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SUMMARY This paper proposes a cross-layer packet scheduling
scheme for QoS support in audio-video transmission with IEEE 802.11e
HCCA and assesses application-level QoS and QoE of the scheduling
scheme under lossy channel conditions. In the proposed scheme, the access
point (AP) basically allocates transmission opportunity (TXOP) for each
station in a service interval (SI) like the reference scheduler of the IEEE
802.11e standard, which is referred to as the TGe scheme in this paper. In
the proposed scheme, however, the AP calculates the number of MAC ser-
vice data units (MSDUs) arrived in an SI, considering the inter-arrival time
of audio samples and that of video frames, which are referred to as media
units (MUs), at the application layer. The AP then gives additional TXOP
duration in the SI to stations which had audio or video MAC protocol data
units (MPDUs) in their source buffers at the end of the previous TXOP.
In addition, utilizing video frame information from the application layer,
we propose video frame skipping at the MAC-level of a source station. If
a station fails to transmit a video MPDU, it drops all the following video
MPDUs in the source buffer until the next intra-coded frame comes to the
head of the buffer. We compare the reference scheduler (TGe scheme), the
proposed packet scheduling scheme with and without the video frame skip-
ping at the source in terms of application-level QoS and QoE. We discuss
the effectiveness of the proposed packet scheduling scheme from a view-
point of QoE as well as QoS. Numerical results reveal that the proposed
packet scheduling scheme can achieve higher quality than the TGe scheme
under lossy channel conditions. We also show that the proposed scheduling
scheme can improve the QoS and QoE by using the video frame skipping
at the source. Furthermore, we also examine the effect of SI on the QoS
and QoE of the proposed packet scheduling scheme and obtain that the
appropriate value of SI is equal to the inter-arrival time of video frame.
key words: IEEE 802.11e HCCA, audio-video transmission, packet
scheduling, cross-layer, QoE, application-level QoS

1. Introduction

The IEEE 802.11 wireless local area networks (WLANs)
play a prominent role in offering ubiquitous connectivity to
the Internet. As multimedia applications such as voice over
IP (VoIP), video conferencing, and live streaming are be-
coming prevalent, a demand for support of Quality of Ser-
vice (QoS) in WLANs is increasing. In order to provide

Manuscript received October 23, 2009.
Manuscript revised January 31, 2010.
†The authors are with the Department of Computer Science

and Engineering, Nagoya Institute of Technology, Nagoya-shi,
466-8555 Japan.
††The author is with the Faculty of Health Sciences, Nihon

Fukushi University, Handa-shi, 475-0012 Japan.
a) E-mail: zulazri@inl.nitech.ac.jp
b) E-mail: suzuki@n-fukushi.ac.jp
c) E-mail: tasaka@nitech.ac.jp

DOI: 10.1587/transcom.E93.B.1384

QoS support for multimedia transmission, the IEEE 802.11e
medium access control (MAC) has been introduced as an ex-
tension to the original IEEE 802.11 MAC.

The IEEE 802.11e MAC defines the hybrid coordi-
nation function (HCF), which has two access methods:
enhanced distributed channel access (EDCA) and HCF
controlled channel access (HCCA) [1]. The former is a
contention-based protocol based on carrier sense multiple
access with collision avoidance (CSMA/CA) and can support
priority-based service differentiation. The latter is a polling-
based protocol and can support guaranteed media access for
real-time transmission. The EDCA, which is based on dis-
tributed control, is easy to be implemented, but under heavy
load conditions, QoS cannot always be met. For this rea-
son, the centrally controlled HCCA is preferred in providing
high assurance of QoS guarantee. Therefore, in this paper,
we focus on the audio-video transmission with the HCCA.

For multimedia services over WLANs, we should con-
sider QoS at each level of the protocol stack. Reference [2]
identifies six levels of QoS in IP networks: physical-level,
node-level, network-level, end-to-end level, application-
level, and user-level. In multimedia applications, user–level
QoS is the most important since the final goal of multime-
dia services is to provide high user–level (perceptual) QoS
for the end–users; this is also referred to as Quality of Ex-
perience (QoE) in ITU–T [3]. The ITU-T defines the QoE
as the overall acceptability of an application or service, as
perceived subjectively by the end-users.

In the HCCA, QoS support is achieved through packet
scheduling and admission control. For reference, the IEEE
802.11e standard has presented an example packet sched-
uler, which is referred to as the Task Group e (TGe) scheme
in this paper. In the TGe scheme, the transmission opportu-
nity (TXOP) duration for a station is calculated by the access
point (AP) on the basis of the traffic specification (TSPEC)
information received from the station. The TSPEC consists
of a set of parameters that include the mean data rate, delay
bound, nominal MAC service data unit (MSDU) size, and
maximum service interval (MSI).

For simplifying the description of the TGe scheme, let
us focus on flow i where ρi is the mean data rate in bits per
second, Li is the nominal MSDU size in bits, and Ri is the
physical transmission rate of flow i in bits per second.

The AP first determines the service interval (SI). The SI
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is a value lower than the smallest value among the MSI of
admitted stations and is a submultiple of the beacon interval.
Then, the AP calculates the number of MSDU of flow i that
arrives at the mean data rate during an SI as

NT
i =

⌈
S I × ρi

Li

⌉
(1)

where SI is the duration of the SI. The superscript T means
the TGe scheme. Then, the TXOP duration for flow i is
computed as

T XOPT
i = max

(
NT

i × Li

Ri
+ O,

M
Ri
+ O

)
(2)

where M is the maximum allowable size of MSDU, and O is
the overhead in time units due to the physical header, MAC
header, inter-frame space (IFS), acknowledgment frames,
and poll frames. The TGe scheme is suitable for trans-
mission of constant bit rate (CBR) traffic with an error-free
channel.

It should be noted here that the TGe scheme has three
disadvantages, which are mentioned below.

First, the TGe scheme cannot guarantee QoS for vari-
able bit rate (VBR) traffic because it does not take the data
rate and packet size fluctuation into account.

Secondly, in the TGe scheme, the TXOP duration for
each station is calculated on the assumption that the chan-
nel is error-free. However, transmission errors can occur in
WLANs owing to shadowing, multipath fading, and inter-
ference. In this case, the TXOP duration becomes insuffi-
cient because channel capacity for retransmission traffic is
not allocated.

Thirdly, the derived number of arriving MSDUs cal-
culated from Eq. (1) becomes smaller than the real num-
ber; this leads to insufficient channel allocation in the TGe
scheme [4]. For example, in the case of video flow used
in our study, one video frame is generated in every 50 ms,
the mean date rate is 800 kbps and nominal MSDU size is
1500 bytes; therefore, the video frame is fragmented into 4
MSDUs on average. Thus, 8 MSDUs are generated in an SI
when SI is 100 ms. On the other hand, according to Eq. (1),
the number of arriving MSDUs becomes 7 MSDUs if SI is
100 ms.

There are numerous studies trying to improve the in-
efficiency of the TGe scheme. In [5]–[10], various meth-
ods are proposed to improve QoS for transmission of VBR
traffic. However, these studies have been focusing only on
MAC-level QoS and have not examined QoS at upper lev-
els; that is, the QoS is assessed in terms of the MAC-level
throughput and MAC frame delay.

With regard to QoS at upper levels, reference [11] ex-
amines the application-level QoS of video transmission with
a cross-layer packet scheduling scheme in terms of peak
signal-to-noise ratio (PSNR). Reference [12] also examines
video loss quality at the application-level of another cross-
layer packet scheduling scheme for video transmission with
the controlled access phase scheduling (CAPS) and EDCA.

In the scheduling schemes of these references, a video flow
is divided into subflows at the application layer and more
important video information are treated as higher priority
traffic at the MAC layer. In these references, however, only
video traffic is considered. In addition, the authors pro-
poses the multimedia priority dynamic scheduling (MPDS)
scheme for VBR traffic and have assessed application-level
QoS and QoE in the case where audio and video are trans-
ferred from stations to the AP [13]. In reference [13],
however, QoS assessment has been performed assuming an
error-free channel, and the MPDS scheme has not cope with
the third problem of the TGe scheme.

This paper proposes a cross-layer packet scheduling
scheme for audio-video transmission with the IEEE 802.11e
HCCA to solve the three problems of the TGe scheme de-
scribed earlier under lossy channel conditions†. In addition,
we also introduce video frame skipping at the MAC-level of
a source station. We then compare the TGe scheme and the
proposed packet scheduling scheme with and without the
video frame skipping in terms of application-level QoS and
QoE. The novelty of this paper is to show the effectiveness
of our proposed scheduling scheme with the video frame
skipping from a viewpoint of QoE as well as application-
level QoS.

In the proposed scheduling scheme, the AP first calcu-
lates basic TXOP for each station in an SI using the inter-
arrival time of audio samples and that of video frames at
the application layer to overcome the third problem. The
AP then allocates additional TXOP in the SI to each station
on the basis of the queue length of its source buffer. This
TXOP allocation is useful to cope with the first and second
problems. We compare the TGe scheme and the proposed
packet scheduling scheme with and without the video frame
skipping at the source in terms of application-level QoS and
QoE for various values of BER and the number of stations.
Furthermore, we also examine the effect of SI on the QoS
and QoE in the proposed scheduling scheme since they can
be highly affected by the polling interval. Application-level
QoS assessment is performed through simulation, and QoE
assessment is carried out by subjective experiment. Since
QoE is directly related to human perception, we utilize a
psychometric method referred to as the method of succes-
sive categories [14].

The rest of the paper is organized as follows. Section 2
explains the mechanism of HCCA and admission control in
the TGe scheme. Section 3 describes the proposed packet
scheduling scheme. Section 4 specifies simulation condi-
tions and methodology of subjective assessment. Sections 5
and 6 give numerical results of application-level QoS and
QoE. Finally, Sect. 7 concludes this paper.

†The authors have proposed a packet scheduling scheme
for transmission of CBR audio-video traffic and have examined
application-level QoS of the scheme in a noisy environment [4].
In the scheme, the number of MSDUs generated by a station in an
SI is calculated in the same way as that in this paper. However, in
reference [4] channel allocation for VBR traffic is not considered,
and QoE assessment has not been carried out.
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2. IEEE 802.11e HCCA Mechanism

In this section, we introduce the mechanism of the HCCA
and the method of admission control in the TGe scheme.

The HCCA provides polled access to the wireless
medium. It is controlled by the hybrid coordinator (HC),
which is usually collocated with the AP. In an IEEE 802.11e
WLAN with the HCCA, the contention free period (CFP)
and contention period (CP) alternate periodically over time,
and a combination of CFP and CP forms a superframe,
which starts with a beacon frame. The CFP and CP are used
for the HCCA and EDCA, respectively. In the HCCA, how-
ever, the AP can poll a station even during the CP as well
as the CFP. CFP is called controlled access phase (CAP) in
IEEE 802.11e.

A station which requires TXOP for a flow must query
for a QoS reservation by sending its TSPEC to the AP. Ow-
ing to the limitation of the capacity during an SI, the TGe
scheduler implements admission control to ensure that all
admitted flows have adequate TXOP duration for their QoS.
Admission control decides which flow should be admitted
and which flow should be dropped from the polling list.
When flow k+1 issues a QoS reservation, the AP will first
check whether the available capacity of the medium exists
or not by the following equation:

T XOPT
k+1

S I
+

k∑
i=1

T XOPT
i

S I
≤ T − TCP

T
(3)

where T is the beacon interval, and TCP is the time for the
EDCA. If Eq. (3) is satisfied, the AP admits flow k+1 into
its polling list and allocates TXOP to the flow on the basis
of the TGe scheduling scheme.

3. Proposed Scheduling Scheme

In this section we will explain the proposed scheduling
scheme. This scheme is a packet scheduling scheme with
cross-layer mechanisms between MAC layer and applica-
tion layer because it sends MPDUs at the MAC layer using
traffic information at the application layer. In this section,
we first describe how the AP allocates TXOP to each station
in the proposed scheme. We then explain the video frame
skipping performed by the scheduling scheme.

3.1 Channel Allocation of the Scheduling Scheme

In the proposed scheduling scheme, the AP first calculates
the basic TXOP duration for a flow in a similar way to that
of the TGe scheme. However, the TGe scheme has the third
problem described in Sect. 1; that is, the derived number of
MSDUs calculated from Eq. (1) becomes smaller than the
real number. Therefore, we propose a new method for cal-
culating the number of MSDUs arriving in an SI in order to
overcome this problem.

In the proposed method, information about inter-MU

(media unit)† time for a flow is required to calculate the
number of MSDUs arriving from the flow in an SI. Here, the
inter-MU time is defined as the interval between the gener-
ation of two consecutive video MU or audio MU.

Using the inter-MU time together with other TSPEC
parameters, the AP first computes the number of MSDUs
arriving from flow i within an inter-MU time as

nP
i =

⌈
inter MUi × ρi

Li

⌉
(4)

where inter MUi denotes the inter-MU time for flow i. The
superscript P means the proposed scheme. Then, the num-
ber of MSDUs that arrives in an SI is computed as

NP
i =

⌈
S I

inter MUi
× nP

i

⌉
(5)

Then, the basic TXOP duration for flow i, which is denoted
by basicT XOPi is calculated with Eq. (2) by replacing NT

i
in Eq. (1) with NP

i in Eq. (5).
Note here that in audio-video transmission with the

scheduling scheme, each station has to pass the inter-MU
time for audio and that for video from the application layer
to the MAC layer and has to exchange the two parameters
with the AP as TSPEC parameters. Therefore, extensions
of the IEEE 802.11e HCCA MAC are needed to realize this
scheme. However, the TXOP calculation for an audio or
video flow using the inter-MU time can give an accurate
number of MSDUs arriving from the flow.

The AP then calculates additional TXOP for each flow
in the SI on the basis of the queue length of the source
buffer at the end of the previous TXOP. The QoS control
field of the IEEE 802.11e MAC header is utilized to deliver
the queue length of the audio buffer and that of the video
buffer at the stations. This queue length means the number
of MAC protocol data units (MPDUs) which could not be
transmitted during the previous TXOP because of the insuf-
ficient TXOP duration.

After the AP obtains the queue length record during the
previous SI and then computes the basic TXOP duration,
the AP computes the additional TXOP duration for flow i as
follows:

addT XOPi =
queuei × Li

Ri
(6)

where queuei is the number of MPDUs in the (audio or
video) queue of flow i. The additional TXOP is required
for transmission of MPDUs left in the queue.

As the surplus bandwidth reduces with the increase of
admitted flows, the AP might not be able to allocate enough
additional TXOP duration. In this case, the AP distributes
the surplus bandwidth for each flow in a round-robin ba-
sis; that is, additional TXOP duration for transmission of
one nominal-sized MSDU will be allocated to each flow un-
til the surplus bandwidth is fully occupied. Note that the

†An MU is the unit of information that is delivered from a
source station to a destination station at the application-level.
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maximum additional TXOP duration for a station in an SI is
bounded by addT XOPi.

TXOP duration for flow i in the SI is calculated as the
sum of the basic TXOP duration and the additional one for
flow i. When a station generates both audio and video flows,
TXOP duration for the station is calculated as the sum of the
TXOP duration for audio and that for video.

The proposed scheduling scheme is appropriate for
transmission of VBR traffic and retransmission owing to
transmission errors because the AP allocates additional
TXOP to each station after it gives basic TXOP.

3.2 Video Frame Skipping

In this paper, we also propose video frame skipping at the
MAC-level of a source station. In the case of compressed
video transmission, a raw video stream can be compressed
into three kinds of frames: intra-coded frames (I-frames),
predictive-coded frames (P-frames), and bidirectionally-
predictive-coded frames (B-frames). The group of succes-
sive video frames starts with an I-frame, and all frames be-
fore the next I-frame are called group of picture (GOP).
Note here that if video degradation occurs in a video frame
of a GOP owing to transmission error, it will propagate into
all the following video frames within the GOP; for exam-
ple, in the case of video streams with GOP of IPPPPP se-
quences, the loss of the I-frame leads to loss of the entire
frames of the GOP because the first P-frame requires the
preceding I-frame in order to be decoded, the second P-
frame requires the first P-frame, and so on.

In the proposed video frame skipping, frame informa-
tion of a video flow is delivered from the application layer to
the MAC layer at a source station. Therefore, the MAC layer
knows the frame types of each MPDU. We consider that this
is achieved by utilizing the differentiated services code point
(DSCP) field within the IP header. According to the DSCP
value, the MAC layer can distinguish the frame type and
then maps the value into the TID field within the QoS con-
trol field of the MAC header. The value of the DSCP field
within the IP header is set depending on the video frame
type which can be extracted from the network abstraction
layer (NAL) unit header of the video frame. The similar ap-
proach has been used in [15] and [16], which have studied
cross-layer optimization in IEEE 802.11e EDCA WLAN.
When the station fails to send an MPDU of a GOP, the sta-
tion drops all the following MPDUs of the GOP according
to the frame information received from the application layer;

Fig. 1 The concept of video frame skipping.

it then tries to send the first I-frame of the next GOP.
Figure 1 shows an example of the video frame skip-

ping. In this figure, an I-frame and a P-frame are fragmented
into 3 and 2 MPDUs, respectively. It should be noted here
that one video frame is fragmented into several MPDUs if
its length is longer than nominal MSDU size. In Fig. 1(i), a
station fails to transmit the first MPDU of I-frame 1 owing
to channel transmission error. In this case, the station drops
all MPDUs of P-frame 2 to P-frame 6 from its source buffer;
it then tries to send the first MPDU of I-frame 7 as shown
Fig. 1(ii).

The source video frame skipping can reduce the waste
of bandwidth and can increase the channel capacity for
transmission of audio-video MPDUs in a noisy environ-
ment, though this mechanism is also required an extension
of the 802.11e HCCA MAC since the MAC layer needs
video frame information at the application-level.

4. Experimental Methodology

In this paper, the application-level QoS is assessed by sim-
ulation. Then, the QoE is assessed by subjective experi-
ment. In this section, we first present the simulation con-
ditions used for the application-level QoS assessment. We
then elaborate on the methods of subjective experiment.

4.1 Simulation Conditions

Figure 2 illustrates the system configuration used in the sim-
ulation. We focus on a single basic service set (BSS) which
includes an AP and a certain number of multimedia sta-
tions. In the simulation, we assumed that channel overlap-
ping problems do not occur since appropriate channel is se-
lected by the AP. The number of multimedia stations are de-
noted by M. All multimedia stations are located at the same
distance (say R) from the AP. We assume the IEEE 802.11b
physical layer based on direct sequence spread spectrum
(DSSS) with a channel data rate of 11 Mb/s [17]. Each mul-
timedia station sends stored audio and video streams to the
AP as two separate transport streams using UDP/IP.

Table 1 summarizes media specifications of audio-
video flows used in the simulation. We use an audio flow
of ITU-T G.711 μ-law and an H.264 video stream. A video
MU is defined as a video frame and is transferred as one or
more UDP datagrams. An audio MU consists of 1000 audio

Fig. 2 System configuration.
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Table 1 Specifications of audio and video.

Audio Video
coding scheme G.711 μ–law H.264
image size [pixel] – 320 × 240
picture pattern – IPPPPP
average MU rate [MU/s] 8 20
average inter-MU time [ms] 125 50
average bit rate [kb/s] 64 800
measurement time [s] 60 60

Table 2 Relationship between distance and BER.

Distance, R [m] BER
Error Free 0

145 1.8 × 10−5

150 2.4 × 10−5

155 3.1 × 10−5

160 4.1 × 10−5

165 5.6 × 10−5

170 7.0 × 10−5

samples, which corresponds to a single UDP datagram.
Two types of the contents are used in the simulation:

Music video and Sport. The Music video shows scenes of a
Japanese female singer dancing while singing with two men
playing guitar. For the Sport, scenes of a football match
with a commentator’s voice have been chosen. Here, we
have encoded each video stream with a picture pattern of
IPPPPP at bit rate of 800 kb/s on average. The audio bit
rate is constant at 64 kb/s.

In the simulation, we set the beacon interval to 1000 ms
in order to evaluate the effect of SI between 25 ms through
500 ms. The nominal MSDU size for audio and that for
video are set to 1000 bytes and 1500 bytes, respectively.
Each multimedia station has source buffer for audio MPDUs
and that for video ones, separately. Audio transmission is
given higher priority than video transmission when a station
has both audio MPDUs and video ones. Video frame skip-
ping at the receiver is always performed at the application-
level; that is, the AP drops all the following video MUs of
the GOP when it fails to receive a video MPDU of a GOP.
It should be noted that in the following simulation results,
video frame skipping at the source means that the video
frame skipping is performed at the MAC-level of the source
in addition to that of the application-level of the receiver.
Moreover, the CAP ratio is 0.8, which means at most 80%
of the bandwidth within SI is allocated for the HCCA. The
maximum retry number for MPDU retransmission attempt
is set to four. An MPDU will be discarded if this number is
exceeded. The SI is set to 100 ms unless otherwise stated.

In the simulation, the bit error rate (BER) is set to 1.8×
10−5, 2.4 × 10−5, 3.1 × 10−5, 4.1 × 10−5, 5.6 × 10−5, and
7.0 × 10−5. As reference, we show the relationship between
the distance R and the BER in Table 2; we calculated the
distance utilizing the signal-to-noise ratio (SNR) based on
Orinoco 802.11b Card [18] and an empirical curve of BER
versus SNR provided by Intersil WLAN chipset [19].

In this paper, as application-level QoS parameters for
audio-video traffic, we adopt the average MU delay, MU
loss ratio, coefficient of variation of output interval, and
mean square error of inter-stream synchronization. The av-
erage MU delay is the average time from the moment an
MU is generated at the source station until the moment the
MU is output at the receiver. The MU loss ratio is the ra-
tio of the number of MUs not output at the receiver to the
number of MUs generated by the source station. The co-
efficient of variation of output interval, which is defined as
the ratio of the standard deviation of the MU output inter-
val to its average, represents the smoothness of the output
flow. The mean square error of inter-stream synchroniza-
tion is an indicator of “lip-sync” and is the average square
of the difference between the output time of each video MU
and its derived output time obtained from the output time of
the corresponding audio MU. The derived output time of a
video MU means the output time of the corresponding audio
MU plus the difference between the timestamps of the two
MUs.

In the following numerical results, we calculated the
95–percent confidence intervals of the simulation results.
However, if the interval is smaller than the size of the corre-
sponding simulation symbol in the figure, we do not show it
there.

4.2 Methods for Subjective Experiment

The QoE assessment is performed according to the method-
ology recommended in ITU-T Rec. P.911 [20]. We first
made test samples for subjective assessment by actually out-
putting the audio and video MUs with the output timing
obtained from the simulation. We made a 10 s video clip
from simulation results for 60 s. In the assessment, we use
a PC with a 17 inch–LCD display, and the distance between
the assessors and the display is about 50–70 cm. The as-
sessors listen to the audio output using a headphone. The
subjective assessment was conducted by 17 students; their
ages were 20 s. The assessors were asked to classify the test
samples into a certain number of categories each assigned
an integer. Here, we use five categories of impairment of
the rating-scale method: “imperceptible” assigned integer
5, “perceptible, but not annoying” 4, “slightly annoying” 3,
“annoying” 2, and “very annoying” 1.

5. The Effect of Transmission Error

In this section, we compare the TGe scheme, the proposed
scheme with and without the source video frame skipping in
terms of application-level QoS and QoE. We discuss the ef-
fects of transmission error and the number of stations on the
QoS. We also examine how the source video frame skipping
can improve the QoS of the proposed scheme. We first study
the effect of transmission error on the application-level QoS
from simulation results. We then show the QoE results from
subjective experiment.

In the case of the TGe scheme, the calculation of arriv-
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ing number of MSDUs in an SI can be inaccurate as men-
tioned in Sect. 1. Therefore, we also introduce a modified
TGe scheme, where the arriving number of MSDUs in an
SI is calculated by Eq. (5), in the same way as the proposed
scheme. In the modified TGe scheme, however, additional
TXOP duration for retransmission traffic is not allocated. In
the following numerical results, TGe’ means the modified
TGe scheme.

5.1 Application-Level QoS

First, we will show the results of the application-level QoS
for Music video.

Figures 3 and 4 show the average MU delay for audio
and that for video, respectively, as a function of the BER.

In these figures, notation TGe’[3], for instance, refers
to the result of the modified TGe scheme when the num-
ber of multimedia stations M=3. Meanwhile, notation Pro-
posed[5] and Proposed-Skip[5] refer to the results of the
proposed scheme with and without the source video frame
skipping, respectively, when M=5.

These figures show three values of the number of mul-
timedia stations for the proposed scheme: M=3, 4, and 5.
On the other hand, the number of multimedia station for the
TGe’ scheme is fixed at 3. In the TGe’ scheme, allocated
TXOP duration for a station is almost the same when M is
less than or equal to 5. It should be noted that the max-
imum number of admitted stations is 5, which can obtain
from Eq. (3). In the case of the proposed scheme, as the
number of stations is larger, channel capacity for additional
TXOP decreases even if M is less than or equal to 5.

Fig. 3 Average MU delay for audio (Music video).

Fig. 4 Average MU delay for video (Music video).

We can find in Figs. 3 and 4 that in the case of TGe’
scheme, the average MU delay for audio and that for video
increase drastically as BER increases. Under noisy chan-
nel environments, stations need to retransmit MPDUs when
transmission error occurs. However, in the TGe’ scheme,
TXOP duration for retransmission traffic is not allocated.
Therefore, queue length of the source buffer becomes longer
as BER increases.

In contrast, these figures show that the average MU de-
lay for the proposed scheme becomes much smaller than
that for the TG’e scheme when M=3. This is because the AP
allocates additional TXOP duration according to the queue
length of the source buffer. However, the average MU de-
lay becomes larger as M increases because the increase of
the number of multimedia stations reduces the surplus band-
width for allocation of additional TXOP duration. In partic-
ular, the average MU delay for video becomes very large if
BER is larger than 1.8×10−5 for Proposed[5] and Proposed-
Skip[5], and 4.1× 10−5 for Proposed[4]. Under these condi-
tions, surplus bandwidth for additional TXOP duration be-
comes insufficient since many MPDUs are retransmitted.

We next examine the effect of the source video frame
skipping on the average MU delay for video. Figure 4 re-
veals that the average MU delay of video for the Proposed-
Skip scheme is smaller that that for the Proposed scheme if
BER is larger than 3.1 × 10−5 for M=4, and 2.4 × 10−5 for
M=5, respectively. Therefore, we can say that the source
video frame skipping can improve the average MU delay
under lossy channel conditions. This is because the source
video frame skipping can reduce traffic volume to the wire-
less channel when the traffic load is heavy owing to retrans-
mission of video MPDUs.

Fig. 5 MU loss ratio for audio (Music video).

Fig. 6 MU loss ratio for video (Music video).
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Fig. 7 MSDU loss ratio for video (Music video).

Figures 5 and 6 depict the MU loss ratio for audio and
that for video, respectively, as a function of BER. We can
observe in Fig. 5 that the MU loss ratio for audio becomes
very small because frame error rate is small since the length
of an audio MPDU is short under our simulation conditions.

Figure 6 reveals that the MU loss ratio for video in-
creases as BER becomes larger. In addition, Fig. 6 shows
that the values of the MU loss ratio for video become al-
most the same for the TGe’, Proposed, and Proposed-Skip
schemes. This is because MPDU loss is caused in our
simulation only if a station cannot succeed in sending an
MPDU within the maximum retry number of retransmission
attempt.

Figure 7 shows the MSDU loss ratio for video as a
function of BER. We can observe from Figs. 6 and 7 that
in the cases of the TGe’ scheme and the proposed scheme
without the source video frame skipping, the MU loss ratio
for video becomes much larger than the MSDU loss ratio
when BER > 3.1 × 10−5. A video frame is fragmented into
several MSDUs and the loss of an MSDU of a video frame
leads to the loss of the corresponding whole video frames.
Furthermore, the loss of a video frame leads to the loss of
all video frames of a GOP as shown in Sect. 3. Therefore,
the values of the MU loss ratio become large even if those
of the MSDU loss ratio are small.

We can also find in Fig. 7 that the MSDU loss ratio for
the proposed scheme with the source video frame skipping
is much larger than that for the TGe’ scheme and the Pro-
posed scheme without the video frame skipping if BER is
larger than 3.1 × 10−5. In the case of the Proposed-Skip
scheme, many MSDUs are dropped at the source station
when BER is larger than 3.1 × 10−5. This leads to a larger
value of MSDU loss ratio. It should be noted that all video
frames of the GOP are dropped at the source station if an
MSDU of a video frame of a GOP is failed to transmit from
the station to the AP.

Figures 8 illustrates the coefficient of variation of out-
put interval for video versus BER. For all the schemes
shown in this figure, the coefficient of variation of output
interval for video increases when BER becomes larger than
3.1 × 10−5 except the case of Proposed-Skip[5]. This is
because MPDU retransmission occurs more frequently as
BER increases. In the case of Proposed-Skip[5], it should
be noted that the average MU delay for video deteriorates

Fig. 8 Coefficient of variation of output interval for video (Music video).

Fig. 9 Mean square error of inter-stream synchronization (Music video).

Fig. 10 Average MU delay for video (Sport).

drastically if BER increases beyond 1.8 × 10−5 (see Fig. 4),
though the coefficient of variation of output interval is small
compared to the other cases.

In Fig. 9, mean square error of inter-stream synchro-
nization is shown as a function of BER. From Figs. 4 and
9, we can say that the inter-media synchronization quality
for the TGe’ and proposed schemes highly depends on the
average MU delay for video.

Then, we will show application-level QoS for Sport.
Figs. 10 and 11 plot the average MU delay for video, and
the mean square error of inter-stream synchronization, re-
spectively, as a function of BER. From Figs. 4 and 9–11, we
can find that the values of these application-level QoS pa-
rameters for Music video become almost the same as those
for Sport.

5.2 QoE

We then examine the QoE of the TGe’ and the proposed
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Fig. 11 Mean square error of inter-stream synchronization (Sport).

Fig. 12 Psychological scale (Music video).

Fig. 13 Psychological scale (Sport).

schemes from subjective experimental results.
In this paper, the results obtained from the rating-scale

method are calculated into the interval scale with the law of
categorical judgment [21]. The mean opinion score (MOS)
is an ordinal scale; the integers assigned to the categories
only have a greater-than-less-than relation between them. In
contrast, in the interval scale, an interval between the scale
values means a distance between amounts of the sensory at-
tribute measured [14].

To verify the obtained interval scale, we have per-
formed Mosteller’s test [21]. From the Mosteller’s test, we
cannot reject the hypothesis that the obtained interval scale
fits the observed data at a significance level of 0.01. Thus,
we refer to the interval scale as the psychological scale [14].

Figures 12 and 13 show the psychological scale versus
BER for Music video and Sport, respectively. In these fig-
ures, we selected the minimum value of the psychological
scale as the origin of the ordinate, and each of four hori-
zontal dotted lines indicates the boundary of a category. We

applied the law of categorical judgment to the measurement
results by the rating–scale method for Music video and those
for Sport separately. Therefore, the boundary of each cat-
egory in Fig. 12 and that in Fig. 13 have become different
values. These figures show the values of the psychological
scale for the TGe’ scheme and the proposed scheme with
and without the source video frame skipping.

From Figs. 12 and 13, we can observe that the QoE for
the three schemes deteriorates as BER increases. These fig-
ures also show that the values of the psychological scale for
the TGe’ scheme become the lowest of the three schemes.
This is because the TGe’ scheme allocates constant TXOP
duration. Therefore, the TGe’ scheme is not flexible for
packet size fluctuation of the VBR traffic and cannot allo-
cate surplus bandwidth for MPDU retransmission.

We then discuss the effect of content types on the QoE.
We find in these figures that the psychological scale for
Sport tends to deteriorate more drastically than that for Mu-
sic video as BER becomes larger, though we have found
that the values of the application-level QoS parameters be-
come almost the same; for example, Proposed[5] for Sport
indicates “very annoying” if BER is larger than 3.1 × 10−5,
while Proposed[5] for Music indicates around the boundary
between “annoying” and “very annoying” even if BER is
7.0 × 10−5. This implies that the QoE depends on content
types.

Furthermore, Fig. 13 also shows that the QoE for
Proposed-Skip[5] becomes higher than that for Propose[5]
when BER is larger than 2.4 × 10−5. This means that the
QoE for Sport can be improved to some extent by the source
video frame skipping. We can also find in Fig. 13 that the
QoE for Proposed-Skip[4] becomes higher than that for Pro-
posed[4] when BER is larger than 4.1 × 10−5.

We then examine which application-level QoS param-
eters affect the QoE dominantly. For Music video, we can
see in Fig. 12 that the QoE for the TGe’ scheme is lower
than that for the Proposed and Proposed-Skip schemes. In
addition, the difference in the psychological scale value be-
tween the Proposed-Skip scheme and the Proposed scheme
is small. We can also make similar observations in Fig. 3.
Therefore, we can say that the average MU delay for au-
dio highly affects the QoE. This makes us confirm that Mu-
sic video is audio-dominant. In the case of Sport, Fig. 13
shows that the QoE for the proposed scheme can be im-
proved by the source video frame skipping when BER is
large to some extent. We can also make similar observa-
tions in Fig. 10; therefore, the QoE for Sport is affected by
the average MU delay for video. This result implies that
Sport is video-dominant.

From the above observations, we can say that the
source video frame skipping is effective in improving QoE
for Sport when the channel capacity for retransmission is
insufficient owing to a large value of BER.

6. The Effect of SI

In this section, we examine the effect of SI on the
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Table 3 Relationship between MSI and SI (ms).

MSI 25 50 75 100 125 150 175 200 250 350 500
SI 25 50 71.4 100 125 143 167 200 250 333 500

Fig. 14 Average MU delay for audio (Music video).

Fig. 15 Average MU delay for video (Music video).

application-level QoS and QoE. We assess here the QoS
for the proposed scheme with the source video frame skip-
ping because we found in the previous section that the QoS
for the proposed scheme with the source video frame skip-
ping becomes higher than or nearly the same as that for the
proposed scheme without the video frame skipping and the
TGe’ scheme. In the simulation, we set eleven values of
MSI, which correspond to SI as shown in Table 3. The num-
ber of multimedia stations is set to 4.

In the figures to be shown, notation Proposed-
Skip(4.1E-5), for example, in this section refers to the re-
sults when BER is 4.1 × 10−5.

6.1 Application-Level QoS

In the following numerical results, we will show
application-level QoS for Music video. We have confirmed
through simulation that the application-level QoS parame-
ters for Music video and those for Sport are almost the same.

Figures 14 and 15 show the average MU delay of audio
and that of video as a function of the SI. Figure 14 reveals
that the average MU delay for audio tends to become larger
as the SI increases because the polling interval for each sta-
tion becomes longer. It should be noted that the average
MU delay for audio decreases if SI changes from 125 ms to
143 ms under lossy conditions because NP

i calculated from
Eq. (5) changes from 1 to 2.

Fig. 16 MU loss ratio for audio (Music video).

Fig. 17 MU loss ratio for video (Music video).

Fig. 18 Coefficient of variation of output interval for video (Music
video).

We then find in Fig. 15 that the average MU delay for
video also becomes larger as BER increases when SI >
100 ms. However, this figure also shows that the average
MU delay for video deteriorates if the SI decreases below
71.4 ms for Proposed-Skip(2.4E-5), Proposed-Skip(4.1E-
5), and Proposed-Skip(7.0E-5), and 50 ms for Proposed-
Skip(0). This is because polling overhead increases if the
SI is too small.

Figures 16 and 17 plot the MU loss ratio for audio and
that for video as a function of the SI. We can see in these
figures that the MU loss ratio for audio and that for video
are almost constant regardless the SI.

Figures 18 illustrates the coefficient of variation of out-
put interval for video versus the SI. This figure shows that
the coefficient of variation of output interval increases with
the increase of SI. This is because a longer polling interval
leads to a larger value of MU delay.

Finally, Fig. 19 shows mean square error of inter-
stream synchronization as a function of the SI. We can see
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Fig. 19 Mean square error of inter-stream synchronization (Music
video).

Fig. 20 Psychological scale (Music video).

Fig. 21 Psychological scale (Sport).

in this figure that Fig. 19 exhibits similar characteristics to
Fig. 15.

6.2 QoE

Figures 20 and 21 show the psychological scale for Music
video and Sport, respectively, as a function of the SI. These
figures show that the QoE except Proposed-Skip(7.0E-5) for
the two contents deteriorates gradually if the SI increases be-
yond 100 ms because of longer polling interval. We can also
observe in Figs. 14, 15, 18, and 19 that the application-level
QoS parameters deteriorate as SI increases beyond 100 ms.
In the case of Proposed-Skip(7.0E-5), we find in Figs. 20
and 21 that the QoE is low for all the values of SI. We see in
Fig. 17 that the MU loss ratio for video is large when BER
is 7.0 × 10−5.

Figures 20 and 21 also show that the QoE becomes low
when the SI is below 50 ms except Proposed-Skip(0) since
the fraction of the surplus bandwidth to the SI becomes too

small to allocate enough TXOP duration to stations in a
noisy environment. From Fig. 15 and 19, we find that the
values of the average MU delay for video and those of mean
square error of inter-stream synchronization are very large
when SI = 25 ms.

From Figs. 20 and 21, we can say that the appropriate
value of the SI for the two contents is 50 ms, which is equal
to the inter-MU time for video traffic. Therefore, the inter-
MU time for video should be selected as the SI to achieve
high QoE under our simulation conditions.

7. Conclusions

In this paper, we have proposed a new cross-layer packet
scheduling scheme for audio-video transmission with the
IEEE 802.11e HCCA to solve the problems of the TGe
scheme. We have also introduced video frame skipping at
source stations to reduce the traffic volume sent to the wire-
less channel in a noisy environment.

We have compared the TGe’ scheme, the proposed
packet scheduling scheme with and without the source video
frame skipping in terms of application-level QoS and QoE.
Numerical results have shown that the proposed packet
scheduling scheme can achieve higher quality than the TGe’
scheme under lossy channel conditions. We have also
showed that the proposed scheduling scheme can improve
the QoE as well as the application-level QoS by utilizing the
source video frame skipping. Furthermore, we also exam-
ined the effect of the SI on the QoS and QoE in the proposed
packet scheduling scheme. As a result, we have shown that
the appropriate value of SI to realize high QoS is equal to
the inter-MU time for video traffic.

In the simulation of this paper, the inter-MU time for
video and that for audio are set to 50 ms and 125 ms, respec-
tively: that is, the former is shorter than the latter. Our future
study includes QoS and QoE assessment using other values
of inter-MU time for audio and that for video. We should
also investigate the QoS and QoE of the proposed scheme
with error concealment.
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