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ABSTRACT and neighboring peers. We propose a joint server/peer video stream-

) o ) ) ing architecture to optimize the streaming performance from the

_This paper proposes a joint server/peer video streaming ar-perspective of a single wireless client for applications. We con-
chitecture for wireless networks, where a receiver can access &sjger the scenario where part of the multimedia content that a re-
video server via an access point using thrastructure mode  cejver desires already reside on its peers that are within its trans-
and at the same time communicate with its peers usingathe  mjssjon range. Connections to these peers typically have shorter
hoc modeof its IEEE 802.11 interface card. We introduce a joint delay and better performance than communicating (via the infras-
infrastructure/peer-to-peer, receiver-driven streaming scheme, angyycture) with a remote video server. However, the reliability of
formulate it as a combinatorial optimization problem. We decou- the ad hoc connections heavily depends on the mobility patterns of
ple the problem into two steps: first selecting the sender (serverihe receiver relative to its peers.
or peer) by introducing asynchronous clocks, and then applying  our contributions in this paper are twofold. First, we present
point-to-point rate-distortion optimization algorithm between a spe- 5 novel architecture that combines the advantages of two com-
cific sender-receiver pair. Simulation results show that our joint munication modes offered by IEEE802.11b networikdrastruc-
approach has better performance than those systems with singleyre and ad-hoc modesThe infrastructure-based communication

server or with round-robin selection scheme. is used between the video server and the client while the ad-hoc
mode is used between the client and its peers. We introduce a
1. INTRODUCTION receiver-driven approach for selectively streaming video from a

joint sender group, composed of nearby wireless peers and a fixed
yideo server, to a single wireless client. Compared with sender-
driven approach, our approach avoids the synchronization prob-
lem among multiple senders and can easily adapt to instantaneous
changes in the network. Second, we formulate the receiver-driven
streaming scheme as a combinatorial optimization problem. We
to-end perceived video quality can fluctuate vastly due to time- decouple the problem into two steps: f|rsF seleqtlng the' sender
varying channel fading and the higher bit error rates. (s_erve_r orone (.)f th_e peers)_ and then applying point-to-point rate-
v%IStOI’tIOI‘I optimization algorithm between a specific sender-receiver

To address the above challenges, a number of researchers ha air. To solve the sender selection problem, a set of asynchronous
employed protection-based approaches, such as forward error corPa" P ' Y

ecion (EC), aulomalc relanaissionrequest (RRQ),and mul. 100 & edlced ot e clent and each ock s fesporsii
tiple description (MD) techniques. Krishnamachari et al.[1] pro- P pair. P

. . our scheme in network simulator NS-2.26 [3].
n ross-layer pr n str nhance the ro- . : . .
posed an adaplive cross-layer protection strategy to enhance the ro The rest of the paper is organized as the following. Section 2

bustness and efficiency of scalable video transmission. Majumdar - - :
et al.[2] presented a hybrid FEC/ARQ scheme to increase the rO_descrlb_es the r(_elated work. We present the joint servc_er/PZP_wdeo
streaming architecture and model the whole system in Section 3.

bustness of the video streaming in wireless LAN. While these ap- Section 4 presents our solution, specifically, the rate-distortion op-
proaches enhance the performance of video streaming over wire- P 4 ution, sp Y p

less networks, they do not exploit the capability of a receiver to timization (.Jf our s_treaming scheme. NS simulations_results are

directly communicate with its peers which are within its transmis- presented in S‘?C"O'ﬁ >. Wg conclude the paper and discuss future

sion range. In fact, IEEE 802.11b interface cards already supportres‘e"’lmh directions in Section 6.

two communication modes: (@)frastructure modewhere a re-

ceiver connects to the network via an access point (one wireless 2. RELATED WORK

hop), and (bjad hoc modewhere a receiver can communicate di-

rectly with its peers, sometimes via multiple wireless hops if ad To the best of the authors’ knowledge, the most thorough treat-

hoc routing protocols are implemented. ment of point-to-point rate-distortion optimized streaming is [4].
The goal of this paper is to support high quality video stream- Our work leverages heavily on [4] and in fact, our approach is a

ing service such as video-on-demand over IEEE802.11b wirelesscombined application of asynchronous clocks and [4] to path di-

LAN by distributing the streaming load among the video server Versity streaming. Among [4]'s many extensions, [5] is the most

related to our work. We do differ in two significant aspects. First,

This research was financed and supported by Hewlett Packard andgiven M distinct delivery paths, each with different path charac-
CITRIS teristics, we consided/ rate constraints, one for each path, while

In recent years, there has been an increasing demand to delive
high-quality and high-bandwidth video streams over wireless net-
works. However, wireless networks present a number of unique
challenges as compared to delivering the same multimedia con-
tent through the traditional wired networks. In particular, the end-
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Fig. 1. Joint Server/Peer Video Streaming over Wireless Network

[5] considered only one. Second, the optimization algorithm in [5]
scaled exponentially witi/, while our algorithm scales linearly.
The notion of path diversity video streaming from multiple
sources has been explored in the pervious literature. [6, 7] pre-
sented algorithms to stream video from multiple servers. [8] pro-

posed a system to tackle the quality degradation of streaming video

over IEEE 802.11b wireless networks by leveraging the path diver-
sity between multiple access points and the mobile client. How-
ever, none of them is rate-distortion optimized. [9] discussed a

useful. D; is the distortion reduction at the receiver if thdJ; is
decoded timely and correctly.

3.2. Channel Model
3.2.1. Loss and Delay

For each sender-receiver pgimve construct the following channel
model for loss and delay. We first definecaund-trip packet loss

as one minus the probability that a transmission request packet is
correctly receivednd the requested packet is correctly delivered.
We similarly define around-trip packet delayas the delay of a
request packet being sent from receiver to the sepldethe delay

of the requested packet being sent from the sender to the receiver,
given neither the request packet nor the requested packet are lost.
For round-trip packet loss, we use a time-invariant packet erasure
model with parametee;. For peer-to-peer connection, the loss
rate is likely much higher due to unpredictability of mobile user
movement. For round-trip packet delay, we use an exponential
distribution f;(z) = v;e” 7%,z > 0. A request packet sent by
the receiver at tim&" will result in a requested packet arrival at
receiver by timel” with probabilityp; (7" — T'):

T/ —T

(T —T) = (1 - ;) / f3(@)da

JO
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3.2.2. Bandwidth Constraints

For the server-receiver connection using IEEE802.11b infrastruc-

novel peer-to-peer (P2P) multicast streaming mechanism to stream;re mode, since the connection traverses the Internet, it needs to

a flash crowd over the Internet. Instead, we are concerned with op-

timizing streaming for a single client for applications like movie
preview or video-on-demand.

3. SYSTEM OVERVIEW

In this section, we describe the proposed joint server/peer video
streaming architecture in details and then model the system.
Figure 1 shows the architecture of our proposed streaming

be TCP-friendly. In order not to claim more bandwidth than what
a normal TCP connection would use under the same network con-
dition, the transmitted IP packets will be spacedAy using a
well-known TCP-friendly congestion control equation [10]:

Ao = pov/200/3 + 3(1o + 400)an(1 + 32a8)/3a0/8  (2)

wherep ando? are the estimated mean and variance of RTT for
the link between the server-receiver pair, respectively.
For the peer-receiver connections using IEEE802.11b ad-hoc

system, where the receiver and its peers can communicate Withmode, while WLAN can support a high constant data rate, we as-

the video server through atcess pointo communicate with the
video server. Meanwhile, the receiver can communicate with its
peers using the ad-hoc mode of its IEEE802.11b interface card.
Each time when a client node wants to download a video file, it will
send a request-for-packet to the video server or a peer within its
transmission range. Based on the network feedback, the client will
decide which part of video file it will request from which sender.
Currently, we assume that the client has the full knowledge of the
video content kept in its peers and the remote server, i.e. which
part of the video is available at which sender.

3.1. Source Model

Similar to [4], we model the video source using a directed acyclic
graph (DAG)G = (V, £) with vertex sefY and edge sef. Each
frame is represented by a data uditU;, and data unit is the
smallest granularity we will consider in the optimization. Each
edgee;—.; from DU; to DU; indicates that correct decoding of
DU, depends on the correct decoding BU/;. Each DU; has
three associated constants: sizéxdf; in RTP packets:;, playout
buffer deadlin€T;, and reduction in distortio®;. T; is the time

by which DU; must reach the client and be decodeddy; to be

sume that fairness needs to be enforced using ad-hoc mode. One
policy to guarantee fairness among peer is to enforce fixed trans-
mission slots with staggered starting time, where a p@an only

send packet at timg; + mA;,m € {1,--- , M — 1} during ad-

hoc mode. Each peer decides how much bandwidth it is willing
to contribute as part of system initiation phase. The contributing
bandwidth of each peer j is delimited by the frequency of individ-
ual request sent from client to peer j, whichligA ;. We assume
such a policy is used.

4. RATE-DISTORTION OPTIMIZED TRANSMISSION
POLICY SELECTION

4.1. Mathematical Formulation

In this section, we formalize the joint server/peer streaming prob-
lem as a formal combinatorial optimization problem. Like [4], we
will first assume the optimization is performed evedty seconds,
and at a given optimization instant N data units in a selected
optimization window are under consideration for (re)transmission.
As output of the optimization, the algorithm must decide the trans-
mission strategy for the upcomirfg, seconds.



4.1.1. Defining the Variables

We formulate the rate-distortion optimized streaming problem as
follows. For eachDU; in the optimization window, we define a
transmission request policy; and atransmission request policy
vectorm = [m,...,n] for all N data units. Each transmission
policy includes two partsy; = {hi, ¢; }, whereh; is transmission
history of DU; andc; is thetransmission decisiotaken during
optimization at instant. Transmission history, is defined by:

ho= {8, s | @3)

wherel; is the number of previous transmission request attempts,
andt¢{") ands!* are the timestamp and sender ID of atterhpt
respectively. Sender IIBE’“) identifies the sender to which the re-
quest packet was sent at atterhpwheresl(.k) €{0,...,M—1}.

Transmission decision; determines the transmission strategy
for DU, during the nextP, seconds. It is defined similar &s:

e = {(@, €M), (1 6 )

wherez; is the number of transmission requests to be sent in the
nextP, seconds, andi('“) andgﬁ’“) are similarly defined quantities
ast*) ands™ in (3).

Now we can calculate the probability(r;) that DU; is re-
ceived correctly and on time given transmission request palicy

(1 - P.?(k)(Ti - ti“)) H (1 Pk (T — Tf“))
i Pt i
©®)
Given probabilityg; (7;) of eachDU; and the DAG source model,
we can deduce a resulting expected distortion of a group data
units under transmission request policy vect@s:

| RZ2IE);
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ai(m) =1-]]

k=1

N
D(m) = {Do — ) _ d(m:) 6)
=1
wherej =< ¢ denotes the set aDUj’s that preceed or equal to
DU, in DAG G.

4.1.2. M Rate Constraints

Given the optimization period®,, we can construct th@/ rate
constraints for thé// sender-receiver pairs simply as follows. For
each sender-receiver pgir P, yields W, = | P,/A;] transmis-
sion opportunities until the next optimization instant P,. Hav-
ing W;’s, the rate constraints are then:

Rj(ci) = Zinﬂ(f(k)—j)
k=1
N
> Ri(e:) < W, j=0,...,M-1 @)

whered(z) is the delta functiond(z) = 1 if = 0 and0 other-
wise. If sender-receiver pajris selected at attemptof DU, i.e.
£§k) = j, then the request time must be one of the transmission
opportunities of paiy, i.e.:

€ {t+mA;, m < Wy} (8)

The optimization problem is to find;’s of DU;’s in policy
vectorr to minimize (6) under thé/ constraints (7) and (8).

4.2. Solution
4.2.1. Asynchronous Clocks

Solving the rate distortion optimization problem defined by (6)
given (7) and (8) directly is difficult. Instead, we simplify the prob-
lem with the following trick: suppose we are permitted to vary op-
timization periodP, as often as we like, we can then g&tto be
exactlythe amount of time until the next transmission opportunity
of any sender-receiver pair becomes available. In one implemen-
tation, at start time, we send no requests and $&tas follows:

9)
(10)

P, mlﬁl{_l{AJ‘}

7=0,...
j arg _ min  {A;}
At t+ P, = t+ Aj, one transmission opportunity of sender-
receiver pairj is immediately available, so we select exaaihye
data unit (to be discussed) to request from senpdaie then set
the next optimization perio#®, as:
Po:min{Ao—Aj,...7Aj,...,A1y[71—Aj} (11)

where for sender-receiver pgirwe return it toA;. The process
then repeats, each time we select one data unit for the immediately
available transmission opportunity of sender-recejver

The process is equivalent to setting asynchronous clocks
each clockj to awake inA; seconds. When a clogkgoes on, we
are notified of an immediately available transmission opportunity
of sender-receiver paif. We select a data unit to request from
senderj, and reset the clock to awake in anotier seconds.

In the above formulation, this process amounts to setting one
W; to be one and the rest zero, and setting all transmission deci-
sion lengthsz;’s of DU;’s to be one. This method of staggering
the optimization across time not only permits us to select sender
automatically upon clock awakening, but it also allows us to solve
instead the much simpler point-to-point RD optimized streaming
to be discussed next.

4.2.2. Point-to-point RD Optimized Streaming

After committing to a sendej for requesting a data unit, the prob-
lem simplifies to a point-to-point RD optimized streaming prob-
lem, for which Section 5 of [4] provides a simple version of the
complete solution. In summary, the optimal data ubit/; for
transmission is the one with the largest= \;S;/B;, where);
andsS; are defined as follows:

A= qi(min) — qi(mio) (12)
Si = > De [[ a(m) (13)
CE Y
JjF

wherer; 1 = {hs, (4, t)} is the transmission policy dDU; given
a transmission request is sentjtat timet, andm; o = {h;} is the
policy of DU, given no request is sent at timeSee [4] for more
details.

5. SIMULATIONS AND RESULTS

This section presents the simulation results of the joint sender/peer
optimized video streaming scheme.
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Fig. 2. PSNR versus Time (‘foreman’)

PLR PSNR PSNR PSNR
w/ JSPO w/ SO0 w/ JSPR
Pser\'er Ppem’
4% | 4% 28.95 24.24 25.17
3% | 6% 27.53 2221 23.60
2% | 6% 29.41 21.60 26.23

tions. The average PSNR fifreman sequence as perceived by
the client is computed for each case. Again, our proposed scheme,
JSPO, consistently achieves better performance. Results also show
that using multiple senders via round-robin scheduling achieves
better PSNR than performing rate-distortion optimization for a sin-
gle sender when a peer-client link has slightly higher loss rate but
lower delay than the server-client link.

6. CONCLUSION AND FUTURE WORK

We propose a joint server/peer receiver-driven video streaming
scheme that leverages infrastructure and ad-hoc communication
modes to optimize the performance for a single wireless client.
We formulate this path diversity streaming as a combinatorial op-
timization problem, and combine the application of asynchronous
clocks and rate-distortion framework to solve it. Our NS simula-
tions show that our scheme can provide better performance than
the single sender scheme or the round-robin scheme. Currently,
we assume that the client has full knowledge of the video content
kept in its peers and the remote server. As part of our future work,
we will address the dynamic content discovery problem. We will
also investigate how the mobility patterns of the client relative to
its peers affect the streaming performance.
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