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Abstract—This paper proposes a control scheme for the delivered to users while satisfyingpplication-layer quality-
quality-fair delivery of several encoded video streams to mbile of-service (QoS) constraints, which are more challenging t
users sharing a common wireless resource. Video quality faiess, address than traditionaktwork-layer QoS constraints

as well as similar delivery delays are targeted among stream Deli d vid h | ety of i te ch
The proposed controller is implemented within some aggregar elivered videos have a large variety of quality-rate char-

located near the bottleneck of the network. The transmissiorate ~ acteristics, whatever the considered quality metrey.,

among streams is adapted based on the quality of the already Peak Signal-to-Noise Ratio (PSNR), Structural SlIMilarity
encoded and buffered packets in the aggregator. Encoding (SS|M) [2], etc. These characteristics are time-varying and
rate targets are evaluated by the aggregator and fed back yoneng on the content of the videos. Provisioning some

to each remote video server (fully centralized solution), 10 tant t L te t bil f id .
directly evaluated by each server in a distributed way (partally constant transmission rate to mobile users for video defiiee

distributed solution). Each encoding rate target is adjused for in general inappropriate. If videos are encoded at a constan
each stream independently based on the corresponding buffe bitrate, the quality may fluctuate with the variations of the
level or buffering delay in the aggregator. Communication @lays characteristics of the content. If they are encoded at @i

between the servers and the aggregator are taken into accotin bitrate, targeting a constant quality, buffering delaysyma
The transmission and encoding rate control problems are

studied with a control-theoretic perspective. The systemsi fluctu.ate significantly. . . .
described with a multi-input multi-output model. Proporti onal This paper proposes a controller for the qugllty-falr clatyv _
Integral (P1) controllers are used to adjust the video qualty and of several encoded video streams to mobile users sharing

control the aggregator buffer levels. The system equilibim a common wireless resource. Video-on-demand or multi-
and stability properties are studied. This provides guidehes for  ~act/hroadcast transmission are typical applicationstric

choosing the parameters of the PI controllers. scenario. Video encoding rate adaptation and wirelessireso
Experimental results show the convergence of the proposed ) 9 P

control system and demonstrate the improvement in video quay ~ &llocation are performed jointly within some Media Aware

fairess compared to a classical transmission rate fair ssaming Network Element (MANE) using feedback control loops.

solution and to a utility max-min fair approachf. The aim is to provide users with encoded videos of similar
Index Terms—Command and control systems; Decentralized 9u&lity and with controlled delivery delay, without excigamg

control; Multimedia communication; Quality of service; Stability — information between remotely located video servers.
analysis.

A. Related work

I. INTRODUCTION When controlling the parallel delivery of several video

_ _ ) streams, their rate-distortion (R-D) trade-off may be atfjd

With the developmgnt of wireless networks.and Wld_espre@c} selectively discarding frames as inl [3[,] [4] or via an
of smartphones, delivery of compressed videos (video-Ofgaptation of their encoding parameters asiin [5], [6]. With
demand or mobile TV broadcast services) to mobile us&s,|able video encoders, such as H.264/SVC, the R-D trfide-o
is increasing rapidly. Thls_ trend is likely t_o con'u_nue ineth may be adjusted via packet filtering [7]] [8]. In this cases th
coming years[[1]. To satisfy the related increasing demagpgpro| parameter is the number of transmitted enhancement
for resources, operators have to expand their network ‘Wpa‘}‘ayers for each frame.
with as limited as possible infrastructure investments. In'it several video streams are transmitted to different uisers
parallel, they have to optimize the way multimedia contenés 5 gedicated broadcast channel with limited capacity, adblin

source rate allocation could lead to unacceptable quadity f

Iparts of this work have been presented at ACM Multimedia e@mfce, high-complexity video contents Compared to Iow-complexit
2012. This work has been partly supported by ANR ARSSO progntract Th : idi fai . . tant isbaé t
number ANR-09-VERS-019-02 and by ANR project LimiCoS, cant ©ON€S. I[NEreiore, providing rairness I1s an important 1s

number ANR-12-BS03-005-01. must be addressed.
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Video quality fairness among encoded streams may behievable rates while minimizing the distortion diffecen
obtained by sharing quality information, or R-D charadits among multiple videos. The optimization problem is desmlib
via a central controller providing to each server qualityate by a Lagrangian constrained sum-rate maximization to aehie
targets, as in[]9],[[10]. This technique enables the endelistortion fairness among users. However the communicatio
to adjust their bit rate or to drop frames or quality layerdelay between the control block and the controlled sengers i
depending on the complexity of the videos and on the availabilot addressed.
transmission rate. Remotely implemented control laws are also considered

Control-theoretic approaches have been considered to ad{19] leading to the problem of stabilizing an open-loop
dress the problem of rate control in the context of videsystem with time-varying delay. The problem of remote
streaming, seeeg., [11], [12], [13], [14], [15]. In [11], stabilization via communication networks is considerethwi
a real-time rate control based on a Proportional Integrah explicit use of the average network dynamics and an
Derivative (PID) controller is proposed for a single vide@stimation of the average delay in the control law. The adntr
stream. The main idea is to determine the encoding rate pew does not address video transmission issues, so noyqualit
frame based on the buffer level to maximize video qualityonstraint on the transmitted data is considered.
and minimize quality variations over frames. In_[12], a The commercial products described n1[20],1[21] propose
flow control mechanism with active queue management asthtistical multiplexing systems enabling encoders topada
a proportional controller is considered. A flow control isheir outputs to the available channel rate. Connecting en-
used to reduce the buffer size and avoid buffer overflow aedders and multiplexers via a switched IP network allows
underflow. The flow control mechanism is shown to be stabd®llocated and distributed encoders to be part of the nekip
for small buffer sizes and non-negligible round-trip timesng system. Nevertheless, in these solutions, qualitynésis
In [13], a rate allocation algorithm, performed at the Gratfip constraints between programs appear not to be considered
Picture (GoP) level, is performed at the sender to maximiaenong the video quality constraints.
the visual quality according to the overall loss and theikeze
buffer occupancy. This target is achieved using a Propmatio
Integral (PI) controller in charge of determining the tnauis
sion rate to drain the buffers. Latel, [16] introduces a rate In this paper, we propose a control system to perform jointly
controller that uses different bit allocation strategies lhtra (i) encoding rate control of spatially spread video servetl-wi
and Inter frames. A PID controller is adopted to minimizeut information exchange between them aiijlttansmission
the deviations between the target and the current buffel.lewate control of the encoded streams through some bottleneck
Buffer management is performed at the bit level and delivelipk. A MANE, located near the bottleneck link derives the
delay is not considered. Moreovef, [11], [12], [13[,_[16]verage video quality of the data stored in dedicated taiffer
address single flow transmission. fed by the remote servers. This average video quality is

For multi-video streaming, in[[17], a distributed utilitycompared by each individual transmission rate controlter t
max-min flow control in the presence of round-trip delaythe quality of its video flow to adjust the draining rate of the
is proposed. The distributed link algorithm performs tili corresponding buffer (first control input). For that purpos
max-min bandwidth sharing while controlling the link buffe programs with low quality are drained faster than programs
occupancy around a target value at the cost of link undeith high quality. Dedicated encoding rate controllersesoe
utilization using a PID controller. Stability analysis imse the buffer levels to adjust the video encoding rates (second
of a single bottleneck and homogeneous delay is conductedntrol input). The encoding rate control targets a similar
In [9], a content-aware distortion-fair video delivery sahe is buffer level for all programs. The buffer level in bits or
proposed to deliver video streams based on the charaiteristhe buffering delay can be adjusted via an adaptation of the
of video frames. It provides a max-min distortion fair resmi video encoding rates.g., by scalability layer filtering when
sharing among video streams. The system uses temp@acalable video coder is involved.
prediction structure of the video sequences with a frame dro In a fully centralized version of the controller, the MANE
strategy based on the frame importance to guide resourgén charge of sending the encoding rate target to each video
allocation. The proposed scheme is for video on-demasdrver. In apartly distributed version, only the individual
services, where the rate and the importance of each fratndfer level discrepancies are transmitted to the servanigh
are assumed calculated in advance. A proportional coetrolare then in charge of computing their own encoding rate
is considered in[14] to stabilize the received video qyal$ target. Communication delays between the MANE and the
well as the bottleneck link queue for both homogeneous ardrvers are considered in both directions. A discrete-time
heterogeneous video contents. A Pl controller is consitlerstate-space representation of the system is introduce@ Th
in [15]. Robustness and stability properties are studiebuffer level (in bits) or the buffering delay has to be colied
In [14] and [15], the rate control is performed in a centradiz and quality fairness between video streams has to be obtaine
way, exploiting the rate and distortion characteristicstted For that purpose, feedback loops involving PI controllees a
considered video flows to determine the encoding rate for thensidered. The quality fairness constraint among streams
next frame of each flow. In_[18], a cross-layer optimizatioteads to a coupling of the state equations related to theaont
framework for scalable video delivery over OFDMA wireles®f the delivery of each stream. The system equilibrium and
systems is proposed, aiming at maximizing the sum of tlséability properties are studied. This provides guidedifer

B. Main contributions
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centralized version).
Figure 2. Feedback control loops in the proposed qualityvideo delivery
choosing the parameters of the PI controllers. This papystem.
extends preliminary results obtained [in][22], where cdrfo
the buffer level in bits is not addressed and the commumicati The MANE evaluates the average utility and each trans-
delay between the MANE and the servers is not explicitipission rate controller allocates more rate to streams with
considered. utility below average. The buffers of these streams arendthi
Section[]l introduces the considered system and the cdaster than those with utility above average. This conttohe
straints that have to be satisfied. The proposed solutionWghin the MANE, is thuscentralized. The discrepancy of each
described in Sectiof1Il. The required hypotheses aredistguffer level in bits (respectively delay in seconds) witspect
and a discrete-time state-space representation of thensysto the reference leveb, (respectively delayy) is processed
is provided, emphasizing the coupling between equatiofilividually by an encoding rate controller. The encoding
induced by the fairness constraint among video streams. THhée for the next VU of each video stream is then evaluated
equ”ibrium and Stabi"ty ana|yses are performed in Se@ to regulate the buffer level around the reference level. The
Fina”y' a Wp|ca| app"cation context is described in m encoding rate may be evaluated at the MANE, in which case,
and experimenta| results are detailed. Robusthess of fh@ control is fuIchentraIized and the video encoders/servers

proposed control system to variations of the channel rate dig¢ceive only the evaluated target bit rate. Alternativefie
of the number of video streams is shown. encoding rates may be evaluated irdecentralized way at

each video encoder/server. For the latter case, the MAN§ onl
feeds back to each server the buffer level (respectivelsygel

] o i ) discrepancy. This solution requires all video encodergéss
Consider a communication system in whiéh encoded {5 host individually an encoding rate controller, which is

video streams provided bV remote servers arrive to SOMEmainly possible for managed video servers. In this paper,
network bottleneck where they have to share a communicatigg encoding rate target is evaluated within the MANE, but
channel providing a total transmission rak€, see Figuréll. e encoding parameters are evaluated disaibuted way by
The servers deliver encoded Video Units (VUs) representiggch server [24).
a single picture or a Group of Pictures (GoP). All VUs are The interaction of both control loops (transmission rate
assumed to be of the same duratibrand the frame raté”  control and encoding rate control) allows getting a quality
is assumed constant over time and identical for all streamg;r yideo delivery. Videos with a quality below average dav
Time is slotted and thg-th time index represents the time, pffer in the MANE that is drained faster, and thus is likely
interval [jT, (j + 1) T). to be belowB, or 7y. The encoding rate of such streams is
In the proposed system, a Media Aware Network Elemeffen increased, to improve their quality.
(MANE) is located close to the bottleneck of the network, see paegpack delays between the MANE and the video servers
Figure[1. The MANE aims at providing the receivers withyre considered. They correspond to the delays introduced
video streams of similar (objective or subjective) quaityd \yhen the servers deliver encoded packets to the MANE and
with similar delivery delays. For that purpose, two feedbaGyhen the MANE feeds back signalization to carry encoding
loops are considered to contr@) the encoding rate anfi)  rate targets to the servers. To account for the delayedyutil
the transmission rate of.each video stream, see_Fure 2. available at the MANE and the delayed encoding rate targets
Encoded and packetized VUs are temporarily stored &nt py the MANE to the servers, two state variables repre-

dedicated buffers in the MANE. We assume thatitity U; (j)  senting the delayed encoding rates and the delayed wtikitie
measures the quality of each VJUor each stream (in terms  jntroduced

of PSNR, SSIM, or any other video quality metric [23]). The ReS(j) = RM(j — &) 1)
MANE has access t0; (), storede.g., in the packet headers. ’ ’ ’

The transmission rate controllers are in charge of chodsiag and

draining rates from each buffer so that all utilities withfe N UM () =US(j - d2), ()

K3

Il. SYSTEM DESCRIPTION



where R$M() is the encoding rate evaluated at the MANE for Server MANE

the j-th VU of programi. This encoding rate target reaches RG1).---" — RGDUGD)
the server with some delay, where it is denoted byzeS(j). P
On the other hand, the server sends the utility of ttte VU

of programi, denoted byUS(5). It arrives at the MANE with

some delayy, and is denoted/M(j), see Figurél2. The M e
superscript refers to the information available at the MANE

and the S superscript refers to the information availabthet

server for both rate and utility. In what follows, the stétgil mr -2

of both control loops is studied. [ .
R(j+2) R'(j+2)
3 4= + j+3
Ty v’

Ill. STATE-SPACE REPRESENTATION

A state-space representation of the system presentedFiB?Jre 3
Sectiorf] is introduced to study its stability. Several tiddal
assumptions are needed to get a tractable representation.

L i+

Communication delays between a video server aad/MANE.

and strictly increasing function aR, with f (a,0) = 0. The
A. Assumptions variation with time ofa; (j) is described by

1) Feedback delay: In what follows, a VU represents a a;(j+1) = a;(j) + 6a;(5), (4)
GoP. All encoded VUs processed by the video servers duri
the (j — 1)-th time slot[(j — 1)7, j7') are assumed to have L

source characteristics.

reached the MANE during thg-th time slot[; T, (5 + 1) T). . . .
The encoding rate targets sent by the MANE to the serversThe modell(B) may represent the variation with the encoding

R%(j) at the beginning of the-th time slot are assumed torate of the SNR, the PSNR, the SSIM, or any other strictly

: - : [ i lity metric.
have reached all video servers at the beginning of jhe 1)- Increasing qua ] . . .
th time slot. This rate is used to encode tfye+ 1)-th VU 3) Buffer moddl: As introduced in Sectiolll, the MANE

which will be placed in the buffer in the MANE during thecontains dedicated buffers for each of theencoded video
(j + 2)-th time slot,etc., see Figuré&l3 whef, — 6, — 1 streams. The evolution of the level in bits of theh buffer

The transmission delays between the MANE and the servgr%tween time slog andj + 1 is
may vary. The previous assumptions allow to cope with B;(j+1) = Bi(j) + (RS(j — 2) — Ri(j)) T, (5)
forward and backward delays upper bounded By This o . .
is reasonable, since the network transmission and buﬁeriWEe,reRi(? ) is the transmission rate for theth stream and
delays are of the order of tens of milliseconds, provided thif:(J —2) is the eqcodlng rate of thg o _2)'th VU evaluated
it is not too congested. This is less than the duration of Ve the MANE_ at time slotj. In @), Rf(j — 2) accounts for
when they represent GoPs (typically25 s to1 s). Following the communication delay between the server and the MANE,

the bounded-delay assumption, during ghth time slot, the S€€ Figuréis. _ _
MANE has only access to the utilitidsS(j—2),i = 1,..., Buffers are controlled in two different ways. A control of

of the (j — 2)-th encoded VUs. the buffer level in bitsB;(j) maintains an averaged level in bits

In the rest of the paper the superscripts S and M are omittdy Prevent buffer overflow and underflow. This is appropriate
Then U, (j) is the utility of the j-th VU of the i-th stream [OF @pplications with buffers of limited size. A control of

encoded during time slgt, transmitted to the MANE during the buffering delay helps fa\djusting the end-to-end qeﬁ\,/er
time slot j + 1, and fully buffered in the MANE at the delay. T_h|s type of (_:ontrol is better swt_ed_ for delay-stvesi
beginning of time slog + 2. R%(5) is the encoding rate targetapphca_tlons_._Bu1‘fer|ng (_Jlelay control _W|th|n the MANI_E also
evaluated by the MANE during thg-th time slot. R®(j) allows implicitly controllmg_ the_ buffermg_delay at theieht
reaches the server at the beginning of time glot 1, see for live and broadcast applications. This is due to the faat t

n -
w%ere da; (j) represents the uncontrolled variations of the

Figure[3. the end-to-end delay between the transmission of a VU by the
2) Source model: The following parametric rate-utility server a?Ed its playback by the client is constant over tinre fo
' live vided.

model is used to describe the evolution of the utilify(;)
as a function of the rat&S(j) used to encode thgth VU of
the i-th stream

Let h;(j) be the number of VUs in théth MANE buffer
at time 5, the corresponding buffering delay is

Uii) = f (ai () B2() 3) i) = hi(T: ©
wherea; (j) € A RN« is a time-varying and program-Assume that packets containing encoded VUs are segmented

dependent parameter vector. Note that this model is onlg udl allow a fine granularity of the draining rate. Theyij) be-

to define the controller parameters so that the system itestaﬁr:) m&i?\luElte d_|ff|cult Ito € \;aluate_ accuratzly_ and dl'(r eCﬂWW;
Once these parameters are set, the rate-utility model isane mihe using only information stored in packet headers.

needed. For all values m‘be!onging to the set of admi.SSible 2Some periodic feedback may nevertheless be useful to vérdy the
parameter valuesl, f (a, R) is assumed to be a continuousystem actually behaves nominally.



The corresponding buffering delay is then approximativeli! (j) represents the draining rate of théh MANE buffer at

evaluated as ) time j. One may easily verify that
(j) = 2o, Y v
v SR ()= R (15)
where i=1
R8(j) = %@) Zéié(j” Re(j — 0) According to [IB), in a first approximation, more (resp. Jess

+h7;1(j) Re(j — [hi()]) (Ri(5) — [hs(G))) (8)  transmission rate is allocated to programs with a utilitiolve
(resp. above) average.
is the average encoding rate of the VUs stored in#ftle  2) Encoding rate control: The encoding rate control is
buffer at timej and[-| and[-] denote rounding towardsco  performed independently for each video stream. This allaws
and+oc. Since [(8) still requires the availability df;(j), we distributed implementation of this part of the global cofigr.

propose to estimate it as follows For the control of the buffer level or of the buffering delay,
5€ 0 pero i the buffer level [(b) is needed. L&k$%Y(j) be the delayed
}?%(j) = 1G), <2, - (9) encoding rate of the VU reaching the MANE at tigiéor the

. . e, . PP
Ri (j) = O[Rf(j - 2) + (1 - Q)Rl (.] - 1)7 if J> 2a 2-th program
where0 < « < 1 is some tuning parameter. Then, one gets

an estimate of the buffering delayl (6) using (9) RENG) = BRI — 1) = R - 2). (16)
Bi(j) Using [3) and[(16), one gets
7i(j) = =g (10) _ . ddr - .
R(7) Bi(j+1) = B;(j) + (B{™) — Ri(j)) T. (17)

In case of buffer level control, the encoding rate for the
j-th VU of each video program is controlled to limit the

N coordinated transmission rate controllers ah@possibly  geviations of B;(j) from the reference leveB,. At time 7,
distributed) encoding rate controllers are consideredhia tthe discrepancyB; (j) betweenB; (j) and By is

video delivery system described in Sectioh 1l. A PI control
of the transmission rate is performed. At timje each PI 6B; (j) = Bi (j) — Bo. (18)
controller takes as input the average utility evaluated Hey t
MANE and the utility U; (j — 2) of the VU j — 2 of the
controlled stream. PI controllers are also used to evaltege
target encoding rate of each program in order to regulate
buffer level aroundB, or the buffering delay around,.

1 Transm|55|(_)n rate control: At tlme_ j, the available 51 () = 71 (j) — 10 = (iégj? - TO) ' (19)
channel ratek° is shared between th¥ video streams. The RO
delayed utility of the VU available at the MANE at timjefor  Buffers with positived B; (j) or 67; (j) contain more tharB,
the i-th stream is bits orr, seconds of encoded videos. The encoding R$t€))
has thus to be decreased. This part of the control process is

B. Rate controllers

In case of buffering delay control, the encoding rate for
the j-th VU of each video program is controlled to limit the
%eviations of7; (7) from the reference level,. At time j, the
the . - . .
discrepancyir; (j) betweenr; (j) andr is

dd/ s\ prdes 1N 7 (s
UR0) =U:G-1)=U( -2) (11) very similar to back-pressure algorithnis|[25].
and the utility discrepancyU%(j) with the average utility R (j) is evaluated as the output of a PI controller
U(j) over theN programs at time is K + K¢ Ke
e/ . P I B Iyrogs
. Ri(j) = Ro = =07 (j) = - i (). (20)

dd dd( ; dd 70 dd ;
U (5) = N (U°G) = UG) =UG) = U 3). where K§ and K¢ are the proportional and integral gains
=1 (12) and II; (j) is the cumulated buffer discrepancy in seconds

The PI transmission rate controller for th#h program uses evaluated as

SUY(j) to evaluate the transmission rate allocated to each II; () =0, if 7 <3,

video stream M (j+1) =10 () +om (), if >3 @Y

R (j) = Ro + (Kb + KY) 6UM(j) + Ki¢; (),  (13) For a control of the buffer leveli; (j) is replaced by B; (;)
N . . _in (20) and [20).
wh_ereKP and K| are the propor_tlonal and integral correction Taking into account the communication delay between the
gains. All rates are evaluated with respectip= R°/N, the \ANE and the server, the encoding rate targiét(j) evalu-
average encoding rate per stream that Wo_uld be used.vv_henamed at the MANE at timg reaches the video server at time
N streams represent the same encoded vide@.In¢18)) is ;. 1 Thus, k¢ (j) represents the encoding rate for fhel-th
the cumulated utility discrepancy (used for the integraine \,y The encoding rate increases (resp. decreases) when the

evaluated as buffer is below (resp. above) its reference level. The sum of
o (4) =0, if 7 <2, the encoding rates is not necessarily equakfo This allows

¢i (7 +1) = ¢; () + 6UY(H), if j > 2. (14) to compensate for the variations of the video charactesisti



Considering simultaneouslyl(5),{13), ahdl(20), one seas tllelays are controlled. The technique is similar when for the
buffers corresponding to programs producing video withdow control of the buffer level.
utility than average are drained faster. As a consequehee, t
encoding rate allowed to encode the next VU of such programs
is increased, potentially increasing the utility. A. Equilibrium analysis

The system reaches an equilibrium when all terms on the
C. State-space representation left of the state-space representatibnl (22) do not chantie wi
The state-space representation facilitates the study ef tiime. This leads to a system N, + 6) x N equations with
system equilibrium and stability properties. Two repregen (Na + 6) x N unknowns.
tions are considered, depending on whether the buffer mvel

the buffering delay is controlled. &qu = 0
In the case of a control of the buffering delay, combin- U; = N Zk ql
ing @), @), [(11), [IB),[(14) [(37)[(20), and {21) leads he t B = kR
following discrete-time nonlinear state-space represenmt R, = RS9 , (23)
for the i-th video streami =1,..., N RS9 — Ry — K| 17e
eq o a9 Rpee
ai(j +1)= al(]) + 5(11(]) (22a) gi&eq : [{(gzs R q)
al(j +1) = ai(j) (22b) o
N The second equation il (23) imposes thaf = - .- = Uy’ =
. . 1 q p N
$i(+1) =0 (J) + 5 > URG) - UM G) (22¢) yes; all programs have thus the same ut|I|ty at equmbrlum
k=1 Moreover, one hast; " = R®*¥and B = 7, R** which
o R B; (j) leads toB{Y/R;®Y = 7y, fori = 1,...,N meaning that at
I (7 +1) =10 (5) + (Rf?(j) 70 (22d) equilibrium, the buffering delay is equal tg for all streams.
—e _ ' <6 The target encoding rates at equilibriui®®and the utility
e . dd .e
R (G +1) = aRF(G) + (1 - a) ki (j) (22€)  {7eagre obtained as the solution of a systeni\of 1 equations
. K + K¢ [ B;(j) K¢t .
ed _ _2p I _ _ I )
R(j+1) = Ro T 70 70 7 i (7) ( TLRTY) = f(a, RY) =U® 04
z(] eeq_ pe ) (24)
(22f) Zz BT =R
R +1) = RS ') (229) depending of the values$%i = 1,..., N of the parameter
UM+ 1) = £ (a¥ (5), RE()) (22h) vector of the rate-utility model. At equilibrium, they are

assumed constant in time and well-estimated, see Sdction V.
Since f is strictly increasing withR, the rate at equilibrium
as a function ofU®d is

Bi(j +1) = Bi(j) + REG)T — RoT
N
—Qﬂwﬂﬂ%ZW%)UW»+mmO
- (22i) RY®=fpt (a5 U%), i=1,...,N, (25)

wheread(j) is the delayed video characteristic vector of thaith f is the inverse off seen as a function d? only. The
(j—1)-th VU. The utilitiesU24 () of all video streams appearvalue of U® is determined from the channel rate constraint
in (22), leading to a coupling of the state-space representa
related to the control of the individual video streams. eeq_ eq eq c
When buffer level control is addressed; (j) /RS(j) is ZR ZfR U7 =1 (26)
replaced byB; (j) in (22d) and[(22f), and the stale (22e) does
not appear anymore. Since f (a, R) is a continuous and strlctly increasing func-
In the remainder of the paper, the subsctips for buffer tion of R, flgl (a,U) and ZZ 1 fR (a;,U) are also
level control and the subscriptis for buffering delay control. continuous and strictly increasing functions @f, with
ZZ L fr' (@;,0) = 0. Provided that

IV. EQUILIBRIUM AND STABILITY

The steady-state b_ehavior and the stab_ility of the video lim ZfR ai,U) > R°, 27)
delivery system described bly {22) for buffering delay cohtr U—oo
as well as the simpler system for buffer level control are
studied. Due to the coupling between controllers induced &6) admits a unique solutionI,*¥ and ¢;%i = 1,..., N,

the constraint that the discrepancy between the averaljg utiare deduced fron{_(23) and {25), provided tigt # 0 and
and the utility of each program has to be as small as possiblg, # 0.

both characterizations have to be done on the whole system. | The equilibrium is thus unique and satisfies the control
the rest of this section, we derive the equilibrium and penfo targets considered in Sectiéd II. Similar conclusions can b
the stability analysis for the control system where buffgri obtained when the buffer level is controlled.



B. Linearized model variations of the rate-utility parameter vectbt (4). Thetrixa

We study the local stability of the system around an equilif: répresenting the sensitivity with respectdoof the rate-
rium point evaluated in SectidN TVAA. Linearizing{22) aral utility characteristicsf, does not appear in the expressions of

the equilibrium characterized iR{23) one getsffer 1,..., N AT™. Only the sensitivity off with respect toR, represented
by I', impacts the stability around equilibrium. The system

stability is also influenced by the encoding rates at equilib
via V and determined by the PI controller gaifi$, K|, K§,
and K.

In Section[¥, values ofk}, K|, K§, and K¢ are chosen
so that the system is robust to various realizations of tte ra
utility parameters. The same values of the Pl gains are chose
for all programs. A similar analysis can be done when buffer
levels are controlled.

Aai (j+1) = Aa(j) +da; (4)

Aaf(j+1) = Aai(j)

Agi(G+1) = Adi () + § Xy AUR () — AU (j)

ATI7 (j+1) = ATI (j) — g (AR () — ABi()))

ARG +1) = (1—a)AR(j) + aARS(j)

AR +1) = ML e (nARSG) - AB,()) - Han; (7)

AR +1)= AR
dd [ - __of de ed,eq dy.: of d,eq ped,eq ed/ -

AUL(j+1) = 52 (P B9 Aal () + 2 (af* RO ARK())

i

AB (G +1) = AB: () + ARSG)T
— (b + K (% i) AUE () - AU () + K1A6: (7)) T-

(28) V. EXPERIMENTAL TESTS
Consider theV x (N x N%) block diagonal matrix A. Example of application context
_ ) f ’ ‘ of ’ ‘ A typi_cal application §cenario for the proposed rate cdntro
= = diag (8—T (aclj “UR] eq) e BaT (a?veq, R?veq) . system is Mobile TV using the evolved MBMS standdrd] [26].

(29) The MBMS architecture is composed of three main entities:
gathering the sensitivities with respectdoof the rate-utility BM-SC, MBMS-GW and MCE. The Multicast/Broadcast Ser-
characteristics of each stream and ffiec N diagonal matrix Vice Center (BM-SC) is a node that serves as entry point for

the content providers delivering the video sources, used fo
T = diag(ﬁ (a?'eqa Rcle,eq) ’_._’ﬁ (a‘]’fq, R‘j\',eq)) (30) service announcements, session management. The MANE,
OR OR considered in the paper in charge of choosing the encoding
gathering the sensitivity t& of the rate-utility characteristics and the transmission rates, may be located at the Broad-
of each stream. Putting all coupled linearized state-spae@st/Multicast source at the entrance of the BM-SC node. The
representationg (28) together, one gets a linear distireee- MBMS-Gateway (GW) is an entity responsible for distribigtin

state-space representation the traffic across the different eNBs belonging to the same
L ot ) broadcast area. It ensures that the same content is sent from
X"(j+1) =ATX"(j) + w(j) (31) all the eNBs by using IP Multicast. The Multi-cel/multi¢as

with state vector Coordination Entity (MCE) is a logical entity, responsible

for allocation of time and frequency resources for multi-
X" = (Aa7 Aad, Ag, ATI™, AR®, AR® AR AUdd,AB)T (32) cell MBMS transmission. As in[J27], we assume that the
MBMS-GW periodically notifies the MCE about the resource
requirements of video streams so that the resources at eNBs
w=(da 0 ... 0)7T, (33) can be re-allocated accordingly. Therefore, the BM-SC khou
ensure that the encoding rate of the multiplex does not tdgola
representing the fluctuations of the value of the parametfe already allocated resources. This is obtained thankseto

vector for the rate—utility model. |m2) anﬂ33), boldéac proposed rate control scheme.
letters represent vectors and time indexes have been dmitte

For exampleAa (j) is a vectorN x N¢ components and
AB (j) = (AB1 (j),...,ABx (j)) is a vector of N com-

ponents. From(28) an@{31), one deduces To illustrate the properties of the proposed controllenis t
section describes a simulation of mobile TV delivery in the

and noise input

B. Smulation environment

i g g g g g g g g previously described context. We considst = 6 video

0 0 I 0 0 0 0 -L 0 streams, each dfo0 s long, extracted from real TV programs.

00 o0 I vV 0 0 0 % Interviewd (Prog 1), Spoft (Prog 2), Big Buck Bunry
A= 00 0 0. (1}'; ol 0 o 0 0, (Prog 3), Nature Documentd{Prog 4), Video Cliff (Prog 5),

g g g *g‘ I 5 OTOV (I’ g g 7 v and an extract ofpidermarfi (Prog 6) in 4CIF {04 x 576)

0= o 0 0 r o o 0 format are encoded with x.264 [28] at a frame rhte= 30 fps.

0 0 —KITT 0 0 0 TI K'TL I GoPs of10 frames are considered, thus the GoP duration is

_ _ e e _ (34 T = 0.33s. The videos, already encoded using MPEG-4,
with V = diag(1/R7*? ..., 1/R3’Y) a diagonal matrix con-
taining the inverse of the encoding rates at equilibrium and®http://www.youtube.com/watch?v=I12Y5nlbvHLs
KTe — ng-l- Klre Kt = Kf;.—l— Klt I andO are identity and 4http://www.youtube.com/watch?v=G63TOHIugno

; ’ . o Shttp://mww.youtube.com/watch?v=YE7VzILtp-4

null matrices O_f appropriate size. Shttp://www.youtube.com/watch?v=NNGDj9leAul

When studying the r00t§ of del — A) = 0, No x N http://www.youtube.com/watch?v=rYEDA3JcQqw
roots atz = 1 are obtained. They correspond to the &http://www.youtube.com/watch?v=SYFFVxcRDbQ



have been converted to YUV format usiffgpeg [29]. The a;(j)) of the previously encoded VUs, contrary to the QF
average rate and PSNR of the streams encoded by x.264 vaifiproach, where only the actual utility of the VUs is needed.
a constant quantization paramet@® = 3 are provided in The fact thata;(j) is used in [(3b) for the evaluation of the

Table(d. encoding rate at timg + 1 accounts for the possibility for
the MANE to get only rate-utility characteristics of preus
Video | Rate (kbi's) | PSNR (@B) | Actvity dod dg | dy : dyVU Once th P I Y -
Prog 1 16699 7606 Tow encoded and already receive Js. Once the value o the
Prog 2 4929.1 44.23 high encoding ratesR{, ..., Ry are derived, a proportional (P)
Prog 3 3654.6 44.56 high controller for the transmission rate is applied to evaluh&e
Prog 4 2215.1 44.61 low feci ;
Prog 5 SSTIa Ie37 Ty transmission rate allocated to each video stream
Prog 6 3315.9 46.53 high t t .
o9 9 R; (j) = Ro+ Kp(B;(j) — Bo), (36)
Table | . . ) .
AVERAGE RATE AND PSNROF THE SIX CONSIDERED VIDEO STREAMs ~ Where K is the proportional correction gain.
(ENCODING WITH X.264AND CONSTANTQP = 3. In this section different cases are considered: Both buffer

level and buffering delay are addressed separately inojudi
_ _ stability analysis and results for different utility mesi Then,
The videos are then processed with the proposed contiigé robustness of the proposed control system is analyzed by

system operating at the GoP level. Initially, all buffersit@n  considering variations of the channel rate as well as of the
three encoded GoPs corresponding to a buffering delay mfmber of video programs.

1 s. The sizeB,.x Of the buffers is taken large enough

to support the variations of its level, occurringg., during C. Control of the buffer level

scene changes. Here, their size in bitsBig.x, = 4 Mbits. ' )

The reference buffer level in bits i®, = 400 kbits and We first focus on the system performance when the buffer

the reference delay is, = 1.5 s. This reference delay is!€vel (in bits) is used .to update the encoding rate.
consistent with a typical switching time of less thars, as 1) PSNR-rate model: To tune the PI controllers of the QF

expected in MBMS Television services [30]. The channel rayStem, the first utility function considered is the PSNR of
is R°® = 4 Mbps. The encoding rates are initially considere82ch GoP. As in[31], a logarithmic PSNR-rate model is used

equal toRy = R°/N. These rates correspond to the output Ui(j) = Pi(j) = f(a; (§), R(j)) (37)
value of the rate control process provided to each video Wy 2)/ \ pey -

server. The encoder is then in charge of adjusting its engodi = a; (j)log(a;” (1) BF()),

parameters to achieve the target bit rate. with P;(j) the PSNR of the GoP at timg for the i-th

The encoding/transcoding rates are sent to the video @fream. For theV = 6 considered programs, the entries of
coders which have to choose the encoding parameters for §)¢ ) are estimated for each GoP using four encoding trials.

next VU. In the considered simulation, the video qualityris iAn example of the accuracy of the PSNR-rate model (38)
terms of PSNR or of SSIM of the encoded VUs. This quality

metric is transmitted to the MANE in the packet headers. Note®
that the utility model[(B) is only required to characteribe t
stability of the system and to tune the control parameters.,
Once the parameters have been chosen off-line, there is no
need to know precisely the mod€] (3) within the MANE.

The proposedjuality fair (QF) video delivery system is
compared to d@ransmission rate fair (TRF) controller which 5
provides equal transmission rate to thevideo streams. In §
the TRF scheme, the encoding rate is controlled to limit t@
buffer level/delay discrepancy.

A comparison is also performed withuility max-min fair
(UMMF) approach([1]7], with a proportional transmissionerat
control limiting the buffer level discrepancy. In the UMMF 20
approach, the MANE tries to find the set of encoding rates i
for the next VU that maximizes the minimum utility. The |, : , Model Prog 6
following constrained optimization problem is then corsitl 0 500 1000 1500 2000 2500

. Rate (kbit/s)
Re(j+1) -

arg max min{f (ai(j),R{),..., f(an(j), Ry )} Figure 4. PSNR-rate characteristics and models for the @a® of the
Ri,... RN (35) N =6 considered programs

501 : ~ ]

Encoding Prog 1
+ === Model Prog 1 b
—¥— Encoding Prog 2
* =» = Model Prog 2
—6— Encoding Prog 3
=0 = Model Prog 3
—#&— Encoding Prog 4
=0 = Model Prog 4
—#— Encoding Prog 5

40

N
such thatz:Rf = R". is shown in Figurd 4, when applied on the first GoP of
i=1 the six considered programs, with parameters estimated fro
Solving [35%) requires the availability at the MANE of allencoding trials performed at 80 kb/s, 200 kb/s, 800 kb/s, and
rate-utility characteristics (or at least all vectors ofgraeters 2 Mb/s. Figurd # illustrates the ability of (38) to prediceth



50

PSNR over a wide range of rates. In addition, the correlatic orog 1

coefficientr? between experimental and predicted PSNR-ra prog 2

prog 3

45

points is evaluated as

0'2 40

2 _ Ty
re = P (38)

With 02 = Y7 (e — )2, 02 = S, (45 —9)?, ando?, =
> peq(yr — §)(xx — =), wheren is the number of rates for
each program at which the PSNR has been evaluatgdahd
predicted ¢;) using [38), and wherg andy are the average %
values of thexy’s and of they;’s. For the six programs, for
n = 7, the rate values are 80 kb/s, 130 kb/s, 200 kb/s, 500 kb
800 kb/s, 1.4 Mb/s, and 2 Mb/s, the correlation coefficien |
arer? = [0.998,0.996,0.997,0.996,0.992, 0.985] illustrating
to good fit by [38) of the PSNR-rate characteristics. o ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘
2) Controller design and stability analysis: The values of ° 20 400 600 800 1000 1200 1400 1600 1800 2000

Rate (kb/s)

[
a

PSNR (dB)
w
o

15

the parameter vectar; (1), ¢ = 1,...,6, obtained for the first
GoP of theN =6 programs are Figure 5. Superposition of th& = 10 realizations of theNV = 4 random
PSNR-rate characteristics
1.11 1.90 0.76
a(l) ={ g5 ) @M= g17 ) es@W=1{ 47 )
0.09 2.50 0.07
as(l) = goq ) aW=1{ 17 Jra@={ g

Oncef is specified, one may characterize the system equili
rium. The vector of rates at equilibriugR;? ..., R3S Tis
obtained by solving the system of equations in the stateesp:
representation at equilibriunE® andT* are derived from[{29),

2
(30) and [(3B) as follows g
[=2}
log(ar 5 (1) RF®Y) 241 0 o 0 0 E
0 0 log(asa (DRSS 22k 0 0
== 0 0 0
: : : - - 0
0 0 0 0 ... loglans2(1)RYY g:;:;(}g
(39
ane 1) )
. a1 anN,1
= d|ag< —— . ; ) . (40)
,eq ’ » HEeq
Ry(1) Ry (1)
The gains of the PI controllers have to be chosen so thagure 6. Location of the roots ofiet (21— AP) for the K = 10
the roots of realizations of theV = 4 random PSNR-rate characteristics
d(z) =det (21— A) (41)

remains within the unit circle, for various rate-utility atac-
teristics of the VUs. In[{41)A may correspond ta\’, the

linearized state matrix when considering buffer level coit random PSNR-rate characteristics, the one with the roots

or to A™ with buffering delay control. . ; .
: farthest away from the unit circle is selected to providedyoo
To increase the robustness of the proposed approach to va-

. . o o ansients.
ations of the rate-utility characteristick = 10 realizations

of N = 4 random parameter vectors of the PSNR-rate model "€ tuning is performed forV. =, 4. Goode'éransient
obtained as follows behaviors have been obtained wilfy™ = 666, K" = 33,

Kb = 66 x 10%, and K} = 1300. The position of the

A random search of the control parameters is then per-
formed. Among the values providing stability for th

az(-,kl) = % Zf-vzl a1 (1) + nf,kl), (42) roots corresponding to the video characteristic represeint
k N k Figure[5 are in Figurg]6.
az(',Q) = % ZiZI a2 (1) —+ n§72)7 g : B g E] . . . .
Figure[® shows that all roots remain within the unit circle.
fork=1,...,K. In (@3), nfﬁ) and ngfg? are realizations of This result does not prove the robustness of the proposed

zero-mean Gaussian variables with variange= 6.25 x 10~2  choice of the control parameters, but shows that this choice
ando? = 2.25x10~%. The resulting PSNR-rate characteristickeads to a system reasonably robust to changes of the charac-
obtained usind{43) are represented in Fidure 5. These nanderistics of the transmitted programs. Nevertheless, sofme
realizations describe quite well the variability of acte&NR- the roots are located quite near the stability limit, whicil w
rate characteristics represented in Fidure 4. lead to quite long transients.
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3) Smulation results: The x.264 video encoder is used to %0

perform on-line compression of the different programs wit 45\

I

the rate targets provided by the encoding rate controlleﬁgz
Within the video coder, a two-pass rate control is performed,

i
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to better fit the target encoding rate. The target and olbdaine ,5
encoding rates may however be slightly different. The syste

100

200

300

performance is first measured in terms of average buffet leve
discrepancyA g (in bits) with respect taB,, variance of the ?@;40 )

PSNR variance? (in dB?), with

\

}'\K;3W“\%Jwg ;
: L AQ/“\
buffer levelo, (in bits?), PSNR discrepancgp (in dB), and 3 4, [, M

[‘\4‘
PSR
N 18
M

W

20
0

Ap =5 S M (Ba(l) - Bo)

50
0} = % Yoot Limq (Ba(l) = Bo— Ap)?,

—~ 45

N=4

) 1™
Apsvr =g Yy Do (P = PM), g
NM —M = 50
UI%SNR = % Zn:l Zl:l (Pn(l) - P(1) - APSNR) (,4 2 30 W,J
_ _ s
where P(l) = + Zﬁ;l P, (1) and M is the number of GoPs 100 . -
in the video streams. Time(s) ime(s)
The results withV — 6 and R® — 4 Mbit/s are summarized " Prog2 —Prog3 —— Prog4 ——Prog5  Prog6
in Tablelll in the three cases: TRF, UMMF, and QF whérg Figure 7.  Evolution of the PSNR foN = 2, N = 4, and N = 6 using

are in kbits and723 in kbit?. The PI controllers used for the TrF (left) and QF (right) controllers when controlling thafier levels

transmission rate control loop reduce the PSNR discrepancy
between the programs at a price of some increase of the buffer
level discrepancy and variance.

800

KeP KPP | KL K! [ |Ap| | of [[Ap[ | 0B | o

TRF 666, 0 0,0 31.5 2.1 3.1 9.8 £ 400

UMMF 0,0 3,0 75 2 | 27 139 200

QF 666, 33 (66,1.3)10% | 53.07 | 6.1 1.5 6.7 0
Table 11

PERFORMANCE WHEN USINGTRFAND QF CONTROLLERS WHEN 800

CONTROLLING THE BUFFER LEVELS FORN = 6. 600

E 400

Figure[T represents the evolution of the PSNR of ftie 0
programs over300 GoPs using the TRF (left) and the QF °
(right) controllers whenN = 2, N = 4, and N = 6 with 800 @&4
a constant channel rat® = 4 Mbit/s. The same controller _ soo 600
parametersk§° = 666, K°° = 33, K5 = 66 x 10°, and 40 alei\,C?[ = 400%W Wmﬁmi;%
K} =1300 are used fotNV =2, N =4, and N = 6. 200[ 200

WhenN = 2, the average PSNR of Pr@gcharacterized by ¢ o 00 w
high activity level, is improved fron36 dB to 41 dB, leading Time(s)
to a significant improvement of the video quality. This is a
the price of PSNR degradation of Prbgcharacterized by low _ _

L : . Figure 8. Evolution of the buffer level foN = 2, N = 4, and N = 6
activity level, from45 dB to 41 dB. This still corresponds to using TRF (left) and QF (right) controllers when contrajjithe buffer levels
a very good quality. PSNR fairness improvements are also
obtained whenV =4 and N = 6.

Figure[8 shows the evolution of the buffer level of the

programs over300 GoPs using the TRF (left) and the QFy, the transmission rate controller has no significant iatpa
(right) controllers forNV = 2, N =4, and N = 6. The ., the quality fairess, provided that the buffers remaih fu
discrepancy between the buffer level and the referencéléye s yeference buffer level 0100 kbits has been used to allow a
remains limited for most of the_t|me. When only the enCOd'”Qatisfying behavior of the transmission rate control loBpe

rate is controlled, corresponding to the TRF controlleg thbgnR remains aroundo dB, but the average variance is of
buffer level stabilizes around,. The buffer level variations e same order of magnitude as that of the TRF solution, see
increase using the QF controller due to the interaction®i®f tropie M. This mainly comes from the target encoding rate

encoding rate and transmission rate control loops. evaluation on (one step) outdated PSNR-rate charactstisti
Figure[® shows the evolution of the buffer level (left) and of

the PSNR (right) of theV programs oveB00 GoPs when the  4) SSM-rate model: The quality fairness is also addressed
UMMF technique is used. The choice of the proportional gazonsidering the SSIM metric. To tune the PI controllers, an

200 300

800

100 200

Time(s)

300

47 BO —— Progl —— Prog2 —— Prog3 —— Prog4 —— Prog5 Prog()‘
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200 100 200 300 0.8F * =0 = Model Prog 1
E Encoding Prog 2

200 % + === Model Prog 2
—e— Encoding Prog 3
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Figure 9. Evolution of the buffer level and of the PSNR (rjglir N = 6  Figure 10. SSIM-Rate model for the six considered programs
using the UMMF technique (left) and using the QF controllgight) with a
transmission rate control using the buffer levels
1.3x 10%. For this choice of the control gains, Figlird 11 shows
the minimum, average, and maximum values of the PSNR
(left) and SSIM (right) over all GoPs of th% = 6 programs.
Ui(4) =S:(3) = f(a;(j),R5(Y)) (44) The QF controller improves quality fairness especiallytfo
_ aEl)(j)atar(az(.Q) ()RS(5)) most demgnding videos, such as ngThe_ proposed_QF
controller improves also the minimum achieved quality for
where S;(j) is the SSIM of program at time j. As before, these programs. In fact, even if events corresponding tsethe
the two entries of each,; (j) are derived from four encoding minimum quality happens only few times, the user perception
trials performed on each of th¥ considered programs. Thejs sometime dominated by the worst experience, rather than
resulting values of the parameters are the average. The price to be paid is, as expected, a decrease
0.64 0.61 0.64 of the quality of the less demanding programs.
ar(D =1 o037 ) 2@ =1{ g9 ) )= ( 0.034 ) ’

0.62 0.64 0.64 _
@)= 9017 ) =D ={ g2 )7% (1) = ( 0.044 ) D. Control of the buffering delays

Figure[I0 compares the actual SSIM-Rate characteristicsThis part focuses on the system performance when the
and those obtained using the modell(45) for the first Gdmiffering delays are used to evaluate the encoding rates.
of the six considered programs. The modell (45) is able1) Controller design: The same PSNR-rate utility model as
to predict accurately the SSIM over a large range of ratés.(38) is considered in this section. Thus the matri€esnd
The correlation coefficient for the six programs #8 = I are those in[(39) and (%0).
[0.99,0.97,0.99,0.98,0.99, 0.99] using the same rate values in The choice of the parameters of the two PI controllers
the PSNR-rate model estimation, which confirms the accuraisy again done as in Section _V-C2. Now, the roots of
of the SSIM-rate model. det (2I — A7) have to remain within the unit circle. Good
Using the SSIM-rate utility functioi(45), one is able to getransient behaviors have been obtained for= 2, N = 4,
the vector(R7®%. .., R%*)" of encoding rates as the solutiorand N = 6 with Kb = 66 x 10%, K{ = 2600 K§™ = 66 x 107,
of (24). E andT are derived from[{29)[{30) and (45) as followand K" = 1300.
In parallel, the parameter in (@) is tuned to provide the

arctan SSIM-Rate utility model is considered

(1) peeq
atara;” B} 1+:$2>R§?“')2 0 0 0 best estimate of the buffering delay. Figlird 12 represéus t
- 0 5 : means square error M$E 7) between the actual buffering
T : 0 0 0 delay 7 and the estimated one as a function ofa. The
0 0 atar(a® RS o) RS value o = 0.2 provides the best estimate. The evolution with

1+<“55)R3v‘e“>(24 ) time of the actual buffering delay and of its estimater is
represented in Figufe .13 fav = 4 usinga = 0.2 and the
QF controller for the PSNR faireness. For this choicenof

T = diag( % % ) (46) the estimate provided by 1(9) for the four video sequences is
L (e Ry T+(ay’ Ry quite good for most of the time.
The choice of the parameters of the controllers is done as in2) Results: The performance of the QF controller using
Section[V-C2. Good transient behaviors have been obtain¥d= 2, N = 4, and N = 6 programs is evaluated in all cases
with K&P = 666, KP = 33, KL = 66 x 10%, and K! = with a transmission rat&° = 4 Mps.

and
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Figure 13.
for N =4 usinga = 0.2.

100
GoP index
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Evolution of the actual buffering delayand of its estimater

.
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Programs

Minimum, average, and maximum values of the PSIf§ @nd SSIM (right) over all GoPs for the TRF and the QF colférs usingN = 6

PSNR variances% (in dB?) defined in [[4B). Additional
performance measures are the average delay discrepancy

11 &
AT:NZ MZ(TH(Z)—TQ)
n=1 =1

of the buffering delay with respect tg and the variance of
the buffering delay

(47)

1 L1 ¥
o?=> (=D () —n—-A)7 ], (49)
Nn:l Ml:l

wherel is the number of GoPs in the video streams. Results
with NV = 6 are summarized in Tab[e]ll in the two cases: QF
and TRF controllers. Here again, one notices that using PI

K™ K™ KL, K} A o2 [Ap [ %

TRF 66 x 10°,0 0,0 025 | 0.12 | 3.8 | 10.5

QF | 66 x 10%,1300 | 66 x 103,2600 | 0.6 | 0.35 2 10
Table Il

PERFORMANCE OFQF AND TRF CONTROLLERS WHEN CONTROLLING
THE BUFFERING DELAYS FORN = 6.

controllers for the transmission rate control loop redutbes
PSNR discrepancy between the programs at the price of some
increase of the buffering delay discrepancy and variance.
Figure [14 represents the evolution of the PSNR when
considering the TRF controller (left) and the proposed QF
controller (righy N = 2, N = 4, and N = 6 programs.
The proposed QF controller reduces the PSNR discrepancy
between theN programs compared to the TRF controller.
Compared to Figuilgl 7, the control with the buffer level appea
to be less reactive. For example, whah= 2, to improve
the PSNR of the second program, the PSNR of the first
program has to be decreased. In Figuke 7, the PSNRs are
almost immediately adjusted. This is done with some delay in
Figure[I4. This may be due to the difficulty to accurately
estimate the buffering delay. A better response could be
obtained by increasing’s”, which relates the buffering delay

We evaluate the PSNR discrepandy- (in dB) and the and the encoding rate. This, however, would be at the price
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of a loss in robustness of the global system to variations Bf Robustness of the proposed solution to variations of the
the PSNR-rate characteristics of the programs. number of users and of the channel rate

In this section, the robustness of the proposed control
N=2 system (buffering delay control) is evaluated with respect
%0 variations of the channel rate and of the number of tranenhitt
video programs. Similar results are obtained when buffer
levels are controlled.

First, the numberV of transmitted video programs evolves
with time (left). Second, the rate of the channel switches
betweenR® = 3.5 Mbits/s andR¢ = 5 Mbits/s (right), see
Figure[16. The PSNR is used as quality measure. When a new
video program is transmitted, initially, it has no transsios
rate allocated by the MANE (since at tinyethe controller
derives the encoding rate for time+ 1). Thus, we choose
to set the encoding rate at that time &$/N. In Figure[16
(left), Prog4 is not transmitted between GdB and65. The
same values for the gains of the PI controllers are used here
as in Sectiol_V-D.

u
o

PSNR(dB)

PSNR(dB)

PSNR(dB)

50 100 150 200 0 50 100 150 200 4
GoP index GoP index

PSNR 2 —— PSNR 3 —— PSNR 4 PSNR 5 —— PSNR 6‘

[——PsNR1

Delay (s)
Delay (s)

Figure 14. Evolution of the PSNR faN = 2, N = 4, and N = 6 using
TRF (left) and QF (right) controllers when controlling thaffer delays.

Figure[I% represents the evolution of the buffering dela Mo w0 10 10 200 250

of N programs of300 GoPs using the TRF (left) and the QF
(right) controllers forN = 2, N = 4, and N = 6. With 45
the TRF controller, the buffering delays reach rapidlyand 40
show a reduced variance compared to a system with a ( ss
controller. The larger variations of the buffering delay foe £ 30
QF controller are due to the interactions of both contropo ~ # Ro=35Mbps 1 RossMbps  Ro=3.5Mbj
(encoding rate and transmission rate). Agdii§” appearsto  *o @ i s w0z o w 1606 i 200 250
be too low: large deviations of the buffering delay are reeghi ‘ Prog 1

to reach PSNR fairness.

dB)

Prog 2 Prog 3 Prog 4 T

Figure 16. System performance using PI controllers whildipiexing four
N=2 video programs using the proposed QF controller when cerigigl variations

4 4 of the channel rate (left) and of the number of programs yigh
@
§2 _ 2MMH/L When the channel rate increases or when a video program is
M\~ Y no more transmitted, the bandwidth allocation adapts hapid
0 50 100 150 200 0 50 100 150 200 to this change by providing more rate to programs with
. N=4 low video quality (here Prog@). When the channel rate
= decreases or when a new video program is transmitted, the
Y bandwidth allocation performs well, showing the robussnes
R e L.
8 F of the proposed control system to variations of the channel
o rate and to the number of transmitted video programs.
50 11\(1)96 150 200 50 100 150 200
4
VI. CONCLUSIONS AND PERSPECTIVES
%2 In this paper, we propose encoding an_d transmission rate
g o= controllers for the transmission of several video streaargget-
ing similar video quality between streams as well as efficien

o
o

O e Y S0 o 150 200 control of the buffering delay. The controlled system is mod

Prog 6‘ eled with a discrete-time non-linear state-space reptasen.

PI controllers for the transmission rate and the encoditg ra
Figure 15. Evolution of the buffering delay fo¥ = 2, N =4, andN = 6 control are considered. The delay introduced by the network
using TRF (left) and QF (right) controllers when contrajiithe buffer delays. propagation between the MANE and the encoders is taken into
account. This allows to test the stability of the controlteys

‘ T Prog 1 Prog 2 Prog 3 Prog 4 Prog 5
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in presence of feedback delay. Simulation results showtligat [17] J.W Cho and S. Chong, “Utility max-min flow control usirgiope-

quality fairness (measured with PSNR or SSIM) is improved
compared to a solution providing an equal transmission raig;

allocation. Moreover, the jitter of the buffering delay raims
reasonable. The robustness to variations of the charstiteri

of the channel and of the number of transmitted programs t%@

been shown experimentally.

Simulations are performed at the GoP granularity. Control
at the frame level should be considered, however this may
require a better consideration of the communication delgy)
between the MANE and the encoders which may be variable
with the time. This would also require to better account?
for the delay, which significantly impedes the behavior of
the global control system, especially when controlling thg3l
buffering delay. Tools devoted to the control of time-delay

systems may be useful in this context, seg,,[32].
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