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ABSTRACT

This paper considers the problem of multiple video streaming
over wireless local area networks. In particular, we propose
video streaming techniques to improve the quality of video
streams over the link from an access point to multiple wire-
less clients. The proposed video streaming techniques de-
cide on clients to be served, packets to be (re)transmitted, and
Forward Error Correction (FEC) rates by considering video,
channel, and network properties in a rate-distortion optimized
manner. Multi-client rate distortion optimized video stream-
ing is the first technique operated by an access point to jointly
optimize client, packet, and FEC rate selection for video stream-
ing. Second, we propose multi-client sub-optimal video stream-
ing technique that optimizes packet and FEC rate, but not
client. The client is selected by using the results of optimiza-
tion to reduce the computational complexity. The simulation
results show that the proposed video streaming techniques
achieve Signal-to-Noise Ratio (SNR) improvement up-to 5
dB as compared with Time-Division Multiple Access (TDMA)
and packet adaptive TDMA.

1. INTRODUCTION

In wireless local area networks (WLAN), the demand to video
streaming exhibits growing trend today. However, the chal-
lenges of video streaming due to video, channel, and network
properties should be solved to maintain a quality of service
(QoS) of transmitted video.

Video transmission itself is a challenging task because of
the compression scheme used to reduce the size of video. The
video compression schemes such as H.264, [1] introduce de-
pendency in compressed data. Therefore, a video streaming
technique regardless of transmission medium should consider
the dependency structure to improve video quality. Another
challenge is delay sensitivity of video due to real-time stream-
ing policy that requires the video data to be transmitted to its
destination before previously defined deadline, otherwise this
data is considered as obsolete. In addition, it is difficult to

transmit data using wireless air-interface due to time varying
and noisy characteristic of the channel. A robust data trans-
mission scheme should handle these difficulties by consid-
ering the state of the channel at the time of transmission as
well as states of possible future transmissions and using er-
ror correcting codes with various degree of error correction
capability. The fact that video streams with different desti-
nations in a WLAN share same air-interface is the final dif-
ficulty. This introduces a dependency among different video
streams. Hence, selection of a client to be served considering
the dependency among all video streams as well as wireless
channel conditions and compressed video properties are im-
portant to improve video quality.

There is a large amount of previous work in the literature
to improve video quality in wireless local area networks. A
summary of these works could be found in [2]. In general,
the proposed methods are classified into two groups. First
group considers the improvement of video quality by giving
priority for transmission to the important part of data deter-
mined perceptually or by layering, [3, 4]. Second group tries
to overcome the difficulties of wireless channels using Auto-
matic Repeat Request (ARQ) and Forward Error Correction
(FEC) techniques to improve video quality, [5, 6]. However,
these techniques assume one video streaming. A similar work
to the techniques proposed in this paper is [7] where some
packets are eliminated before transmission using rate distor-
tion optimization and remaining packets are transmitted. The
order of video streaming to different clients is determined by
using utility factors of video packets in each stream. Different
from these works, we consider compressed video, channel,
and network properties jointly. Then, we determine a client
to be served, packet to be transmitted, FEC rate to protect
the packet in terms of rate distortion optimal and sub-optimal
fashion.

This paper is organized as follows: In Section 2, the sys-
tem model is explained. Multi-client video streaming tech-
niques and their simulation results are in Section 3 and 4, re-
spectively. Finally, Section 5 concludes this work.
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Fig. 1. System Model

2. SYSTEM MODEL

In this paper, we consider a system in Fig. 1 where an ac-
cess point (AP) receives a video sequence from a distribution
system, then buffers, and finally transmits the data to the ap-
propriate client in the WLAN.

In this WLAN system, we assume that video sequences
are compressed by using H.264 compression scheme which
introduces dependency among compressed video frames. We
assume the dependency structure is IPP... where I (intra-coded)
frames do not have dependency to other frames, but P frames
depend on previous frames. Each IPP... sequence is called a
group of picture (GoP) which is an independent unit in com-
pressed video. Each frame in GoP is composed of a number
of Network Abstraction Layer (NAL) units which are smallest
units that could be decoded. We assume that each NAL unit
could be considered as a candidate packet for transmission.

At the same time, there may be more than one video se-
quence with different destinations in WLAN coming to the
AP. In this centralized WLAN scheme, the AP should de-
termine the client to be served with the appropriate video
sequence, as well as the packet in the video sequence, and
FEC rate to protect the selected packet to provide robust qual-
ity improvement by considering importance factor of each
client, importance, dependency, deadline, size of each can-
didate packet for transmission to a client, and channel state
information. In this system, we employ acknowledgement
(ACK) mechanism where a copy of a transmitted packet is
stored in the AP and considered as a candidate packet for
transmission before an ACK packet received or deadline of
the packet is expired.

After client, packet, and FEC rate selection is made, the
access point transmits the packet to the corresponding client
via a wireless channel. Although video streaming from the
AP to all clients use the same air-interface, wireless chan-
nel conditions that each wireless client experienced are dif-
ferent due to their locations in WLAN, their distance to the
AP, and their speed. However, each wireless channel could
be assumed as a bi-directional Rayleigh fading channel.

3. VIDEO STREAMING TECHNIQUES

3.1. Multi-Client Rate Distortion Optimization

The first objective in this paper is to choose a client to be
served in the impending transmission opportunity, a packet to
be transmitted to the selected client, and an FEC rate to pro-
tect the selected packet in a rate distortion optimized manner
by generalizing the work in [6, 8].

We assume that at a given transmission opportunityt, there
areK clients in the AP waiting for service, and there are on
the averageFk frames waiting for transmission to thekth

client. We assume that there areNi packets at framei for
∀ i. Each packetn in a framei whose destination is client
k in the AP is assigned a rate vectorπk

i,n(t) that denotes
the transmission policy at the current,t, and next,t′, trans-
mission opportunities. Further transmission opportunities are
not considered in order to avoid computational complexity.
Therefore, the transmission policy for the packetn is given
by πk

i,n(t) = [ck
i,n(t), ck

i,n(t′)]. ck
i,n(t) is the FEC rate for the

packetn with destinationk at the current timet andck
i,n(t′)

is the FEC rate at the next transmission timet′. The FEC
rates are selected from a predefined setC = [c0, c1, ..., cM ]
wherec0 represents the case that the optimizer decides not to
transmit the packet. The other codes in the setC represents
different FEC levels.

The vectorπππk(t) = [πk
1,1(t), ..., π

k
Fk,NFk

(t)] denotes poli-
cies of all packets with destination clientk. For all pack-
ets in the AP the total policy vector is defined asπππ(t) =
[πππ1(t),πππ2(t), ...,πππK(t)]. Restating our objective, our goal is
to minimize distortion functionD(πππ(t)) subject to an overall
expected transmission cost functionR(πππ(t)) to find a client, a
packet, and an FEC rate. By using Lagrangian method the op-
timization problem is reduced to minimizing the Lagrangian
function; J(πππ(t)) = D(πππ(t)) + λR(πππ(t)), whereD(πππ(t))
is the total distortion andR(πππ(t)) is the total rate function
at current timet in WLAN. The total distortion function is
defined asD(πππ(t)) =

∑K
k=1 γkD(πππk(t)), whereD(πππk(t))

is the total distortion occurs at clientk when the packets are
transmitted to this client with policyπππk(t), andγk is the im-
portance factor of clientk.

In line with the discussion in [6], and [8], the distortion
function under the rate vectorπππk(t) is defined as the differ-
ence between the maximum distortion,Dk

0 (t), when none of
the packets are received correctly or within their deadlines,
and the total improvement provided by the packets delivered
correctly with rate vectorπππk(t). Defined formally,

D(πππk(t)) = Dk
0 (t)−

Fk∑

f=1

∆k
f

f∏

i=1

(
1−

∑Ni

n=1 ∆k
i,nε(πk

i,n(t))
∑Ni

n=1 ∆k
i,n

)
,

(1)
where4k

f is the relative importance of framef measured as
the reduction in SNR when this frame is received correctly



and on time, and is directly related with the number of frames
dependent to this frame,4k

i,n is the relative importance of
packetn in framei with destinationk and is related with the
type of the packet (NAL unit), andε(πk

i,n(t)) is the probabil-
ity of failure of packetn of framei (due to channel errors and
delay) under the rate vectorπk

i,n(t).
Framef is said to be successfully decoded iff is re-

ceived correctly and on-time, and all frames in the GoP that
framef depends on are correctly decoded. Thus, the prod-
uct in Eq. (1) represents the probability that all frames that
appear before framef in the dependency chain are correctly
received. Incidentally, the correct reception of each framef
depends on the correct reception of itsNf packets. How-
ever, framef can be decoded even if one or more packets are
not received successfully, and quality of the decoded frame
increases when the number of correctly received packets is
increased depending on the type of each packet. Therefore,
we define the probability of correct reception of framef as
the weighted average of the probabilities of correct reception
of the packets in framef as given in Eq. (1). A detailed in-
formation aboutε(πk

i,n(t)) is found in [8].
Above, we defined all the quantities necessary to calculate

the distortion function. Now, we define the total transmission
cost functionR(πππ(t)) in overall WLAN which is defined as
the sum of the total cost functions of each stream with differ-
ent destination. More formally;R(πππ(t)) =

∑K
k=1 R(πππk(t)),

whereR(πππk(t)) is the total cost function of the stream with
destination client,k, and defined as the estimated size of all
packets transmitted or will be transmitted at the current and
the next transmission times as in the following equation;

R(πππk(t)) =
Fk∑

i=1

Ni∑
n=1

Bk
i,nρ(πk

i,n(t)) (2)

whereFk is the number of frames,Ni is the number of pack-
ets in framei, Bk

i,n is the size of thenth packet ofith frame,
andρ(πk

i,n(t)) given byρ(πk
i,n(t)) = ck

i,n(t) + ck
i,n(t′)(1 −

PACK,n(t)) is the average code rate used in transmitting packet
n. PACK,n(t) is the probability of successfully receiving an
ACK before the next transmission instantt′.

3.2. Multi-Client Sub-Optimal Video Streaming

The multi-client rate distortion optimization is a technique
with a high computational complexity. Hence, our second ob-
jective in this paper is to reduce this computational complex-
ity with multi-client sub-optimal video streaming technique
where a packet and an FEC rate are determined in a rate dis-
tortion optimized manner while client selection is made by
using the optimization results.

First, weighted total distortion functions of each stream
with different destinations in WLAN is minimized in the AP.
In other words, the following set of weighted Lagrangian func-
tions are minimized;

J(πππk(t)) = γkD(πππk(t)) + λR(πππk(t)), for k = 1, 2, ..., K
(3)

whereγk is the weighting factor of thekth client and the def-
initions ofD(πππk(t)) andR(πππk(t)) are in Eq. 1 and Eq. 2, re-
spectively. After selecting a packet and an FEC rate for each
stream, the client to be served by the AP with corresponding
stream is decided using the results of optimization problem in
Eq. 3. In other words, clients are sorted with respect to their
Lagrangian functions found in Eq. 3 in an increasing order.
Then, optimized packets with optimized FEC rates are trans-
mitted to the clients with this order. After all clients are served
with this order, the optimization algorithm is run again to find
a client, packet, and FEC rate. Although this technique does
not optimize client-selection, it chooses the client consider-
ing minimum weighted Lagrangian function. Therefore, this
technique aims to minimize total Lagrangian function even if
it does not perform this task optimally.

4. SIMULATION RESULTS

In this section, we present simulation results to evaluate the
performance of multi-client rate distortion optimization (MCR-
DO) and multi-client sub-optimal (MCSO) video streaming
techniques, and their SNR improvement are compared with
time-division multiple access (TDMA) and packet adaptive
TDMA schemes. Both in packet adaptive TDMA and TDMA
transmissions, a packet and an FEC rate that optimize rate
distortion function is used. However, there is no client se-
lection in these transmission schemes, instead the clients are
served according to a pre-defined order. The difference be-
tween TDMA and packet adaptive TDMA is that TDMA gives
fixed slots to each client for video transmission, while the slot
size increases or decreases depending on the selected packet
and FEC rate in the packet adaptive TDMA.

In the simulations, H.264 encoded two min duration QCIF
size video sequences with the frame rate, 10 fps, data rate,
70 kbps, and GoP size, 10 frames are used. Each GOP con-
sists of an I-frame and 9 P-frames. The size of packets (NAL
units) are set to 250 bytes on the average. The decoding dead-
line for each frame is set to 150 ms. FEC rates to protect the
packet from channel errors are selected from the set;Cs =
{0, 1, 0.98, 0.94, 0.91, 0.83, 0.71, 0.625, 0.55, 0.5, 0.33}, with
0 being the decision of not sending the packet. In our simu-
lation framework, we assume that the air-interface with chan-
nel capacity, 300 kbps is shared by three clients. Assuming a
speed of 3 km/h for wireless clients, channel SNR level as 5
dB for all clients, and communication frequency as 2.4 GHz,
the wireless channel is modeled with 12-state Markov model
for simulation purposes. In this model, the coherence time, 21
ms, assures us to assume the wireless channel as static over a
packet’s transmission time.

In the simulations, we consider two scenarios where the



Table 1. PSNR results - all clients are equally important
MCRDO MCSO Pac. Adap. TDMA

(dB) (dB) TDMA (dB) (dB)
Client1 24.94 24.58 22.24 20.73
Client2 24.62 23.74 23.18 22.05
Client3 29.63 26.66 25.73 24.52

Table 2. PSNR results - third client is more important
MCRDO MCSO Pac. Adap. TDMA

(dB) (dB) TDMA (dB) (dB)
Client1 23.42 22.97 22.24 20.73
Client2 24.87 24.39 23.18 22.05
Client3 32.72 31.24 25.73 24.52

first one assumes that all clients are equally important, while
the second one assumes that the third client is two times more
important. In both scenarios, physical channels between the
AP and clients are modeled independently with Markov model,
and the video sequences transmitted to the first, second, and
third clients areForeman, Carphone, andMother and Daugh-
ter, respectively. Table 1 shows the simulation results for
the first scenario. From these results, we could see that the
proposed video streaming techniques achieve SNR improve-
ment up-to 5 dB over TDMA and 4 dB over packet adaptive
TDMA. This huge improvement is an anticipated result, be-
cause the channel utilization is increased with client selec-
tion. For example, if a client experiences fading in its phys-
ical channel, MCRDO and MCSO may delay the service of
that client, but other clients continue to their transmissions.
After the faded channel improves, this client may be given
more transmission opportunities to be able to send its delayed
packets depending on the conditions of other clients. Hence,
more packets are transmitted in MCRDO and MCSO, and this
improves video quality.

Table 2 shows the simulation results for the second sce-
nario where the third client is two times more important than
the others. These results show that MCRDO and MCSO im-
proves video quality of the third client more in the second
scenario as compared with the first one, because MCRDO
and MCSO gives more transmission opportunity to the more
important client. However, there is no PSNR change in the
TDMA and packet adaptive TDMA simulation results, be-
cause these methods do not consider the importance of clients.
As a consequence, we could say that client service selection
is important for video quality improvement as well as packet
and FEC rate selection, and the proposed methods make this
selection successfully as well as these methods are applica-
ble to the scenarios where clients have different importance
levels.

5. CONCLUSION

This paper propose video streaming techniques in the down
link of WLANs to improve video quality with the optimiza-
tion of client, packet, and FEC rate selection. The first method
jointly optimizes the client, packet, and FEC rate in a rate
distortion optimized manner, while the second method op-
timizes the packet and FEC rate, but not the client which
is determined according to optimization results. The simu-
lation results show that the proposed video streaming tech-
niques achieve SNR improvement up-to 5 and 4 dB as com-
pared with TDMA and packet adaptive TDMA. This improve-
ment indicates the importance of client selection. It is seen
that MCRDO and MCSO fulfill the client selection success-
fully, and these algorithms are also applicable to the scenarios
where clients have different importance levels.
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