — ")

n n

+a2(n*1)E[(F1EL”B N F’lEL’ﬂ)2]

n—2
+Za2iDe(Rn—iaﬁ)7 (IV16)
i=1

where the second term results from the partial EL reference mismatch at the
first frame, and the last term represents the accumulated distortion caused by
the reconstructed EL reference mismatch from the subsequent frames. It follows
from (IV.2) that large o and § provide better coding efficiency. However, in
(IV.16), when « is chosen to be large, the error resilience becomes worse, since the
accumulated distortion, E[(F{""" — F"?)?] and 32777 De(R,_s, 8) will not decay
rapidly. By choosing a large (3, the probability that the second and third terms are
greater than zero will be increased. In Fig. IV.4, we present the actual value of
D, for the 10-th frame in the “Foreman” video sequence when 5120 bits in the EL
bitstream are used for MCP. As seen, if the number of successfully received bits
is more than that, D. becomes zero. However, as the amount of the received EL
reduces, D, increases with the amount of reference mismatch. Therefore, to select
the prediction parameters, o and 3, to appropriately trade off coding efficiency
and error resilience capability, the statistics of R,,_; need to be considered.

In the following, we have two different strategies to select o and 5 based
on the available channel information. If accurate instantaneous channel informa-
tion is available at the transmitter to choose 3 based on the expected number of
successfully received EL bits to avoid reference mismatch, then oo can be chosen to
be unity, since the probability of error propagation will be reduced. However, in a
high Doppler environment, where instantaneous channel information may not be
available, the average channel information will be used to decide the parameters,

where these parameters will be maintained for multiple frames.
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IV.D.1 Selection of fixed o and ( - Fast fading channel

In a high Doppler environment, it is hard to get instantaneous channel
information at the transmitter. Instead, we use the average channel SNR to select
the prediction parameters, as introduced previously to decide UEP. Due to the lack
of an analytical approach for the leaky and partial prediction schemes, we find the
prediction parameters based on simulation. For the simulation, we use MC-FGS
video, which is implemented with an H.264 TML-9 codec for the base layer and
an MPEG-4 FGS codec for the EL. Both partial and leaky prediction schemes
are incorporated in the enhancement layer MCP loop. The first 150 frames of
the video sequence, consisting of a single intra-frame (I-frame) and 149 predicted
frames (P-frames), are encoded. Before transmitting the bitstream through the
MIMO wireless channel, the bitstream is packetized and channel-encoded by rate
compatible punctured convolutional (RCPC) codes. In this chapter, we assume
that the base layer is delivered without any errors. However, for the EL bitstream,
its UEP policy and leaky/partial prediction parameters are jointly selected. We
fix the size of a packet at 256 BPSK symbols, and each frame is encoded using
20 packets. A 4x4 MIMO antenna configuration is considered, and a MMSEz
detection scheme is used for all the MIMO modes. We consider Jakes’ model with
a normalized Doppler frequency of 1072, which is smaller than the transmission
time for a frame, for the Rayleigh fading channel.

In Fig. IV.5, the average PSNR versus various partial prediction param-
eters is shown when the leaky prediction parameter is fixed at 0.7 and 1.0, under
both perfect and imperfect channel estimation. Given the average channel SNR,
the optimal selection of the partial prediction parameter, 3, is highlighted by the
square (). For all scenarios, it is seen that a larger § can be chosen as the average
received SNR increases. This is because a higher channel SNR can enhance the
number of successfully received bits, R;, for the frame and allow the use of larger
B without increasing D.(R;, ). If we compare Fig. IV.5(a) with Fig. IV.5(b),

it can be observed that imperfect channel estimation results in decreasing partial
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Figure IV.5: Average PSNR performance versus 3 for the “Foreman“ sequence.
The leaky prediction parameter is fixed at 0.7 and 1.0, and both perfect and

imperfect channel estimation are considered.

prediction parameters. However, the choice of § is not sensitive, since the propa-
gated error can be forced to decay by choosing o < 1. In contrast, in Fig. IV.5(c)
and Fig. IV.5(d) with « set to 1, the performance is more sensitive to the choice
of 5. Because the propagated error is not being forced to decay, a small value of
[ is preferred, compared to the case of o = 0.7. If we choose a larger § than the
optimal one, the corresponding performance is significantly degraded due to the
lack of error resilience capability.

In Fig. IV.6, the average PSNR performance of the MC-FGS video with

partial and leaky prediction is compared to that of a conventional FGS video under



66

3 36
i Akiyo sequence
L iyo sequence b p4
3af % =06 1
e} * * * * * * * "
0=0 34 -
«=10 O v * R * ez§e * * * *

32 o o o o (<] o A *
g o g %f Py
x x o o o
4 f/\ ¥ 006 . | $ 4| Foreman sequence @=10 o o
s s
g a=0 - * * O x * g & m Hog 0508 Oy
g H *-
< b| [Foreman seauence <3 U =0 * * * oo

o
30F
o =
29 =10 Bl =10 O 10) °
» © o o]
O o o o o o
2 . . . . . . 0,0 o 28 . . . . . . . . .
0.05 0.1 0.15 02 0.25 03 0.35 0.4 0.45 05 0.55 0.05 01 015 02 0.25 03 0.35 0.4 0.45 05 0.55
B B

° o.
8- o] g
39
o «=1.0
37p =10 B o o
() 38
E9S b
8.l . azos 9 Akiyo sequence | g
2 * * s Akiyo sequence
o« K * o
% 0 * Z
& 34k o= g 2 36 =06
N * *
g Vo g Kk * *
23F =06 (] 1 23 o
ﬁ * *o G * * * * a =0
321 | \j
U o =0 aul Foreman sequence
o o o)
31k Foreman sequence 4 010 o ® * *
=10 * 0=0.6
o o 33 o
30 o 1
o az0
1 1 I 1 . . . 1 I 32 1 . . 1 I 0 1
01 015 02 025 03 035 04 045 05 055 06 01 015 02 025 03 035 04 045 05
B B

(c) Pr/oi =8 dB (d) Pr/oZ =12 dB

Figure IV.6: Average PSNR performance versus 3 for the “Foreman “ and “Akiyo “
sequences where Pr/c? represents the ratio of the total transmit power and noise
variance. The solid line represents the average PSNR without using MC-FGS.

Imperfect channel estimation is considered.
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imperfect channel estimation for “Foreman” and “Akiyo“ video sequences. As a
point of comparison, we also implement conventional FGS video coding without
partial and leaky prediction by setting o to 0. At low SNR, the MC-FGS video
coding does not provide significant gain over conventional FGS video coding, since
it suffers from error propagation even though a small value of /3 is chosen. However,
by choosing a small «, performance can be enhanced by reducing the propagated
error. As the channel SNR increases, MC-FGS outperforms conventional FGS,

even if a large value of [ is used.
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Figure IV.7: Average PSNR performance versus « for “Foreman“ The partial
prediction parameter is fixed at 0.15 and 0.35, and imperfect channel estimation

is considered.
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Figure IV.8: Contour plot of the PSNR performance for different (3, ) with the

average channel SNR of 0 dB, where the normalized Doppler frequency f,q = 1072

In Fig. IV.7, the average PSNR versus various leaky prediction param-
eters is shown when the partial prediction parameter is fixed at a specific value.
As can be seen, as a larger value of § is chosen, relatively smaller o needs to be
selected. For example, at 8 dB of average channel SNR, if 5 is 0.15, then the best
performance is achieved when « is chosen to be unity. In contrast, for the same
conditions, if 8 is 0.35, then « is required to be less than unity because 8 dB of
channel SNR is not enough to reliably deliver the amount of EL designated by
of 0.35. In addition, higher channel SNR allows the use of a higher a, and achieves
a better compression efficiency, since the EL can be delivered more reliably.

In Fig. IV.8, we show a contour plot of constant PSNR performance when
choosing a and (3 jointly when the average channel SNR is fixed at 0 dB. Each
contour represents a constant PSNR achieved by different combinations of o and
B. Note that we indicated the optimal pair of parameters with the symbol (*). In
Figs. IV.9 and IV.10, the same contour plots with 8 and 16 dB of average channel
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Figure IV.9: Contour plot of the PSNR performance for different (5, o) with the

average channel SNR of 8 dB, where the normalized Doppler frequency f,q = 1072
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Figure IV.11: Comparison of average PSNR for the conventional FGS and MC-
FGS video coding with fixed o and 8 under imperfect channel estimation, where

the normalized Doppler frequency f,q = 1072.

SNR are presented. Compared to the previous figure, the optimal values of both
«a and [ are increased. In particular, the figures show that g is closely related to
the average channel SNR.

In Fig. 1V.11, the PSNR performance of conventional FGS video cod-
ing is compared with that of MC-FGS video coding using the leaky and partial
predictions. For both systems, UEP and MIMO mode selection are applied. In
the conventional FGS video coding, the FGS EL is excluded from MCP, so error
propagation due to the corruption of the EL is entirely prohibited. Instead, it
can suffer from poor compression efficiency. Our simulation results show that the
leaky and partial predictions can result in a significant gain over a conventional
FGS over a wide range of channel SNR in fast fading channels by controlling the
tradeoff between compression efficiency and error resilience. In Fig. IV.12 the

PSNR performances for MC-FGS video coding with and without MIMO mode
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selection are presented. Note that, at low SNR, the selected MIMO mode for all
packets is spatial diversity. Therefore, the performance of MIMO mode selection is
equivalent to that of spatial diversity only. For the same reason, at high SNR, the
performance of MIMO mode selection is the same as that of spatial multiplexing.
However, in the intermediate region, different MIMO modes can be assigned based
on the packet’s priority, as seen in Fig. IV.3, and MIMO mode selection provides

better performance than any single choice of MIMO mode.

IV.D.2 Adaptive selection of g - Slow fading channel

Previously, we saw that [ is closely related to the average channel SNR
or, equivalently, the number of successfully received bits. That is, if the number
of successfully received EL bits is less than the amount of the EL specified by £,
then reference mismatch between encoder and decoder can result. Therefore, if
the transmitter can estimate the instantaneous throughput for the frame which is
encoded currently, then it can be used to choose a value of § to avoid reference
mismatch. In this section, by utilizing channel feedback from the decoder, we
propose adaptive selection of 5. To do that, we assume a slowly varying channel,
where the channel is highly correlated over multiple frames.

Before the encoding of the n-th frame, it is assumed that the instanta-
neous channel information corresponding to the transmission of frame (n — 1) is
available at the encoder. Then, based on this instantaneous channel information,
we decide the appropriate S. At this point, we are not assuming adaptive UEP
based on the instantaneous channel information in order to avoid high computa-
tional complexity to find the UEP policy frame-by-frame. That is, the UEP is only
dependent on the average channel SNR and is kept fixed for some pre-determined
number of frames (in our simulation, 150 frames). Then, the transmitter finds
the distribution of the throughput, 7', when the instantaneous channel informa-
tion, especially the instantaneous received SNR per bitstream, is given, where the

instantaneous received SNR per bitstream is defined as the SNR at the receiver
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Figure 1V.13: Distribution of the throughput and corresponding instantaneous
received channel SNR per bitstream from the investigation of transmission of 2500
frames in a 4x4 MIMO system. Pr/o2 = 0 dB and ZF detection is used and
Foa = 1075,

after signal combining, and is presented in [53] and [57]. This will be possible
by assuming that the transmitter knows the throughput profiles over the previous
frames and corresponding instantaneous channel SNRs as shown in Fig. IV.13.

To compute the instantaneous received SNR per bitstream, we follow
the expressions in [53] and [57], where the computation is different for each of
the different MIMO modes. Due to the important role of the first packet in the
progressive encoded EL, we compute the instantaneous received channel SNR per
bitstream for the MIMO mode of the first packet.

We denote the probability mass function of the throughput by Pr(T),
where 0 < T < Ejvzl r;M;. Then we consider how to choose 8 from this informa-

tion. Denote the average PSNR from frame n to (N +n — 1) by PSNR,(5,T),
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where the vectors § = [B, Bps1,- - Bnina|T and T = [T, Try1, -+ 5 Tivin-1)”
represent the partial prediction parameter S and the throughput for N frames. We
assume PSNR,(3,T) is available at the encoder. We choose § to maximize the
expected PSN R,, when the instantaneous received channel SNR per bitstream is
given. If (3, can be chosen from the set of {3, 32 -+, 35}, then for each possible
value of f3,, the expected PSNR,, is computed as follows using the probability

mass function of the throughput:

E[PSNRH([ﬁn = Bi7ﬁn+1> e 76N+n71]7z)]
— Z PT(Tn - t)PSNRn([ﬂn - ﬁi76n+17 e 16N+n—1]7

[Tn = taTn-i-la to 7TN+n—1])7

(IV.17)

where all elements in the vectors § and T except (3, and T;, are fixed at the specific

value not to result in reference mismatch in the subsequent N — 1 frames. That is,

E[PSNR,([Bn, Bt , Bnn—1], T)]
= E[PSNR,(5,,T,)]-
Then, £, is chosen to satisfy the following :
5ng{grlr,lg%}f..,gk}E[PSNR"(/B"’ 1)l (IV.18)
An example of adaptive choice of 3 is presented in Fig. IV.14(b) when the
instantaneous channel is given as shown in Fig. TV.14(a) with f,q = 107, which
makes the channel correlated over a time period of three frames. As can be seen,
when [ is selected adaptively, the possibility of reference mismatch is reduced.
Note that « is fixed at unity for the case of adaptive selection of 5 due to the lack
of reference mismatch, and less than unity to compensate for the propagated error

when £ is fixed. Their performances are compared in Fig. 1V.14(c), where PSNR

profiles for all strategies are presented.
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In Fig. IV.15, a performance comparison of different selection strategies
for [ is presented for “Akiyo “. To choose ( for the current frame, we assume that
the instantaneous channel information when the previous frame was transmitted is
known at the transmitter before the encoding of the current frame. In the figure,
the case of no reference mismatch represents the ideal case where the encoder
knows the instantaneous throughput for every frame. By choosing § equal to the
instantaneous throughput, reference mismatch never happens. In contrast, fixing 8
represents the case where both o and 3 are jointly selected for the whole video using
average instead of instantaneous channel information. As can be seen, when [ is
fixed, the PSNR loss is more than 3 dB compared to the no reference mismatch case,
especially in the low SNR region. However, based on the simulation, the adaptive
approach to select [ frame-by-frame showed less than 0.5 dB PSNR reduction
compared to the no reference mismatch case. Note that we fixed o = 1 when
[ is selected adaptively, since the probability of reference mismatch is reduced

significantly.
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IV.E Conclusion

In this chapter, we studied the transmission of an MC-FGS video bit-
stream over a MIMO wireless channel under the condition of imperfect channel es-
timation. We proposed a UEP policy consisting of FEC and MIMO mode selection
per packet for the enhancement layer of MC-FGS by exploiting the fundamental
tradeoff between multiplexing and diversity. To compensate for reference mismatch
and the resulting error propagation, leaky and partial prediction schemes are ap-
plied in the MCP loop. Then we investigated the average PSNR performance with
various choices of the leaky and partial prediction parameters for rapidly varying
channels. Simulation results show that the joint control of prediction parameters
and UEP can enhance the system performance significantly. In addition, we inves-
tigated the adaptive selection of the partial prediction parameter in a slow fading
channel. If instantaneous channel information is available at the transmitter, the
partial prediction parameter can be chosen based on the throughput which is esti-
mated using the instantaneous channel information. Simulation results show that
the adaptive selection of the partial prediction parameter is useful if the channel
is varying slowly to allow the transmitter to obtain instantaneous channel infor-
mation. Therefore, for the selection of prediction parameters, channel information

such as the channel SNR as well as the coherence time needs to be considered.
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Conclusion

In this dissertation, we have proposed various cross-layer designs for wire-
less multimedia transmission. We discuss the performance analysis in terms of
throughput and derive an algorithm to find the UEP to optimize either the through-
put or PSNR.

In Chapter II, we discussed an information-theoretic framework to ana-
lyze the cross-layer design to transmit progressive images over cooperative relay
channels. We derived an algorithm to find the throughput optimal UEP, and com-
pared the average throughput and the rate-optimal UEP code rates found using the
analysis with those obtained by simulations of a BPSK-based system to confirm
that our information-theoretic framework yielded an approximate upper bound on
the system performance.

In Chapter III, we discussed a relay protocol to deliver superposition-
coded multimedia data. We used a layered Gaussian source to model the scalable
multimedia stream, and quantified the performance in terms of distortion. We
proposed a novel relay protocol to assign dedicated relays to the BL and the EL,
instead of the conventional DF-based protocol. We compared the performance of
the proposed protocol with conventional DF-based protocols both with and without
superposition coding in both SISO and MIMO channels. In terms of throughput

as well as distortion, the proposed protocol outperformed the DF-based protocols.

78
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In Chapter IV, we discussed scalable video transmission over wireless
MIMO channels. We used MC-FGS video coding with leaky and partial pre-
diction schemes to achieve a tradeoff with respect to compression efficiency and
error resilience. To implement UEP, we considered a spatial multiplexing-diversity
tradeoff, where the appropriate MIMO mode was selected based on the packet’s pri-
ority. We considered the control of leaky and partial prediction parameters based
on either instantaneous or long-term average channel state information. The re-
sults showed that adaptive selection of leaky and partial prediction parameters

enhances the performance significantly in a slow fading channel.

V.A Future work

Possible future work for cross-layer design in the transmission of multi-

media includes:

o Multiuser multimedia communication: In this dissertation, we focused on
point-to-point communication. However, in practical communication sys-
tems, multiuser multimedia communication is also possible, where the con-
strained resources should be shared by multiple users with different QoS
and channel qualities. Cross-layer design for point-to-point multimedia com-
munication can be extended to multiuser multimedia communication with

multiuser resource allocation.

o Channel adaptation: In this dissertation, we considered video coding param-
eter adaptation in slow fading channels. However, it is possible to adapt
channel coding parameters in the sense of adaptive modulation and coding
(AMC). Joint control of AMC and video coding parameters can be considered

under various Doppler spreads.

e Cooperative relay protocol for multimedia communication: Instead of DF-

based protocol which was considered in this dissertation, amplify-and-forward



80

(AF) and compress-and-forward (CF) based protocols can be considered for

multimedia communication.



Appendix A

Concavity of average throughput

expression for the baseline system

In this appendix, we demonstrate the concavity of average throughput
for the baseline system when the SNR >> 1. Ignoring constants, the average
throughput expression of the baseline system is

M

Tte) = >3 7S = 3o [[0 - m) (A1)

=1 k=1
As can be seen in [39], for the rate-optimal UEP solution of a progressive image, the
following nondecreasing condition holds : 7.(1) < 7.(2) < --- < 7.(M). Therefore,
we can focus on the region of r, which satisfies the nondecreasing condition for
the concavity proof. To generate comparable results, we also restrict the range of
r, to be between min{ R} and max{R}, where {R} is the set of possible rates for

the RCPC and RCPT codes. For simplicity of notation, we replace T (r.), 7(4),

dm;

2o and d = by T, ri, 7 and /. From (A.1), we can derive the second and cross

partial derlvatives of T(r,). Since m; is a function of r;, the second order and cross

partial derivatives of T are

827 = —2r H (1 - m) Z'r’ﬂr"H (1 —m) (A2)

k;éz
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Table A.1: MI Outage Probabilities of Baseline System

General Form T = %nc(%f(ri), N)
Gaussian Inputs f(ri)=2"—-1
BPSK Approx. f(ry) = —W

BPSK Upper Bound (UB) | f(r;) = —22_"=1

and . M !
o7 J
88 (:)T = —7! H(l — ) + ZWT;W;- H (1 —m) (A.3)
0T k=1 I=j k=1
ki k#i,j

respectively, where ¢ < j. The MI outage probabilities, m;, for both Gaussian and
BPSK inputs, are presented in Table A.1. Note that the MI outage probability
for BPSK inputs is approximated to get a closed form expression. The first and

second order derivatives of m;, where

Lf(r)
mzﬁ / e “u™N " du, (A.4)
0
are given by
Mo 1
A ) I L (A5)

Ml = =l

3
Il
VR

) (f1(ra))* + (N = 1) (f'(r)” + f(m)f"(“))’ (A.6)

-~
|
==

respectively.
Since f(r;) and f'(r;) are positive for all inputs, m; and 7} are positive,

too. Moreover, 7, is also positive if

: 1;(22;__11), for Gaussian inputs
T In(1—7;)
I> B~ for BPSK approx
P for BPSK UB.

2(2i (217 —1)=N+1)
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From (A.3), the cross derivative of average throughput is given as

T NNy 1 £ = d
&ﬁm"_<f>(N—nf (/(ri)) Tﬂgl_”
k#i
+ (i)m (o ) HUCTHIOD (£ (7))
T (N —1)! v

M I
"(r) f'(ry) Zrl H 1 —mg). (A.7)

ﬁHH

Note that f(r;) and f'(r;) are limited by f(max{R}) and f’(max{R}).
Therefore, if T is large enough, (A.3) will be negative since its first term will

become dominant. Next, we prove the following inequalities :

16°T  0°T
“20r2 Y omor, Y (4.8)
27 27
LT OT (A.9)

2 (9rj2 * 87’1;(9rj

Egs. (A.8) and (A.9) can be shown as

_182T+62—T — 77-;1:[(1—7%) <1— H (1—7Tk)>

.2 . .
2 0r; Or;0r; prie et
LM ! M 1
+§ZT17T;' (l—ﬁk)+Zrl7r§7r; H(l—wk) >0
I=i k=1 I=j k=1
k#i k#i,j
(A.10)
1°T 0T , s
4 = (1 —m) — (1l —m, 1 —
2 0r;? + Or:0r; (Wj( i) — il 7TJ)) kll( )
ki
LM ! M 1
+= Zrﬂrgl H(l — ) + ZT’ﬂT;ﬂ'; H (1 —mg) >0,
I=j k=1 I=j k=1
k#j k#i,j
(A.11)

where m; and 7 are monotonic increasing functions of r; and

w;(l—m)—w;(l—wj) > (W;_WD"‘WJ'(WZ{_W;)
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Now consider the Hessian matrix of the objective function. Note that
the negative definiteness of the Hessian matrix implies the strict concavity of the
objective function. Let H,, denote the mth principal submatrix of the Hessian
matix, which is computed from the objective function, 7. We have shown that
all elements of the Hessian matrix, (A.2) and (A.3), are negative, and (A.8) and
(A.9) hold. Therefore, for any positive integers i and j less than or equal to M,

9*T

o
we can represent —g-5 = 2a; > 0 and —8?8: = a; — 0;; > 0, where a; > 0 and
(3 T J

0 < ¢0;; < a;. Then, H,, can be simplified as

2(11 a1 — 512 a)p — (513 .o A — 51m
ap — 521 2@2 a9 — (523 .. Ao — 52m
—H, = a; — 031 a — 03 2a3 a3 — 03 |- (A12)
ai — Om1 G2 —Om2 A3 — O3 - .. 2a,,
If we define -G, as
2am Am — M2 Am — 113 coo Qmy — Thm
Ay — M21 2a,, A — 123 -+ Qm — N2m
-G = Am — 131 Gm — 132 2a,, <o Am — M3m ) (A'13)
Ay, — NMm1 Qm — Nm2 Qm — TNhm3 - - 2am

where 7;; = @, — %= (a; — d;;) > 0, then
J

det(—H,,) = L2297l qet(—G,) (A.14)

A, Ay Am

and the sign of det(—H,,) is equivalent to that of det(—G,,). To evaluate the sign

of det(—G,,), we use the following theorem introduced in [58] and lemmas.

Theorem 1. If all the principal minors of a matrix are positive and all the

elements off its main diagonal are negative, then all the elements of its inverse are

positive [58].
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Lemma 1. If A is a positive definite matriz whose elements are all positive, and
Z 1s an all-zero matriz except it has an off diagonal positive element in the ith row
and jth column which is less than the (i, j)th element of A, then A — Z is also a

positive definite matriz.

Proof. Let’s consider all principal submatrices of A — Z. Since only the (i, j)th
element differs between (A — Z) and A, up to the max(i — 1,j — 1)th principal
submatrix, their determinants are unchanged. If we assume ¢ < 7, then the jth
and subsequent principal submatrices will have different determinants. Denote the
Jth principal submatrix of A as A; and that of Z as Z;. Then, we can define a

matrix, X, where X; is an all zero matrix except for its 7th row, and satisfies
X; = Z;A;. (A.15)

From Theorem 1, all elements of Aj_1 are negative except its diagonal element.
Since there is only one positive element in Z;, the nonzero diagonal element of X,
Zi, 1s negative. Then,

A —Z; = (1 - X,)A; (A.16)
and

Therefore, the determinant of the jth principal submatrix is positive. In the same
way, we can show the positiveness of all submatrices’ determinants. Since all

submatrices have positive determinant, the new matrix, A — Z, is positive definite.

]

Lemma 2. The following matriz is positive definite for any positive number a,, :

20,, G Gy ... O
Ay 2G4, Q.. O
F = Ay O 2Qyy ... Qo

Ay Gy Ay .. 204,
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Proof. For the ith principal submatrix of F', Fj},

34 1+1
det(F;) = (am)™2== ... —
et(F) = (an)"255 .

>0 (A.18)

]

With Lemma 1 and 2, —G,, is positive definite, which implies that both
det(—G,,) and det(—H,,) are positive for all m. Therefore, the Hessian matrix is

negative definite and the average throughput is a concave function over r.



Appendix B

Concavity of average throughput
expression for the half-duplex

relay system

The average throughput expression for the half-duplex relay system is
equivalent to that for the baseline system except for its packet error probability.
Instead of following all steps in the previous appendix, we show the following

inequalities for the half duplex relay system :

O*T
72 < 0 (B.1)
O*T
i, < 0 (B.2)
1 9T  0°T
~3%r0r, Targ 7 0 (B.3)
27 27
LT 0T (B4)

_5 87787"]- + (97’j2

where the superscript ‘CoOp’ was dropped throughout this appendix and r$°°P (i),
CoOp

CoOp
i

T coop(r$ are denoted by

), and the first and second partial derivatives of

"
7

ri, T, ), and 7/, respectively. Then, the remainder of the proof is equivalent to

that of the baseline system. As shown in (I1.24), the average error probability for

87
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Table B.1: Decoding Error Probability of Half-duplex Relay System

General Form q(i,j) = %nc(%f(ri), 1)
Gaussian Inputs flry) =2%i —1
BPSK Approx. flry) = —%

BPSK Upper Bound (UB) f(r) = —w

the jth packet in the relay system is given by
m; = ) Prob(D;)m;(D;), (B.5)
Dj

where Prob(D;) is the probability that the relay nodes in a set, D;, decode the
Jjth source packet successfully, and 7;(D;) is the probability that the jth packet
is in error at the destination, conditioned on D;. With the high SNR assumption
and the fact that, for small z, exp(—z) ~ 1 — x, Prob(D;) and 7;(D;) can be

approximated as [59]

Prob(D;) = { [] (1—fyinc (f(rjv)l)) << T ine (f,grj\%)

ZGDJ FyST’ ng] PYST‘
f(r;)
~ H e ]j\[ (B.6)
k%DJ ST
and
7 (D;)

_ —1 l 2
Ved(sa ;) Tra(ay)®  f(r;)
= Prob | —/———— + <
Qsd ZEZD] Qﬁ"d N
1D, |41
1 ; J 1 1
(&) SO 5.7

Q

With (B.6) and (B.7), m; and its derivatives are approximated as
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Note that f'(r;) and f”(r;) are positive for any inputs. Therefore, the
approximations of both 7 and 77 are positive, and (B.1), (B.3), and (B.4) can be

proved as shown in the previous appendix. To prove the remaining inequality, we

define

b=l s,

k¢D; 787" leD; Vrd

PT -
drior; 15 shown as

Then, the approximation of

T SN ) T
07’,07“]- - _Ll( N) f(rl) H (l_ﬂ-k)

k=1 ki
w2 () o0 (K22) e iwj H#u ).

(B.12)

where L; is equivalent to L;, since the possible sets of D; are the same as the pos-
sible sets of D;. Since f(r;) and f’(r;) are limited by f(max{R}) and f’'(max{R}),
the second term will be relatively small if the SNR is high enough, and then

0T ’ N—-1 / j
ariarj“_Li(fx)) f) I 0 -m) <o.

k=1,k#i




Appendix C

Optimization of source-channel

rate allocation

Due to the concavity of the average throughput expression, the optimal
UEP is the peak of the expression, if it exists. The peak can be found by M partial
differentiations as follows :
oT
or;

0 i=1,...,M. (C.1)

If there is no solution for the ith equation, then the ith element of the optimal

UEP is min{R} or max{R}. In particular, 2= will be

M

T
—T:(l—ﬂjw)—TMﬂg\/[:O. (CQ)
aTM

That is, we can find the optimum rate of the last packet first and then find the

rate of the (M — 1)th packet recursively. This recursive algorithm is equivalent to

that introduced in [39)].
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