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Abstract—in this paper, we address the problem of real-time very well for data communication, is not always the best solu-
video streaming over wireless LANS for both unicast and multicast - tjon for real-time video streaming. To this end, several industrial
transmission. The wireless channel is modeled as a packet-erasurestreaming media architectures (e.g., by Microsoft and Real Net-

channel at the IP level. For the unicast scenario, we describe a novel .. .
hybrid Automatic Repeat reQuest (ARQ) algorithm that efficiently works') have been developed. However, the existing solutions

combines forward error control (FEC) coding with the ARQ pro-  Were not designed specifically for the harsh conditions that are
tocol. For the multiple-users scenario, we formulate the problem prevalentin a wireless channel.

of real-time video multicast as an optimization of a maximum re- With wireless networks gaining prominence and acceptance,
gret cost function across the multicast user space. The proposedespecially the LANs based on the IEEE 802.11 standards, it
solution efficiently combines progressive source coding with FEC ¢ treseeable that streaming of audio/video will be a critical

coding. We present a theoretical analysis of the unicast and mul- - S
ticast cases, as well as experimental results that demonstrate thePart Of the wireless digital infrastructure. Yet, to the best of

performance advantages of the proposed algorithms over existing OUr knowledge, video streaming applications have not been
methods. studied extensively for IEEE 802.11 based wireless networks.
Index Terms—Channel coding, forward error correction, IEEE There are two major Challenges for video §tream|ng Qver
802.11, multicast channels, multimedia communication, video Wireless LANs: 1) fluctuations in channel quality and 2) high
coding, wireless local area networks. bit-error rates compared with wired links. One important
contribution of this paper is the introduction of packet-erasure
channel models for wireless LAN channels that allow us to
develop video streaming algorithms that take into account the
UDIO and video streaming over wired networks, suchpecifics of the IEEE 802.11 networks. In addition to wireless
as the Internet, have been popular now for quite sonsbannel-related challenges, when there are multiple clients, we
time. However, with the development of broadband wirelesgve the problem of heterogeneity among receivers, since each
networks, attention has only recently turned to delivering vidacer will have different channel conditions, power limitations,
over wireless networks. In this paper, we focus on the wireleggocessing capabilities, etc., and only limited feedback channel
Local Area Network (LAN), which can operate at high enougbapabilities? This paper contributes to the analysis of both the
bit rates to allow transmission of high quality video datasingle-user and multi-user case in detail, and proposes practical
Specifically, we investigate the IEEE 802.11b wireless LANsolutions to address the afore-mentioned challenges.
though the ideas that we present are applicable to other wireles$here has been a substantial amount of prior work in the
networks as well. area of video streaming. The single-user scenario has been ad-
As is well known, video streaming is very different from dataressed by many researchers (see, e.g., [1]-[4] and references
communication due to the inherent delay constraints, as late tlverein). In this paper, we introduce a new method that com-
riving data is not useful to the video decoder. In fact, it is bettdines the reliability and fixed delay advantages of forward error
to drop such data at the sender rather than attempt to send it aftertrol (FEC) coding with the bandwidth-conserving channel-
the deadline has passed. For this reason, TCP/IP, which is ddaptive properties of Automatic Repeat ReQuest (ARQ) pro-
signed to deliver data reliably (but asynchronously) and workscol. Hybrid ARQ protocols of different flavors have been ex-
tensively studied in the literature [5]. However, to the best of our
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to the position of packet loss, i.e., the received quality source coding are introduced, as well as distinctive charac-
a function of which packets are erased. To overcome thevistics of compressed real-time media. In Section II-B, we
problem, the Priority Encoding Transmission scheme walgscribe the IEEE 802.11 standard for wireless LANs and dis-
proposed in [1], which allows different resolution layers to beuss the details relevant for multimedia streaming applications,
protected by different channel codes based on their importanas.well as important differences of WLANs and wired LANS.
Substantial work has been made toward finding an algorithim Section II-C, we discuss the packet-erasure channel model,
for optimizing the amount of parity bits used to protect eadat is used in this work to represent the Wireless LAN channel.
resolution layer [2], [3], [9]. A near-optimal)(V) (where N |n contrast to existing approaches that model wireless channels
is the number of packets) complexity, algorithm was propose@é RF level (using, e.g., AWGN or Rayleigh models), we
in [9] to solve this problem. Termed multiple description codingpproximate the WLAN channel at the IP level as it is “seen”
using FEC codes, or thDFEC algorithm it partitioned the by multimedia applications. Finally, Section 1I-D describes
scalable video bitstream into a series of resolution layers afié existing channel-coding methods (FEC and ARQ) for data

then applied varying amounts of protection on each of theynsmission over packet-erasure channels.
layers, depending on the importance of the layer. To find the

optimal amounts of protection, the MDFEC algorithm used A. Source Coding Methods for Multimedia Data
Lalgr?rrlw_glan (?(pnmﬁatlon—baf;éd(].\;) algorll'ihm.t ioint Multimedia data are normally compressed before being
; ntis V,\,/O.r » We Tocus on the video multicast scenaro In theansmitted or stored. In this paper we concentrate on video
last hop,” i.e., between the base station and the mobile

vices because it is likely to be the bottleneck of the whole videg; %tlr;z; ?::Imﬁgelitgﬁta gﬁpizrgfj?eedecxitrﬁﬁdltzéIm?ge(’) Sigd
streaming system. As such, the ideas of multicast trees as b P Y prop

posed in [7] or the ideas of reliable and resilient multicast [10 rgme_v_vork. Multimedia compression methods can be broadly
lassified as follows. The traditional source-coding methods,

[11] are not applicable here, since there is only one hop bEtWer(g:-nerred to here as fixed-rate (or single resolution) codin
the source (base station) and the destination (mobile devices). 9 9,

We use a maximal regret criterion to formulate the problem mpress the data to a target bandwidth or a target storage size.

optimal source and channel coding for the multicast case, si xamples of such schemes are DPCM speech codecs, JPEG

ilarto[12], [13]. In [13], the authors formulated the general mul>" image coding, MPEG 1 and 2 for video compressionetc.

tiple-user broadcasting problem for both the power and rate C(M‘?ny such techmques exploit dat[a depepdency o gch|eve high
straints. In contrast, we consider only the rate constraint caS8MPression ratios. However, this also introduces interdepen-
but we explicitly formulate the probiem of robust streaming€"CY Of data in the compressed form. Consequently, bit/packet
of a progressive video bitstream over a wireless 802.11b LAR{TOrs in the compressed data due to unreliable transmission
and derive the properties of the optimal solution for the case By render as significant artifacts after the compressed data
N = 2andN > 2 users. Our optimization algorithm takesS depoded. Slmllarly, when Fhe ava|le_1ble bandwidth/storage
advantage of the fact that the MDFEC algorithm automaticalff2€ increases, fixed-rate coding techniques are unable to take
tries to match both the source and channel characteristics. Af¥antage of this. This type of single layer coding method
main contribution of our paper to the multicast case is in formf£0rks well for application domains, such as VCDs and DVDs,
lating the problem of real-time multicast of video using the ma¥here a certain media storage size is targeted, or cable broad-
imum regret criterion, and providing the optimal solution for §2sting applications, where dedicated bandwidths are assigned
special case of progressive source coder and MDFEC chani9egach data channel. However, it does not always fit well for
coder. To the best of our knowledge, no comparable schenféeless packet networks where bandwidth is highly varying
have been proposed in the literature for video multicast ovéfth time or/and across different receivers. As shown in Fig. 1,
wireless LANs in a similar setting. the fixed-rate coding achieves the highest (for this coding

The rest of the paper is organized as follows. Section Il givésheme) quality of data only at a single point—the target
an overview of the related background information, includingitrate. The quality remains constant, even if available channel
source and channel coding and the IEEE 802.11b Wirelggée increases.
LAN, as well as the motivation behind our design choices. In For a packet network with dynamic bandwidth, a different
Section I, we present our novel Hybrid ARQ algorithm forclass of source coding techniques called progressive coding is
real-time video unicast over wireless LAN. In Section 1V, wdetter suited. In progressive coding (also referred to as scalable
formulate the problem of real-time video multicast over wiresoding), multimedia data is divided into coding units [e.g., a
less LANSs, and propose the optimal solution for a progressivileo or audio frame(s)] and within those units, the data is ar-
source coder and MDFEC channel coder. Finally, we concludenged such that the most important part is placed in the begin-
with discussions and future directions in Section V. ning followed by the parts with successively lower importance.
The decoding of the data within a coding unit canpaetial,
and the more data that can be decoded, the better the quality
of the decoded multimedia data. Therefore, a single progres-
sively coded multimedia stream can be served over a dynamic

In this section, we offer an overview of the related backietwork where the bandwidth may vary from time to time for
ground information and the motivation for our design choices., , _ _

. . - . 3In advanced profiles, some of these coding methods allow generation of sev-

In Section II-A, we discuss the existing advanced source COdIQ& resolutions of data at different bit rates or sampling frequencies. These pro-
methods for multimedia. Single-resolution and progressivis, however, are rarely used in real life.

Il. BACKGROUND AND MOTIVATION: SOURCE AND CHANNEL
CODING FORVIDEO OVER WIRELESSLANS
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Fig. 1. Operational rate distortion characteristics of single resolution al

progressive coder. Different points for a single resolution case correspond

to separate coding schemes, while all the points on the progressive coéigr 2. Directed graph representing dependencies between data units in

characteristic are obtained using a single coder. MPEG4 FGS stream. Horizontal dependencies in the base layer are due to
predictive coding. Vertical dependencies correspond to successive bitplanes in
a single frame.

a given receiver or vary from one receiver to other receivers. In
Fig. 1, the distortion—rate characteristic of a progressive COdiBﬂ{

h i sh b hat inferi h ; erent modulation methods). The IEEE 802.11 standard
scheme 1S shown to be Somew atin enor.tot € pertormance Qlos the same logical link layer as other 802-series networks
the fixed-rate compression scheme—a price we pay for the p

ibility of havi inal i h ¢ J?fcluding the 802.3 wired Ethernet standard), and uses com-
f’;t;gy ofhaving a single coding scheme to cover a range of it e 48 it hardware Ethernet addresses to simplify routing

P

(?unning on it (note, that packets with bit errors are unavailable

two separate bitstreams representing the video data. The %S multimedia application!). However, significant differences

stream is an MPEG4-compliant bitstream. The refinement Iayl?étween the properties of wired and wireless networks demand

contains additionally a progressively coded bitstream that irg'very different media access control (MAC) layer for 802.11
proves the quality of the base layer video. As long as the bzbg%
f

. ) . ffeless networks. Hence, we describe the relevant features of
layer is present, the refinement layer can be used to improve E 80211
quality of each wdeg frame where it IS presen_t. Using radio transceivers for the network physical layer is
A useful abstraction for representing media data was pro

din 14l Th timedia data i ted X 6{nplicated by the inability of radio transceivers to detect col-
EJOSG n [,,]' € mullimedia data 1S represented as a Sely@l, s 45 they transmit, and the potential for devices outside the
data units,” e.g., video frames, images, audio frames. Each d

di o ated with its size (in bitd,. distortiond ork to interfere with network transmissions. Communica-
coding unit: IS associated with Its Size (in 'tg’).l’ IStortionaz 51 is also hampered by the hidden node problem; two widely
(corresponding to the amount of decoded signal distortion

re- :
. . o . aced nodes on the network may be unable to communicate
duction due to decoding of urlibn time), and the deadlirtgby §p y

; ) ) .with each other directly, and yet still interfere with transmis-
which the unit has to be decoded to be useful. Different codi Y y

it dtob deled lic directed r%%:s to an intermediate point. To address these limitations, a
units are proposed 1o be modeled as an acyclic directed gr plex media access control (MAC) that includes retransmis-
that signifies the dependencies between data units. An exa

. . MfShs of corrupt packets and collision avoidance is used. This
g su;:h ahgraph fodr(;h_e MPEE 4dFGS \é'deo. strgarﬂ 'SbShOV\lmé'amplex MAC is required for adequate TCP performance, as
Ig. 2, where in addition to the dependencies in the base layatp responds to packet losses by throttling the transmission

due to predictive coding, there are also dependencies in thelfzﬁés. Therefore, packet losses not caused by congestion must

finement layers due to successive coding of bitplanes Withirb% hidden by the MAC layer to allow TCP and TCP-friendly

smgl_e frame. In [.4]’ the graph m_odel_was used t_o solve a dé(c_)ngestion control algorithms to choose an appropriate trans-
namic programming problem of distortion/rate optimal data urw;|iSSi0n rate

transmission policy. Our work is different, since we specifically =

. . Fig. 3 shows a typical example of two mobile stations com-
address the wireless channel model and we extend our mveﬁh- g yp b

. ) . i . nicating with an Access Point (AP). The Request To Send
gation to include the important multicast scenario. (RTS)/Clear To Send (CTS) mechanism is often used to avoid
a hidden node problem. Station 2 accesses the channel (after
B. IEEE 802.11b WLAN Standard sensing the channel as free for some interval of time) by sending
The IEEE 802.11 standard [15] along with the “b” annean RTS frame. At this time, all other stations that received the
define a 2.4-GHz spread-spectrum wireless LAN capable BTS frame set the state of the channel as “busy” for the duration
operation at bit rates of 1, 2, 5.5, and 11 Mbits/s (using & time advertised in the RTS frame. The AP broadcaststhe CTS
spread-spectrum BPSK modulation) up to 11 Mbits/s (usifigame so that all other stations that are out of range of station 2
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Fig. 4. Packet-erasure probability as a function of time in IEEE 802.11b trace.

Fig. 3. Example of IEEE 802.11b LAN operation. . . .
Fig. 4 shows a sample treceve obtained using the 802.11

L i ) . AP and mobile station. The AP was sending UDP multicast
(“hidden” nodes) can also set the channel state as “busy.” Aftefckets at a constant rate and the receiving station was recording

this procedure Station 2 sends a data frame that is acknoya sequence numbers of the correctly received packets. Each
edged by the AP. A similar process is then repeated by statiggint on the trace corresponds to an average of about one hun-
1 when it needs to transmit (the time between the acknowleqgteq packets received. Note that the channel behavior in this
ment frame and the RTS frame from station 1 is available f@§periment is the result of the interaction between the actual
all stations to initiate transmission). Finally, the AP multicastg channel, the hardware responsible for PHY, and the soft-
several unacknowledged data packets (in this example not usipgte/firmware responsible for MAC/LLC and IP implementa-
the RTS/CTS mechanism). S tion. This approach leads to a more accurate model for the ap-
At this point we would like to highlight important featuresyjication layer algorithms that are the focus of this paper.
specific to WLAN that influence the design of media streaming e simplest model to approximate a packet-erasure channel
system. Notice that in a unicast traffic all wireless data frameg o assume that the erasures are independent and identically
are acknowledged by a recipientAcknowledgment (ACKS) gistributed (i.i.d.) and have probabili.. This model is jus-
are not “free,” and therefore, they have to be used efficientiifieq if, for example, packet interleaving to a sufficient depth
Also notice that even UDP unicast frames are sent asynchj@ysed in the transmission (e.g., if long FEC codes are used).
nously to hide the impairments of a wireless channel from thg,gre is, however, gain to be explored by relaxing this i.i.d.

transport layer protocols—a significant difference from Wiregssumption and attempting to model the correlations between
IP networks. On the other hand, in case of multicast or broaghgnnel properties in consecutive moments of time.

cast traffic, the data packets are not acknowledged (and, henc js important to discuss one simple channel model based on
not retransmitted on the MAC/Logical link layer). This mod& pmarkov chain because it can be useful in interactive applica-
of communication delegates all error-control operations to thgns and, more importantly, it draws an interesting connection
application layer, and therefore is used in the rest of this papggtween multiuser and a single user scenarios. Let us introduce

even for the case of point-to-point streaming. hidden channel statesS) that form a Markov chain with
the initial distribution=(s) and the transitional probabilities
C. Packet-Erasure Model of IEEE 802.11 LAN P(s|si_1). The probability of a packet erasure is represented

The IEEE 802.11 MAC/logical link control (LLC) and phys-by a conditional density’. (s) = Prob(crasure|state = s).
ical (PHY) layers represent two lower layers in the open systefieé number of states and the actual values of the erasure
interconnect (OSI) reference model, i.e., the data link and phyobabilities can be chosen in a number of ways. For instance,
ical layers. In real life, we do not have direct access to the phy&e may fix the number of states and try to choose the erasure
ical (or even MAC) layer. Furthermore, most of the successffobabilities to approximate the distribution of the erasure
wireless networks adopt the IP as a network layer simplifyirgfobabilities in the sample. Another reasonable approach is to
the integration of wireless networks into the Internet networkt all states have equal probabilities, iB(s;) = P(s;). This
In this scenario, user applications see the wireless channelag model allows us to draw a connection between the unicast
an IP packet channel with erasures—much like the wired Ethd the multicast cases. If we make an additional assumption
ernet. Therefore, in designing our algorithms (which run at tt no information about the channel at the transmitting side
application layer), we model the wireless network channel agdtie to absence of feedback channel, or in the case when
packet-erasure channel at the network layer level. channel changes too fast to be tracked at the transmitter), then

sending packets to a single userer the described multistate

5The trace shows a channel with a rather poor quality because of the signifi-
4Link layer uses a well-known stop-and-wait ARQ [5]. cant distance used in this measurement.
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Fig. 5. A scalable bitstream partitioned imd6 layers. Theth layer can be further decomposed infoarts for channel coding.

packet-erasure chanriglanalogous to sending data to multiplelatency to achieve an acceptably small probability of stream
usersover different i.i.d. packet-erasure channels. This obsdransmission failure.

vation is an additional motivation to consider the problem of In this paper, we will focus on transmission protocols em-
video multicast in a wireless LAN environment. In this papeploying a particular class of erasure correction codes, namely
we use an independent packet-erasure model for the chanReled—Solomon (RS) codes. RS codes are described by two
however, our algorithms can be extended for the Markov modaimbers(n, k), wherer is the length of the codeword arid

described above. is the number of data symbols in the codeword. Each symbol
] is drawn from a finite field of2® elements, where (we use
D. Coding for Packet-Erasure Channels 8) is the number of bits to be represented in each symbol. The

In order to reliably communicate over packet-erasure chaetal number of words in the code equas — 1. RS codes
nels, it is necessary to exert some form of error control. Twaan be used to correct errors, erasures, or both. Particularly
classes of communication protocols are used in practice &fficient decoding algorithms based on Vandermonde matrices
communicate data over packet networks: synchronous gA@] existif only erasures are to be corrected. In this case, each
asynchronous. Asynchronous communication protocols, sysirity symbol can correcdny one missing data symbol. This
as ARQ, are reliable but have unbounded delay. ARQ operamsans that we can recover the original codeword, and hence the
by dividing the data into packets and appending a special erasiginal data, if at least of the original: symbols are received.
check sequence to each packet for error detection purposes.

The receiver decides whether a transmission error occurred by |||, STREAMING VIDEO OVER WIRELESS LAN:
calculating the check sequence. For each intact data packet A SINGLE USER CASE
received in the forward channel, the receiver sends back an ac-

knowledgment. Thus, ARQ requires a two-way communicatiqn In this section, we present algorithms for streaming a video
channel to be preseﬁt While this model works very well f Itstream over a wireless LAN. The first approach described is

data communication, it is not suitable for multimedia streamiaS purely FEC—bgsed MDFEC algorithm [3], which assumes as
with hard latency constraints. The maximum delay of the AR puta scalablg video b'tstre‘f"m- On the other hand, the Hybrld
mechanism is unbounded, and in multimedia applications it’i Q protocol, is a combination of FEC and ARQ techniques

usually preferable and, in the case of live streaming, necess (1oes_not azﬁume ? sck;sl\laltale V|_dte_o b|t%tream E;S '?pijt’ ‘an
to interpolate late-arriving or missing information rather thal refore IS readily applicable o existing video content store

insert a delay in the stream playback on DVDs and VCDs. The problem we address in this section
In synchronous protocols, the data are transmitted Withisathat of finding the parameters for source and channel coding

bounded delay but generally not in a channel adaptive manrigr, c es fora sw_mgle server _and a S'”g"? (_:I|e_:nt, to maximize the

To provide for some measure of reliability, FEC coding igve_rall data quality ((_)r, gquwalently, minimize the distortion)

employed. FEC codes are applied to a group of source dgp&uect to a communication delay constraint.

packets. The FEC codes are designed to protect data against

channel erasures by introducing parity packets. No feedbdek MDFEC

channel is required. If the number of erased packets is lessMDFEC is a transcoding mechanism to convert a prioritized

than the decoding threshold for the FEC code, the original dataultiresolution bitstream (see Fig. 5) into a nonprioritized

can be recovered perfectly. However, FEC techniques cannuiltiple description bitstream (see Fig. 6) using efficient FEC

guarantee that the receiver receives all the packets withcotes.

error. Letd be anN-dimensional distortion vector (also called the
Note that existing Internet streaming media servers adistortion profile) wherel,, reflects the distortion attained when

clients are based on a partially-synchronous version of theout of N packets are received. The progressive bitstream is

ARQ protocol. These applications maintain a record of the amarked atV different positions (that fornv resolution layers),

proximate round-trip time for a packet and its acknowledgmenthich correspond to achieving the distortion levg|sas shown

and use this information to determine at the server if a packetFig. 5. Theith resolution layer is split inté equal parts and

is likely to arrive at the destination before its deadline. In thian (N, i) RS code is applied to it to form th& packets as

way, the unbounded delay of ARQ protocols can be avoideshown in Fig. 6. Since every packet contains information from

However, even with this change, the ARQ-based protocal the N resolution layers, they are of equal priority. The RS

still require a small overall packet loss rate and low round-trigode ensures that thith resolution layer can be decoded on the
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equivalent description of the source.
Fig. 7. FEC, ARQ, and Hybrid ARQ coding schemes.
reception of at leagtpackets. Since the distortion-rate function

D(r) for a source is a one-to-one function of the raténding 1, fimedia data into “packet groups,” consistingiopackets
the N dimensional distortion vectai corresponds to finding o,ch and then. for each packet group, appending k£ RS

the rate partitionR = (&4, ..., Ry) of the multiresolution parity packets to the group as in the FEC coding scheme de-
bitstream (see Figs. 5 and 6). We note that, in this framewold¢ ipad above. However, unlike in the pure FEC scheme, we

the decoded quality at the receiver is strictly a functioh® jiiay send only the first: data packets to the receiver. Then
manypackets are received and nahich packets are received. y,nspitter starts sending parity packets until one of the fol-

Depending on the channel conditions at hand, the rate partitiging two events occurs: either an acknowledgraéram the

R can be optimized so as to match the given channel. A fagleeier arrives, or the deadline for the transmission is reached.

near-optimal algorithm, of complexn@(]\_f) (Wh_ergN isthe  once at least: packets are received intact, the receiver sends

number of packets), based on Lagrangian principles, t0 SOlyg 5 .k nowledgment. Once the acknowledgment is received, the

this problem is described in [9]. The inputs to the algorithiy,hsmitter continues with the nektdata packets. One signifi-

are the source rate-distortion curve, a total transmission g 4 qvantage of this algorithm is that it does not break down

constraint and the transmission (channel) profile. Given theé\?en when acknowledgments are lost. Instead, the transmitter

inputs, the algorithm outputs a quality profile (i.e., the reCOnsm v assumes that more parity is needed.

struction quality experienced at the receiver as a function of the} o Hybrid ARQ scheme is a general algorithm and can be

number of packet losses) that attains the best expected averg@gsieq to fit specific cases as is appropriate. For instance, al-

distortion for the given transmission rate. though interleaving is not described above, it is used in practice
to improve bandwidth utilization during the time when an ACK

B. Hybrid ARQ is going from receiver to sender (i.e., after sending all the data

The MDFEC method is an attractive solution, but it requirdd2CKets for the current group of packets, the data/parity packets
progressive video input. Here we propose a way to combiff@m other groups are used to interleave the parity packets of the
the ARQ and FEC error control methods to improve the pefUrrent group). , o
formance of unicast communications of single resolution video 1 evaluate the performance of the Hybrid ARQ algorithm, it
over packet-erasure channels. Hybrid ARQ schemes have b¥&@3 both calculated analytically and |mplemen.ted as atransport
extensively studied in the literature for various communicatidffotocol for MPEG streams over 802.11b wireless networks
channels. In this work we do not attempt to survey all of thekt8l: The results are presented below.

(the reader is referred to [5] for a textbook treatment) but rather ) .

we propose a scheme that specifically addresses the probfemHybPrid ARQ Throughput Analysis

of video streaming over 802.11 networks. Further, to the bestTo compare the throughput of the proposed Hybrid ARQ
of our knowledge, there has been little investigation of Hybrischeme with the conventional ARQ and FEC schemes described
ARQ schemes in a wireless LAN setting. As described in Segbove, we assume a memoryless packet-erasure channel with
tion 1I-B, the acknowledgment have to share the same chanoely a single user, and wit. being the probability of packet
with the data and consequently too many ACKs can have a ségasure. The throughput is defined as the ratio of time (in the
nificant effect on the throughput. The proposed Hybrid AR@hannel) oft data packets to the average time it actually takes
scheme attempts to address this issue by efficiently reducing tb&end them. Additionally, we only count thoselata packets
amount of ACKs. that have transmission time less than some desireditiréis

Our scheme is inspired by a similar idea proposed in [17]
for rate-compatible punctured convolutional (RCPC) codes. Th&rne acknowledgment is generated by a multimedia application. This is not
idea is illustrated in Fig. 7 (bottom). We start by splitting outo be confused with an ACK generated by the 802.11 MAC.



530 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 12, NO. 6, JUNE 2002

% EE@LiZ?“so) parameters are chosen to be close to the parameters of a real

- ARa it system described in the next sections. “FEC best” corresponds
to the convex hull of different FEC schemes with the sanbeit

. differentk (we also include one particul&r, k&) combination

el T performance on the plot). Notice that the throughput of the

Tl Tl proposed HARQ method is better than that of the ARQ system

: el Tl because fewer ACKs are sent (see also Fig. 7 for a pictorial

o Tl illustration of this). Both ARQ and HARQ outperform FEC in

bl
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ol el | this setup, however, FEC will become optimal as the blocksize
A (n) increases.
0.65[ ~ N S o
osk . D. Experimental Results for Hybrid ARQ
B The physical network used for our testing was an otherwise

o
o
&
T
L

unloaded network based on Cisco Aironet 340—series hardware.

05 ‘ ‘ ‘ ; : : : ‘ ‘ We found that the network was reliable at short range, occasion-

0.1 0.12 0.14 0.16 0.18 02 0.22 0.24 0.26 0.28 03 . .
Probabilty of packet erasure ally dropping single packets. However, at longer ranges, fades
would render the channel unreliable (and sometimes unusable
Fig. 8. Throughput for FEC, ARQ, and HARQ schemes/fgll, = 20,n = . . ( )
150 andk = 100, for seconds at a time, as shown in Fig. 4. In our tests, we also

observed that the uplink from the PC card to the access point

last constraint specifically addresses real-time requirements"\fﬁ_S somewhat less religblg than the downlink frqm Fhe access
video. point to the PC card, which is expected due to a significant dif-

Let I denote a random variable that represents the numfgfEnce in the form factor (i.e., antenna size). _
of packet erasures in a groupopackets. Assuming am, k) The software and protocols were designed to transmit MPEG-

RS channel code, the throughput of the FEC coding schem@%‘mded data from a fixed server, through the wireless access
equal to point and the 802.11b wireless network, and to a mobile re-

ceiver. In our implementation, the server reads the MPEG data
Tepe = k Prob(I” < n — k) from a file on its hard disk drive. The packet-erasure correction
n ¢ = is based on the fast RS erasure correction codes described in
ko ; n! [16]. MPEG decoding and display is done using the Intel Media
= S Pi1- Pe,)("_’)m Processing Library [19].
j=0 The testbed divides the MPEG data into groups of 100
L packets, each of length 10247B-or each group of 100 packets,
50 parity packets are then created, in effect creating a (150,
optimally for a givenP. . 100) RS code using_8-bit symbols. A sequence nu_mber_ is
To estimate the thrdughput of an ARQ scheme used in A ded to each transmitted packet to allow proper |dent|f|cat|qn
802.11 link layer, we assume thatis the transmission time (in of each packet at the_ receiver and to ensure proper operation
the channel) of a data packet, aids the transmission time of of the erasure—cgrrectlon code. )
an acknowledgment, and we assume that no erasures occurs C%oon the rec_e|pt of each packet, th? decodgr checks the iden-
the return channel. Lef denote a random variable representin ty of the received packet. The receiver maintains spaces for
the total number of packets sent isaccessfulransmission of ach of the 150 possible packets in each group. If and when one

k data packets. The throughput of the ARQ scheme is equal ?(f) the packets from the current group is received, it is .placgd
into the correct space. Once any 100 packets are received in a

whereProb(I? < n — k) is the probability of getting: —
or fewer erasures in packets. The parametgrcan be chosen

n ki, group, an acknowledgment is sent to the transmitter. If, due to
Tarq = Z g+l Prob(E = ¢) severe fading, fewer than 100 packets are received out of the
e=k 150 sent, the RS decoder does not attempt to decode the packet
where group. Missing packets are dropped, along with all MPEG data
(e— 1)! until the next MPEG resync header.

Prob(E =¢) = (1 - Pe)kp:ﬁ—k S S AR We found that the Hybrid ARQ algorithm allowed the system
(e =Rk —1)! to maintain the video stream during fades, even if the fade pre-

Assuming, as before, no erasures in the return channel, infented data from being transmitted from the mobile to the access
pendent erasures in the forward channel, the throughput of fiftint. Both the pure FEC and the Hybrid ARQ scheme resulted
described HARQ system can be found as in fewer video breakups than the use of a simple, ARQ-based
TCP connection; in addition, the Hybrid ARQ algorithm effec-
tively prevented the transmission of unnecessary FEC packets
when channel conditions were good.

n

kly
Traarq = E L Prob(E = ¢).
e=k

The th h for diff di h . h . "The number of packets in the group and the protection level was chosen
e throughput for ditferent coding schemes IS SNOWN g compensate for channel erasures under typical conditions. An example of a

Fig. 8 for the case df;/l, = 20, » = 150 andk = 100. Those channel trace in shown in Fig. 4.
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course, the weighted averaging scheme can be easily mapped to
the single user case and can be directly solved by the MDFEC
algorithm. In this paper, we instead focus on a maximal regret
criterion. Similar to the ideas proposed in [13], [12], we pro-
pose that the optimal coding scheme is the one that minimizes
the following criterion:

A(R) = max(E[d;(R)] — E[di]min)
where R is the rate partition as defined in Section IlI-A,
E[d;]min is the minimum expected distortion for thih client,
achieved by using the optimal coding scheme when it is the
only client, andE[d;(R)] is the expected distortion for the
particular coding scheme being used. Such an overall quality
criterion is fair in the sense that it minimizes the maximum
penalty that any client suffers.

B. Proposed Solution

Fig. 9. Wireless multicast scenario with three users having different .
probabilities of packet erasurgy( < ps < ps)- We assume that all the clients have the same total rate con-

straint ;.. For any rate partitioR, the total ratel?; used is

IV. STREAMING VIDEO OVER WIRELESS LAN: N
A MULTIPLE USER CASE R, = ZO‘JRJ wherea; = ————,
o o — 3G +1)

Inthis section, we address the problem of multicasting a video J )
bitstream over a wireless LAN (Fig. 9). It should be noted that forj=1,...., N—landay = 1.
ARQ-based sch?mes are Iess_ appropriate for th? multicast KW for each client, we find the minimum expected distortion
for two reasons: ACK explosions and the requirement to re- ; L .

L T Or E[d;]min- This optimization problem is then formulated as
transmit different packets to all users. For significant packet loss
rates, each user will require frequent packet replacement, and min E[d; (R)]
different users are most likely to require different packets. To
respond to requests by multiple users, we may have to resqujgject to
significant fraction of the original data even for small loss rates.

However, for small multicast networks, the hybrid ARQ R, < R,,, (resource constraint) (1)
scheme can alleviate the problem of sending different COlp <R, <
rection packets to each user. Because each parity packet can = =~
replace any missing data packet, there is no need for each user @)
to identify which packet is missing. Instead, each user ca

simply transmit an acknowledgment when it receives enoug

~» < Ry_1) £ Ry (embedding constraint)

rhere

parity to decode the transmitted data. When acknowledgment N
packets have been received from all known multicast users, the E[d;(R)] = g0:E + Y _ q;:D(R;)
transmitter can move on to the next packet group. In this work, j=1

however, our approach is to use progressive video coding

described below. & wherey;; (V) is the probability of theth client receivingy

out of N packets,D(r) is the source rate-distortion functioH,

is the source variance, all = (R;, Ry, ..., R,) is the rate

partition (see Figs. 5 and 6). The above optimization problem
When there is only a single client, it is clear that any codingan be solved using the MDFEC algorithm [9]. Just as in [9], we

scheme should seek to maximize the received user qualidve relaxed the integer constraints on fhes. After finding

given a total rate constraint and a transmission profile. Since g E[d;]min for each client we are ready to solve the problem

scheme that maximizes the received quality for one client mgy the multi-user case. We state the problem as follows:
not be the optimal one for other clients (since different clients

will have different channel profiles and rate constraints), in the min A(R) subjectto (1) and (2)

multicast scenario, it is desirable to maximize some composite R

delivered quality criterion, given the total rate constraint andissuming that rate-distortion curve is convex (not always true

the transmission profile. in practice for operational rate-distortion curves), the expected
It is difficult to arrive at an overall quality criterion for the distortion must also be convex in the rate partition, as the

multi-user case and any number of schemes, such as a weightedjhted sum of convex functions with positive weights is an-

averaging scheme or simply designing for the worst-case mther convex function. Hencé;(R) = (F[d;(R)]— F[d;]min)

ceiver, could be suitable to a particular application scenario. Gfalso convex in the rate partition. ConsequenfNyR ) has to

A. Problem Formulation for Wireless Video Multicast
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- best rlece_\ver —‘ TABLE |
= ai?srterceecl;irer COMPARISON OFPENALTY IN DISTORTION FORTHREE USERS FOR
MDFEC DESIGNED FOR THEWORSTCASE CHANNEL, AND

FOR MDFEC DeSIGNED FOR THEMINIMAX COST

o1
1<)

o
o
L

»
S
T
L

user Di Eldi}min worst case minimax
MSE penalty | MSE penalty
1 0.113 | 137.5322 32.2641 6.9583
0.156 | 162.8519 14.8577 0.3199
0.197 | 193.5069 0 6.9583
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Fig. 10. Deviation from optimal performance (regret) as a function of the rai Base Layer
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\ FGS stream| 4/

Buffer

A

be convex in the rate partition, as the maximum/supremum
any set of convex functions is convex. Further, the constraints
onR, i.e., (1) and (2), are also convex constraints and henfdé 11. Block diagram of experimental multicast system.
the problem of finding the minimax regret is one of convex
optimization. real traces (see Fig. 4). The algorithm is run for a rate con-
« Two client case: sincA;(R.) is convex inR. and the min- straint of 50 packets/s. Table | shows the numerical results of
imum value ofA;(R) = 0, A;(R) = Ay(R) for the the penaltyA; for each of the three users in the example above.
optimal rate partition. So, for the particular case of twoVorst case” refers to the MDFEC scheme designed for the
clients, the algorithm finds the rate partition at which bot¥orst channel, and “minimax” refers to the MDFEC scheme
the users are equally satisfied or equally disappointed. #§signed using our algorithm. Notice that as expected, in the
this sense, the algorithm is fair to both users. worst case design the user with the most reliable channel is
« For the rate partition that maximizes the overall qualitpeavily penalized (by a factor of 4.6 compared to the minimax
criterion for more than 2 users, we will again havé&esign), while under the minimax design, all three users suffer
A(R) = A;(R), wherel andj are the two users for moderate increa;e in distortion. Fig. 1Q illustrates the_operation
whom theA;(R) versus rate partition curves (surfacesgwf the algorithm in the case of three clients as a function of the
intersect at the highest point relative to the intersectidate partitions usedl.In Fig. 10, we have plotted the curves of
points of any pair of curves, and this will be the maximurd?[di] — £[d:]min (deviation from the optimal) for all three users.
disappointment or least satisfaction for any client (see ] )
Fig. 10). Thus, theV > 2 users problem can be solvedC: Experimental Details and Results
by analyzing the users pairwise. The hardware used in the implementation of the above algo-
To actually find the rate partition that maximizes the overatithm is the same as that used for the Hybrid ARQ case. How-
quality criterion, we use a simplex optimization metho@ver, for multicast, we use an MPEG4 FGS bitstream as the
although other standard techniques may be used [20]. Whiigput scalable video bitstream. The server reads the MPEG data
the computational complexity of the simplex algorithm may biom two files (one for base and the other for FGS) stored in the
high, we do not expect that the algorithm will be run for a verzard disk. The block diagram of the system is shown in Fig. 11.
large number of users. This is due to the fact that the algoriththe MPEG4 FGS video bitstream is multicast to a set of het-
runs at each access point in the wireless LAN network and weogeneous receivers over the 802.11 wireless LAN through a
do not expect many users to be present in vicinity of any AP.UDP socket. At the transmitter end, the frames are read into a
To illustrate our approach, we performed some representatiugfer. This data is then passed on to the channel coder, which
simulations. The source distortion rate functions are appraxpplies the relevant channel codes using the algorithm described
imated as a weighted sum of decaying exponential functioimsSection IV. The transmission profiles are obtained from the
as suggested in [21], fitted to match the operational rate-dfsedback channel. The protected bitstream is then packetized
tortion curve for the Football video sequence, obtained usisgnilar to the specifications in [23] and the Real-time Transport
the 3-D SPIHT video coder [22]. The packet size was fixed &rotocol (RTP) [24] headers are attached to each of the packets.
2048 B. The channel is modeled as an independent paCket-ergl—-lere we use only two descriptions/layers. Since there are only two layers
sure channel with packet-erasure probability The parame- : , '

. - and the number of packets and the length of each packet is fixed, the only vari-
ters are that of a 802.11b wireless LAN channel estimated fradtie is the rate of the first layer.
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Fig. 12. Distortion penalty as a function of frame number for “akiyo
sequence.
[4]

The packets are subsequently multicast over the wireless nefs)
work (802.11), through a UDP socket.

At the client end, the RTP headers are stripped off from the[6]
packets and channel decoding is applied. The bitstream is then
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It would be interesting to look at the video multicast case, where
some parts of the network are wired and the rest wireless. Here,
e it might be possible to incorporate the ideas of multicast trees
as described in [7] with our proposed algorithm.
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