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ABSTRACT strategy when QoS is not guaranteed. In section 3 we address the

This paper adresses the problem of resource allocation for vide@roblem of ROI definition and propose an efficient way to transmit
streaming applications in a cellular wireless network. We propose=MO information. To show the interest of such a strategy some
a solution based on Regions Of Interest (ROI) partitioning to hierar-eXperiments are presented in section 4 and we conclude in section
chically transmit packets in order to keep an acceptable experience@l-

QoS in the case of degraded conditions. The proposed resource al-

location strategy in terms of scheduling policy is between best-effort 2. BANDWIDTH ALLOCATION PROBLEM

and guaranteed bitrate transmissions. Thanks to an efficient coding, . id t . . the visual i t of ket er-
method, video content differentiation based on psycho-visual pe 2uring a video streaming session, the visual impact of packet er

ception is translated from IP domain to Radio Resources Manager-or/IOSS must be limited in order to provide an acceptable end-to-

ment entities. Adopting a motion based model to differentiate ROI%Qgir?uagayangF;vrﬁé Eaergellgzg %V;ﬂei?rgggg?bllj;?o\égrgbsle r:ﬁﬂ?ct)h
inside video frames, we show that our approach provide substantia 9, Y

: : : o nization and a decoding failure. Normally, if macroblock and RTP
quality gain compared to classical packet ransmission methods. payload boundaries are aligned (see packetization rules in [12]) and

if header information and IDR (Instantaneous Decoding Refresh)
1. INTRODUCTION pictures are sent out of band through a secured channel, the decode

In today wireless world video communication is one of the majormust be able to face RTP packet loss without crashing. Consid-

technical challenges. In order to provide a high degree of interering that the transport protocol is robust enough to maintain the

operability between service providers, the 3GPP organisation deynchronization at the decoder side, the key issue to improve the

velops standardized solutions for 3G networks. Concerning videtransmission is to avoid that RTP packet loss cause a huge increase

applications, 3GPP defines a wide range of services in which differef distortion between original and decoded video content.

ent transport protocols can be combined with recent source coding

solutions. Thanks to the superiority of its coding efficiency and2.1 Blind retransmissions at Radio Link Control (RLC) layer

the integration of network oriented features like error resilience,A

H.264/AVC [1][2] video coding has been largely adopted for point-
fime applications, if the delay introduced by retransmissions is too

to-point packet-switched services and multicast/broadcast servic
important, the retransmitted packets will be ignored by the applica-

(3.
The key component for radio resources management operatio . :
is the packet scheduling which shares out the overall bandwidth c%?n and the effect would be equivalent to a packet loss. In video

a cell assigning different priorities to users. With recent advance reaming, the client buffer is dimensioned to accept an average de-

o ] . . . y of about 1s for the packet transmission. In most cases, this value
in video coding such as Scalable Video Coding (SVC) project Ofi% compatible with experienced transmission delay in a 3G network

ITU/JVT and MPEG [4], a generalization of content-aware schedul- - ;
. . 4 ; g implementing RLC Automatic Repeat Request (ARQ). However,
ing schemes will be possible. This codec is an enhancement ?Ir{lhighly error-prone conditions RLC retransmissions would signif-
H.264/AVC coding algorithm but solutions have already been PrOj.antly increase radio resources consumption
posed to exploit basic scalability features of H.264/AVC. For ex- Y pron.

; . . : Usually, RLC packets are processed identically without differ-
ample, Arbitrary Slice Ordering (ASO) can be used to perform hi-_ .. . : . ;
erarchical transmission of video frames following motion level of Entiation and each lost packet is retransmitted independently of its

video content [5][6]. More over, FMO (Flexible Macroblock Or- content provided that the maximum delay or number of retries is not

dering) and data partitioning can be used to provide semantic arﬁached. Thus, in such circumstances, extra radio resourceseakre u
9) : P g ca . P ; X r retransmission even if the packet does not convey critical infor-
syntactical hierarchy of data inside one video frame in respectlvea:n

t RLC layer, retransmission mechanisms allow to decrease block
error rate available at application layers. In the case of strict real

: X ation. Likewise, when a guaranteed bitrate is negotiated, radio
[7] and [8]. Concerning packet scheduling related works, [9] an esources are reserved to transmit all RTP packets without differ-

quu(ﬂeptrr?ggrﬁicrgltg-p()jpl)srf)oar(t:lr? ri]no[gilgjrllzdei?l ?{';)e]%rgtnogrﬂso?:uct'oonr,][ﬁbvx'ttignaentiation preventing the optimization of resource allocation among

h S all users. On the other hand, when no bitrate is guaranteed, if al-

is computed considering the whole frame. located bandwidth decreases (congestion, radio resources manage-
In this paper, we will focus on ROI partitioning of a frame 0" 4 4io conditions spoiling), RTP packets will be blindly dis-

thanks to FMO, adopting a motion based model. Partitioning in, 404 without considering their relative importance for end-to-end
formation is transmitted thanks to an efficient coding method whic 0S

requires only a slight modification of H.264 semantic redefining the
meaning of existing syntax elements. In [7], data processing differ: . . . .
entiation is obtained using Unequal Error Protection (UEP) scheme%‘2 ROI coding with Flexible Macroblock Ordering (FMO)
based on Reed-Solomon codes. In our approach, differentiation with.264/AVC provides a syntactical tool: FMO, which allows parti-
occur at packet scheduling level according to QoS formalism detioning video frames into slice groups. Seven different modes, cor-
fined in 3GPP [11] and we consider a cellular network where transresponding to seven different ordering methods, exist to group mac-
mission conditions can fluctuate abruptly. roblocks inside slice groups. For each frame of a video sequence,
The paper is organized as follows: in the next section, we deit is possible to transmit a set of informations: Picture Parameter
velop the context of our study and we propose a resource allocatidBet (PPS), in which the paramet@ice group.mapty pe specifies
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FMO mode of the corresponding frame. According to this parameis null, this bandwidth is equal t&BR The maximum network

ter, itis also possible to transmit additional information to define thehroughput in a cell is limited and when radio conditions become
mapping between macroblocks and slice groups. Each slice grouery bad the negotiaté@BRbandwidth is no longer maintained for
corresponds to a Network Abstraction Layer (NAL) unit that will each user. In figure 1, with the cumulative effect of encoder bitrate
be further used as RTP payload. This mapping will assign eackariations and radio errors, user bitrate at the decoder can not follow
macroblock to a slice group which gives a partitioning (up to eightthe encoded sequence bitrate.

partitions) of the image. There exist six mapping methods for an

H.264 bitstream. In this study we use mode 6, cagglicit MB

to slice group mappingwhere each macroblock is associated to a  |hstantaneous

slice group index in the rangé..7]. The relation of macroblock to bitrate

slice group map amounts to finding a relevant partitioning of an im- 4
age. Evaluation of partitioning relevance strongly depends on the
application and often leads to subjective metrics. In section 3 we
discuss how to perform this partitioning based on video content and
we propose an efficient method to encode and transmit MB to slice
group mapping information.

After ROI partitioning, the bitstream representation has a se- Vel
mantic hierarchy and each slice group is carried by distinct RTP
streams. A RTP stream can be recognized thanks to UDP port num-
ber at transport layer or to a specific Type Of Service (ToS) value
as DiffServ field at IP layer for example. Considering that the RTP Time
packetization modality is Single Network Abstraction Layer (NAL)
unit mode (one NAL unit/RTP payload), the division of original
stream into many RTP substreams leads to an increase of the num-
ber of RTP headers. To limit the multiplications of header informa- . .
tion, interleaved RTP packetization mode allows multi-time aggre- _ Next, we assume that the bandwidth allocated to the user is not
gation packets (NAL units with different time stamps) in the same/@rge enough with respect to negotia88R If all video packets
RTP payload. In our case, we make the assumption that RoH@e transmitted through the same channel, they are blindly discarded
mechanisms provides RTP/UDP/IP header compression from 40 {gading to a poor experienced quality at the client side. Assuming

4 bytes in average which is negligible compared to RTP packet sizé§at the index) refers to variables involved in a single channel (ref-
and we still packetize one NAL unit per RTP payload. erence use case) scenario, the previous assumption can be edpress
as:

2.3 Resource allocation GBR) > ABRg(1—BLER 3)

In 3G networks, QoS is defined.during session establishment yvhejq3_2 Differentiated bandwidth allocation

a Radio Access Bearer (RAB) is allocated. Each RAB is defined ) . . . . )

with a specific set of QoS attributes known by each routing entity/f €ach video frame is partitioned infd slice groups transmitted
of the network and more particularly by the packet scheduler. TherilroughN different channels with specific attributes, Eq. (3) be-
the hierarchical data processing is provided by the activation of §0Mes:

RAB with specific QoS4 a channel with a specific configuration)

GBRO =

Encoder output

== == = Decoder input

Figure 1: Instantaneous bitrate with one RAB.

N N
for each slice group and the 3G network entry point, namely the
Gateway GPRS Support Node (GGSN), is in charge of the mapping Z GBR= ZABRQ(l —BLER Q)
between RTP streams and QoS differentiated RABs. k=1 k=1
2.3.1 Single channel configuration per streaming session Following the network policy, the scheduling algorithm uses the

nt_raffic handling priority attribute to schedule packets from differ-
ent RABs. Nevertheless when also guaranteed bitrate values are
specified, this parameter is predominant and traffic handling priori-
ties between RABs may be used to hierarchically allocate additional
available resources. In the context of this study, this attribute is
gsed to hierarchically transmit image regions (slice groups) consid-
ering their relative importance in terms of psycho-visual perception.
1 Lower indexes correspond to higher priorities and low priority re-

ABRs= — / BR<t) dt (1)  gions are lost firstly when resources become scarce.

T In order to simplify, we takdN = 2. Besides, maximum avail-

For the class of streaming applications, the transport channel is neble bandwidtiABReand total bitrate at source codiAgRsare set
gotiated with aguaranteed bitrate (GBR close to the average bi- to identical values for whatever considered strategy (single channel
trate of the compressed video source [13], with the assumption thak differentiated QoS approach):
client and transmission buffers allow absorbing bitrate variations
aroundABRs Moreover, an additional bandwidth can be punc- ABRe= ABRg = ABRq + ABRg ®)
tually required to face erroneous/lost packet retransmissions. Let _ _
us denoteBR€t) the effective bitrate at RLC layer (including re- ABRs=ABRs =ABRs +ABRs
transmissions) to guarant&BRbitrate at application level. Then, thanks to the higher priority accorded to slice group 1 transmission,
definingBLER as the block error rate at RLC layer, we can write ABRa can increase up to theBRevalue in order to satisfy the
the averag8Ret): constraint:

1 GBR
ABRe= ?/(BRe(t))dt = TTBLER ) GBR| = ABRq (1 —BLER) < ABRé1—BLER) (6)

Usually the bitstream is encoded using constant bitrate (CBR) co
trol algorithm with relaxed constraints leading to a non-strictly CBR
bitsream as depicted in Fig. 1. Let us derBR<t) the compressed
source bitrate as a function of tim&BRs(Average source Bitrate)
the target bitrate of the control algorithm aidthe timing win-
dow for bitrate computation. The relation between these variable:
is given by:

In order to adaptABRebandwidth allocated to each user in the The equalityABRg = ABReis verified whenBLER= BLE Ryax,
cell, resource management entities periodically evaluate experiwhich corresponds to an arbitrary value. Above this upper bound,
enced channel state throuBhERvalues. If the channel error rate ABRe = 0 and transport channel conditions are not considered to
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be acceptable enough to start or to uphold the session. Then we can TI—-—| l_- """"""""
write:
GBR, = ABRé1 — BLERnax) 7 T
As discussed previously, when CBR oriented algorithms are used at mb_skip_run = 3
source coding, one can approxXim&@8R= ABRs Thus, the ROI mb_skip_ run=2  mb_skip_run =4

choice amounts at finding an image partitioning that verifies:
D Slice group 2 (Skiped MB)
ABRg = ABRé€1 — BLERpay)

ABR& — ABRs— ABRS (8) D Slice group 2 (Not skiped MB)

The way to deriveBLE Ryax Value strongly depends on the video . Sliee group 1

content and involves subjective quality metrics. Some criteria could

be used based on psycho-visual perception as described in the féligure 2: An example of macroblock to slice group map coded via
lowing section. In section 4, simulation results are commented tonb._skip.run syntax.

highlight the relevance of our partitioning method compared to sub-

jective and objective quality metrics like signal distortion based on

mean square error. lower indexed slice groups.
This method generalizes the use mbskip.run syntax ele-
3. ROI' SOURCE CODING ment for a joint source-channel coding and allows to code mac-
3.1 ROI definition roblock to slice group mapping without sending explicit mapping
) ) ) . with the frame header, Picture Parameter Set (PPS), through a se-
Inimage processing, detection of ROIs is often conducted as a Ségred bearer. Indeethb.skip.run is included into H.264 bitstream
mentation problem if no other assumptions are formulated about t ntax, coded with an efficient entropy coding method. This coding
application context and post-processing operations that will be agnethod does not introduce new syntax elements but as the mean-
plied on the signal. o ing of mh.skip.run is modified (in the case of more than one slice
Concerning the application context of our study, we formulateyroup), the provided bitstream is no longer compliant with regard
the basic assumption that in the majority of cases, a video S|gn§3 H.264 reference decoder. At client side each slice group is re-
represents moving objects in front of almost static background. IRejved independently through a specific RTP stream. To be able
other words, we make the assumption that the camera is fixed @4 reconstruct the video signal, the client need to know the rel-
that it is moving slower than the objects inside the scene. Withyiiye importance of each slice group. This information could be
this model, moving objects represent the ROI. According to thigyroyided thanks to a correspondence between the QoS priority and
definition, motion estimation (ME) that occurs during the encodingihe port number of UDP transport protocol fixed at the beginning
process delivers relevant information through motion vector valuegs the session. In reality, if the substreams are well differentiated
to detect ROIs. In H.264, the finest spatial granularity to performduring packet scheduling, slice groups with higher priority will be

ME is a4 x 4 block of pixels while FMO acts at macroblock level. eceived firstly. In addition, configuring a channel per substream
In our simulations, to detect ROIs we compute the median value oy plies multiplication of signalling information but the interest of

motion vectors in a macroblock and map the macroblock to RO}ne gifferentiated QoS approach is to maintain this signalling in-
if this values is higher than a threshold value. This threshold ditgrmation only in the wired network. In the wireless domain, this

rectly depends oBLE Rnax parameter defined in the previous sec- jnformation is no longer present as it was used lastly by the packet
tion, as it allows to seABRg bitrate. In addition, ROI classification gcheduler to differentiate subtreams.

must take into account dependences between data in the compressed

stream and the fact that the dlstortlon in one image can be induced 4. EXPERIMENTAL RESULTS
by packet losses that occurred earlier. The context of our study _ )

being 3G streaming application, we use an encoding configuratioA.1 Simulation tools

W|th only one reference frame for ME. Therefore, ROI deflnltl_on iN To evaluate the efficiency of the proposed approach, some experi-
a given frame must also take into account macroblocks which argents have been conducted using a simulator (C code) provided by
used by motion compensation in the next frame. the 3GPP video ad-hoc group [14].
N . . - o This software is an offline simulator for an RTP streaming ses-
3.2 Mapping information coding for efficient transmission sion over 3GPP networks (GPRS, EDGE and UMTS). Packet errors
The H.264/AVC standard defines a macroblok coding mode appliedre simulated using error masks generated from link level simula-
when no additional motion and residual information need to bdions at various bearer rates and BLER values [15]. Moreover, this
transmitted in the bistream. This mode, called SKIP mode, occursimulator offers the possibility to simulate time events (delay) using
when the macroblock can be decoded using information from neighthe time stamp field of the RTP header.
bor macroblocks (in the current frame and in the previous frame). Channel conditions do not vary for the duration of the transmis-
In this case, no information concerning the macroblok will be car-sion, so that the provided network parameters (bitrate, loss rate) are
ried by the bitstream. A syntax elementh skip.run, specifies the nearly constant throughout the session. For simulating radio chan-
number of consecutive skipped macroblocks before reaching-a nonel conditions two possible input interfaces are provided, bit-error
skipped macroblock. patterns in binary format as well as RLC-PDU losses (ASCII for-
In our macroblock to slice group assignment method, a skippedhat). Error masks are used to inject errors at the physical layer. If
macroblock belongs to slice group 2 (lowest priority). In fact thisthe RLC-PDU is corrupted or lost, it is discarded (i.e. not given
assignment is not really effective because no data will be trango the receiver/video decoder) or retransmitted if RLC protocol is
mitted for this macroblock. The set of skipped macroblocks in an acknowledged mode (AM). The available bit-error patterns de-
frame can be seen as a third slice group (with null size) that wiltermine the bitrates and SDU error ratios that can be simulated.
be carried by a third RAB (with null bitrate). In a general manner,Two bit-error patterns with binary format are used in the experi-
mh.skiprun syntax element can be considered as a signalling elment. These patterns are characterized by a relatively high BER
ement to indicate a set of macroblocks belonging to a slice groupBER= 9.3e— 3 andBER= 2.9e— 3) and are suited to be used in
(index incremented by one) which is transmitted through a bearestreaming applications, where RLC layer retransmissions can cor-
with degraded QoS, as depicted in Fig. 2. If slice groups with higherect many of the frame losses.
indicies are lost, the decoding process will still be maintained with  All bearers are configured with persistent mode for RLC re-
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{  Transmiter - RNC kbps and then by removing bytes/packet of RLC header infor-
o P | mation, the maximum bitratABReavailable at application level
’ Input H Encoder }—‘—*| RLC-SDU H RLePou (above RTP layer) is approximatey).8 kbps. Moreover, we used
; a bitrate constrained algorithm at source coding in order to match
= e the target bitraté\BRs= 60 kbps.
Residual BER =0,
AM i =>SDU io =0, rror
sod%?::zr;?wo e o e paners Motherl&Daughter | Paris | Carphone
i . | OneRAB 26.15dB 245dB| 23.5dB
i Receiver - RNC R, GLER DiffQoS 29.75dB 26.4dB| 25.9dB
oupi H Dot F"— ‘I RLC-SBU }‘—L‘ RLC-PDU I l Table 1: Performance comparison of the two approaches with
i BLER=10.8%.
Application Layer i Link Layer Physical Layer

PSNR values are measured over the whole sequence and the
. . . proposed method allows to gain frohrddB to 3.6dB. This gain is
Figure 3: Simulation model. higher for Carphone than for Paris sequence, since this sequence
with a static background is closer to the motion model described in
section 3.1. This can be explained by the fact that Paris sequence is
transmissions and their bitrates are adjusted using the RLC blogdmost three times longer than Carphone and, as no intra update oc-
size and Transmission Time Interval (TTI) parameters provided byurs, error propagation effects are more important. Above a certain
the simulator. An erroneous RLC packet is retransmitted until it isStreaming duration without intra update, error propagation effects
correctly received. If the maximum transfer delay due to retransmistan be seen as an increase of BLER and above a certain level of
sion is reached, the corresponding RTP packet is discarded. Thef@LER the two stagtegies are equivalent. Nevertheless, in Fig. 4, we
fore, the residual BER is always null, only missing RTP packetscan remark that aftet3s of streaming the quality perceived with
may occur. In order to validate a strategy, results must be providetihe differentiated QoS strategy is clearly superior to the quality ob-
over a large set of simulations varying the error mask statisticsiained with the reference method. For Mother and Daughter se-
Therefore, for a simulation, the error pattern is read with an offsefluence, the gain of our method is important and this result validates
varying fromo0 at the first run and incremented byor each runand ~ the relevance of the proposed ROI partitioning approach.
finally results are evaluated over a setdfruns, as recommended
in [16].

4.2 Simulation results

To evaluate the proposed strategy, we present simulation results ob-
tained with the three test sequences:

- Mother and DaughteB( fps, QCIF,900 frames) fixed back-
ground with slow moving objects.

- Paris B0 fps, QCIF,1065 frames) fixed background with fairly
bustling objects.

- Carphone 30 fps, QCIF, 382 frames) slow moving back-
ground with bustling objects.

Results are presented for the two resource allocation strategies de-
scribed in section 2.3:

- Single channel configuration per streaming session (OneRAB).
- Content based differentiated QoS (DiffQoS).

The prediction mode scheme for frame sequencing is the classical
IPPP... pattern in order to evaluate the robustness of the proposed
approach and its capacity to limit distortion due to error propaga-
tion.

Integration time in Eq. (2) is set to the total time duration of the
test sequence. This approximation is justified by the choice of short
test sequences without scene changes and therefore the relative im-
portance of each slice group in terms of bitrate can be considered
as constant during the session. For the proposed approach (Dif-
fQo0S), ABRq bitrate is allocated first in agreement with equation
(6). Next, the residual resouredBRe = ABRe— ABRgq is used to
transmit the slice group 2 substream. The coding method described
in 3.2 has been implemented to transmit macroblocks to slice grougsigure 4: Visual comparison for one frame 18s) of Paris test
mapping. The gain in terms of data compression is abot in sequence (top: OneRAB, bottom: DiffQoS).
respect to code the same information through PPS syntax in the case
of two slice groups.

4.2.2 Influence of the bandwidth limitation

In order to evaluate the robustness of our method for bandwidth de-
Tab. 1 presents simulation results obtained configuring each chanrease, we simulated streaming sessions using the second error pat-
nel with RLC packets oB0 bytes leading to a BLER 0f0.8% tern BER= 2.9e— 3) and varying the total available bitra#8Re
(BER=9.3e— 3). Then,BLERyaxthreshold used to perform slice Results are presented in Fig. 5 for Paris and Carphone sequences.
group partitioning was empirically fixed slightly larger than this When total bandwidth o84 kbps is available, our method does not
value. For each scenario the bitrate provided at RLC layérlis provide a substantial quality gain due to the low level of BLER

4.2.1 Influence of packet errors
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(BLER= 3.3%). However, in the case of network congestion for identification thanks to the RLC header is the only way to trans-
example, we can see that the proposed strategy better supports laite content based information from application level to scheduling
trate amputations and can provide acceptable quality for a widdevel via QoS attributes. Simulation results validate the approach in
range of bitrates whe@BRis no longer available at the application Which data are hierarchically handled by the network depending on
level. their relative importance on end to end QoS. Obviously, ROI def-
inition is subject to further investigations with a wider set of test
sequences and an extended number of slice groups. Finally, frame
partitioning into two regions already provides interesting results.
Future works will focus on using the real scalability features of SVC
coding in order to better perform resources-QoS optimized packet
scheduling.
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