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Abstract—We consider the problem of scheduling and resource alloca-
tion for multi-user video streaming over downlink OFDM channels. The
video streams are precoded using the SVC scheme which offetsoth
quality and temporal scalabilities. The OFDM technology povides the
maximum flexibility of resource allocation in terms of time, frequency,
and power. We propose a gradient-based scheduling and resme
allocation algorithm, which prioritizes the transmissions of different users
by considering video contents, deadline requirements, antransmission
history. Simulation results show that the proposed algorihm outperforms
the content-blind and deadline-blind algorithms with a gan of as much
as 6 dB in terms of average PSNR when the network is congested.

|I. INTRODUCTION

The demand of high-quality video transmission over comicami
tion networks exhibits an ever growing trend. However, eahtis-
tribution and resource allocation are typically studied aptimized
separately, which leads to suboptimal network performarites
problem becomes more prominent in wireless networks, sihee
typically time-varying and limited network resource malfficient
multi-user video streaming particularly challenging.

In this paper, we consider the problem of multi-user videeasn-
ing over Orthogonal Frequency Division Multiplexing (OFDMet-

proposed. However, thedid not consider the influence ofideo
latency on resource allocation.

The main contribution of this paper is to provide a framework
for efficient multi-user SVC video streaming over OFDM wes$
channels. The objective is to maximize the average PSNR lof al
video users under a total downlink transmission power caimdt The
basis of our approach is the stochastic subgradient-basextisling
framework (e.g., [10]) and our previous work [3] which catesis
downlink OFDM resource allocation faelastic datatraffic. In this
paper, we generalize the framework in [3] to real-time videeam-
ing by further considering dynamically adjusted priorityeights
based on the current video contents, deadline requiremandsthe
transmission history. The resulting algorithms not onlilyfutilize
the temporal and quality scalabilities of the SVC scheme, diso
thoroughly explore the time, frequency and multi-user diitees of
the OFDM system. Simulations show that the proposed algost
are better than the content-blind and delay-blind apprescand the
improvement becomes quite significant (e.g., PSNR impreverof
as high as 6 dB) in a congested network.

The remainder of this paper is organized as follows. Sestibn
and Ill introduce the OFDM and SVC models. Section IV dessib
the problem formulation and the proposed algorithms. IntiSec

works, where videos are coded in Scalable Video Coding (SV) we examine the performance of the proposed solutiongugiro
scheme. OFDM is the core technology for a number of wirele$a d gimulations. Concluding remarks are given in Section VI.

systems (e.g., WIMAX and Wireless LANS). The resource altimn
in OFDM can be flexibly performed over power, frequency, amet
SVC, on the other hand, allows reconstructing lower quaignals
from partially received bitstreams. It provides flexibldwimns for
transmission over heterogeneous networks and allows eapgaiion
to various storage devices and terminals. Our focus in thizep
is to design efficient streaming protocols that fully explegarious
flexibilities in both OFDM and SVC.

Il. OFDM WIRELESSNETWORK MODEL

The OFDM network model considered here is similar to that in
[3]. Different video bitstreams are transmitted from thesdatation
toasetZ = {1,...,I} of mobile users in a single OFDM cell. Time
is divided into equal length slots, and each slot containsnteger
number of OFDM symbols. The entire frequency band is divided
into a setJ = {1,...,J} of tones (carriers). The rate achieved

over wireless networksMost of them focused on exploiting the gjjgcation and the channel gains. In each time-slot, thediding and

scalable feature of SVC to provide QoS quarantee for the sedsu
(e.g., [12], [13]). In [15], the layered bitstream of SVC igpiited
together with congestion control algorithm for distrilmgivideo to
WiMax subscriber stations. In [16], the rate distortion ralggroposed
for H.264/AVC was extended to include the effect of randorokpa

resource allocation decision can be viewed as selectingeavegtor

ry = (rit, Vi € Z) from the current feasible rate regidR(e;) C
RE, wheree; indicates the time-varying channel state information
available at the scheduler at timeFor presentation simplicity, we
omit the time indext when we only focus the resource allocation

loss on SVC. Reference [2] focused on maximizing the numbeproplem in one time slot.

of admitted users by giving different priorities to diffatevideo
subflows according to their importance. None of the aboveltses

For each tong € 7 and useti € Z, lete;; be the received signal-
to-noise ratio (SNR) per unit power. The power allocated geru

considerecpower contral An unequal power allocation scheme wagn tone; is p;;, and the fraction of time that tone allocated to uiser
proposed in [17] for the transmission of SVC packets in a WiMajs ;,; . The total power allocation satisfiés, | pi; < P, whereP is

system. In [5], a distortion-based gradient schedulingrtigm was
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is pi; /zi; when only a fractione;; of the tone is allocated. Without
loss of generality we leB = 1 in the analysis.

In practical OFDM networks, imperfect carrier synchrotiaa and
channel estimation may result in “self-noise” (e.g. [7]1]1 With



self-noise, usei’s feasible rate on tong becomes
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Playback order

Here X := Hj\;l X is the feasible region fofxz, p), where

] x455; It is clear that different packets in a GOP have differenoities.
e I Iy > s < i < 'LJ iJ } K : ]

X {(m P7) 202 < 1pi; < VeI VieJ 3) Some packets need to be received first in order to make otbketsa
. - ) - . ~ useful (.e, decodable at the receiver), and this may not follow
Y L W - .. J—
Wl}t‘jw _‘_h(x”’vz GI 121 andp’ := (pi;, Vi € I). Hert;, %) = their own playback order. Also, the sizes of the packets ferent
1-T,;8 IS t e_ normaize maxmum SNR constraFnt, W &g < quality and temporal layers are typically differeBecause of this, the
1/ is a maximum SNR constraint on torjefor useri. This models  ¢ompressed SVC video bitstream exhibits a Variable Bit R4BR)
the limitation on the available modulation and coding soéem nature It is thus useful to calculate the required rate for delivgrihe

We assume that;;s (for all i and j) and 5 (e.g, the estimation cyets with the ame priority, and use that to facilitatesttieeduling
error variance) are known by the scheduler. This is possiblEth 5.4 resource allocation decisions.

frequency division duplex (FDD) and time division duplexD(D)
systems [3]. In both cases, this feedback information waddd to
be provided within the channel’'s coherence time.

To facilitate the analysisye divide the video flow (bitstream)
into subflows The packets with the same deadline, all the video
bitstream data that is necessary to receive before corrdetoding
one video frame, are grouped into one subflow. Let's assurae th

lll. SVC SCHEME OFVIDEO CODING GOP size isg. The total number of temporal levels within a GOP

SVC is an extension of the H.264/MPEG4-AVC video codings log, g then. Also we use”"** to denotethe packet thabelongs
standard and provides three different scalabilities:iapaemporal, to temporal levek, quality layerq, and framek in the current GOP
and quality. An overview of SVC can be found in [1]. In this pap Herel < ¢ < log, 9,0 < ¢ < @, and1 < k < g. Normally we
we focus on how to exploit the temporal and quality salabgitoy have@ < 3 [1]. For the example in Fig. 1, suppose all the packets
adaptive scheduling and resource allocation. that are necessary for decoding frame belong to one subflow.

In SVC, the video frames are divided into groups, or groups dthis subflow consists of packét,, and L4: (and all the packets of
pictures (GOPs). The typical SVC GOP structure is shown @n Ej former key pictures they depend dre. L, L}, ... €tc. ),Lao, Lo,
where for illustration purpose we assume that one GOP dsrsiigt Lo, L1:1. Different from the subflow concept in [2], here we also
frames. The video frames are further encoded into diffetemiporal differentiate different quality layers within the same #al. Among
and quality layersOne box in Fig. 1 represents the data belonging tilie packets inside this subflow,, (and the corresponding dependent
a combination of one specific temporal layer and one speaifidity packets from former GOPs),20, and.1¢ belong to the base layer of
layer. For the purpose of video distortion calculation, wgard one the current subflow. Other packets belong to the enhancelagst
box as the smallest decodable data unit and call it a “packdt” This allows us to accurately capture the rate requiremerni#ferent
the packets in one column represent one video frame. Form@gam packets within one GOP.
frame L; consists of two packetslio and Lq1.

The packets at the same horizontal level belong to the saal#yu |\ ScHEDULING AND RESOURCEALLOCATION ALGORITHMS
layer. Due toquality scalability a video decoder can reconstruct
video sequences without receiving all quality layers. Afeceiving A Cradient-based Scheduling Framework
the base layertiie lowest layey, the decoder can already provide Consider a media server that is connected to the base station
a video with some reasonable quality. The video quality can lthrough a high bandwidth backbone network. Each of thmobile
improved if one or more enhancement quality layers are vedei users in the OFDM cell requests a separate video sequence to b
before theplayback deadlin®f the corresponding video frames.  streamed from the media server. We assume that the backbone

The packets at the same vertical leeg., in the same frame) network is lossless and the transmission delay from the anedi
belong to the same temporal layand different frames may belong server to the OFDM base station is negligible. For each usdy,
to the same temporal layefhe temporal scalabilityis based on a one GOP of the requested sequence will be buffered at the base
temporal decomposition using hierarchical B pictusehieme For station at any given timé.If a subflow of the GOP cannot be
example, only after receiving packefs,, and Lo (together with fully received by the mobile user before its playback dewlithe
all the base layer of video frames they depend on), padkgt frames within the partially received subflow may not be alde t
becomes decodable at the receiver. Notice that the tempml be decoded at the receiver. Our objective is to design a stihgd
quality salabilities are not independent. For examplek@@gE2: can and resource allocation algorithm that achieves the maxirtang-
only be decoded if the packets from its lower level qualityelaf.e., term average overall network streaming quality, under tirag/ing
L) and previous temporal layeicé., L}, and L4;) are all received. channel conditions and variable rate video contents.

1The spatial scalability is related to downsampling of thaeei frames, and  2If there is enough memory at the base station, we can buffee rian
its effect is difficult to measure in terms of PSNR. one GOP per user and the analysis remains essentially unchanged.



Our starting point is the stochastic gradient-based sdimepdu
framework presented in (e.g., [10]). In this framework, featser Wi = Api = AD; t;. (8)
i is assigned a utility functiod/;(W; ) depending on their average Ti L
throughput W ;, up to timet, which is used to quantify fairness By taking the users’ video contents and deadlines into eipli
between users. During each scheduling epothe system objective consideration, we connect the distortiaire( utility) with the rate
is to choose a rate vectat, in R(e;) that maximizes a (dynamic) requirement of the video bitstreams.
weighted sum of the users' rates, where the weights arendigted by On the other hand, using the weight definition of (8) only ttvso

the gradient of the sum utility across all users. Hence, theduling Problem (4) may not lead to good overall video quality. Trhs i

and resource allocation decision is to due to the “approaching deadline effect”. Assume u&eunfinished
U (Wi ) subflow lengthi; is fixed, and so is the possible distortion decrease
rte%n Witﬁ,t- (4)  AD;. If the deadline is approachinge., t; becomes smaller, priority
i€l ’ weight calculated based on (8) actually decreases. Thigéause

The above policy has been shown to vyield utility maximizfor a given amount of data, delivering it within a shorter ami
ing solutions under time-varying rate regiomg., maximizing of time requires a larger transmission rate, which leads smaller
limr oo 7 St Y ez Ui(Wit). The main advantage of this pol- distortion decrease per unit rate. This is counter-intejtihowever,
icy is its greedy nature,e., the optimization at time does not require since we would expect that a user with an approaching desdlith
any rate region information of other time slots (past or feju\We have higher priority.
notice that Problem (4) needs to be solved for each time slot. For users with the same weight, a user in good channel conditi

Based on this, in [3] we proposed an efficient algorithm tasesol requires less resource to achieve the same transmiss@andtthus
Problem (4) for an OFDM downlink system with elastic datangra is favorable under (8). Once a user’s current subflow is trétted
mission. The algorithm applies to any weighted rate maxativn completely, the next new subflow has a longer deadline, (a
with fixed weights, and will be used as a module of our algangh largert;), which leads to a higher priority weight and more resource
allocation. This means that users in worse channels willicsel
have chances to transmit and will face a lot of deadline timtea.
Simulation results in Section V confirm this problem.

To tackle this problem, next we propose a framework to eiplic
enforce the deadlines to be satisfied with high probabilibjlevstill
achieve an overall good video quality.

B. Dynamic Weight Calculation For Streaming Applications

Weight calculation based on utility gradient is not suitafar real-
time video streaming application, since the stringentydetmstraints
are not explicitly considered. This motivates us to desigtifferent
weight calculation method, which involves calculation loé rates to
deliver the current subflow and the corresponding distortiecrease.

Without loss of generality, assume that the current time starts C- Mitigating the Approaching Deadline Effect
att = 0. For useri’s current unfinished subflow at the base station, We propose to add a product term to the weight calculatioms Th
denote its length a& bits and the playback deadline s> 0. To term is a decreasing function of, i.e., it increases when the deadline
meet the deadline, one need to transmit the subflow at a rate of approaches. This solution shares some similarity with ttethod

R I; proposed in [14], which can enforce the system to allocateemo
Ti = P () resources to “urgent” users and reduce deadline violatibhe new
priority weight can be calculated as:

Note that this is the desirable rate instead of the actuataiéed rate.
Denote the corresponding distortion of the correspondiamé as Wi = ﬂrm% )

D;. if the current subflow is successfully received before tlpiired ' 7

playback deadline. Video distortion can be regarded as égative where the delay functioi’(¢;) decreases with;. One choice that

function of user’s utility. Thedistortion decreasedepends on how achieves the best overall performance in our simulation is

much distortion is at time¢ = 0 and can be calculated as follows: 1

« If some of the base layer packets within the current subflow D(ti) = W
have not been received at tinte= 0, then the receiver will ) . ’ ) . .
use the last decodable frames to substitute the desirecegrarYlOre xamples of functiod” will be given in Section V.
and achieves distortio®;; (> D;.) at time¢ = 0. This means
successfully delivering the current subflow on time leads t©. Proposed Algorithms

distortion decrease of The proposed joint scheduling and resource allocationridtgn
is given in Algorithm 1, which describes which users to traitsand
ADi = Di — Dic. (6)  how much rate each active user gets at any given time slot.
« If up to ¢ quality layer packets within the current subflow have According to the way that the subflow is defined in Section III,
been fully received at tim¢ = 0, where g is less than the each user transmits the packets in the base quality layeén(fiiosn
maximum number of quality layer available, then the receivélll temporal layers), and then the packets from enhancemeaity

can construct the video frames based on the received qualfyers- The video quality degradation is mainly due to twasons:
layers and achieves a distortiaR;,(> D). In this case, (i) some packets are discarded at the scheduler beforentission

successfully delivering the current subflow on time leads tnce their deadlines have already passed, or (ii) someefmacke

distortion decrease of discarded at the receiver because they are not decodableodue
lack of necessary dependent packe®oth have been taken into
AD; = Dy — Dig. (7)  consideration in Algorithm 1.

Similar as the utility gradient for elastic data traffic, aave can 3We assume that the transmitter chooses the appropriate latioduand

calculate the speed of distortion decredse, (priority weight) in the  coding schemes to match the channel conditions of each uskrtsat there
current time slot as follows: is no data corruption during the transmission.



1 initialization ¢ = 0; is encoded with an original rate 449.2 kbps and an averageRPSN

2 repeat of 35.16dB; City sequence is encoded with an original rats.&8

3 t=t+1: kbps and an average PSNR of 35.98dB; Harbor sequence isezhcod

a forall useri do with a rate of 1599.7 kbps and an average PSNR of 35.32dB; IMobi

5 repeat sequence is encoded with an original rate 2019 kbps and aageve

6 check the deadline of the current subflow; PSNR of 35.17dB.

7 if the deadline has passatien For the wireless system, we perform simulation based onlstiea

8 discard those packets (at the base station) not O©FDM simulator with realistic industry measurements anslieg-
useful for decoding future packets; tions commonly found in IEEE 802.16 standards [9]. We sirteuta

9 fetch the next subflow from the media server Single OFDM cell with a total transmission power Bf= 6W at the
and merge with the left useful packets; base station. Other wireless system parameters are the asmatheat

10 end in Section IV of [3], except that all video users are randosgiected

11 Calculate the priority weight; ; as in (9) from the users with an average channel normalized SNR ofaat le

12 until the current subflow deadline has not passed 20dB. This makes sure that it is possible to support the mimm

13 end quality of the video streaming.

14 Solve weighted rate maximization problem using the
algorithm described in [3] with fixed weights such that| g pifferent weight definitions
each usel transmits with rater; ; > 0;

. We simulate the algorithm with differentounter-deadline ap-
15 forall useri do

proaching effectfunctionsIT" when calculating the weights); ; in

7 || i he current subflow is ransmited successfuly | (- To ilsirate the effeciveness of our proposed algorifue
before the end of the time sltten also compared with rgte maximization qlgorlthnj and the ritigm
18 obtain the next subflow from the media server; propgsed in [5]. We simulate a tqtal of six algorithms. Thgtftwo
10 fransmit with rater . algorithms are benchmar.k algorlthms, and the last fourratgns
20 end ’ are our proppsed ones wlth different Ievels_ of emphase_s adlide
o end violation avoidanceWe will show that algorithmi¥r» achieves the

best performance among all proposed ones.

o Wi (benchmark 1: content-blind approachy; ., = 1 for all
i and t. This is the rate maximization algorithm, which is
“content-blind” but widely accepted in data-oriented vess
communication systems (e.g., [3]). On top of this, we use the
packet dropping policy for SVC proposed in [8].

« W5 (benchmark 2: deadline-blind approach): the weights is thi
approach are defined as in [5]. Instead of grouping packéts in
subflows, the schedular will transmit every packet follagvthe
order of Method Il proposed in [6], which has been proven to
achieve similar results as the optimal one. It is considaea
“deadline-blind” benchmark.

. - : . . o Wya: I'(t; — t.) = 1. This algorithm takes users’ contents
2) Calculating the priority weights,: as in (9). For a video frame, into consideration but does not explicit address the deadli

the distortion of different quality layers can be pre-céited approaching effect and thus is also “deadline-blind”.
before streaming. Only if the base layer ofsabflow is not o Wi D(t — o) = 1/t — to).
successfully received during the transmission, the distor Wra: Dt — to) = 1/(t; — te)*.
decrease need to be recalculated between the differenegram Wra: D(t: — te) = 1/(t; — to)®.
Since this rarely happens in practice (as verified by our simu
lations), the complexity comes from this part is negligible

3) Solving the weighted rate maximization problem as in [
with a complexity O(IJ), where J is the total number of
subchannels. TABLE |

AVERAGE PSNRFOR4 USERS WITH200MS INITIAL PLAYBACK DEADLINE

22 until no more video to be streamed

Algorithm 1 Joint Scheduling and Resource Allocation Al-
gorithm for Multi-user Video Streaming

The overall worst-case complexity of Algorithm 1 for eactnéi

slot isO(I(J + gQ) based on the analysis of three parts:

1) Merging the remaining packets with the next subflow, with a
complexity of O(¢Q). Here g is the GOP size and) is the
maximum number of the quality layerSince this needs to be
done by each user, the overall complexityd$I ¢Q), wherel
is the total number of users.

Table | shows average PSNR achieved by four users requesting
ifferent four video clips with the same starting time. Thtial
layback deadline is set to be 200ms.

V. SIMULATION STUDIES

| Content | Wi | Wa | W,.d | Wr1 | Wra | ng |
Mobile | 28.5316 | 26.7014 [ 18.6482 20.6136 | 28.0960 | 27.6642
We perform extensive simulations to show the performanée g@ Foreman| 29.0880 | 30.7430 | 27.2240 | 30.6424 | 33.5992 | 33.2444
of our proposed algorithm with different delay functions. City 34.2552 | 31.0290 | 33.5274| 34.1902| 34.0882 | 33.8188
The video sequences used in the experiments are encodedi-acgoHarbour | 23.5310 | 26.9150 | 20.1732 | 21.6224] 26.1610 | 26.0774
ing to H.264 extended SVC standard (using JVT referencevacf; | Average | 28.8514] 28.8470| 24.8932] 26.7672] 30.4862] 30.2012 |
JSVM 8.12 [5]) at variable bit rates with an average PSNR a5
for each sequences. Four sequences (“Harbor”, “City”, éRuan”, Under algorithmW, the qualities of Mobile and Foreman are
“Mobile and calendar”) are used to represent video with wifferent  similar although they have very different rate-distortion proigsrt
levels of motion activities. All the sequences are coded HE CThis is becausé?; simply maximizes the rate without considering
resolution 852 x 288, 4:2:0) and 30 frames per second. A GOP sizthe resulting video quality. Since the benchmark algoriif does
of 8 is used. The first frame is encoded as | frame and all the kagt dynamically organize the video packets into differarifiow or
pictures of each GOP were encoded as P frames. Foreman sequehange the weights according to the run-time transmissésnlts,

A. Simulation Setup




it achieves inferior results compared with our proposedritigns the users’ priority weights based on the video contentsdldea
(Wr2 to Wry). Compared to the benchmark algorithriis; and requirements, and previous transmission results, and dpg&mize
Wy, algorithm W,4 actually decreases the average video qualityhe resource allocation taking various wireless practamaistraints
among different users. This is due to the deadline approgaffect into consideration. Simulation results show that our atbors always
explained in Section IV-B. Once we take care of this effect bgutperform the rate maximization (content-blind) schennel ¢he
properly chosenl” functions in Wr; to Wrs, the average PSNR pure gradient-based (deadline-blind) scheme. The pedioca of the
among users is improved over the simple total rate maximizat algorithms are consistent under both synchronous or asynchs
scheme ¥/1) by 1.1 dB to 1.6 dB deadlines.

As part of the future work, we plan to extend the proposed
algorithms to the case of uplink OFDM systems and multi-cell
downlink OFDM systems, where efficient elastic data trassion
schemes have been already proposed [18], [19].

C. Different initial playback deadlines, user contents &otgestion
range’s influence
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