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SUMMARY  This paper assesses application-level QoS and Quality of
Experience (QoE) in the case where audio and video streams are transferred
with the enhanced distributed channel access (EDCA) of the IEEE 802.11e
MAC. In EDCA, a station can transmit multiple MAC frames during a
transmission opportunity (TXOP); this is referred to as TXOP-bursting.
By simulation, we first compare application-level QoS with the TXOP-
bursting scheme and that without the scheme for various distances between
access point (AP) and stations. In this paper, we suppose that the bit er-
ror rate (BER) becomes larger as the distance increases. Numerical results
show that TXOP-bursting can improve many metrics of video quality such
as average media unit (MU) delay, MU loss ratio, and media synchroniza-
tion quality, particularly when the AP sends audio and video streams to sta-
tions in the downlink direction. We then examine the effect of TXOP ;s on
the video quality. Simulation results show that the video quality can be de-
graded if the value of TXOPL;;r is too small. Furthermore, we assess QOE
by the method of successive categories, which is a psychometric method.
Numerical results show that TXOP-bursting can also improve the QoE. We
also perform QoS mapping between application-level and user-level with
principal component analysis and multiple regression analysis.

key words: wireless LAN, IEEES02.11e, EDCA, audio-video transmisson,
QoFE

1. Introduction

In recent years, wireless local area networks (LANs) have
been widely used to realize indoor high-speed wireless ac-
cess. Since the popularity of multimedia applications like
voice over IP and streaming video are growing rapidly, a
demand for support of Quality of Service (QoS) in wireless
LANsS is also increasing.

The IEEE 802.11 Task Group E has worked to enhance
the legacy 802.11 MAC to expand support for applications
with QoS requirements [1]. In the IEEE 802.11e MAC, hy-
brid coordination function (HCF) is newly supported to ex-
tend distributed coordination function (DCF) and point co-
ordination function (PCF) in the legacy IEEE 802.11 MAC
[2]. The HCF has two access methods: enhanced distributed
channel access (EDCA) and HCF controlled channel ac-
cess (HCCA) [1]. The former is an enhanced version of the
DCF and can support relative priority services for multime-
dia transmission. The latter is an improved polling scheme
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based on the PCF. In this paper, we study the audio-video
transmission with EDCA and focus on a basic service set
(BSS) of an infrastructure wireless LAN, which includes an
access point (AP) and stations associated with the AP.

The performance of EDCA has already been studied
by many researchers [3]-[15]. References [3] through [7]
evaluate the performance of EDCA by simulation consider-
ing diverse types of traffic such as voice, video, and data.
In each of [5] and [6], the effectiveness of the transmission
opportunity (TXOP)-bursting is also evaluated. The TXOP-
bursting allows a station to send multiple MAC frames dur-
ing a TXOP if it succeeds in sending the first frame. This
scheme is also called the contention free bursting (CFB).
Reference [7] investigates the performance of the CFB with
a constant value of frame error rate (FER). In [8], the
performance of EDCA with the TXOP-bursting is experi-
mentally investigated in multimedia streaming applications.
References [9] through [11] examine the block acknowl-
edgment (Block ACK) mechanism, which improves chan-
nel efficiency by aggregating several acknowledgments into
one frame. Reference [12] proposes an adaptive setting
scheme of values of contention window (CW) to achieve
better MAC-layer performance for integrated voice and data
transmission. Admission control algorithms to support QoS
requirement in IEEE 802.11e are studied in [13]-[15].

The papers mentioned above focus mainly on MAC-
level QoS. However, we should consider QoS at each
level of the protocol stack in the wireless LANs. Ref-
erence [16] 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 applica-
tions, user-level QoS is the most important since the final
goal of multimedia services is to provide high user-level
(perceptual) QoS for the end-users; this is also referred to
as Quality of Experience (QoE) in ITU-T [17]. In addi-
tion, application-level QoS should also be evaluated since
it is closely related to QoE [16]. In particular, in continuous
media transmission, media synchronization quality is very
important as application-level QoS [16] since temporal re-
lations between Media Units (MUs)** should be preserved.
In [18], the authors have studied application-level QoS and
QoE of audio-video transmission in the downlink (AP-to-
station) direction with EDCA under the assumption of an
error-free channel and single MAC frame transmission per

**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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TXOP.

This paper assesses application-level QoS and QoE
in the case where audio and video streams are transferred
with the TXOP-bursting of EDCA. We first examine how
the TXOP-bursting can improve application-level QoS in
the presence of transmission errors through simulation. In
the simulation, we assume that audio and video streams
are transferred between the AP and stations with the IEEE
802.11e EDCA over the IEEE 802.11b physical layer at a
channel rate of 11 Mbps [19]. In wireless LANs, a station
can fail to send MAC frames owing to transmission errors.
In this case, queue length of the source buffer becomes long
since MAC frames for retransmission as well as newly gen-
erated ones are kept in the source buffer. Therefore, the
TXOP-bursting may be attractive because more than one
MAC frame can be sent successively.

This paper then assesses QoE by a subjective experi-
ment. Since QoE is directly related to human perception,
we utilize a psychometric method referred to as the method
of successive categories [20]. We also carry out QoS map-
ping between application-level and user-level with principal
component analysis and multiple regression analysis. As a
result, we obtain multiple regression lines to estimate the
QoE from the application-level QoS. The novelties of this
paper are as follows.

o Application-level QoS in a noisy environment with the
TXOP-bursting scheme and that without the scheme
are compared by simulation for various values of the
distance between the AP and stations. In our simula-
tion an increase of the distance means a larger value of
bit error rate (BER).

e The effect of the direction of audio-video transmission
with the TXOP-bursting on application-level QoS is
examined. In our simulation application-level QoS is
evaluated in the case where audio-video streams are
transferred in the uplink (stations-to-AP) direction as
well as the downlink (AP-to-stations) direction.

o Effects of values of TXOP,;,;; on the application-level
QoS are studied. The TXOPy,;,,;; indicates the maxi-
mum duration of a TXOP and is an important MAC
parameter for efficient MAC frame transmission utiliz-
ing the TXOP-bursting.

e QoE in a noisy environment with the TXOP-bursting is
assessed on the basis of subjective experimental results.
QoS mapping between application-level and user-level
is also performed with principal component analysis
and multiple regression analysis.

The rest of the paper is organized as follows. Section 2
describes the IEEE 802.11e EDCA briefly. Section 3 speci-
fies a simulation model, and Sect. 4 gives numerical results
from simulation and discusses the application-level QoS.
Section 5 investigates QoE by subjective experiment. Sec-
tion 6 gives a conclusion of this paper.
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2. IEEE 802.11e EDCA

In this section we briefly describe the transmission proce-
dure for a MAC frame with the IEEE 802.11e EDCA. In
this paper, a MAC frame means an MAC protocol data unit
(MPDU,).

The IEEE 802.11e¢ EDCA introduces access categories
(ACs) to support differentiated channel access for applica-
tions with QoS requirements. In EDCA, eight priority lev-
els according to the 802.1D bridge specification are mapped
into four ACs [1]. A station which supports EDCA has an
individual source buffer for each of the four ACs, and the
channel access function based on the carrier sense multi-
ple access with collision avoidance (CSMA/CA) is indepen-
dently carried out per AC.

In EDCA, a station uses arbitration interframe space
(AIFS) for the contention process. When a wireless station
generates a data frame in its source buffer of access category
AC, it senses the state of the channel to judge whether an-
other station is transmitting any frame or not. If the medium
is judged to be idle for at least AIF S[AC], the station can
transmit the MAC frame. If the destination station receives
the MAC frame correctly, it sends an acknowledgment frame
(ACK) back to the source station after a (short interframe
space (SIFS) period. When the medium is judged to be
busy, the station waits for an AIFS[AC] after the channel
becomes idle, and then it selects a random backoff period.
The station decreases its backoff timer while the channel is
idle. When the backoff timer becomes 0, the station trans-
mits the MAC frame.

The backoff period for access category AC is a multiple
of the slot-time duration and is selected uniformly in the
range of 0 through CW[ACT] slot-times. The initial value of
CWIAC] is CW,,;,[AC]; then, for the n-th retransmission,
CW is set to 2"(CW,,iu[AC] + 1) — 1. When CW becomes
a predetermined maximum value CW,,,,[AC], it remains at
CW,.ux[AC]. In EDCA, four ACs can be used, and the values
of CW,,i,[AC] and CW,,,[AC] are selected per AC.

EDCA can support service differentiation by setting
different values of AIFS[AC], CW,,;,[AC], and CW,,,.[AC]
according to ACs; that is, as these values are smaller, the
priority of the AC is higher.

In addition, the IEEE 802.11e MAC defines a TXOP as
an interval of time when a particular station has right to ini-
tiate frame exchange sequences onto the wireless medium
[1]. In EDCA, a station can transmit multiple MAC frames
during a TXOP from the source buffer of an AC, until
the time reaches the TXOPy;,.i:[AC] [2]. We refer to this
scheme as the TXOP-bursting in this paper. Figure 1 shows
transmission of two Mac frames during a TXOP. During a

AIFS[AC] AIFS[AC]
< < »le
<— B @—P| Backoff
Data ACK Data ACK A
—>
SIFS SIFS SIFS time

Fig.1 IEEE 802.11e EDCA TXOP-bursting.
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TXOP, successive frame exchange sequences are separated
by SIFS. If a TXOP ends, the station goes into backoff. The
TXOP-bursting can reduce the overhead due to contention if
a station has more than one MAC frame in a source buffer.

3. Simulation Model

This paper first evaluates the application-level QoS of audio-
video transmission between the AP and wireless stations by
simulation with network simulator version 2 (ns2) [21].

Figure 2 illustrates the system configuration used in
simulation of this study. In this paper we focus on a single
BSS which includes an AP, multimedia stations, and data
stations. The number of multimedia stations and that of data
stations are denoted by M), and Mp, respectively. All multi-
media and data stations are located at the same distance (say
R) from the AP.

In the simulation, we assume that a pair of audio
(voice) and video streams is transferred between the AP and
each of the multimedia stations in the uplink or downlink
direction. The audio and video are transmitted as separate
transport streams by using UDP/IP. Table 1 shows the speci-
fications of the audio and video in the simulation. We use an
audio stream of ITU-T G.711 u-law and two MPEGI1 video
streams. We have prepared two kinds of the average bit rate,
which is denoted by V here, for the same content (a clip of
music video): Vgx=400kbps and 800 kbps. A video MU is
transferred as one or more UDP datagrams. We assume that
the maximum size of a UDP datagram is 1472 bytes in its
payload.

.‘ Multimedia station

—V' Audio and video
<& - - Data

Fig.2  System configuration for simulation.

Table 1  Specifications of audio and video.
item audio video
coding scheme G.711 p-law | MPEGI1
image size [pixels] - 320 x 240
picture pattern - [PPPPP
average MU size [bytes] 1000 5000
average MU rate [MU/s] 8 20
average inter-MU time [ms] 125 50
average bit rate [kbps] 64 400, 800
measurement time [s] 20 20
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The data stations generate fixed-size UDP datagrams of
1472 bytes each in its payload at exponentially distributed
intervals and send them to the AP. The average load per data
station is 1000 kbps. The header size of a UDP datagram and
that of an IP datagram are 8 bytes and 20 bytes, respectively.

The parameter values we use in the simulation are as
follows. Table 2 shows parameter values of EDCA. These
are default EDCA parameter values in [1]. We also use pa-
rameter values specified in the IEEE 802.11b standard for
the DSSS physical layer at the channel rate of 11 Mbps; that
is, the duration of a slot is equal to 20 us, DIFS =50 us, and
SIFS=10us [19].

In the following numerical results, we set My=3 and
Mp=5 from the following reason. We have confirmed
through simulation that application-level QoS of audio and
video transmission for My < 3 is kept high under specifi-
cations of audio and video described in Table 1 and IEEE
802.11 physical layer at the channel rate of 11 Mbps when
BER is very small. We have also confirmed through simula-
tion that uplink video quality and downlink one deteriorate
if My > 4 and My, > 3, respectively, when Vz=800 kbps.
In addition, we have also found that audio and video quality
is hardly affected by data traffic when Mp=S5.

In the simulation we utilize freespace model of ns2 as
the propagation model [22]. In ns2, the signal strength of a
MAC frame can be calculated by the propagation model and
distance between the transmitter and receiver. In calculating
SNR, we assume receiver noise strength based on Orinoco
802.11b Card [22]. We also use empirical curves of BER
versus SNR provided by Intersil wireless LAN chipset to
obtain BER [23]. In the following sections, we will show
numerical results for 145 m < R < 170 m and will examine
the effect of TXOP-bursting on application-level QoS. We
have confirmed through simulation that video quality for R
< 145 m is kept high even if TXOP-bursting is not carried
out under our propagation model and traffic specifications
described in this section. On the other hand, if R > 170
m, video quality becomes low owing to transmission errors
even if TXOP-bursting is utilized. The relationship between
distance R and BER is shown in Table 3.

In addition, we also make the following assumptions in

Table 2  Parameters of EDCA.
media | AC | AIFS[us] | CW,in | CWpax
audio 3 50 7 15
video 2 50 15 31
data 1 70 31 1023

Table 3  Relationship between distance R and BER.
R [m] | BER [x107°]
145 1.8
150 24
155 3.1
160 4.1
165 5.6
170 7.0
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the simulation.

1. When a station cannot receive an ACK for the first
MAC frame in a burst within a certain timeout period
because of collision or transmission error, it goes into
backoff and contends for the medium again.

2. The interval of the timeout is equal to the sum of an
SIFS, transmission time of an ACK, and an AIF'S [AC].
This interval is long enough for a station to judge
whether the transmission of a MAC frame is successful
or not.

3. When a station succeeds in sending the first MAC
frame of access category AC, it obtains a TXOP and
retains the medium for an interval of TXOPy;,i:[AC].
This interval is indicated in Duration/ID field of the
MAC header. However, if the station does not need to
keep the medium for an interval of the TXOP;;,;;[AC]
to finish sending all pending MAC frames and cor-
responding ACK frames, it retains the medium only
for an interval required to transmit the pending MAC
frames.

4. If a station cannot receive an ACK for a MAC frame
after the first one within the timeout period during the
TXOP, it keeps the medium and tries to retransmit the
same MAC frame after the timeout occurs.

5. The maximum allowable number of retransmissions of
a MAC frame is seven.

6. Each source buffer at the MAC layer in a station or the
AP can accommodate a maximum of 50 MAC frames;
a newly generated MAC frame is discarded if its buffer
does not have space to accommodate the MAC frame.

7. There are no hidden stations, and the Request To Send
(RTS)/Clear To Send (CTS) frames are not exchanged
before transmission of a MAC frame.

4. Application-Level QoS Assessment

In this section we present simulation results of the
application-level QoS of audio-video transmission with
EDCA. The duration of each simulation run was taken to be
20 sec. We calculated the 95-percent confidence intervals of
the simulation results. However, if the interval is smaller
than the size of the corresponding simulation symbol in the
figure, we do not show it there.

4.1 Application-Level QoS Parameter

In our study, we adopt nine application-level QoS parame-
ters to evaluate audio and video quality. First, we use the
MU loss ratio, which is denoted by L, for audio and L, for
video, and indicates the ratio of the number of MUs lost to
the number of MUs generated by multimedia stations or the
AP. Second, we adopt throughput for audio T, and that for
video T,. The throughput is defined as the average number
of bits in a second transferred from the application layer of
a source to that of the destination. Third, we use the aver-
age MU delay. This parameter is denoted by D, for audio
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and D, for video. The average MU delay means the average
time from the moment an MU is generated at a source until
the moment the MU is received at the destination. These
parameters are used to evaluate the efficiency of audio and
video transfer.

In addition, we treat the coefficient of variation of out-
put interval for audio C, and that for video C,. The coeffi-
cient of variation of output interval represents the smooth-
ness of the output flow and is the ratio of the standard de-
viation of MU output interval to the average output inter-
val. We also select the mean square error of inter-stream
synchronization E;,;. The mean square error of inter-stream
synchronization is an indicator of “lip-sync” and is the aver-
age square of 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 means the output time of the corresponding au-
dio MU plus the difference between the timestamps of the
two MUs. The coefficient of variation of output interval and
mean square error of inter-stream synchronization is used to
measure intra-stream and inter-stream synchronization qual-
ity, respectively. As the values of these parameters decrease,
the quality of media synchronization becomes better.

In addition, we also use data throughput as an
application-level QoS parameter to evaluate the efficiency of
information transfer from data stations. The data throughput
is the average number of bits in a second transferred from
the application layer of a data station to that of the AP.

4.2 Comparison of TXOP-Bursting and No TXOP-
Bursting

We now discuss how the TXOP-bursting can improve the
application-level QoS in the presence of transmission errors.
Figures 3 and 4 show the average MU delay for audio and
that for video, respectively, as a function of the distance R
between the AP and each station. In Fig. 5 we plot the MU
loss ratio for video as a function of R. Figure 6 reveals the
data throughput versus R. We also suppose the average bit
rate for video Vg=800 kbps.

In Figs.3 through 6, we show four cases: TXOP-
bursting (Downlink), No TXOP-bursting (Downlink),
TXOP-bursting (Uplink), and No TXOP-bursting (Up-
link).  TXOP-bursting means that MAC frames are
transmitted with the TXOP-bursting scheme, while in
No TXOP-bursting, only one MAC frame is sent in a
TXOP. (Downlink) and (Uplink) indicate stream trans-
mission in the downlink direction and that in the uplink
one, respectively. We also set TXOP;,;[3]=3.264 ms and
TXOPL,m,,[2]=6016 ms. TXOPL,'m,'[[3] and TXOPL,'m,'[[Z]
correspond to TXOPy,; for audio and that for video, respec-
tively. These are default values of the standard [1]. We also
assume that the data stations do not use the TXOP-bursting.

First, we discuss the audio quality of EDCA, using
Fig. 3. From this figure, we can find that the values of the
average MU delay for the four cases are less than 20 ms for
all the values of R shown. This is because audio transmis-
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Fig.3 Average MU delay for audio (Vg=800kbps, TXOPpimit[3] =
3.264 ms, TXOP/1i:[2]1=6.016 ms).
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Fig.4  Average MU delay for video (Vg=800 kbps, TXOPpinmit[3]1=3.264 ms,

TXOPpif[2]1=6.016 ms).

sion is given higher priority than video and data transmis-
sion. We should note in this figure that the average MU de-
lay for TXOP-bursting becomes slightly larger than that for
No TXOP-bursting since an interval of a TXOP for video
transmission becomes longer if the TXOP-bursting scheme
is utilized. We have confirmed through simulation that the
MU loss ratio for audio is less than 1 % and the throughput
for audio is about 64 kbps for all the values of R shown.

We next discuss the video quality, referring to Fig. 4.
Figure 4 shows that the values of the average MU delay
for TXOP-bursting (Downlink) are much smaller than those
for No TXOP-bursting (Downlink). In the case of down-
link video transmission, many video MUs are generated and
are kept into the source buffer of the AP because all down-
link video MUs are transferred only by the AP. Therefore,
the TXOP-bursting scheme is very attractive since the AP
can send more than one video MU successively in a TXOP.
On the other hand, this figure shows that the TXOP-bursting
for the uplink video transmission is not so effective as that
for the downlink video transmission. This is because uplink
video MUs are transmitted by separate multimedia stations.
It should also be noted in Fig. 4 that the difference in the av-
erage MU delay between TXOP-bursting (Uplink) and No
TXOP-bursting (Uplink) begins to increase as R becomes
larger beyond 165 m. In the case where R > 165 m, the
wireless channel is congested with video transmission ow-
ing to excessive contention by retransmitted MAC frames.
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Fig.5 MU loss ratio for video (Vg=800kbps, TXOPpini:[3]1=3.264 ms,
TXOPL,'mi,[Z]:6.016 ms).
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Fig.6  Data throughput (V=800 kbps, TXOPpini[3]=3.264 ms,
TXOPLI',,”'[ [2] =6.016 I'IlS).

We then observe in Fig. 5 that the MU loss ratio for the
downlink video transmission is also significantly improved
with the TXOP-bursting scheme if R > 150 m. When R
is large, video MUs are frequently retransmitted owing to
transmission errors. This leads to buffer overflow in the AP.
This figure also shows that the MU loss ratio for TXOP-
bursting (Uplink) is almost the same as that for No TXOP-
bursting (Uplink) except R=170 m. We have also confirmed
through simulation that the throughput for video is about
800 kbps if video MU loss does not occur. However, the
throughput for video deteriorates as the MU loss ratio in-
creases.

Next, we discuss the data throughput in Fig. 6. This
figure indicates that the data throughput decreases as R in-
creases in all the cases. The data transmission is given
lower priority than the audio and video transmission. There-
fore, the data stations have fewer chances to send data
MAC frames if retransmissions of audio and video MUs fre-
quently occur. Figure 6 also reveals that the data through-
put slightly decreases if the TXOP-bursting is performed for
downlink audio and video transmission when R > 160 m.
This is because a longer interval of TXOP leads to a smaller
capacity allocation for the data transmission on heavy traffic
conditions. On the other hand, the data throughput slightly
increases if the TXOP-bursting is carried out on the uplink
because the overhead due to contention by the multimedia
stations is reduced.
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Fig.8 Mean square error of inter-stream synchronization (Vg=800 kbps,
TXOPLI',,”'[[3]:3.264 ms, TXOPL,'m,'[ [2]:6016 ms).

We then discuss the media synchronization quality, us-
ing Figs.7 and 8. Figure 7 plots the coefficient of varia-
tion of output interval for video as a function of the dis-
tance R between the AP and each station. In Fig.8 we
plot the mean square error of inter-stream synchronization
as a function of R. In these figures, we set Vx=800 kbps,
TXOPy;ni:13]1=3.024 ms, and TXOPy;,i;;|2]=6.016 ms.

We can find that Fig. 7 exhibits similar characteristics
to Figs.4 and 5. This figure shows that the values of the
coeflicient of variation of output interval for video increase
for the four cases as R becomes longer since a larger value
of BER leads to an increase of retransmission traffic. Figure
7 also shows that the values of the coefficient of variation
of output interval for TXOP-bursting (Downlink) are much
smaller than those for No TXOP-bursting (Downlink) when
R > 150 m. This is because all downlink video MUs are
transmitted by the AP only. In the meanwhile, we have con-
firmed through simulation that values of the coefficient of
variation of output interval for audio in the four cases are
less than 0.2.

In Fig.8 we then observe that the mean square error
can be improved by the TXOP-bursting for both downlink
and uplink cases. If the TXOP-bursting is carried out, the
average MU delay for video becomes smaller. Therefore,
the difference in the output time between an audio MU and
the corresponding video MU decreases as seen from Figs. 3
and 4.
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3.264 ms).

From the above observations, we can say that the
TXOP-bursting can improve the application-level QoS of
EDCA in the presence of transmission errors, particularly
when the AP sends audio and video streams to multimedia
stations.

4.3 The Effect of TXOP;y;; on the Application-Level QoS

We next examine how the value of TXOPy;,;; for video
affects the application-level QoS. Figure 9 shows the av-
erage MU delay for audio as a function of TXOP;y;[2].
Figures 10 through 12 reveal the average MU delay, MU
loss ratio, and coeflicient of variation of output interval for
video as a function of TXOPy;ni[2], respectively. In Figs.9
through 12, we set Vgx=800kbps. Furthermore, Fig.13
plots the average MU delay for video when Vz=400kbps.
Figures 9 through 13 indicate simulation results when
the AP sends audio and video flows to multimedia sta-
tions in the downlink direction. In these figures we set
TXOPyp;it[3]1=3.264 ms. Video quality can be improved
by TXOP-bursting because one video MU is transferred as
more than one MPDU. On the other hand, in audio transmis-
sion, one audio MU is sent as one audio MPDU. Therefore,
we set TXOPj;.i:[3] to the default value of the IEEE 802.11e
standard and examine the effect of the TXOP;,,i/[2] on the
application-level QoS. Note that TXOPy ;;,;;[3]=3.264 ms is
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long enough to transmit an audio MU specified in Table 1.

For each of R=150m, 160m, and 170m, we
show seven values of TXOPp;ni:[2]: Oms, 1.504ms,
2.040ms, 3.008ms, 4.080ms, 6.016ms, and 8.160ms".
TXOPrini[2]=0 ms means that the TXOP-bursting scheme
is not used for video transmission.

First, we can find in Fig. 9 that the average MU delay
for audio becomes slightly larger as TXOPp;,,;:[2] increases
since an interval of a TXOP for video transmission becomes
longer. However, the values of the average MU delay for
audio are less than 10 ms even if TXOP;;,,i:[2]1=8.160 ms.

We then discuss video quality, using Figs. 10 through
12. In the case of R=150m, these figures indicate that
video quality is kept high for all the values of TXOPi[2]
shown since traffic volume of retransmitted MAC frames
is small. Next, we can observe from Figs. 10 through 12
that video quality for R=160m is very good if the value
of TXOPy;ni;[2] is equal to or greater than 4.080 ms. We
have confirmed that in the case of Vx=800kbps, an I picture
frame is transferred as about three or four MPDUs. There-
fore, the TXOP-bursting scheme is effective since more than
one MPDU is sent successively in a TXOP. These figures in-
dicate that the value of TXOP/;,;;[2] should be greater than
or equal to 4.080 ms under the simulation conditions. In the
case of R=170 m, Figs. 10 through 12 show that a larger
value of TXOPy;,;;[2] leads to higher video quality. How-
ever, the MU loss ratio for video is more than 20% even if
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Fig.13  Average MU delay for video (Vg=400 kbps, TXOPpmit[3]=
3.264 ms).

TXOP/ ;i [2]1=8.016 ms. This is because the wireless chan-
nel is congested even if the TXOP-bursting is carried out.

Furthermore, Fig. 13 shows that the effectiveness of the
TXOP-bursting is very small if Vxz=400 kbps. In the case of
Vr=400 kbps, the volume of video traffic is small. There-
fore, the queue length of the video source buffer in the AP
is short.

5. QoE Assessment

In the previous section, we evaluated the application-level
QoS for audio-video transmission with the TXOP-bursting
through simulation. Numerical results showed that the video
quality at the application-level; that is, both intra-stream and
inter-stream synchronization, is improved by the TXOP-
bursting for downlink audio and video transmission. On the
other hand, in the case of uplink multimedia transmission,
the MU loss ratio for video with the TXOP-bursting is al-
most the same as that without the scheme, while the mean
square error of inter-stream synchronization is slightly im-
proved by the scheme. Therefore, it is difficult to judge the
effectiveness of the TXOP-bursting only by the application-
level QoS.

In this section, we assess the QoE for audio-video
transmission with the TXOP-bursting in a quantitative way
by a subjective experiment. We utilize a psychometric
method referred to as the method of successive categories.
We also perform QoS mapping between application-level
and user-level with principal component analysis and multi-
ple regression analysis.

5.1 Assessment Method

The subjective assessment was conducted as follows. We
first made test samples for subjective assessment by actually
outputting the audio and video MUs with the output timing
obtained from the simulation. The number of assessors is
17, and their ages were 20s. We used five categories of
impairment of the rating-scale method; that is, each assessor

"Note that the range of the TXOP ;. is 32 us to 8.160ms in
the 802.11e standard.



SUZUKT et al.: APPLICATION-LEVEL QOS AND QOE ASSESSMENT OF AUDIO-VIDEO TRANSMISSION

5 7 <rNo TXOP-bursting(Downlink)
imperceptible <& TXOP-bursting(Downlink)
3.978 <O-No TXOP-bursting(Uplink)
° L Eiiielebubrieebttrioiately ¥IXOP-bursting(Oplink) ™~ ™ 7|
g
75 3
i)
=
£2
=
5
-9
1
very annoying
0 T T T T
145 150 155 160 165 170
Distance between AP and each station [m]
Fig.14  Psychological scale versus the distance between AP and each

station (Vg=800 kbps, TXOPp;ni;[31=3.264 ms, T XOPjr[2]=6.016 ms).

was shown the test samples and was asked to classify each
sample into one of the following five categories with their
scores: “imperceptible” assigned score 5, “perceptible, but
not annoying” 4, “slightly annoying” 3, “annoying” 2, and
“very annoying” 1.

As the QoE parameter, we utilize the psychological
scale instead of the mean opinion score (MOS). The MOS is
often used in subjective assessment and is calculated by av-
eraging the subjective scores under an implicit assumption
that the difference in scores between any two successive cat-
egories means the same magnitude of the assessor’s sensa-
tion. However, this assumption is not always true since the
MOS is an ordinary scale; the scores assigned to the cat-
egories only have a greater-than-less-than relation between
them. On the other hand, the psychological scale is an in-
terval scale; an interval between the scale values means a
distance between amounts of the sensory attribute measured
[20].

To verify the obtained psychological scale, we have
performed Mosteller’s test. From the Mosteller’s test, we
were not able to reject the hypothesis that the obtained psy-
chological scale fits the observed data at a significance level
of 0.01.

5.2 Assessment Results and QoS Mapping

We now examine how the TXOP-bursting can improve the
QOoE, referring to Figs. 14 and 15. Figure 14 depicts the psy-
chological scale as a function of the distance between the
AP and each station in the four cases as earlier. In this fig-
ure, we set TXOPp;;,;;[2]=6.016 ms. Figure 15 shows the
psychological scale for the downlink audio-video transmis-
sion versus the TXOPj;,,i[2] for three values of R: R=150
m, 160 m, and 170 m. In these figures, we have selected the
minimum value of the psychological scale as the origin of
the ordinate, and each of four horizontal broken lines indi-
cates the boundary of a category. We set Vx=800 kbps, and
TXOPimix[3]=3.264 ms in these figures.

From Fig. 14 we find that the values of the psycholog-
ical scale for the four cases become smaller as the distance
increases. This implies that the QoE deteriorates as BER
becomes larger. We then notice in Fig. 14 that the values of
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the psychological scale for No TXOP-bursting (Downlink)
are much smaller than those for TXOP-bursting (Downlink).
Thus, we can say that the QoE can be improved by utilizing
the TXOP-bursting for downlink audio and video transmis-
sion. In contrast to the downlink case, TXOP-bursting (Up-
link) has almost the same values of the psychological scale
as those for No TXOP-bursting (Uplink).

We have performed QoS mapping between application-
level and user-level for Fig. 14 by means of principal com-
ponent analysis and multiple regression analysis as in [20].
In the analysis, we selected the nine application-level QoS
parameters as the predictor variables and the psychological
scale as the criterion variable.

First, we have carried out the principal component
analysis to decrease the number of predictor variables [20].
As aresult of the principal component analysis, we selected
the first three principal components since the cumulative
contribution rate for the first three principal components be-
comes 97.807%. On the basis of the principal component
analysis, we classified the nine application-level QoS pa-
rameters into the following three groups.

group A) D,, C,
group B) L,, T,, and D,
group C) L,, Ty, C,, and E;;;

Then, we have performed the multiple regression anal-
ysis as in [20]. We calculated multiple regression lines by
picking up one predictor variable from each class for all
combinations of the predictor variables. As a result, we re-
moved the predictor variables in group C since those vari-
ables do not make any significant contributions to multiple
regression lines. We have again performed multiple regres-
sion analysis and have selected a multiple regression line
that achieves the largest value of the contribution rate ad-
justed for degrees of freedom. Finally, we have obtained
multiple regression lines for No TXOP-bursting (Down-
link), TXOP-bursting (Downlink), No TXOP-bursting (Up-
link), and TXOP-bursting (Uplink) as follows:

S vorxor.p = 5.201 —0.342D, — 0.014D,
(R = 0.999) (1)
Srxop.p = 6.303 — 0.544D, — 0.009D,
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(R = 0.999) 2)
S norx0P.U = 8.068 — 1.047D, — 0.010D,
(R = 0.962) 3)
Srxop.u = 7.126 —0.764D, — 0.039D,
(R = 0.989) )

In the above equations, §NOTXOP_D7 STXOP_D’ SN{)TXOP-U’
and S7xopu represent the estimate of the psychological
scale for No TXOP-bursting (Downlink), TXOP-bursting
(Downlink), No TXOP-bursting (Uplink), and TXOP-
bursting (Uplink), respectively. R*? denotes the contribution
rate adjusted for degrees of freedom. From these equations,
we can calculate the estimated values of the psychological
scale from the two application-level QoS parameters. In
equations (1) through (4), we notice that D, and D, make
significant contributions to the multiple regression lines.

We next discuss the effect of the value of TXOP/;,i1[2]
on the psychological scale. In the case of R = 150m,
Fig. 15 shows that the QoE is kept high for all the values
of TXOPy;,,i[2] shown. This figure also shows that the QoE
for R=160 m becomes higher as the value of TXOPp;ni[2]
increases until 4.080 ms. This means that the QoE becomes
low if the value of TXOP;y,,,;; for video is too small. In addi-
tion, Fig. 15 shows that in the case of R=170 m, the QoE is
low even if TXOPy;,,i:[2]=8.160 ms.

We have again performed QoS mapping between
application-level and user-level for Fig.15 and have ob-
tained multiple regression lines for R = 150 m, 160 m, and
170 m as follows:

S 150 = 4.955 - 0.192D, — 0.022D, (R** = 0.808) (5)
S 160 = 4.784 — 0.206D, — 0.014D, (R**> = 0.887) (6)
S 170 = 3.865 — 6.603L, — 0.008D, (R*? =0.957) (7)

In the above equations, S 1505 S 160, and S 170 represent the
estimate of the psychological scale for R = 150 m, 160 m,
and 170 m, respectively. Note that in the case of R = 170 m,
L, makes a higher contribution to the multiple regression
line than D,. We have confirmed through simulation that the
values of L, for R = 160 m and 170 m are 0.01-0.03% and
0.2-0.3%, respectively, for all the values of TXOPn[2]
shown.

6. Conclusions

This paper studied the application-level QoS of audio-video
transmission with EDCA of the IEEE 802.11e MAC through
simulation. In addition, the QoE was assessed by a subjec-
tive experiment. We examined how the TXOP-bursting can
improve the audio and video quality in the presence of trans-
mission errors.

First, we examine the effect of the TXOP-bursting on
the application-level QoS when a pair of audio and video
streams is transferred between the AP and each station in
the uplink or downlink direction. Numerical results showed
that the TXOP-bursting can improve many metrics of video
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quality in terms of average MU delay, MU loss ratio, and co-
efficient of variation of output interval for various distances
between the AP and stations. In particular, this scheme is
very effective when the AP transmits video MUs to each
multimedia station in the downlink direction. This is be-
cause MAC frames for retransmission as well as newly gen-
erated ones can be transmitted successively in a TXOP. The
simulation results also showed that the video quality even
with the TXOP-bursting deteriorates when the distance is
too long. We then examined how the value of TXOP;,,;; af-
fects the video quality and found that the video quality can
be degraded if the value of TXOPp;y;, for video is too small.

Furthermore, we investigated the QoE by a subjective
experiment. As a result, we found that the QoE can be
improved by utilizing the TXOP-bursting. In addition, we
also carried out QoS mapping between application-level and
user-level with principal component analysis and multiple
regression analysis. As a result, we obtained multiple re-
gression lines to estimate the QoE from the application-level
QoS.

Our future work includes investigation of the
application-level QoS and QoE with other physical data
rates and video coding rates.

Acknowledgments

The authors would like to acknowledge Tasuku Kutsuna for
his assistance in programming. This work was supported by
the Grant-In-Aid for Scientific Research of Japan Society
for the Promotion of Science under Grant 17360179.

References

[1] IEEE 802.11 WG, “Specific requirements Part 11: Wireless LAN
medium access control (MAC) and physical layer (PHY) specifica-
tions: Amendment 8: Medium access control (MAC) quality of ser-
vice enhancements amendment 7: Medium access control (MAC)
quality of service (QoS) enhancements,” IEEE 802.11 Std., 2005.

[2] IEEE 802.11 WG, “Part 11: Wireless LAN medium access control
(MAC) and physical layer (PHY) specifications,” IEEE802.11 Std.,
Sept. 1999.

[3] S. Mangold, S. Choi, G. Hiertz, O. Klein, and B. Walke, “Analysis
of IEEE 802.11e for QoS support in wireless LANs,” IEEE Wireless
Comm., vol.10, no.6, pp.40-50, Dec. 2003.

[4] Q. Ni, “Performance analysis and enhancements for IEEE 802.11e
wireless networks,” IEEE Network Mag., vol.19, no.4, pp.21-27,
July/Aug. 2005.

[5] S. Mangold, S. Choi, P. May, and G. Hiertz, “IEEE 802.11e —
Fair resource sharing between overlapping basic service sets,” Proc.
IEEE PIMRC2002, Sept. 2002.

[6] S. Choi, J. del Prado, S. Shankar N, and S. Mangold, “IEEE 802.11e
contention-based channel access (EDCF) performance evaluation,”
Conf. Rec. IEEE GLOBECOM2003, May 2003.

[7]1 A. Salhotra, R. Narasimhan, and R. Kopikare, “Evaluation of con-
tention free bursting in IEEE 802.11e wireless LANS,” Proc. IEEE
WCNC2005, March 2005.

[8] N. Cranley and M. Davis, “Video frame differentiation for streamed
multimedia over heavily loaded IEEE 802.11e WLAN using TXOP,”
Proc. IEEE PIMRC2007, Sept. 2007.

[9] J. Wall and J. Khan, “Adaptive multimedia packet transmission for
broadband IEEE 802.11 wireless LANs,” Proc. IEEE PIMRC2006,



SUZUKT et al.: APPLICATION-LEVEL QOS AND QOE ASSESSMENT OF AUDIO-VIDEO TRANSMISSION

[10]

[11]

[12]

[13]

[14]

[15]

[16]
[17]

[18]

[19]

[20]

[21]
[22]

[23]

Sept. 2006.

I. Tinnirello and S. Choi, “Efficiency analysis of burst transmissions
with block ACK in contention-based 802.11e WLANS,” Conf. Rec.
IEEE ICC2005, May 2005.

T. Chen and R.R. Choudhury, “An analytical model of block Ac-
knowledgement and selective retransmission in an 802.11e WLAN
network,” Conf. Rec. IEEE GLOBECOM?2006, Nov. 2006.

L. Scalia and J.W. Tantra, “Dynamic MAC parameters configura-
tion for performance optimization in 802.11e networks,” Conf. Rec.
IEEE GLOBECOM?2006, Nov. 2006.

J. Liu and Z. Niu, “A dynamic admission control scheme for QoS
supporting in IEEE 802.11e EDCA,” Conf. Rec. IEEE WCNC2007,
March 2007.

Y. Xiao, H. Li, and S. Choi, “Protection and guarantee for voice and
video traffic in IEEE 802.11e wireless LANs,” Proc. IEEE INFO-
COM2004, April 2004.

T. Liu, C. Assi, and A. Agarwal, “Enhanced per-flow admission con-
trol and QoS provisioning in IEEE 802.11e wireless LANs,” Conf.
Rec. IEEE GLOBECOM2006, Nov. 2006.

S. Tasaka and Y. Ishibashi, “Mutually compensatory property of
multimedia QoS,” Conf. Rec. IEEE ICC2002, April/May 2002.
ITU-T Rec. G.100/P.10 Amendment 1, “New appendix I — definition
of quality of experience (QoE),” Jan. 2007.

T. Suzuki, K. Yamada, M. Kato, and S. Tasaka, “Application-level
and user-level QoS assessment of audio-video transmission with
EDCA of IEEE 802.11e,” Proc. IEEE PIMRC2005, Sept. 2005.
IEEE 802.11 WG, “Supplement to part 11: Wireless LAN medium
access control (MAC) and physical layer (PHY) specifications:
Higher-speed physical layer extention in the 2.4 GHz band,” IEEE
802.11 Std., 1999.

S. Tasaka and Y. Ito, “Psychometric analysis of the mutually com-
pensatory property of multimedia QoS,” Conf. Rec. IEEE ICC2003,
May 2003.

“The network simulator — ns-2,” http://www.isi.edu/nsnam/ns/

W. Xiuchao, “Simulate 802.11b channel within ns2,” http://www.
comp.nus.edu.sg/wuxiucha/Sim80211ChNS2.pdf, 2004.
HFA3861B; Direct sequence spread spectrum baseband processor,
Intersil, Jan. 2000.

Takahiro Suzuki received the B.S., M.S.
and Ph.D. degrees in electrical and computer
engineering from Nagoya Institute of Technol-
ogy, Nagoya, Japan, in 1989, 1991 and 1994,
respectively. He worked at Nagoya Institute of
Technology from April 1994 to March 1995. In
April 1995, he joined Faculty of Social and In-
formation Sciences, Nihon Fukushi University,
Handa, Aichi, Japan, where he is now a Profes-
sor. His current research interests include wire-
less networks and multimedia communication

protocols. Dr. Suzuki is a member of Information Processing Society of

Japan.

2609

Shuji Tasaka received the B.S. degree
in electrical engineering from Nagoya Institute
of Technology, Nagoya, Japan, in 1971, and
the M.S. and Ph.D. degrees in electronic engi-
neering from the University of Tokyo, Tokyo,
Japan, in 1973 and 1976, respectively. Since
April 1976, he has been with Nagoya Institute
of Technology, where he is now a Professor in
the Department of Computer Science and En-
gineering, Graduate School of Engineering. In
the 1984-1985 academic year, he was a Visit-
ing Scholar in the Department of Electrical Engineering at the University
of California, Los Angeles. His current research interests include wireless
networks, multimedia QoS, and multimedia communication protocols. He
is the author of a book entitled Performance Analysis of Multiple Access
Protocols (Cambridge, MA: The MIT Press, 1986). Dr. Tasaka is a mem-
ber of IEEE, ACM and Information Processing Society of Japan.

Atsunori Noguchi  received the B.S. (electri-
cal and computer engineering) and M.S. (com-
puter science and engineering) degree from Na-
goya Institute of Technology, Nagoya, Japan, in
2004 and 2006, respectively. He joined the Dai-
hatsu Motor Co., Ltd., Osaka, Japan, in April
2006. His research interests include wireless
networks and multimedia communication proto-
cols.




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /CMYK
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments true
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e9ad88d2891cf76845370524d53705237300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc9ad854c18cea76845370524d5370523786557406300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA <>
    /JPN <FEFF9ad854c18cea306a30d730ea30d730ec30b951fa529b7528002000410064006f0062006500200050004400460020658766f8306e4f5c6210306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103055308c305f0020005000440046002030d530a130a430eb306f3001004100630072006f0062006100740020304a30883073002000410064006f00620065002000520065006100640065007200200035002e003000204ee5964d3067958b304f30533068304c3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020ace0d488c9c80020c2dcd5d80020c778c1c4c5d00020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken die zijn geoptimaliseerd voor prepress-afdrukken van hoge kwaliteit. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create Adobe PDF documents best suited for high-quality prepress printing.  Created PDF documents can be opened with Acrobat and Adobe Reader 5.0 and later.)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /ConvertToCMYK
      /DestinationProfileName ()
      /DestinationProfileSelector /DocumentCMYK
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure false
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles false
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /DocumentCMYK
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /UseDocumentProfile
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


