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Abstract

Data streaming transmission over a block fading channéligiexd. It is assumed that the transmitter
receives a new message at each channel block at a cons@nwidth is fixed by an underlying
application, and tries to deliver the arriving messages lyommon deadline. Various transmission
schemes are proposed and compared with an informed traesoniiper bound in terms of the average
decoded rate. It is shown that in the single receiver casadagptive joint encoding (aJE) scheme is
asymptotically optimal, in that it achieves the ergodic acty as the transmission deadline goes to
infinity; and it closely follows the performance of the infioed transmitter upper bound in the case of
finite transmission deadline. On the other hand, in the pisef multiple receivers with different signal-
to-noise ratios (SNR), memoryless transmission (MT), tgharing (TS) and superposition transmission
(ST) schemes are shown to be more robust than the joint emgpddE) scheme as they have gradual
performance loss with decreasing SNR. Index Terms

Block-fading channels; Delay-constrained transmisdiduitimedia streaming; Multiple access chan-

nel; Outage probability; Satellite broadcasting

. INTRODUCTION

arXiv:1203.2870v4 [cs.IT] 19 Sep 2012

In a streaming transmitter data becomes available over time rather than being avaikithe
beginning of transmission. Consider, for example, digitdlsatellite broadcasting. The satellite
receives video packets from a gateway on Earth at a fixed dét@nd has to forward the received
packets to the users within a certain deadline. Hence, #mstnission of the first packet starts
before the following packets arrive at the transmitter. Wasider streaming transmission over
a block fading channel with channel state information (G8#ilable only at the receiver. This
assumption results from practical constraints when theivec belongs to a large population

of terminals receiving a broadcast transmission, or whenttlinsmission delay is significantly
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Fig. 1. The transmitter receives messade of rate R at the beginning of channel block All the M messages need to be

transmitted to the receiver by the end of channel bld¢k

larger than the channel coherence Hnﬁﬁ]. The data that arrives at the transmitter over a
channel block can be modeled as an independent message vatese fixed by the quality
of the gateway-satellite link and the video encoding schesed for recording the event. We
assume that the transmitter cannot modify the contentsegbaickets to change the data rate. This
follows from the practical fact that the satellite trandenitis oblivious to the underlying video
coding scheme adopted by the source, and considers the alatachdata over each channel
block coherence time as a single data packet that can be &idmsmitted or dropped.

We further impose a delay constraint on the transmissioh siat the receiver buffers the
received messages fav/ channel blocks before displaying the content, which is dspiof
multimedia streaming applications (see FEig. I). As the ragss arrive at the transmitter gradually
over M channel blocks, the last message sees only a single charaliglation, while the first
message can be transmitted over the whole spal athannel blocks. For a finite numbér
of messages andl/ channel blocks, it is not possible to average out the effe¢ading in the
absence of CSI at the transmitter, and there is always a eanautage probability [3]. Hence,
the performance measure we study is the average decodedatiafay the user.

Communication over fading channels has been extensivelyiest [4]. The capacity of a

fading channel depends on the available information aldleithannel behavior [5]. When both

Transmission rate can be adjusted to the channel stategthmmlaptive coding and modulation (ACM) driven by a feedback
channel. However, in real-time broadcast systems withelalglays and many receivers, such as satellite systemssthist
practical. For instance, according to [1] (Section 4.9.;hXeal-time video transmission the ACM bit-rate contimbp may drive
the source bit-rate (e.g., variable bit rate video encoderf)this may lead to a large delay (hundreds of millisecpivdexecuting

rate variation commands. In such cases the total contr@ tmday is too large to allow real time compensation of fading
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the transmitter and the receiver have CSI, the capacityhgeaed though waterfilling [6]. This
is called the ergodic capacity as the capacity is averagedtbe fading distribution. In the case
of a fast fading channel without CSI at the transmitter ergodpacity is achieved with constant
power transmission [4]. However, when there is a delay regquént on the transmission as in our
model, and the delay constraint is short compared to thenghaoherence time, we have a slow
fading channel. In a slow-fading channel, if only the reeeigan track the channel realization,
outage becomes unavoidallé [4]. An alternative performaneasure in this case is th®utage
capacity [7]. In general it is hard to characterize the oategpacity exactly; hence, many works
have focused on the high SNR [8] or the low SNR [9] asymptagimes. Another approach,
which is also adopted in this work, is to study the averagestrassion rate as in [10] and [11].
Outages may occur even if the transmitter has access to @$$ ffequired to sustain a constant
transmission rate at all channel states. This can be duestshibrt-term power constraint, when
the channel quality is so poor that the maximum power avialéb not sufficient to transmit
the message reliably at the required rate [12]; or, when tleeage power is not sufficient to
sustain a constant rate at all channel conditions, whiclaliea the delay-limited capacity [13].
Due to the constant rate of the arriving messages at all @hdlacks our problem is similar
to the delay-limited capacity concept. However, here weheeiassume CSI at the transmitter
nor require all arriving messages to be transmitted. Oukvatso differs from the average rate
optimization in [10] since the transmitter ih [10] can ad#pe transmission rate based on the
channel characteristics and the delay constraint, wheneasr model the message rate is fixed
by the underlying application. The degree-of-freedom ta@dmitter has in our setting is the
multiple channel blocks it can use for transmitting the rages while being constrained by the
causal arrival of the messages and the total delay constil blocks.

Data streaming has received significant attention receMlyst of the work in this area
focus on practical code constructian [14], [15], [16]. Mas®nilar to our work, [17] studies

the diversity-multiplexing tradeoff in a streaming transsion system with a maximum delay
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constraint for each message. Unlike in][17], we assumettigatvhole set of messages has a
common deadline; hence, in our setting the degree-of-fm@edvailable to the first message is
higher than the one available to the last.

In the present paper we extend our work'in/[18] by presentiadydical results and introducing
more effective transmission schemes. We first study joiebdimg (JE) which encodes all the
available messages into a single codeword at each chamoél bl/e also study time-sharing (TS)
and superposition (ST) schemes. The main contributionseoptesent work can be summarized

as follows:

1) We introduce a channel model for streaming transmitter tlock fading channels with a
common decoding deadline to study real-time multimedi@asting in networks with large
delays.

2) We introduce an informed transmitter upper bound on thiopaance assuming the avail-
ability of perfect CSI at the transmitter.

3) We show that a variant of the JE scheme, calledatfagtive joint encoding (aJE) scheme,
performs very close to the informed transmitter upper bdond finite number of messages,
and approaches the ergodic capacity as the number of chhlooklk goes to infinity.

4) We show that the JE scheme has a phase transition behawich makes it unsuitable
for networks with multiple receivers having different aage SNRs. As an alternative, we
propose the TS and ST schemes, whose performance degradelgravith the decreasing
average SNR.

We support our analytical results with extensive numerstaulations. The rest of the paper is
organized as follows. In Sectidnl Il we describe the systendehdn Sectior Il we describe

the proposed transmission schemes in detail. In Seciibnd\previde an informed transmitter
upper bound on the average decoded rate, while Selction Wisteteto the numerical results.

Finally, Sectior VIl contains the conclusions.
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[l. SYSTEM MODEL

We consider streaming transmission over a block fading mélaiThe channel is constant
for a block ofn channel uses and changes in an independent and identicstiijputed (i.i.d.)
manner from one block to the next. We assume that the tratesnaitcumulates the data that
arrives at a fixed rate during a channel block, and considersatcumulated data as a single
message to be transmitted during the following channelkslotVe consider streaming aif/
messages ovel/ channel blocks, such that messddje becomes available at the beginning of
channel blockt, t = 1,..., M (see Figlll). Each messad€, has rateR bits per channel use
(bpcu), i.e.,W; is chosen randomly with uniform distribution from the 3&t = {1,...,2"%},
wheren is the number of channel uses per channel block. Followingp&al assumption in
the literature (see, e.gl, [10]), we assume thathough still large (as to give rise to the notion
of reliable communication [19]), is much shorter than theaiyics of the slow fading process.

The channel in block is given by
ylt] = hlt]x[t] + =[], 1)

where h[t] € C is the channel statex[t] € C" is the channel inputz[t] € C" is the i.i.d.
unit-variance Gaussian noise, agft] € C" is the channel output. The instantaneous channel
gains are known only at the receiver. We have a short-termageepower constraint aP, i.e.,
Ex[t)x[t]'] < nP fort = 1,..., M, wherex[t] represents the Hermitian transposexdf|
and E|x] is the mean value af. The short-term power constraint models the restrictiorihen
maximum power radiated by the transmitter which is presenhany practical syste

The channel from the source to the receiver can be seen astiplmatcess channel (MAC)

with a special message hierarchy [[22], in which the encotlexaah channel block acts as a
2In cellular systems, for instance, the maximum power eaghittg the transmitter is generally bounded in order to limit
the interference to neighbor cells and keep it under a tbtdshalue [20]. In satellite systems broadcasting multiraddaffic

the onboard high power amplifier is generally driven to thmitliof saturation in order to optimize the cost of the systgm b

providing the maximum output power under given distortiamstraints ([2l], Section 9.2).
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Fig. 2. Equivalent channel model for the sequential trassion of M/ messages ovel/ channel blocks to a single receiver.

separate virtual transmitter (see HiJ. 2), and the receiies to decode as many of the messages
as possible. Our performance measure is the average deadediVe denote the instantaneous
channel capacity over channel blocky C; = log,(1 + ¢[t]P), where¢[t] is a random variable
distributed according to a generic probability densitydtion (pdf) f5(¢). Note thatC, is also

a random variable. We defin@ £ E[log,(1 + ¢P)], where the expectation is taken ov@r(¢).

C'is the ergodic capacity of this channel when there is no detegtraint on the transmission.
[1l. TRANSMISSION SCHEMES

The most straightforward transmission scheme is to sertdassage only within the channel
block following its arrival. This is called memoryless temission (MT). Due to the i.i.d. nature
of the channel over blocks, successful decoding probglsditonstant over messages. Denoting

this probability byp = Pr {C, > R}, the probability that exactlyn messages are decoded is

n(m) = <Aﬂf)pm(1 —p)Mm 2)

Note that we have a closed-form expression:for.), and it can be further approximated with

a Gaussian distribution if we le¥/ go to infinity, i.e.,

1 (mep)Q

n(m) = e 2, 3)

/27 Mp(1 —p)

The average decoded rate of the MT schefgr is found by evaluating_"_ mn(m). The

MT scheme treats all messages equally. However, dependitigecaverage channel conditions,
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Fig. 3. Total decoded rate regions in tf€:, C2) with M = 2 messages for MT (on the left) and JE (on the right) schemes.

it might be more beneficial to allocate more resources to sofrine messages in order to
increase the average decoded rate. In the following, we asifisider three basic transmission
schemes based on the type of resource allocation used. \Windiithe average decoded rate for
these schemes and compare them with an upper bound thatewiittoduced in Section_IV.

A. Joint Encoding Transmission

In thejoint encoding (JE) scheme we generate a single multiple-index codebook fdr efaan-
nel block. For channel block we generate a dimensional codebook of sizg x - - - x s, s; =
"R vi e {1,...,t}, with Gaussian distribution, and index the codewordxd$Vi, ..., W,)
whereW; € W = {1,...,2"F} for i = 1,...,t. The receiver uses joint typicality decoder and
tries to estimate as many messages as possible at the enockfMl With high probability, it
will be able to decode the firgst messages correctly if [22]:

(m—j+1HR<> C, V¥ j=12...,m (4)

t=j

As a comparison, we illustrate the achievable rate region8MT and JE schemes fav/ = 2
in Fig.[3. In the case of MT, a total rate @2 can be decoded successfully if both capacities
C; andC, are aboveR. We achieve a total rate at if only one of the capacities is above.
On the other hand, in the case of joint encoding, we tradegpfira of the region of rateék for
rate 2 R; that is, we achieve a rate @R instead of rateR, while rate( is achieved rather than

rate R in the remaining region.
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Using the conditions in_{4) we define functiorf& (R), for m = 0,1,..., M, as follows:

17 if (m_]_‘_l)RSZ;ijct»]:l»amv
f™(R) =

0, otherwise

Then the probability of decoding exactly messages can be written as,
n(m) = Pr{f™(R)=1and f""'(R) = 0}. (5)

After some manipulation, it is possible to prove that exaetl messagesp =0,1,..., M, can

be decoded if:

Cm_i+1—|—"'—|—CmZ’iR, izl,...,m, (6)

Cm+1++cm+Z<ZR, 'l:]_,,M—m (7)
Thenn(m) can be calculated as in Eqil (8) at the bottom of the page,emierhave defined
xt = max{0,z}, and f¢,..c,, (c1,...,cn) @s the joint pdf ofCy, ..., C,,, which is equal to
the product of the marginal pdf’'s due to independence. Tlbabhility in Eqgn. [(8) cannot be
easily evaluated for a generit/. However, we provide a much simpler way to calculate the
average decoded rafe;-. The simplification of the average rate expression is vatitl anly
for i.i.d. but also forconditionally i.i.d. channels. Random variablgg’;, - - - ,C),} are said to
be conditionally i.i.d. given a random variablé if the joint distribution is of the form

foronulen, - e u) = foqulelu) x - x fo,w(earu) fu(u), 9)

where

fagu(cilu) = fou(alu), Vi,l € {1,... M}. (10)

n(m) :/ / / fero,, (@1, xm)day - da,
R (2R—zm)t (MR—Tpy—--—ma)

(M—m)R—p, 41— —Tpr_q

R 2R7Im+1
X / / / fcm+1"'01y{(xm+la"-a‘rM)dxm-ﬁ-l dxM (8)
0 0 0
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Note that i.i.d. channels is a particular case of conditigna.d. channels wheré/ is a constant.

Theorem 1: The average decoded rate for the JE scheme in the case oticoally i.i.d.

channel capacities is given by:

o R M

Proof: See Appendix.
In general it is still difficult to find an exact expression fAr;, but it is possible to show

that R, approaches? for large M if C > R. To prove this, we rewrite Eqni_(1L1) as:

_ RM
Rjp=R~— M mz::l ) (12)
where we have defined
amépr{cl+"‘+0m<3}. (13)
m

It is sufficient to prove that, i > R, thenlimy;_,. fozl a,, = ¢, for some0l < ¢ < co. We
start by noting thatim,,_, .~ a,, = 0, since, by the law of large numberstt=t= converges

to a Gaussian random variable with me@rand variancé’% asm goes to infinity,c? being the

variance of the channel capacity. To prove the convergehtieeoseries sum we show that

lim Gmtl _ )\ (14)
m——+00 a,m
with 0 < A < 1. We define
O _ Cit-4Cn
(15)

,m=1,2 ... M,

A

A~ om
NG

where each,, is a random variable with zero mean and unit variance. Froencdntral limit
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theorem we can write:

C—
Pr{lm+1> /\/—_’_}

. Am+1 o .
oy T S ) (16)
Q (7 )
— lim 2V (17)
m——+oo Q ( C—R )
NN
— 2
UC/\/W e 2(0-‘3/67111‘3«%1)
< lim Ve — (18)
motee w1 ~3()
*Ver
1+(UC/\/7>
ol 2 _(@C-R?|mit1_m
g CetmOR? o (19)
_(C-R)?
= e 2 <1, (20)
where inequality[(18) follows from the bounds on the Q-fimrct
T <Q(z) < Le‘é for z > 0.1 (21)
(1+ 22)\V2m xV 271 .

In a similar way, we prove that i’ < R, then the average rate tends to zero asymptotically with
M. To see this, we consider the series in EQnl (11) defibjpg- Pr{C; + --- + C,,, > mR}.

We want to prove thaE , b, converges to zero. We first notice that,, . b,, = 0 by the

law of large numbers. Similarly to the above arguments, @reshow thatim,,, ,, . b;j“ =0;

and henceR;r goes to zero as we increase the number of messages and thresichlrtks.
Overall we see that the average rate of the JE scheme showssadld behavior, i.e., we have:
R, ifR<C
lim RJE‘ = (22)
M—o0 X —
0, ifR>C.
Eqn. [22) indicates a phase transition such HRat is zero even for largé/ if R > C and
the transmission rate cannot be modified. However, the riréites may choose to transmit only
M/

a fractiona = 57 < 1 of the messages, allocating the extva— M’ channel blocks to the

M’ messages, effectively controlling the transmission rat@ther words, thel/’ messages are
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encoded and transmitted as described in the first part os#dason in)M/’ channel blocks, while
each of the remaining/ — M’ blocks is divided inta)/’ equal parts, and the encoding process
used for the firsf\/’ blocks is repeated, using independent codewords, acresdg’tparts of each
block. For instance, led/ = 3 and M’ = 2. Then,x;(W;) andxz(W;, Ws) are transmitted in
the first and second channel blocks, respectively. The thieshnel block is divided intd/’ = 2
equal parts and the independent codewoergd$iV;) andxss (W7, Ws) are transmitted in the first
and in the second half of the block, respectively. We call tiariant of the JE schenaelaptive
JE (aJE) scheme. The conditions for decoding exactlymessagesy:, = 0,1,...,M’, in aJE
can be obtained from those given [ (6) ahl (7) by replacipgith C; = C;+ 55 ZJ w41 C

i€ {1,...,M'}. Note that the random variablég, i € {1,..., M'}, are conditionally i.i.d., i.e.,
they are i.i.d. once the variablé = Z] w41 Cj is fixed. This implies that Theorem 1 holds.
In the following we prove that the average decoded rate ofifltescheme, ;» approaches R

for large M if C' > «oR. Similarly to the JE scheme, it is sufficient to prove thatit> aR,

Ma

lim Z a, =c, (23)
=1

M—oo

for some0 < ¢ < oo, wherea?, & Pr {% < R}. We can rewrites;, as follows:

m =M
a* _ P/r Cl+..-+Cm+WZj:M/+ICj<R (24)
m m
_ pr{01+"'+0m+(1_0‘) Z C<R} (25)
m a M(l-a)
j=Ma+1
prli, >l L (26)
e\ (i + 7702)
where
ai 14 ' —a M
Cla—*< +m+c - (1a )M(ll—a) Ej:]\/[a—i—l Cj

A

(27)

I

1 1—
Oc m + Mozoé
is a random variable with zero mean and unit variance. Since M and by the law of large

numbers applied to Eqn[_(26) we fiddn,, . .., a®, = 0, sincel,, converges to a Gaussian
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random variable with zero mean and unit varianceragoes to infinity. First we show that

AN
i <d_) =c, (28)

for some0 < ¢ < +00 where we have defined:

g, 2 prdy > G E (29)
oe\/ (i + 3es)

and

U/a_01+---+0m_(1—a) 1 ZA{&+;71 C.
! 4 m a m(l-a) j=Ma+1 7 (30)

m /1 |1
—Q
Oc m + mod?

such that!/, is a random variable with zero mean and unit variance. From ) we find

* P, > gt}
(a_m) = lim ey (it ) (31)
m——+00 dm m——+00 Pr {l/ > 6/04—1%
" )

1 11—«
oo/ (mtmas

C/a—R )
UCV (E—i_MaQ) (32)

C/a—R

/(1 1—a
Ge ( m + ma?2

(33)

/\{‘\ /|
=N
3|5
+ | |
S.JT:U
QD
S~— S—
N— N~

= 1, (34)

where inequality [(33) follows from the fact that < M and from the fact that)(z) is

monotonically decreasing im. Then we show that

M—o0

Mo
lim Y dy, =", (35)
m=1

for somel < ¢’ < +oo. To prove the convergence of the series sum we showithat, , . % =
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N, for some0 < X < 1. From the central limit theorem we can write:

Pr lm-i—l > U/Q_R
1 l—a
. dm+1 . OC\/(m—H+(m+1)u2>
iy T o (36)
m—+00 m——+00 =/
" Pr{lm>7c(/f“ f )}
O-C E+77;;§
Q C/a—R
. O-C\/(m;ﬂ—i_ (77i[1?a2 >
= lim (37)
m——4o0 Q 6/04—}2
2
1 C/a—R
—a 2
S lim (C/a—R)\/g 5 (38)
m——+00 C/a—R _

_1 c ,
o (Fad) ( &ﬁﬁ))

- 2 \/27r6
1+ C/a—R

(mtms)

QN

_l_-+___l:g_§ —< C Yol 2 2
= lim W’”“ wi) [ (3 12 D) £ (CJa— R O (et

ot (Cfa— R)? JE+is

_(C/a—R)? ( o2

— e 208 a27(x+1> < 1’ (40)

where inequality[(38) follows from from the bounds on the Uption given in Eqn.[(Z21H
From Eqn. [(4D) it follows thatimy;_,.. R,z = R if aR < C. Similarly, it can be easily

shown thatlim;_,., R,;z = 0 if aR > C. Thus by choosingv appropriately, we can have
J&im R,z =min{R,C}. 41

Eqn. [41) suggests that the average transmission rate cadapted at the message level while
keeping a fixed rate at the physical layer. We will see in $ecl/| that the maximum average
decoded rate cannot be above this value; hence, as the nafmbessages and the channel blocks
go to infinity, the aJE scheme achieves the optimal perfoceawwe will show in Section V

through numerical analysis that near optimality of the adkeme is valid even for finitd/.
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However, we also note the threshold behavior of the perfoo@af aJE; that is, when there are
multiple users or inaccuracy in the channel statisticsrmftdion at the transmitter, aJE performs
very poorly for users whose average received SNR is belovatiget value. In the following we

propose alternative transmission schemes with more graéumrmance change with the SNR.
B. Time-Sharing Transmission (TS)

One of the resources that the encoder can allocate amorgreditf messages is the total
number of channel uses within each channel block. While thelevfirst channel block has
to be dedicated to messaglg (the only available message), the second channel block ean b
divided among the messag#és, and /5, and so on so forth. Assume that the encoder divides
the channel block into ¢ portionsay,, . .., oy such thato,; > 0 and Zﬁzl oy = 1. In channel
block ¢, a;;n channel uses are allocated to messdgeA constant power” is used throughout
the block. Then the total amount of received mutual inforora{MI) relative to messag#@/; is
It & th‘iz. a;;Cy. Letting oy, = 1 if t =4 anda;; = 0 otherwise, we obtain the MT scheme.

For simplicity, in thetime sharing (TS) scheme we assume equal time allocation among all
the available messages; that is, foe= 1,..., M, we havea;; = % fort =d,i+1,..., M,
anda; =0 fort =1,...,i. The messages that arrive earlier are allocated more Esyuand
hence, are more likely to be decoded. We ha{é > I’ for 1 < i < j < M. Hence, the

probability of decoding at least. messages is:

s(m) & Pr{I’®* > R}, form=0,1,..., M, (42)
where we defind}7’,; = 0 and I}** = co. Then the average decoded rate is:
M M
pum e == — _— .« e . _— > .
firs MmZ:1<(m) MmZ:1Pr{ m m+1 T —R} (43)

C. Generalized Time-Sharing Transmission (gTS)

In generalized time-sharing transmission each message is encoded with equal time @tinca
over W consecutive blocks as long as the total deadlinelMbfchannel blocks is not met.

Messages froml; to W,,_y .1 are encoded over a window oF blocks, while messaged/;,
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Fig. 4. Average decoded rate for the gTS scheme plotted sigii@ window sizéV for M = 10* messages an® = 1 bpcu

for two different average SNR values.

forie {M—-W+2 M—-W +3,...,M} are encoded ovek! — i + 1 blocks. In particular
we focus on the effect of variabld’” on the average decoded raT@Tg. In caselV <« M and
W > 1, most of the messages are transmitted dVeslots together witt” — 1 other messages.

In this case the MI accumulated for a generic mesdageés:

| W
I = ; C,. (44)
By the law of large numberd,_(4#4) converges in probabilityhie average channel capacityas
W — oo. Thus, we expect that, when the transmission fate aboveC, the gTS scheme shows
poor performance for largél” (and hence, largé/), while almost all messages are received
successfully ifR < C. We confirm this by analyzing the effect & on R numerically in Fig.
for M = 10* and R = 1 bpcu. ForP = 0 dB the average channel capacifyis lower than
R, which leads to a decreasirf_@gTs with increasing window sizél’. On the other hand, for
P =2dB C is higher thanRk = 1 bpcu, and accordingly?,rs approaches asW increases.
The same reasoning cannot be applied if the window size isi@fotder of the number of
messages, as the number of initial messages which sharbahaeed with less thabl” — 1 other
messages and the number of final messages which share theethath more thaniv — 1
messages are no longer negligible with respecivtolIn Fig. [5(a), we plotR,rs vs W for

relatively small numbers of messages aiid> R. As seen in the figure, for a given value of
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Fig. 5. Average decoded rate for the gTS scheme plotted stgtie window sizéV for different values ofM, P = 5 dB.

M an optimal value o#¥ can be chosen to maximizl_égTS. The optimal value ofV increases
with M whenR < C. We plotR,rs for C < R in Fig.[5(b). From the figure we see th&fs
decreases monotonically with” up to a minimum, after which it increases almost linearly.
The initial decrease in the decoded rate is due to the aveyadiect described above, while the
following increase is due to the fact that messages whiclransmitted earlier get an increasing
amount of resources a§ increases, and so the probability to be decoded increases .ndatter
of fact, for each finite;, the average MI accumulated for messaggows indefinitely withiV/,

i.e.:

i+W—IC i+W—11
. t . — L
pn el X G -

t=1 t=1

Thus, for a fixedi, letting ¥ go to infinity leads to an infinite average MI, which transtate
into a higherR,rs. Note that this is valid only for relatively smalland largelV, i.e., only
messages transmitted earlier get advantage from incgelsjwhile the rest of the messages are
penalized. For instance, if/ > W, while messagéV; is allocated a total o 3"}, 1 channel
uses oveiV channel blocks, messadE,, only receives a fractiogl‘7 of a channel block. 11V

is small compared td/, as in the plot of Figidl for P = 0 dB, the fraction of messages which
get advantage from the increasifig remains small compared t/; and henceR,rs does not
increase withi¥/ for the considered range.

Note that the TS scheme in Section 1ll-B is a special case ®fgihS scheme obtained by
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letting W = M. On the other extreme, by letting” = 1, we obtain the MT scheme.

Although the idea of encoding a message over a fraction ofattalable consecutive slots
(e.g9.,W < M for messagdl; in gTS) can be applied to all the schemes considered in this
paper, the analysis becomes quite cumbersome. Hence, tnietregr analysis to the TS scheme
as explained above.

D. Superposition Transmission (ST)

Next we considesuperposition transmission (ST), in which the transmitter transmits in channel
blockt, t € {1,..., M}, the superposition of codewords, chosen fromindependent Gaussian
codebooks of size", corresponding to the available messag#s, ..., W,}. The codewords
are scaled such that the average total transmit power infgach is P. In the first block, only
information about messadé’ is transmitted with average powé¥, = P; in the second block
we divide the total powef” among the two messages, allocatiRg and P, for 1W; and W5,
respectively. In general, over channel blackve allocate an average powéey; for WW;, while
Zﬁzl Py = P.

Let S be any subset of the set of messagéds= {1,..., M}. We defineC(S) as follows:

M
A ¢[t] ESGSPSt
CS) 2 log, (1 . 45
(S) ; og ( +1+¢[t] ZSGM\SPst> (45)

This provides an upper bound on the total rate of message=s & that can be decoded jointly

at the user considering the codewords corresponding toeimaining messages as noise. The
receiver first checks if any of the messages can be decodeé &lp considering the other
transmissions as noise. If a message can be decoded, tespmrding signal is subtracted and
the process is repeated over the remaining signal. If noagessan be decoded alone, then the
receiver considers joint decoding of message pairs, fatbiay triplets, and so on so forth. This
optimal decoding algorithm for superposition transmissgoutlined in Algorithnill below. The
user calls the algorithm witlRate = 0 and M = {1,..., M} initially.

While Algorithm[1 gives us the maximum total rate, it is clealyjing in general to find a

closed form expression for the average total rate, and agaithe power allocation. Hence, we
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Algorithm 1 Total DecodedRate Rate, M, P)

booleanDecoded = 0

for i =1 to |[M| do

if iR < mMaxs:.sc M,|S|=i C(S) then
Decoded = 1
Rate = Rate + %

M=M\S
quit for
end if
end for

if (M # 0) AND (Decoded) then
Total Decoded_Rate (Rate, M, P)
elsereturn Rate

end if

focus here on the special case of equal power allocationiendae divide the total average power

P among all the available messages at each channel block. &ff@mpance of the ST scheme

will be studied in Sectioh V numerically and compared with tither transmission schemes and
an upper bound which will be introduced next.

IV. UPPERBOUND

We provide an upper bound on the performance by assumindhdtansmitter is informed
about the exact channel realizations at the beginning oftthesmission. This allows the
transmitter to optimally allocate the resources among agEss to maximizeR. Assume that
C1,...,Cy are known by the transmitter and the maximum number of messHwat can be
decoded isn < M. We can always have the first messages to be the successfully decoded
ones by reordering. When the channel state is known at timsrtrigter, the firstn messages

can be decoded successfully if and only.if{[22],

iR< Criy1 +Cpiya+---+Cuy, fori=1,... ,m.
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We can equivalently write these conditions as

M
1
< i _ . 4
R_ze{rf,l.l.?m} [m—i+1]zz;cj (46)
Then, for each channel realizatiqi|[1],..., h[M]}, the upper bound on the average decoded

rate is given by%;R, wherem* is the greatest: value that satisfie§ (46). This is an upper bound

for each specific channel realization obtained by optimallgcating the resources. An upper

bound onR can be obtained by averaging this over the distribution efdhannel realizations.
Another upper bound o can be found from the ergodic capacity assuming all messages

available at the encoder at the beginning and lettihgo to infinity. Thus,R can be bounded as:
R <min{R,C}. (47)

The boundR < R follows naturally from the data arrival rate. Comparing)(4nd [41) we see

that the aJE scheme achieves the optimal average decoeeit the limit of infinite M.

V. NUMERICAL RESULTS

In this section we provide numerical results comparing theppsed transmission schemes.
For the simulations we assume that the channel is Rayle@jhdai.e., the channel statg?) is

exponentially distributed with parameteri.e., fo(¢) = e~ for ¢ > 0, and zero otherwise. In
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—=Memoryless (MT)

0.8r

-9-Joint encoding (JE)
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w 0§ :U:Eee;p;)os:"l]c;n N w 0.6 -v-Generalized TS (gTS)
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Fig. 6. The cumulative mass function (cmf) of the number ofatfed messages fd& = 1 bpcu andM = 50.

Fig.[6(a) the cumulative mass function (cmf) of the numbedexfoded messages is shown for the
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Fig. 7. Average number of decoded messages vs. the totalerunflmessaged/ for R = 1 bpcu.

different transmission techniques f&r= 1, M = 50 and P = 1.44 dB, which corresponds to an
outage probability of = 0.5 for the MT scheme and an average channel capatity 1.07 > R.

We see that MT outperforms ST and TS schemes, as its cmf ldgw ltee other two. On the
other hand, the comparison with the JE scheme depends oretfigrpance metric we choose.
For instance, JE has the lowest probability to decode mane,thmessages, fomn < 15, while

it has the highest probability for, > 22. In Fig.[6(b) the cmf’s for the case d? = 0 dB are
shown. In this case the average capacity’is~ 0.86. Comparing Fig[ 6(®) and Fig. 6{a), we
see how the cmf of the JE scheme has different behaviors degeon whethelC' is above or
below R. We see from Fig. 6(b) that for the JE scheme there is a prhtyabf about 0.3 not

to decode any message, while in all the other schemes sublalplity is zero. However, the
JE scheme also has the highest probability to decode mone3themessages. Furthermore, we
note that the cmf of the gTS scheme converges to the cmf of i€nse at low SNR. This is
because, as shown in Section 1lI-C, whén< R, the optimal window sizéV is equal tol,
which is nothing but the TS scheme. In the following, we foamsthe average decoded rate
as our performance metric. In Fig. 4(a) and Fig. [7(b) theayemumber of decoded messages
is plotted againstV/ for SNR values of—3 dB and 2 dB, respectively, and a message rate
of R = 1 bpcu. While JE outperforms the other scheme$ &tR = 2 dB, it has the poorest
performance ab N R = —3 dB. This behavior is expected based on the threshold behakibeo
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Fig. 8. Average decoded rate ¥&for P = 20 dB and M = 100 messages. The upper boundn(R, C) is also shown.

JE scheme that we have outlined in Section TlI-A. Note thataherage capacity corresponding
to SNR = —3 dB and2 dB areC = 0.522 and C' = 1.158, respectively. The former is below
the target rate? = 1 and the receiver can not decode almost any message, wheesktter is
aboveR = 1, leading to an average decoded rate close to the optimad.villote from the two
figures that none of the schemes dominates the others at RIV@Nies. In Figl[18R is plotted
against the transmission rafe for the case ofA/ = 100 and P = 20 dB. The aJE scheme
outperforms all the other schemes, performing very closthéoupper bound. The numbér’

of messages transmitted in the aJE scheme is chosen s%’that).%%. In the figure we also
show the upper bound obtained from the ergodic capaqity(R, C). It can be seen how it
closely approximates the informed transmitter upper bdond? < 6. The JE scheme performs
better than the others up to a certain transmission ratengewhich rapidly becomes the worst
one. This is due to the phase transition behavior observesl dven for a relatively small/.
Among the other schemes, MT achieves the highest averagele@cate in the regiok < 6.8,
while TS has the worst performance. The opposite is trueanégionR > 6.8, where the curve
of ST scheme is upper and lower bounded by the curves of the MTT& schemes. We have
repeated the simulations with different parameters @langingP and M) with similar results,
that is, MT, TS, and ST schemes meet approximately at the pamg below which MT has the

best performance of the three while above the intersect®mds the best performance. At the
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Fig. 9. Average decoded rafe vs distance from the transmitter fé& = 1 bpcu, M = 100, P = 20 dB anda = 3.

moment we have no analytical explanation for this obsemmativhich would mean that there is
always a scheme outperforming ST. We next study the perfocenaf the considered schemes
as a function of the distance from the transmitter. We sdadealverage received power at the
receiver withd=, whered is the distance from the transmitter to the receiver arid the path
loss exponent. The results are shown in Eig. 9 fore= 20 dB, M = 100, R = 1 bpcu and a
path loss exponent = 3. The dependence @t on the distance is important, for instance, in the
context of broadcast transmission in cellular networksylich case the receiving terminals may
have different distances from the transmitter. In such aate the range of the average channel
SNR values at the receivers becomes important, and themitd@s should use a transmission
scheme that performs well over this range. For instance,siystem in which all users have the
same average SNR, which is the case for a narrow-beam wasslitem where the SNR within
the beam footprint has variations of at most a tédis on average [21], the transmission scheme
should perform well around the average SNR of the beam. Alaimsituation may occur in a
microcell, where the relatively small radius of the cell irep a limited variation in the average
SNR range experienced by the users at different distanoes tine transmitter. Instead, in the
case of a macrocell, in which the received SNR may vary sigamtly from the proximity of the

transmitter to the edge of the cell, the transmitter shodlopaa scheme which performs well
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over a larger range of SNR values. In the range ug t04 the JE scheme achieves the highest
average decoded rate while far> 6 the TS scheme outperforms the others. The drop in the
decoded rate in the JE scheme when passing fieay to d = 5 is similar to what we observe

in Fig.[8 when the rate increases beyaRd-= 6 bpcu. In both cases the transition takes place as
the transmission rate surpasses the average channeltgappae aJE scheme, which selects the
fraction of messages to transmit based@noutperforms all other schemes and gets relatively
close to the informed transmitter upper bound and the ecgcapacity. The aJE scheme adapts
the average transmission rate at message level to the avehamnel capacity. We recall that,
in the aJE scheme, the transmitter only has a statisticallealge of the channel, and yet gets
pretty close to the performance of a genie-aided transneiten for a reasonably low number
of channel blocks. We further notice how the adaptive JE mehelosely approaches the ergodic
capacity, even though data arrives gradually at the tratenduring the transmission, instead
of being available at the beginning, which is generally assu for the achievability of the
ergodic capacity [|6]. We should note that in Hig. 8 the averagnsmission rate is optimized
for each given distance for the aJE scheme, while such gption is not done for the other
schemes. Thus, in case two (or more) terminals have diffelistances from the transmitter, the
optimization can no longer be performed and a tradeoff betvibe average decoded rates of the
two nodes would be needed. The performance can be improvedrsidering a combination
of the aJE scheme with the TS or ST schemes. The plots if_Figo® sow TS, MT and ST
schemes are more robust compared to the JE scheme, as theig@wdecoded rate decreases

smoothly with the distance, unlike the JE scheme, which hssdaen drop.

VI. CONCLUSIONS

We have considered a transmitter streaming data to a recawee a block fading channel,
such that the transmitter is provided with an independersisage at a fixed rate at the beginning
of each channel block. We have used the average decodedsrate @erformance metric. We

have proposed several new transmission schemes basednorefaioding, time-division and
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superposition encoding. A general upper bound on the agedmgoded rate has also been
introduced assuming the availability of CSI at the trantamit

We have shown analytically that the joint encoding (JE) sodas a threshold behavior and
performs well when the target rate is below the average aamapacityC, while its performance
drops sharply when the target rate surpagse$o adapt to an average channel capacity that is
below the fixed message ratg the adaptive joint encoding (aJE) scheme transmits ontyeso
of the messages. We have proved analytically that the aJ&rszis asymptotically optimal as
the number of channel blocks goes to infinity, even thougla datives gradually over time at
a fixed rate, rather than being available initially. We halg® &hown numerically that, even for
a finite number of messages, the aJE scheme outperforms sahemes in all the considered
settings and performs close to the upper bound.

We have also proposed the time-sharing (TS) and supemuogitnsmission (ST) schemes,
as well as a generalized TS scheme which transmits each geessar a certain number of
channel blocks. While none of these schemes outperformmothiall settings, their performances
degrade gradually with the decreasing average SNR as apposke threshold behavior of the
JE scheme. This provides robustness in the case of muligleivers with different average

SNRs or when the channel statistics information at the tndihsr is not accurate.

APPENDIX

A. Proof of Theorem 1

Let B, denote the event “the firdt messages can be decoded at the end of channel blpck

while B, denotes the complementary event. The evgntolds if and only if
Cr—iv1 +Cr—jyo + -+ Cp 2 iR (48)

is satisfied for alk =1, ..., k. Let E} ; denote the event “thg-th inequality needed to decode

the firstk messages ik channel blocks is satisfied”, that is:
Ep; 2 {Chji1+ -+ Cpy>jR}, forj=1,... k, (49)
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while E}.; denotes the complementary event.
Note that in the JE scheme i messages are decoded these are therfirsbessages. Let
ng denote the number of decoded messages at the end of chaodklMl Then the average

decoded rate is
EJE:R[P’F{TM Z 1}+P7‘{nd22}++Pr{nd Z M—1}+Pr{nd Z M}] (50)

The k-th term in the sum of Eqn[(50) is the probability of decodaideast % (i.e. k£ or more)

messages. Each term in[50) can be expressed as the sum d@rin® ds:
Pr{nde}:Pr{Bk,nde}—i-Pr{Ek,nde} (51)

The first term of the sum in_(51) is the probability of “decoglih messages at the end of
channel blockk and decoding at least messages at the end &f channel blocks”. Note that
this corresponds to evemt,, since if B, holds, the event “decode at ledstmessages at the

end of channel block/” is satisfied. We have:
PT’{Bk, nyg Z k‘} = PT’{Bk} = P’I“{Ehl, e aEk,k:}- (52)

As for the second term of the sum in_{51), it is the probabitifydecoding at least messages
but not k£ at the end of channel block. It can be further decomposed into the sum of two
terms, one corresponding to the probability of decoding tredother to the probability of not
decodingk + 1 messages at the end of blokk- 1 while decoding more thah messages i/

blocks, i.e.:
Pr{By,nq >k} = Pr{By, Bys1,nq4 > k} + Pr{By, Bxy1,na > k}. (53)

Looking at the first term, similarly as seen before, the evgnt k is true if the conditionB,,
is satisfied (i.e., ift + 1 messages are decoded at the end of bloek 1, then more thark

messages are decoded at the end of channel blfogkhat is:

Pr{By, By+1,nq > k} = Pr{By, By+1}.
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Plugging these intd (51), we obtain
Pr{nd Z /{Z} = P’/’{Bk} + PT{Ek, Bk—i—l} + PT{Ek,§k+1,nd Z /{Z} (54)

We can continue in a similar fashion, so that, in general thene“at leastt messages are
decoded” can be written as the union of the disjoint eventsnfessages are decoded &n
slots”) |J (“k messages are not decodedfinslots butk + 1 messages are decoded Ant 1
slots”) |J --- UJ (“no message can be decoded before dibtbut A/ messages are decoded
in slot M”). Hence, by the law of total probability, the probability decoding more thark

messages can be written as:

M
Pr{nde} :ZPT{ER7EI€+17"' ,Ej_l,Bj}. (55)

j=k
Note that each term of the sum in_{55) says nothing about whppdns to messages beyond
the j-th, which can either be decoded or not. Plugging (55) in (&6)find:
M M M o .
Elm] =Y Pr{na >k} =>_> Pr{B, By, -, Bj_1,B;}
k=1 k=1 j=k
M j
:ZZPT{BkaBk-‘rla“' 7Bj—17Bj}' (56)
j=1 k=1

We can rewrite each of these events as the intersection otsweé the kindE;; and Ey ;.

Each term of the sum in_(56) can be split in the sum of the pritibab of two disjoint events:
Pr{By,Biy1,- - ,Ej_l,Bj} = Pr{Ek,l,Ek,BHl, e ,Fj_l,Bj}
+Pr{Ek1, Bx, Biy1,- -+, Bj_1, Bj}. (57)
As the eventE,,; implies the event3,, this can be removed from the second term in the right
hand side of[(57). Note that, in general, the evEpt, i € {1,--- ,k} implies the event3;. In

order to remove the evert, from the first term as well, we write it as the sum of probaiaiit

of two disjoint events: one intersecting wiff}, , and the other with%,, ,. Then we get:
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Pr{By, Bxs1,- -+, Bj_1, Bj} = Pr{Ey1, Ex2, Bi,- -+ , Bj_1, Bj}
+Pr{E;,. B, By, . By1, B;) (58)
+Pr{Ex1, Bgy1,- -+, Bj_1, Bj}.

Now B, can be removed from the second term of the sum thanks to tiseme ofE;, ». Each
of the terms in the right hand side &f {(58) can be further emiths the sum of the probabilities
of two disjoint events and so on so forth. The process istitdrantil all theB,;, d < j events
are eliminated and we are left with events that are inteimegof only events of the typ&, ,
andE,,, for somep,q € {k,k+1,..., M} and B;. The iteration is done as follows:

For each term of the summation, we take tBe event with the lowest index. If anEJ
event is present, them; can be eliminated. If not, we write the term as the sum of the tw
probabilities corresponding to the events which are therseictions of the3; event with £, 4,4
andE) 4,1, respectively, wherd is the highest index among the events in which; ; is already
present. The iterative process stops whenj.

At the end of the process all the probabilities involving reeeB;, . . ., B;_; will be removed

and replaced by sequences of the kind:

1Bkt Bray s Erigs Brvvigrt, s By B o1, Bjoviy s Bi,

wherei;_; € {j —1—Fk,---,j—1} is the index corresponding to the last inequality needed to
decodej — 1 messages which is not satisfied. Note that exactly Bneevent for eachB; is
present after the iteration.

In order to guarantee thdt; holds, all the eventd’;,,..., E;; must be verified. It is easy
to show that, after the iterative process used to removeBjtse the eventt;; ., ensures that
all the events needed fds; with indices lower than or equal tg_, are automatically verified.
Thus, we can add the evenfd’;; .., ---, E;;} to guarantee thaB; holds, and remove it
from the list. It is important to notice that the terf, ; is always present. At this point we

are left with the sum of probabilities of events, which wel datevents, each of which is the
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intersection of events of the for, ; and E, ;. Thus, anE-eventS; has the following form:
S]‘Z; é {Ek,lu Ek,27 te 7Fk,ik7 Ek—‘rl,ik—i-l? e 7Fk+1,ik+17 to 7Ej—1,ij,2+17Ej—l,ij,17 Ej,ij,1+17 Tty E],j}(sg)

By construction, the number af-events for the generic term of the sum in[(56) is equal to
the number of possible dispositions pf- k E’s over j — 1 positions. As the number of events
of type E is different for theE-events of different terms i (56), thB-events relative to two
different terms of[(56) are different. We defigg as the set of alEP-events which contain the
eventF; ;. The elements of; correspond to all the possible ways in whigimessages can be

decoded at the end of block numbgerThe cardinality ofS; is equal to:

N G=Dt
SI=2 GG w2 (50)

which is the number of all possible combinationsjef 1 elements each of which can take value

E or E. Now we want to prove that

> Pr{si} = Pr{E;}. (61)

SiESj

Note that £ ;’s correspond to different events if the indéxis different, even for the same
index [; thus, the law of total probability can not be directly apglito prove[(61). However,
the following can be easily verifiedPr{Ey, ;} = Pr{E,.}, Yki,ko. This implies that the
probabilities of two E-events which differ in some or all of the indices (but not in the
indices) of its constituent events are the same. A proofusrgin the following.

Proposition 1: Let us consider a set of random variablés - - - ,C; that are conditionally

L.i.d. givenU. Given any two ordering vectolis= iy, 1s,--- ,i; andl =y, 1y, --- ,[;, we have
PT{C“ 2R77021 _'__'_CZJ 2.]R} :PT{Cll zRu 7C'll_'_—i_cvlJ 2.]R}7 (62)
Proof: The left hand side of EqQn[_(62) can be rewritten as:

400 U 9’]9”’
PriCy zR,....C;y +---+Cj, 2 jR} = / du/ dc;, . . / dei; feyu(cilu) fu(u),(63)
—o0 (% gLow

low lo
1 J
whereC; = C;,,---,C;; and¢; = ¢, -+ ,¢;, while 9/ and ¢,” are the lower and upper

extremes of the integration intervali” is either equal to-oo or to hR —¢;, — -+ — ¢;,_,,
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Vh € {1,...,7}, depending on whether there iscaor a> in the h-th inequality within brackets
in Eqn. [63), respectively, whilg” is either equal t&R —c¢;, —--- —¢;, _, or to +oo depending
on whether there is a or a > in the h-th inequality of Eqn.[(63), respectively. By plugging
Eqgn [9) into Egn[(€3) we can write:

400 our

e )
Pr{Cy 2 R...,Co -t Ci sz}:/ dufU(u)/ dcl-l.../ des, fou(cilu)
— 00 lgllou) eé_ow
ouP

+00 07P ]
— / dufy(u) /l dei, ... /l dciijil\U(cil u) - ‘fCZ-J.IU(Cij |u).(64)
_ elow lgjow

o0

Finally, by using Eqn.[(10) in Eqnl_(64) we find:
Pr{Cy Z R, Ciy o+ Cyy 2 jRY = [72 dufu(u) [y de;, .. fé{i de;, foyu(cilu)
= [ dufu(w) fyb de;, fé{i dei, e wlealu) x -+ x fe, (e, u)
- f:’;o du frr(u) fg"{ﬂz dey, . .. fe(zfz dey, fcl1|U(cl1|u) N szle(Clj [u)
=Pr{C, 2R,....Ch+---+C, 2jR} R (65)

The proposition above guarantees that, although thesdsestlemot partition the whole proba-

bility space of E; ;, their probabilities add up to that df; ;, i.e.:
2i-1

> Pr{Si} = Pr{E;;} = Pr{Ci +---+ C; > jR}. (66)
k=1
Finally, plugging Eqn.[(66) into EgnlL_(56) we can write:

M M
Elm] = Zpr{nd >k} = ZZPT{EMFI@—H»”' ,Bj_1,B;}
k=1

j=1 k=1
M . M
= > > Pr{Siy=> Pr{Ci+---+C;>jR}.A (67)
=1 gies; j=1
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