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Abstract

We study video streaming over a slow fading wireless charineh streaming application video
packets are required to be decoded and displayed in the tirejeiare transmitted as the transmission
goes on. This results in per-packet delay constraints, haddsulting channel can be modeled as a
physically degraded fading broadcast channel with as matyal users as the number of packets. In
this paper we study two important quality of user experief@eE) metrics, hamelyhroughputand
inter-decoding delayWe introduce several transmission schemes, and compairettinoughput and
maximum inter-decoding delay performances. We also inttech genie-aided scheme, which provides
theoretical bounds on the achievable performance. We webghat adapting the transmission rate at
the packet level, i.e., periodically dropping a subset & plackets, leads to a good tradeoff between
the throughput and the maximum inter-decoding delay. We sif®w that an approach based on initial
buffering leads to an asymptotically vanishing packet lade at the expense of a relatively large initial

delay. For this scheme we derive a condition on the buffeimg that leads to throughput maximization.

. INTRODUCTION

Video traffic constitutes a large portion of today’s Intdrokata flow, and it is foreseen to
exceed70% of the total IP traffic within the next five years![1]. A sign#ict portion of the
video traffic is generated by streaming applications, sickauTube and Netflix. This, together
with the increasing utilization of mobile terminals for esiming high-definition video content,
poses growing challenges to mobile network operators imgeof bandwidth availability and

quality of user experience (QOE).
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Mobile wireless channels are often modelled with block riggiwhere the channel gain stays
constant during the channel coherence time, and changepeandently across channel blocks
according to a certain probability distribution [2]. Frohetextensive literature on fading channels
(see, e.qg.,[I3]-[9)]), it emerges that a pivotal role for able communications is played by the
delay constraint, which is a critical design parameter ieahing applications.

In [10] and [11] the broadcast strategy proposed_ in [12] isdut improve the end-to-end
quality in multimedia transmission. However, the broatictisategy requires encoding bits into
multiple superposed messages of increasing rates, aniévkisof fine adaptation is not possible
in practical multimedia communication systems, in whick #mncoding rate is fixed by a higher
layer applicatio@{l?)]. Moreover, practical network architectures are fiiritayered, and the
channel encoder is typically oblivious to the video codiobesme used by the application layer;
and therefore, rate adaptation is usually not possibleattue level. Video packets received
by the channel encoder are already video-encoded at a fixedwhich cannot be changed. On
the other hand, the channel encoder can choose to drop sothe wideo packets, and achieve
rate adaptation at the packet level at the expengatef-decoding delat the receiver.

In the Moving Picture Experts Group (MPEG) standard, theewi@ncoder output units are
called group of pictures (GOP). Each GOP consists of an mdé&and a number of P- and B-
frames [14]. A GOP can be decoded and displayed independefithe previous and following
GOPs. We assume that a whole GOP (or an integer number of G@ifs one video packet,
and the coding rate is normalized such that the display tiree @OP (or an integer number of
GOPs) is equal to the channel coherenceHime

We consider streaming over a Gaussian block fading chammelhich the transmitter has no
channel state information (CSIT), which is the case for weks with large round trip delay (like
satellite networks), or wireless broadcast networks witlarge number of usﬁs Due to the
lack of CSIT, the transmitter uses a fixed transmission taterder to minimize the probability

of packet loss over the channel, the transmission rate isdejme minimum value that allows

1Some streaming protocols, such as HTTP Live Streamingwaliie adaption among only a limited number of available

rates.
2with this we implicitly assume a slow varying channel, fomeple, a mobile terminal moving at pedestrian speed.

®In the downlink channel with many receiving terminals, dsijion of CSIT is not viable, since this requires the trarssion

of an extensive amount of information which may result in thedback implosioproblem [15].
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no freezing in the display process at the receiver providegharcket is lost. This implies that

the transmission time of a packet is equal to its display tfessuming that the time needed to
process the packet at the receiver is negligible), whiclsssimed to be constant for all packets.
In the streaming scenario, this imposes a different degpdeadline for each video packet, i.e.,
the first packet needs to be received by the end of the firstnehdntock, the second packet by
the end of the second block, and so on. Modeling the decodsacit channel block as a distinct
virtual receiver, this channel can be seen as a physicaflyaded fading broadcast channel with
as many virtual users as the number of channel blocks.

The loss of a data packet implies the loss of the correspgr@®@P; and hence, an interruption
in the playback of the video at the end user, which lasts timtiinext packet is received. In [16]
the quality degradation due to GOP losses as perceived bgrileuser has been assessed by
streaming pre-recorded videos while introducing videonsagt losses in a controlled fashion.
The results illustrate that users are more tolerant to loegzes with respect to choppy playback,
that is, few long freezing events are on average preferratatoy short freezing events. However,
this is no longer true if the transmission is for a live evesuich as a sport event or news video.
In this case, the loss of a large chunk of video content, winigy lead to loss of important
information, is much worse than choppy playback qualitythiis paper we target the latter kind
of video content, and consider the interdecoding delay asropnance measure.

The effect of GOP loss in video streaming has been studieddh [18] and [19]. In the
video streaming literature, the problem is usually taclkdédhe network level, focusing on the
effect of packet loss rate, delay and jitter |[20]. Howevkese parameters are usually assumed
to be given as fixed values to the system designer, or studied & networking perspective,
where packet losses are mainly due to buffer overflow, witiler jis due to the congestion level
of the network, link failures and dynamic routing. The pebl of radio resource allocation in
wireless multimedia transmission over frequency seleativannels is studied in [21] and [22].

We study the interaction between the physical layer and tbiglay process of the received
video data. In particular, we study different communicatgirategies, each of which adopts
a different policy to select the subset of messages to bermiied, as well as the amount of
resources (in terms of transmission time) dedicated to gsdsage, which has an impact on the
successful decoding probability. The performance of trstsstegies is evaluated based on two

figures of merit: average throughput and maximum inter-dexp delay [23]. The interaction
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between the display process and the lower layers is of fuedtahimportance for streaming
services such as Dynamic Adaptive Streaming over HTTP (DA8tadt need an estimation of the
link quality in order to provide an adequate QOE to the endauda its current implementation
DASH uses the information about the link status at each usarder to optimize the QoE that can
be provided with the available resources![24]. However, BASystems require a feedback link
that instructs the transmitter on the highgest bit-raté¢ tha be received in the current channel
condition, whereas we assume no information on the curtentreel state at the transmitter, and
thus the optimisation of the transmission strategy at thestmitter has to be done independently
of the current channel condition.

While there is an extensive literature on the higher layetyais of video streaming applica-
tions [25], research on the physical layer aspects of streafocus mostly on code construction
[26], [27], [28]. The diversity-multiplexing trade-off foa streaming system is studied [n [29].
The channel model we study here is the dual of the streamamgitmitter model studied in [30],
[31], where the data packets, rather than being availalilgeatransmitter in advance and having
a per-packet delay constraint, arrive gradually over tiemg have a global delay constraint.

We propose four different transmission schemes based oe-dimaring. More elaborate
transmission techniques have been previously studiedtémature such as in_[10]. In_[33]
the problem of still images transmitting over slow fadingachel using a FEC-based multiple
description encoder over an OFDM modulation was studiedik&/in such previous works, we
exclusively focus on time-sharing transmission becausésdapplicability in practical systems,
as it leads to lower complexity decoding schemes with raspmcfor example, successive
interference cancellation, which is required in the cassupferposition transmission. Moreover,
the throughput and delay analysis is not completely undedseven for this relatively simpler
transmission scheme. In particular, we considemoryless transmission (MTéqual time-
sharing (eTS)pre-buffering (PB)andwindowed time-sharing (WTSchemes. We also consider
an informed transmitter (IT) bound on the achievable thhgug and delay performances, as-
suming perfect CSIT. We compare these achievable scherdawaimformed transmitter bound
in terms of both throughput and maximum inter-decodingydeéDair results provide fundamental

performance bounds as well as an insight for the design daftiped video streaming systems

“Part of the present work has been presented ih [32].
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over wireless fading channels.

The rest of the paper is organized as follows. In Sedtibn llpnesent the system model. In
Section Il we derive informed transmitter bounds on thigqugt and average maximum delay.
In Sectior IV we presents four different transmission soberind, for each of them, we analyze
throughput and delay. Sectién V contains the numericalltsuhile the conclusions are drawn
in SectionV].

II. SYSTEM MODEL

We consider a video streaming system over a block fadingredlaihe 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 file terbarsed to the receiver consists
of M independent packets denoted By, ..., W,,, all available at the transmitter at the very
beginning. The receiver wants to decode these packets ahadas the transmitter continues
its transmission. We assume that the padkétneeds to be decoded by the end of channel
block ¢, t = 1,..., M, otherwise it becomes useless. The data packets all haveathe size;
and it is assumed that each packet is generated atrdies per channel use (bpcu), which is
fixed by the application layer, i.el}; is chosen randomly with uniform distribution from the
setW, = {1,...,2"%} [34]. The channel in block is given by

y[t] = Rlt)x[t] + =[],

wherehlt] is the channel state[t] is the lengths channel input vector|t] is a vector of i.i.d.
zero mean unit-variance Gaussian noise, gftdl is the lengths channel output vector at the
receiver. Instantaneous channel states are known onlyeatetieiver, while the transmitter has
only statistical channel knowledge, i.e., it knows the bty density function (pdf) of(¢).
We have a short-term average power constrainPpf.e., E[x[t]x[t]!] < nP fort =1,..., M,
wherex|[t]" represents the Hermitian transposexf.

The channel from the source to the receiver can be seen ass&cg@hy degraded broadcast
channel, such that the decoder at each channel block actyigsa receiver trying to decode
the packet corresponding to that channel block. Seel[Figr Broillustration of this channel

model. We denote the instantaneous channel capacity oe@nehblockt by C;:

Ci = logy(1 + ¢[t]P), (1)
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Fig. 1. Equivalent channel model for streaming a video filmposed ofM packets oveM blocks of the fading channel to

a single receiver with a per packet delay constraint.

where ¢[t] = |h[t]|? is a random variable distributed according to a zero-mednfph). We
defineC £ E{C,}, E{z} being the mean value of.
We define the average throughpiit, as the average decoded rate at the end/othannel

blocks:

M
T Z m - n(m), 2)

Sk

wheren(m) is the probability of decoding exactly, messages out af/.

In addition to the average throughput, we also study fthene delay which is defined as
the maximum number of consecutive channel blocks in whiehctbrresponding message is not
decoded, denoted bp™**. When a video packet over a channel block is not decoded at the
receiver, video playback at the receiver's device staltgl hhe user continues to see the same
video frame until a new GOP is successfully received. Sib€&* is also a random variable
whose realization depends on the channel, we consideviigge maximum delap™ as our

performance measure. We have:
M M
D™EN"d- Pr{D™=d} =Y Pr{D™™> d}. (3)
d=1 d=1

In the next section, we first study an informed transmittenritbon the system performance,

assuming perfect CSIT about all the future channel readizat
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[Il. | NFORMED TRANSMITTER BOUND

An upper bound on the achievable average throughput and er lbaund on the average
maximum inter-decoding delay can be obtained by assumiagttie transmitter is informed
about the exact channel realization over all the channel blocks non-causally. This allows
the transmitter to optimally allocate the available resesaramong the messages. In patrticular,
knowing the channela priori the transmitter can choose the optimal sulsggtof messages to
be transmitted that maximiz&sand minimizesD . Note that power allocation across channel
blocks is not possible due to short-term power constrambrder to find the set of messages
Sopt that minimizes the average maximum delay, we first find theimasm number of decodable
messages for the given channel realizations. It followsnftbe physically degraded broadcast
channel model depicted in Figl 1 that the total number of agss that can be decoded up to
channel block, denoted by (¢), ¢t = 1,..., M, is bounded as:

(t) < min{t, V“’;”J } (4)

where I'°{(¢) £ 3! C;, is the total mutual information (MI) accumulated up to andlimling

channel blockt, while |z] is the largest integer smaller than or equalztoAt each channel

]fot(t)

Fig. 2. I'"Y(t) plotted against, and the corresponding vectst in case of throughput-optimal transmission. The light haes
represent the amount of MI accumulated in each ofitlehannel blocks considered, while the dark blue rectangidigate a

decoding event and represent the amount of Ml that is use@dodd® a message.

block ¢, we check whether we can decode padkgtin addition to the packets that have already

been decoded. Note that there is no gain in decoding a padket@ its decoding deadline. Let
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v(t) € {0,1} denote the decoding event fo¥;, i.e., v(t) = 1, if W, is decoded, and(t) = 0
if not. We haveV(t) = v(1) +--- +v(t), and

o4 1) = 1 if It +1) > (¥(t) + 1) R, )

0 otherwise

This recursion returns th&/-length binary vectoV = [v(1)---v(M)], which corresponds to a
transmission scheme that maximizes the throughput. Aghdd represents an optimal solution
in terms of T, it may be suboptimal in terms db." From the maximum delay perspective it
may be a better choice not to transmit some of the packets ieegrough mutual information
could be accumulated by their deadlines, and instead tenrérpackets that are further in the
sequence. This is equivalent to shifting rightwards somé¢hefl’s in V so that the number
of consecutive0’s in the vector is minimized. Note that this process leaves throughput
unchanged.

Let us consider the example shown in Hig. 2, where the mutdafmation accumulated by
the receiver at the end of channel blogk/™(¢) is plotted against the channel block number.
The linesi™(¢) = jR, j = 1,...,4, indicate the threshold values &¥(¢) after which a new
message can be decoded. The vedfohas entries equal td in correspondence to decoding
events (shadowed areas) and zero in correspondence toetHadaoks in which the receiver

does not decode the corresponding message.

]tot (t)

Fig. 3. I'"(t) plotted against, and the corresponding vectdt in case of throughput- and delay-optimal transmission. g
blue bars represent the amount of MI accumulated in eacheo$ tthannel blocks considered, while the dark blue rectangles
indicate a decoding event and represent the amount of Mlishased to decode a message.
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With reference to Fig[ 12, the iterative process describecEhp. [B) returns the sequence
V = [11001]. This allocation achieves a throughput3yH and a maximum delay df. However,
a better choice for the transmitter is to transmit mesdagdnstead ofll;, as shown in Fig.
[B. This gives the new allocatioN’ = [10101], which has the same throughput ¥sbut a
maximum delay ofD™** = 1 instead of2.

In order to minimize the maximum delay, the transmitter chaase to drop a message even
if it could be decoded with high probability. In other wordbe resources are allocated to a
message with a higher index, which, if decoded, would lealtaver maximum delay. Note that
the maximum delay is optimized without decreasing the aetaroughput. Next we provide
the necessary definitions and results to introduce the ithgoMin_Del_Max_Rate, which

optimizes bothl” and D"

Definition 3.1: Let V|, p denote the binary string of length/ with maximum number of
consecutive zeros equal 10, which has the smallest number 6 and the smallest decimal

representation.

If M > D, Vi, p can be constructed by taking a sequencébteros and starting from the
(D + 1)-th most significant bit (i.e., the leftmost one), substitgta 0 with a 1, every D bits.
If M =D, Vy,p is the all-zero string of lengti/.

Let us clarify the definition considering an example with = 5. To each value ofD in
the set{0,1,2,3,4,5} corresponds a different vectdfi, p: Vipo = [11111] , Vi1 = [01010],
Vb = [00100], Vip.5 = [00010], Vip4 = [00001] and Vi, 5 = [00000].

Definition 3.2: We define¥ (t) = ! _ v(n) and Uy, p(t) = ' _, vp.p(n), wherev(n) and
up,p(n) are then-th bits, starting from the most significant ones, f (tentative allocation
vector returned by recursiohl (5)) aiMl, p (see Definition 1), respectively. In other words(t)
and ¥y, p(t) are the cumulative sum, from left, of the vectdfsand V, p, respectively, up to
the ¢t-th coordinate.

With reference to the example in Fig. 2, we haWél),... ¥(5) = 1,2,2,2,3. For D = 2,
we haveVy,» = [00100], and ¥p5(1), ..., Upa(5) =0,0,1,1, 1.
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Theorem 1Given the allocation vectoV returned by recursior [5), a maximum delay less
than or equal taD* is achievable if the following holds¥(t) > Wy, p-(t), Vt € {1,..., M}.

Proof We recall that¥y, »(¢) is the total number ofi's among the leftmost bits of the
sequencéVy, p (see Definition 1), whilel'(¢) is the total number of’s among the leftmost
bits of the sequenc¥. V() > Uy, p(t), Vt € {1,..., M}, implies thatV has at least as many
I's as Vi, p among the leftmost positions,Vt € {1,..., M}, which, in turn, implies thalv

achieves a maximum delay that is no greater thenwhich concludes the proof.

In order to find the minimum possible maximum delay startirggrf a given sequenc¥é, one
can start with a delay)* = 0 and check if the condition of Theoreinis satisfied. If not, the
maximum delay is increased ldy and so on.

Using Theoreml, the Min_Del_Max_Rate algorithm (Algorithm[1) has been obtained.
The algorithm takes as input the vecfdr, which is obtained using the recursion in Edn. (5).
First the algorithm calculates the minimum achievable maxn delay D{i®* (see Theorem
and the following note) and derives the veclg, pp=. Then it calculates the difference in the
number of ones betweeWl and Vi, prax (excess_0 in the algorithm). By definition ofD3®,
excess_0 is greater than or equal to zero. UsiNg, prex as an initialization allocation vector,
the vectorS,,: is then constructed by simply substituting the rightmestess_0 zeros with
ones. The output of the algorithm is the set of mess&gscontaining al or a0 in position
t if messagédl; is to be transmitted, or not) that constitutes the optimatgmission choice in
terms of both throughput and maximum delay. It can be easibws that Algorithn ]l has a
complexity which is quadratic id/.

In order to clarify the procedure just described, let us mersagain the example in Figl 2.
The recursion in Eqn[{5) returns the veclr= [11001], which corresponds t@ = [12223].
The algorithm starts with a tentative del@j®* = 0, and generates the corresponding sequence
Vipo = [11111], with ¥, o = [12345]. Since the condition of Theoretnis not satisfied ¥ (3) <
Up0(3)), @ minimum maximum delayp® = 0 cannot be achieved, and the tentative delay is
increased by, i.e., DF® = 1. The corresponding sequencés ; = [01010] and ¥, ; = [01122]
are then calculated. The cumulative functidip ; satisfies the condition of Theorein which

implies that the minimum achievable maximum delayli$®* = 1. At this point the algorithm
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Algorithm 1 Min_Del_ Max_Rate (V)
M = length(V)
if V.==0,...,0] then /I if no packet can be decoded return the all zero sequence
Sopt=1[0,...,0]
return Sept
end if
D, k=0
while found == 0 do
found=1
Vibp =[0,...,0] /] vector of M zeros
for i =1 to {DA—LJ do
Vibpli(D +1)] =1 // assign 1 to theé(D + 1)-th component
end for
cumsumd =0
cumsumlb =0
for j =1to M do
cumsumd = cumsumd-+V{[j] // calculate¥ (j)
cumsumlb = cumsumlb+Vy,[j] // calculate®y, p(j)
if cumsumd < cumsumlb then // if cumulative sum is lower, start again increasing delay
found=0
exit for
end if
end for
if found==1 then
Wax::l)
exit while
end if
D=D+1
end while

Sopt = Vib, Dmex
excess0 = sum(V)— sum{Vy, p)
while k¥ < excess0 do // assign 1 to the rightmost exces8 zeros ofV|b_,DImTax
if Sopt{M — k] == 0 then
SoptlM — k] =1
k=k+1
end if
end while
return Sept
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calculates the optimal allocation vector. First, the défece in the number of ones between vector
Vb1 and vectorV (excess_0) is computed, which in the example is equalet®cess_0=1.
Finally, the rightmostexcess_0 zeros inVy,; are set tol, which leads to the allocation
sequenceSqy = [01011].

V. TRANSMISSION SCHEMES

In this section we introduce four different transmissiohesoes based on time-sharing. Each
channel block is divided among the messages for which thdlideahas not yet expired. Thus,
while the first channel block is divided among all the messagg . . ., W), the second channel
block is divided among messagés,, ..., W,,, as the deadline of messagjg expires at the
end of the first block. In general the encoder divides chabtaak ¢ into M — ¢ + 1 portions
Qy, - . ., g, SUCH thato,,, > 0 and E%:t an: = 1. In channel block, «,,;n channel uses are
allocated for the transmission of messafjg. We assume that Gaussian codebooks are used in
each portion for each message, and the corresponding ogtleteare sufficient to achieve the
instantaneous capacity. Then the total amount of receiugdahinformation relative to message
W, IS:

Iﬁgt é Z Oétht. (6)
t=1

The proposed schemes differ in the way the channel uses lamatald among the messages
for which the deadline has not yet expired. Different timeadtions lead to different average

throughput and average maximum delay performances.

A. Memoryless Transmission (MT)

In memoryless transmission (M€&ach message is transmitted only within the channel block
just before its expiration, that is, messdge is transmitted over channel bloek Equivalently
we havea,,, = 1, if t = m, anda,,; = 0, otherwise. In MT messagd/; can be decoded if
and only if C; > R. Due to the i.i.d. nature of the channel state over blocks,dhccessful
decoding probabilityy £ Pr{C, > R} is constant over messages. The probability that exactly

m messages are decoded is given by:
A M m(1 _ \M-m
n(m) = (m)p (L—p)" ™ (7
The average number of decoded messages for the MT schefmgis= Mp.
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Next we derive the exact expression for the average maximelaydor MT, denoted by
ﬁ?\}a}( The termPr{D™ > d} in the summation in Eqn[{3) is the probability that a seqeenc
of M Bernoulli random variables with parametercontains at leasf consecutive zeros. This
probability can be evaluated by modeling the number of coutsee zeros as a Markov chain,
and finding the probability of reaching the final absorbingtestof ¢ consecutive zeros. This

probability is given in the following theorem:

Theorem 2Let zq,--- ,x) be a sequence of i.i.d. Bernoulli random variables with ieater

p = E[z;]. The probability of having at least consecutive zeros in the sequence is given by:

k S; M
Pr{D"™>d} => ") aq, (Mjil_ 1) < ! ) : (8)

i=0 ri=1 Pdi

wherek € {0,..., M}, k < d+1 is the number of distinct zeros of the polynomial- z)q,(z)

where:
d . .
qa(z) =1—p) 2(1—pJ, 9
j=1

waiy © € {0,...,k}, are the zeros ofl — z)q.(z) with multiplicity s;, aq,,, 7 € {1,...,s;}, are
constants derived from the partial fraction expansion of

(2p)*

=) (10)

Proof. See Appendix.

Finally, by plugging [(8) into[(B) we find:

M ks M
D) M+r;—1 1
-3 [ S | o
d=1 | i=0 ri=1 ri— 1 Pdi

B. Equal Time-Sharing (eTS) Transmission

In the equal time-sharing (eTS) transmission scheme eaahneh block is equally divided
among all the messages whose deadline has not expired geis tfiorm =1, ..., M, we have

amt:ﬁfortzl,...,m, anda,,, =0, fort =m+1,..., M.
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In eTS, messages whose deadlines are later in time are teliboere resources; and hence,
are more likely to be decoded. We ha¢ < I’ for 1 <i < j < M. Hence, the probability

of decoding exactlyn messages is:
n(m) £ Prily' > R> I}, (12)

form=0,1,..., M, where we defind{® = 0 andIJ,;, = co. Since the decoded messages in
eTS are always the last ones, we can express the average mnadelay of eTSE;nTaé, as a

function of its average throughplit.rs as follows:
M

Ders = ) _(M —m) - (m)

n;;o Ny
=Y M -n(m)=>_m-n(m)
m=0 m=0
7:‘eTS
_ (1_ - ) (13)

The numerical analysis of eTS, together with other schemgsdsented in Sectidnl V.

C. Pre-Buffering (PB) Transmission

In most practical streaming systems the receiver first actates GOPs in the playout buffer
and then starts displaying them at a constant frame rateasaéicient portion of the video has
been received, in order to compensate for the delay jittaaroving packets[[35]. We consider
a slightly different version of this type of streaming tramssion in which only the lasB
messages are transmitted while the first packets are nantitied at all. The first/ — B + 1
channel blocks are used to convey information relative el#éist B packets as explained in the
following. We call this methogre-buffering (PB)transmission.

The initial buffering phase introduces a start-up delayMf— B channel blocks. On the
other hand, if a sufficiently large buffering period is chosell the transmitted messages can be
received correctly, achieving an average throughpuR@‘. Transmitted messages are encoded
with equal time allocation over the fird — B + 1 blocks. Due to the delay constraint, message
Whr_py1 is transmitted up to channel block/ — B + 1. Hence, in blockM — B + 2 the
last B — 1 messages are transmitted with equal time allocation. Thegss continues up until
channel blockM, in which only messagéV,, is transmitted. Next we indicate withpg(B)

and Dpy (B) the average throughput and the average maximum delay achiythe scheme
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using a buffering period o8 channel blocks, respectively. The numbgy,: of messages to be
transmitted is chosen so that
Bopt = arg min {ﬁmaX(B)}. (24)
Be{1,..,.M}
Next we show that theB,y, as defined in Eqn[(14), also maximizes the average thraughp

The average throughput when transmitting only the lashessages is given by:

B
Tre(B) = % Z Pr{decode at least: messagés

m=1

B
= % Z Pr {IJt\(/)[t—m+1 > R} ) (15)
m=1

where the mutual information accumulated by the receivemfessagéV,,,, form = M — B + 1,
M — B + 2,...,M, is given by:

1 M—-B+1 m C
ot — — S 16
™ B 2. Gt ) M—t+1 (16)
t=1 t=M—B+2

From Eqgn. [(15) we have:

B
— R
Tes(B) = 7 |B- > Pr{Iy,.., <R}
L m=1
R B B
= o B—Y Pr{D™>M—m+1}|. (17)
L m=1
The average maximum delay when only the IBsmessages are transmitted is:
Dpg (B)=M — B+ Pr{D™* > M — B +d}. (18)
From [17) and[(18) we find
o Emax B
Tee(B) = R (1 . %) ,
and finally
arg min {ESSX(B)} = argmax {Tpg(B)}. (19)

Be{l,--,M} Be{l,--,M}
This proves that the average throughput and the maximuny databe optimized simultaneously.
It is not straightforward to come up with an analytical exgzien for the optimal value oB

in the PB scheme for the general case. In the following theore derive the optimal fraction
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Bopl

of messages,: = , such that almost all of the transmitted messages can baléeawith

probability that approachelsasymptotically as\/ goes to infinity, if a fractiomy’ < ap Of the
messages is transmitted, while a fraction smaller thgn of the messages can be decoded if
o' > agpt.

Theorem FAverage throughput ak R can be achieved in the limit of infinit®/ by transmitting
aM + o(M) messages as long as

< aopt = %H.
C
If o > agpr, the achieved average throughput is smaller thggpk.

Proof Assume that the lasB messages, i.el}/y;_pi1,..., Wy, are transmitted, withB =
Ma + o(M), o < 1. MessagelV,,_p.1, for which the deadline expires first, is the one that

accumulates the least amount of mutual information, that is
1 M—-B+1

Ini_py1 = B Z Cy. (20)

t=1
The probability of decoding all the transmitted messagdhbes:

Pr{ly_py > Ry = Pr {% MoBHL o R}

o M—-B+1 C e
—PT{ t=1 M—B+1 ¢=

R-T}

M—B+1 B+1

= Pr {SM—B-H —U> M= B+1R C} (21)

A M—-B+1
where Sy_p1 = )0,

Y B+1, is the sample mean of the instantaneous channel capacity

over the firstM — B + 1 channel blocks. From the law of large numbers it follows :that
Jim Pr{|S, o ) —C| >0} =0, ¥ >0, (22)
Using equations (21) and(22) we find:

1, if limas oo M—L;-HR <C

A}lm Pr{ly_ps1 > R} = B (23)
- 0, if limas oo M—L;-HR > C.
We can write:
_ B _ Ma+ o(M)
| — R = 1
isse M — B+ 1 aiss0 M — Ma + o(M)
- % R (24)

11—«
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Finally, using Eqn.[(24) in Eqn[(23) we find:

X 17 If « < Oéopt
lim Pr {I]\/I—B-l—l Z R} = (25)

Mo 0, if o> agpt.
Eqn. [25) implies that if a fraction of messagedarger thamyy is transmitted, then the average

throughput is less thaa, 2, which concludes the proof.

In Sectior Y, we provide a numerical optimization of the PBesne, and compare it with the
other proposed transmission strategies and the upper bésgnde will see from the numerical
results, this buffering approach can improve the averagmuthhput significantly as it provides
rate adaptation at the packet level by eliminating some @fiickets, thus increasing the correct

decoding probability of the remaining packets.

D. Windowed Time Sharing (WTS)

We have seen in the PB scheme that transmitting only a subsle¢ anessages can improve
the system throughput by allowing rate adaptation at th&gidevel. However, in the PB scheme
only the lastB packets are transmitted leading to a minimum delayof B channel blocks.
In the next scheme, called the windowed time-sharing (wicBeme, [V /B| messages are
transmitted, wherg x| is the smallest integer greater than or equak:tchowever, unlike in
PB, the transmitted messages are distributed among theevgbolof available messages, that is,
only one fromB consecutive packets is transmitted oveiconsecutive channel blocks. So, for
instance, ifB = 3, the first message to be transmittedli§, which is repeated over channel
blocks 1, 2 and 3, followed by messagéls, which is transmitted in the next three channel
blocks, and so on.

The parametei3 can be optimized according to two different criteria, naymiel maximize
the average throughput or to minimize the delay, which leadhe two variants of the wTS
scheme, which we cathroughput-wTS (T-wTS3nd delay-wTS (D-wTS)espectively. In wTS

a message is decoded with probability given below:

min{kB,M}
pp=Pr{lip>R}=Prq > C.>Ry, (26)
t=kB—W+1

for k € {1,...,[%]}. A lower bound onD,.s can be found by substituting? | for M in
Eqn. [11),p5 for p in equations[(9) and (10) and multiplying Eqn.](11) with An upper bound
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can be found in a similar way by using?| instead of| % |. Similarly, an upper and a lower
bound onT',rs are given by[4] - pp and | %] - pp, respectively. Analytical optimization of
parameterB in both the T-wTS and D-wTS schemes is elusive and we resdheamumerical

analysis presented in the next section.

V. NUMERICAL RESULTS

In this section we compare the average throughput and thexgeenaximum delay of the
proposed schemes numerically. The channel model used isirthdations is a Rayleigh block
fading channel, in which the channel gaift] in block number, t = 1,..., M (see Eqnl]l) is a
unit-mean exponential random variable that changes ini.an fashion at the beginning of each
channel block and stays constant until the beginning of # pne. Figl% and Fig.l5 show
the average throughput and the average maximum delay fgrdposed schemes, respectively,
for R =1 andSNR = —5 dB. Both variants of the wTS scheme perform close to the informe
transmitter lower bound in terms of the maximum delay, wihile PB scheme is the one with
the highest average throughput, followed by T-wTS and D-wTli& eTS scheme shows quite
poor performance in terms of both the delay and the througlfzam the plots it emerges that
WTS in its two variants T-wTS and D-wTS, can help to reduceittter-decoding delay while
achieving a relatively good average throughput in the lowRShgime. The transmitter can
choose between the two schemes based on its preferenceehétvgher throughput and lower
inter-decoding delay. While PB provides the highest thigauig among the proposed schemes,
its inter-decoding delay is significantly high, due to théiah buffering time. PB might be a
particularly attractive choice for video streams of longation, for which the users would be
willing to have a larger startup delay to enjoy a higher tigigout for the rest of the video.

Fig.[8 and Fig[]7 show the average throughput and the averagemam delay, respectively,
for the proposed schemes fét = 1 and SNR = 5 dB. Also for this SNR level the two
variants of the wTS scheme perform close to the informedstratter lower bound in terms
of maximum delay. The highest average throughput is actieyethe T-wTS scheme together
with the MT scheme, followed by the PB, D-wTS and eTS scherfesn Fig.[6 and Fid.]7 we
see that, when the SNR is high, the MT scheme, together wetiHWTS scheme, achieves the
best performances in terms of both delay and average thpoamigfhis suggests that a simple

memoryless approach is sufficient when the channel SNR figutly high, while at low SNR
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Average maximum dele@max plotted against the number of transmitted messagesfRk = —5 dB andR =1

more complex encoding techniques can help to significantlyrove the performance. The D-

wTS scheme shows a sudden decrease in the average throuwghplt, with reference to Fig.

[6, also corresponds to a decrease in the slope of the curveiras gorresponding ta/ = 7

and M = 48. This is due to the optimization of the window si#e We recall that in D-wTS the

window size represents the number of channel blocks dedidat a message, and is optimized

S0 as to achieve the minimum average maximum delay. Whilega 2. leads to a high decoding

probability, it implies a small number of transmitted megss which bounds from below the

minimum delay byB. As a matter of fact, onIy(%} messages are transmitted in the wTS

scheme, which implies that the maximum delay, in a givenzatbn, is a multiple ofB. If, for
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Fig. 6. Average throughpdf plotted against the number of messages transmitte¢ R = 5 dB and R = 1 bpcu.
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Fig. 7. Average maximum dela@max plotted against the number of transmitted messageS MR = 5 dB and R = 1 bpcu.

instance,B = 2 andm = 3 consecutive messages are lost, the corresponding detayis= 6.
Formally, given a window sizé3* there is a certain probability,;. of not decoding a message.
For any fixedm € {0,..., M}, using Eqn.[(B) it can be easily shown that the probability of
losing at leastn consecutive messages increases with Thus a valueB* which is optimal

for a certainM, may not be the optimal for a larger number of messages, aprttmbility
that more than one consecutive messages get lost incredbed/w The optimal choice may
be to increaseB, so that the probability of losing consecutive messages@edsed. This is
confirmed by Fig[8, where the optimal window size, obtainedherically, is plotted against
the total number of messages. An increase3immplies a decrease in the slope of the average

number of decoded messages, since a smaller fraction ofagesss transmitted, as shown in
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Fig. 9.

the plots. The T-wTS scheme, in whidh is optimized so as to achieve the maximum average
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throughput, shows a good tradeoff between the average ghpat, which, unlike D-wTS, is

almost independent of the number of messages, and the averagimum delay, performing

close to the D-wTS scheme.

In Figured 9 and_10 the average throughput and the averagenomaxdelay, respectively, are

plotted against averageN R. The plots were obtained fav/ = 40 packets and? = 1 bpcu. As

observed in Figures 4 and 6, fof = 40, the PB scheme outperforms all other schemes in terms
of throughput at low SNR (lower than 2 dB), while T-wTS and M&have almost the same

performance, and outperform the PB scheme at highéRs. From the figures we observe that

the PB scheme is the most robust one against packet losses atN R, while at higherSN R
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Fig. 10. Average maximum delaﬁmax plotted against th& N R for M = 40 packets and? = 1 bpcu.

it is outperformed by all the schemes but the trivial MT. Imte of maximum delay, PB shows
relatively poor performance for most of the considef&dl R range, which is due to the initial

buffering phase. Note that, if, unlike assumed in this pajher loss of large consecutive chunks
of the content were not an issue, and choppy playback were awtided, the PB scheme would
be the best among the considered schemes since it guarémaesnce the buffering phase is

finished, no additional packet is lost, as proven in Theorefor 3he asymptotic case.

VI. CONCLUSIONS

We have studied the streaming of stored video content owsv &ding channels with per-
packet delay constraints. In addition to the classicalughput metric, we have also considered
the inter-decoding delay, i.e., the number of consecutideor GOPs that cannot be decoded
successfully, as a performance measure. We have propogedifferent transmission schemes
based on time-sharing. We have carried out theoretical dsasenumerical analysis for the
average throughput and maximum delay performances. Wedisoalerived bounds on both the
average throughput and maximum inter-decoding delay bydotcing an informed transmitter
bound, in which the transmitter is assumed to know the cHasta¢es in advance. We have
seen that the wTS scheme can provide a good trade-off bettheeaverage throughput and
the maximum inter-decoding delay by deciding on the proporof transmitted video packets.
In practice this corresponds to reducing the coding ratehefvwideo at the packet level. We
have also proved that in the PB scheme almost all transmittesbages can be decoded with a

probability that goes td as M goes to infinity if only a fraction of the messages smallentha
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a threshold value, which depends on the transmission ratehenaverage channel capacity, are
transmitted.

APPENDIX
Proof of Theorem 1

The probability of having a run of at leagt d € {0,..., M}, consecutive zeros in the
sequence is equivalent to finding the probability of statafter M steps in the Markov chain

depicted in Fig[.I1. The statéis an absorbing state, i.e., once the process reaches ket ist

Fig. 11. Markov chain for the calculation of the average mmaxi delay in memoryless transmission.

remains there with probability. Let p; be ad-length probability mass function, whegg (i),
1=0,...,d, denotes the probability of being in statat stept. The vectorp, of state occupancy
at stept for the Markov chain in Fig_11 can be obtained as:

p: =pi—1H = poHta (27)

wherepy =[10 --- 0] andH is the(d + 1) x (d + 1) transition matrix of the chain which has

the following structure:

l—=p p 00 --- 00
l1=p 0p 0 -+ 00
H = : : : : . (28)
1—p 00 0 --- 0 p
o 000 --- 01

The probability of being in staté after M steps,py;(d), can be found from Eqn[_(27). Since
po=[10 --- 0] we have:

pu(d) = HY(1,d + 1). (29)
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In order to evaluatdd™ (1,d + 1), we apply theZ-transformto Eqgn. [27), taking into account
that the recursive formula is defined only for 1. The Z-transformP(z) of a discrete vector

function p; is defined as[[36]:
+oo
P. 2 Z(p) =Y _ pi2'. (30)
t=0
To account for the fact that> 1 in Eqn. [2T) we can write:
+00 “+oo
> piz' =) piz' —po="P. - po, (31)
t=1 t=0

and

“+00 “+00

t t—1
E p—1Hz = 2 E p:—1Hz
t=1 t=1

_ pm @2)
Plugging Egn.[(31) and Eqr._(B2) into Eqh.](27) we find:
P.=po(I-zH)", (33)
wherel is the (d + 1) x (d 4 1) identity matrix.
The Z-transfornC, of a matrix C,; of functions in the discrete variabteis defined as:

“+oo
C. 2 Z(C) =) Cp'. (34)
t=0

Note that in Eqn.[{34) the termd is a scalar function of andt which is multiplied to each
of the elements of matrix,. By comparing Eqn.[(33) with Eqn_(R7), we see tkkt- zH) ™

is the Z-transform of the matri¥l* having functions in the discrete variabl@s elements. We

have:
l1—2(1-p) —2p 0 0 --- 0 O
—2(1—=1p) 1 —2p 0 0 0
I-:H-= : ; : : . (35)
—2(1—=1p) 0 0 O 1 —zp
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(I—-2H), ) = (171)%(2) [ (1-z) (I—2)(zp) (1—2)(zp)?* - (A—2)(zp)* " (2p)? } - (36)

Once (I — zH)_1 is known, it is sufficient to inversely transform it and gdt. We find the
inverse of matrix [(35) for a generié¢ using Gauss-Jordan elimination. As we only need the
elementH™ (1, d+ 1), we only report the first row ofl — zH) " in Eqn. [386) at the top of the

next page, where
d

D E1-p) FA-p)h (37)

The probability of being in staté at step)M is the inverse Z-transform of elemefit d + 1) of

matrix (I — zH) ™', i.e.:

_ =1 (zp)?
w0 =2 {2 o

where Z=1{P,} is the inverse Z-transform dP, defined as[[36]:

-1
EUPY = o p P = (39)
Y

~ being a counterclockwise-oriented circle around the origfi the complex plane. An easier
way to solve Eqn.[(38) is to decompose the Z-transform usanggb fraction decomposition,

i.e., rewritingP, as:

P Y e () @

i=0 r;=1 Pd,i

wherey,;, i € {0,...,k}, are thek < d + 1 distinct zeros with degreé + 1 and multiplicity
s; of the polynomial(1 — 2)q.(2), while a4, r; € {1,...,s;}, are constants deriving from the
partial fraction expansion dP,. Once in the form of Eqn[(40)?. can be inversely transformed

using the linearity of the inverse Z-transform and the féettt

-1 1 : _(t+ri—1 1\'
: {<1_¢Z,i> }_< r; —1 )(%1,@)' (41)
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Eqn. [41) follows from the fact that:

)2 2)-
-%0)

T “2)

for |z| < ¢, and from the fact that the Z-transform of the convolutiorsefiuences is the product

of the Z-transform of the individual sequences (see [36,efglix 1] for further details). Finally,
using Eqn.[(4R2) and Eqn._(40) and putting- M, we find:

(1]
(2]

(3]

(4]

(5]

(6]

(7]

(8]
(9]

[10]

[11]

Pr{D™* > d} =py(d + 1)

k S; M
=5, (M:il_ 1) ( ! ) . (43)

i=0 ri=1 Pdi
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