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Abstract

IEEE 802.16e is a mobile version of Worldwideehaperability for Microwave
Access (WIMAX) that plays an important role in téeolution towards 4G. In this work, we
focus on multimedia performance measurement forpinpose of a more realistic mobile
WIMAX network test. Our work aims to make a contition in better understanding the
mobile WIMAX performance for multimedia applicat&rFor that purpose, we employ Voice
over Internet Protocol (VolP) and video streamiogdst the network performance, where
two distinct evaluation systems are used, professiand user-friendly. Our test results show
that the mobile WiIMAX network can support well thandwidth-intense and delay-sensitive
multimedia application. We find that the VolP gtsalat the cell center is perfect, where the
value of Perceptual Evaluation of Speech QualitgS®) exceeds 4. At the cell edge, the
guality is degraded but still adequate. We alsenlesthat the downlink of mobile WIMAX
network can support video streaming up to 4 Mbpth whe Mean Opinion Score (MOS)
value of 4.5. On the uplink, the bitrate of 1Mbpssupported with MOS 4.5 at the cell center
and with MOS 3.2 at the cell edge respectively. @yperiments further indicate that a
smooth playback of YouTube 480P video is consisterbvided. Finally, the handover case
has very limited impact to the overall quality dedmtion of both VoIP and video streaming.

Keywords
Mobile WiMax, VolIP, Video Streaming, Performance ddarement

1. Introduction

With the increasing popularity of networked apalions, multimedia traffics are
expected to account for a large portion in the 1g@xteration mobile communication systems.
Many technologies are being developed to suppaoshdivand wireless communication,
among which Worldwide Interoperability for MicroneAccess (WiMAX) and Long Term
Evolution (LTE) are prominent on the aspects ofhkiigita rate and long-range coverage.
Both WIMAX and LTE are playing an important role the evolution towards 4G. As a
mobile version of WiMAX, mobile WIMAX use similarethnologies and have comparable
performance to LTE. Since the standardization obiledViIMAX is a little earlier than that
of LTE, most of pilots are based on the WiMAX teology. Besides the standardizations of
radio interfaces, many projects are launched toamcdn the performance of mobile
communication systems. Wireless Initiative New Ra@lVINNER) [1] was a research project
funded by the European Uniorl' -ramework. The objective of WINNER is to develop a
ubiquitous radio interface for Beyonf &eneration (B3G).

Despite the significant interests in next generatitechnologies of mobile
communication, there are very few publicly repomeelasurements on field trials, because of
the limited deployments and the proprietary natoighese deployments [2, 3]. Most of
research works were conducted through system sdiimmlaor numerical analysis.



Consequently, there is a need to bridge the gapeeet the performance perception and the
actual performance limitations of WiMAX. To thisanthe French project POSEIDON [4]
deployed a mobile WiMAX testbed in both rural arfdan areasThis work is an empirical
investigation of multimedia performance in the meMiMAX field trials.

Throughput, latency, jitter and packet loss areelyidecognized as major metrics for
network performance measurement, where applicatidependent traffics are usually
generated for the purpose of test. However, thesteign just overviews the general network
performance, which cannot provide a thorough aimalyar the specific performance of
application over the network. Unlike traditionak@applications, multimedia applications not
only generate heavy traffics but also have moréngdgnt Quality of Service (QoS)
requirements. Moreover, multimedia data such asevand video are usually error-tolerant
but delay-sensitive. So even some errors introduttezl original information may still be
reconstructed with tolerable distortion. The inflae can be further lightened by the
mechanism of Error Concealment (EC) at the siddemioder.However, a tiny delay may
significantly degrade the quality of experience dige the real-time characteristic of
multimedia. Since delay and jitter are randomlgetieéd by a variety of complicated factors, it
is very difficult to simulate them accurately bymerical analysis. Therefore, in this paper
have investigated the performance of mobile WiMA&twork in practical conditions, which
aims at achieving better understanding the netwerkormance for multimedia applications.

In this paper, we employ multimedia traffics, sfieaily Voice over Internet Protocol
(VolP) and video streaming. Unlike the past redeatwo experimental systems are set up,
namely dedicated one and general one. The former nsake use of a dedicated evaluation
framework, which is professional but technologyeated. The latter is to utilize popular
applications, which is simple but user-friendly. idover, the test results from the latter may
serve as a benchmark for future use. Apart fromntigkely used metrics like throughput and
delay, we design comprehensive scenarios to eealattimedia performance over the real
mobile WIMAX testbed. In order to show the charastees of adaptive modulation and
handover, we have conducted all tests at the aafsde cell edge, cell center as well as
handover. Since there is no equivalent mobile néva@ployed commercially, we further
compare the test results with those of well-knowtworks such as Ethernet or Asymmetrical
Digital Subscriber Loop (ADSL). We find that the Noperformance on the downlink is
perfect, which can be even comparable with thdi08fMM Ethernet. On the uplink, the quality
is degraded but still adequate and better than AD®& also observe that the downlink of
mobile WiIMAX network can support video streaming top4 Mbps with the Mean Opinion
Score (MOS) of 4.5. On the uplink, it is 1Mbps wMOS 4.5 at the cell center and with
MOS 3.2 at the cell edge. Our experiments furthmelicate that a smooth playback of
YouTube 480P video is consistently provided, evesugh the startup latency is obviously
bigger than those over Ethernet.

The rest of this paper is organized as followsti8edl reviews the background and
related work. In Section Ill, we describe the expental environment in network layer and
application layer respectively. Section IV presetite test results and gives a sufficient
analysis. Section VI concludes the paper and pouitshe future research.

2. Related Work

IEEE 802.16 is a family of standards for broadbametless metropolitan networks,
which have been recently consolidated as 802.168-26]. These standards define the
Physical (PHY) and Medium Access Control (MAC) lesyef the air interface. The physical
layer of 802.16e defines the Orthogonal Frequenisysidn Multiple Access (OFDMA) as
the digital modulation scheme. The physical laygports Adaptive Modulation and Coding
(AMC), which is used to achieve the highest date far a given link quality. The modulation



schemes can be adjusted at very short time inge(eay. 5 ms) to provide robust transmission
links and high system capacity. Considering théuiea we conduct all tests in two cases, cell
center with good signal, and cell edge with pognal. Received Signal Strength Indicator
(RSSI) is a measurement of the power present irecgived radio signal. Carrier to
Interference plus Noise Ratio (CINR) is a measurgn@ signal effectiveness, which
provides information on how strong the desired &iga compared to the interference plus
noise. In the MAC layer of 802.16e, the QoS feaerable operators to optimize network
performance depending on the service type (e.geyaiideo) and the user’s service level.
802.16e defines five QoS classes, Unsolicited G&enwvice (UGS), Extended Real-time
Polling Service (ertPS), Real-time Polling Servigd?S), Non-real-time Polling Service
(nrtPS), and Best Effort (BE).

Prior to mobile WiMAX 802.16e, the fixed versiof816d was standardized in 2004.
Thus, most of the existing works studied the nekwoerformance for the fixed WiMAX
networks. There are relatively few experimentaluliss available for mobile WiMAX
networks. Grondalen et. al. [6] presented the mreasent of throughput and physical
parameters. They reported that their WiMAX system deliver 9.6 Mb/s to a single flow in
the downlink even at a distance of 5 km from the B8ntikousis et. al. [3] conducted an
experimental investigation of the network perforcamver a fixed WiMAX testbed. They
employed multiple competing traffic sources ov@o@t-to-multipoint topology and measure
the network capacity. Although the multimedia seesi including VolP and video streaming
were applied in their experiment to generate tatfey ignored the quality of service from
the viewpoint of end-users. Halepovic et. al. [8¢d experimental measurement to study the
performance of VolP and video streaming over a cermoral fixed WiMAX network.
However, they considered only the single-user st@nb addition, their results, especially
for the video streaming case, were more based bjgdive evaluation, which was neither
comparable nor applicable. N. Coelho et. al. [floreed a measurement campaign in a sub-
urban area. Their work focused on signal coverdgeB. Lin et. al. [8] investigated the
performance of a WiMAX-based VolP established undediield trial program. The most
related work was presented by Kim et al. in [9]eY¥ltonducted measurements over Wireless
Broadband (WiBro), a Korean version of mobile WiMAXystem, for both system
performance and single-user performance.

To the best of our knowledge, none of the pastarebeconducts both VoIP and video
streaming experiments in a real mobile WiMAX nextkvdVioreover, we set up two kinds of
experimental system for professional assessmentuaadcenter tests. Note that the MAC
protocol and scheduling policy are either proprieta vendors or non-public to subscribers.
Thus, different from most simulation-based resessclwve treat the WiMAX card as a black
box in order to make experiments more realistic.

3. Experimental Environment

In this section, we briefly describe the experitatéenvironment from the aspects of
network layer and application layer.

3.1 Network Environment

Mobile WIMAX is not just the last mile wireless mairk as the case of fixed WIMAX,
but it requires a WIMAX Core Network (WCN) behinget Radio Access Network (RAN) in
order to manage QoS, mobility and security etc. idalfy, a mobile WIMAX system
comprises four basic elements, User Equipment (UE)IVIAX Base Station (WBS),
WIMAX Access Control (WAC) and Operation & Mainter@e Center (OMC). Our mobile
WIMAX testbed was deployed at the campus of Insflielecom SudParis as a part of the
urban scenario in the POSEIDON project. The campusovered by two WBS with an



overlap area allowing handover between them. RAN WCN are deployed in two distant
sites linked by an IPsec tunnel. Fig. 1 presents riatwork architecture of our mobile

WIMAX testbed.
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Figure 1. The Architecture of Mobile WiMAX Testbed
Our project partner Alcatel-Lucent provides alk thetwork equipments. Alcatel-
Lucent 9715 L-WBS is a lightweight WIMAX based #&bat which is on step further in the
All-in-One-Box concept. It implements the physi@id MAC layers. Table 1 shows the
physical characteristics of the L-WBS.
Table 1. Alcatel-Lucent 9715 L-WBS Characteristics

Central Frequency 2.57 GHz and 2.59 GHz

Channel Bandwidth 10 MHz

Fast Fourier Transform (FFT) Size 1024

Modulation QPSK, 16-QAM, 64-QAM

Coding Scheme Convolutional Turbo Code (CTC)

Multiple Access Method Scalable OFDMA

Duplexing Time Division Duplex (TDD)

Frame Duration 5ms, UL/DL = 1/2

Handover Hard Handover (HHO)

Re-transmission Automatic Repeat reQuest (ARQ)
and Hybrid ARQ

The Alcatel-Lucent 9740 works as WAC, which ensusession control and data
transport functions. All 9740 WAC traffics are h&w by IP protocol. The Alcatel-Lucent
9753 works as OMC, which provides centralized manant function for all the elements
belongings to the WiIMAX access network. At the saimge, OMC hosts servers such as
Dynamic Host Configuration Protocol (DHCP), Dom&iame System (DNS) and Network
Time Protocol (NTP). As far as Authentication, Aaotization and Accounting (AAA) is
concerned, beside its traditional operations, tiitattes the appropriate service flow to the
authenticated users depending on the service tleeysing and their subscriptiodEs can be
Mobile Subscription Station (MSS) or Costumer PmaEmiEquipment (CPE). In the
experiments, we have three kinds of UE, an Alchtelent PCMCIA card, a Sequans USB
dongle, and a Zyxel CPE.

In this work, we select three experimental locatiocell center, cell edge and
handover. The cell center with the Line-of-Sigh©@) link is around 100m to BS in distance,
while the cell edge under the Non-Line-of-Sight &) link is about 800m. Table 2 presents
the mean value of Carrier to Interference plus dld&adio (CINR), the mean value of



Received Signal Strength Indicator (RSSI) as waslltlae adopted modulation schemes
respectively.

Table 2. Signal Messurement
RSSI (dBm) CINR (dB) Modulation Scheme

(92}

Cell Center -50 30 64-QAM over downlink
16-QAM over uplink
Cell Edge -80 20 16-QAM over downlink

QPSK over uplink

IEEE 802.16e has implemented a full mobility suppof handover. The Hard
Handover (HHO) is the only one mandatory specififetEEE 802.16e and supported by our
testbed. HHO is easy for implementation, but iréases the end-to-end delay that is critical
for the delay-sensitive services such as VolPhédonfiguration of our testbed, MSS starts
the neighbor BS scanning process at 14 dB of CINRinvestigate the impact of HHO, a
MSS moves from one BS to the other during the \&#Bsion or video streamingegarding
QoS, five classes mentioned above have already beeremgited by the Alcatel-Lucent
equipment WAC. Unfortunately, our testbed was agunied to support only BE in this stage.
As a result, all experiments in this work are castdd under the QoS class of BE, even
though BE is not originally designed for multimediervices. According to the QoS settings,
the maximum data rate is limited to 4 Mbps on tbealink and 800 Kbps on the uplink. To
be noted, the reference networks in this papertlaeEthernet-based campus network of
Institut Telecom SudParis and the commercial Asyinioa Digital Subscriber Loop (ADSL)
network operated by France Telecom.

3.2 Application Environment

In this paper, we propose to use two kinds of sgstems, the dedicated systems for
professional measurement and the user-center systemuser-friendly assessment. The
specific application environment will be describiedbelow two sub-sections.

3.2.1 VolIP

We focus on two aspects of VolP performance. ljirste evaluate the perceived
voice quality. The International Telecommunicatidnion (ITU) recommends the Perceptual
Evaluation of Speech Quality (PESQ) method stangiddas ITU-T P.862 [10]. PESQ
requires the sent audio wav-file and the receivad-fle as input and returns as result a value
ranging from -0.5 (worst) to 4.5 (best). The degtamh of voice quality has different causes
such as codec and network etc. In order to elimimgerference, we set PESQ over Ethernet
as reference to other networks. Secondly, we shewétwork conditions in terms of delay,
loss, and jitter.

We select the softphone Phoner as the dedicateld $dtem as shown in Fig. 2. The
version of Phoner is v2.5.2 at the time of expenm&he voice codec used is G.711 A-Law
(64 Kbps). Similar to many other softphone solutiodRhoner uses Session Initiation Protocol
(SIP) for signaling and Real-time Transport Proto¢BTP) for media transmission.
Specifically, two clients of Phoner are installad tavo laptops connected with WiMAX and
Ethernet respectively. We capture protocol logswWiyeshark at both sides. Wireshark can
provide an advanced analysis of Telephony. Thectpaeedia data extracted from logs are
further compared to evaluate the voice quality.c8iwe extract audio samples from RTP
payloads at both the sender and the receiver, #yef&ctor which impacts the quality
degradation is the network.



Figure 2. Phoner Test System

As one of the most dominant VolP applications yodakype is selected to enable
user-friendly VolP experiment. We install two Skygleents in two laptops. One laptop is
connected with a WIMAX modem as callee or caller tlee tests of uplink and downlink
respectively. The other laptop is interfaced witthefnet. In order to evaluate the voice
quality, we play a speech sample at the calleeraocord the speech at the caller. The tool
Pamela is used for this purpose. This Skype add-oregrated with an auto answer machine
and a voice recorder. The VoIP quality is evaludigdanalyzing the input wav-sample and
the recorded wav-sample. The call conditions indgdielay, loss and jitter are reported by
the Skype build-in menu named “Call technical infation”. Fig. 3 presents the Skype test
system. Though, Skype is characterized by its fueeeer structure and the proprietary
protocol, these values can still work as comparaddelts in various networks. All results in
terms of voice quality and network conditions amgtfer compared with those of getting from
Ethernet-to-Ethernet. The degradation of Skype ev@joality has different causes such as
codec and network. In order to eliminate the imenfice, we set PESQ over Ethernet as
reference to other networks.

Figure 3. Skype Test System

3.2.2 Video Streaming

There are two widely accepted protocols for videeasning, Real-time Transport
Protocol (RTP) over User Data Protocol (UDP) angétyText Transport Protocol (HTTP)
over Transmission Control Protocol (TCP). RTP/UBRused extensively in communication
and entertainment systems. The recent measuretnemissindicate that a significant fraction
of Internet streaming media is currently deliveosér HTTP/TCP [11].

In this paper, the professional measurements anducted with EvalVid [12] over
RTP/UDP, as shown in Fig. 4. Specifically, Eval\gda framework for evaluating the quality
of video transmitted over a real or simulated nekwdi is targeted for researchers who want
to evaluate their network designs or setups in seofmuser-perceived video quality. Video
quality is measured by calculating the average FBgkal Noise Ratio (PSNR) over all the



decoded frames. However, the metric of PSNR dogedimectly correspond to the user-

perceived quality. Subsequently, the subjectivelityuas calculated on the heuristic

conversion from PSNR to MOS as shown in Table 2. [tRvideo transmission systems, not
only the actual loss is important for the perceiveteo quality, but also the delay of frames
and the variation of the delay. The network paramseihcluding loss rate, delay and jitter can
be measured by the trace analyzing tool of EvalVid.
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Figure 4. EvalVid Test System [12]
Table 2. Possible PSNR to MOS Conversion

PSNR [dB] MOS
> 37 5 (Excellent)
31-37 4 (Good)
25-31 3 (Fair)
2-25 2 (Poor)
<20 1 (Bad)

We use YouTube for user-friendly video streamingesinent. YouTube is one of the
most popular web sites for video sharing and stiegurin fact, the High Definition (HD)
video 1080P is supported by YouTube. However, tlieudrsion is accompanied with the
bitrate up to 5Mbps, which puts a big challengetite access networks. YouTube uses
HTTP/TCP to buffer video data to the flash playldre most critical issue is buffer-under-run,
which results in video freezing. It substantiallggdades the user experience very much.
Therefore, we firstly evaluate the streaming penfance by subjective assessment of buffer-
under-run. We further measure and analyze the mketparameters, throughput and delay, in
different network environments. In this part of Wowe use Firefox v3.6.6 where Adobe
Flash Player 10 is integrated.

4. Performance Studies
In this section, we analyze the test resultsolbtherwise specified, the test results in
above mentioned cases, cell center, cell edge anddver.

4.1 VolP

4.1.1 Phoner

We use Phoner v2.5.2 at the time of experimergagdl note that the SIP-based
softphone works on the mode of point-to-point, mepecifically WiMAX-to-Ethernet,
between which there is no proxy or server. Theegfoelow test results reveal the network



performance distinctly. Fig. 5 illustrates the Vagderformances over downlink and uplink
respectively. Since we extract audio samples frof® Rayloads at both the sender and the
receiver, there is no quality degradation incurpgdthe codec. As we can see, PESQ over
both uplink and downlink is perfect even at thel elge. This result complies with the
measurement reported in [8]. But the jitter incesasharply, which may be caused by the
retransmission mechanism due to the bad radio tondiThe voice quality during the
transition of handover is pretty good. For a normsér, the quality degradation can be
ignorable. After analyzing the Wireshark log, tlwsd incurred by HHO is only one RTP
packet. Considering the sample frequency of 8000adzcan deduce that the duration of two
RTP packets is 40 ms. It implies that HHO is lé&mnt40 ms. However, the jitter is seriously
affected by HHO as shown in Fig. 6. After aboutet,ghe jitter goes back to normal. We
further find that when the radio link gets extreyneVorse at the boundary if without
Handover (e.g. 16 dB and -82 dBm for CINR and R&®&Spectively), the voice quality over
uplink becomes annoying (PESQ 1.7). At that cdse packet loss can even reach 35% and
the mean jitter is about 20 ms. It demonstratesttteamobility of handover is crucial to the
VoIP quality.
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Figure 5. Phoner VolP Quality
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4.1.2 Skype

We use the latest version of Skype (v4.2) avadladil the time of experiment. The
voice samples from Signalogic are wav-files witkH& sample rate and 16-bit encoding. The
average PESQ values are shown in Fig. 7. As webserve, the VolP performance over the
downlink is perfect. They are almost similar tottibd the 100M Ethernet. The experiment
results indicate that the mobile WIMAX network sopis a good network performance. To
be noted that the degradation of voice qualityditisrent causes such as codec and network
etc. In this experiment, we ignore the quality @elgtion incurred by the speech codec of
Skype. The reference sample is the original onerbdieing encoded, whereas the degraded



sample is the one being decoded afterward. As altresven at the very good network
condition, the PESQ value is lower than 4.5 (e.g.fdr Ethernet). In this work, we set the

PESQ value over the Ethernet network as the referfar the measurements.
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Figure 7. Skype VolP Quality

Skype measures and reports the call technical nrdton including packet loss,
Round Trip Time (RTT), and jitter etc. We obserliere is no packet loss in all test cases,
even during HHO. It is reasonable because of therldandwidth usage and the reliable TCP
used for speech media data in our tests. Consglé¢him different mechanism of underlying
protocols, we may find the quality degradation k& is different from that of Phoner. The
latter is mainly affected by packet loss due to uheeliability of UDP. Whereas, jitter and
delay are the main factors to the voice qualit§pkype. The tests show that the jitter has more
dynamic variation compared to RTT. This result aom$é the conclusion in [13] that the jitter
relative to delay has a significant impact. Accogdio Fig. 7, the voice quality over downlink
is different from that of uplink. This could be doe the duplexing mode of TDD. The
asymmetrical TDD ratio differentiates the jitterseo downlink and uplink. And, the
differences of quality degradations between thé eddie and the cell center can be further
explained that the worse radio conditions increasaetransmission of TCP at the cell edge.

The mean values of jitter are presented in FigdBviously HHO increase jitter. The
jitter values during HHO are nearly twice of norncakes. Compared with Phoner, Skype is
more affected by HHO. And the influence by HHO lastch longer time than that of Phoner.
To be noted that due to the different calculatirgghmod, the jitter value for Phoner is different
from that of Skype.
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Figure 8. Skype Mean Jitter



4.2 Video Streaming

4.2.1 EvalVid

Since H.264/MPEG-4 AVC is widely used, in this pagve select x264 as the video
codec. For the codec settings, the Group of Pi¢aod) size is set as IPPP at 30 frames. And
the frame rate is 30 Hz. Moreover in order to foonsonly the network performance, we do
not activate any error concealment mechanism ircdldec. The video sample Highway in the
format of Common Intermediate Format (CIF) is ersmbavith constant bitrates in 400, 600,
1000 and 2000 Kbps. The video sample City in tmné&t of 4CIF is encoded in 3000, 4000,
5000, 6000 Kbps. These two samples are used fortdbis of uplink and downlink
respectively. After being packetized, the video glems streamed from the sender to the
receiver over RTP/UDP.

Packet losses are usually calculated on the bagiacket identifiers. In the context of
video transmission, it is interesting to figure dotv many packets gets lost, and which types
of frame these lost packets constitute. Thus, ridu@é¢ loss is counted on after analyzing lost
packets further. Fig. 9 shows the packet loss aaochd loss in all test cases. Obviously,
mobile WIMAX suffers from a growing loss along withe increment of bitrate.
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Figure 9. Video Streaming Data Loss
Accompanying with packet loss and frame loss, tdeo/ quality MOS is presented in
Fig. 10. At the cell center, the video quality otiee downlink is good (MOS 3.8) with the
bitrate of 5 Mbps, while at the cell edge the vabieMOS is 3.6. However, the bitrate of
acceptable quality at the cell center is 1 Mbps ¢ke uplink, while at the cell edge it is 0.4
Mbps.
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Figure 10. Video Streaming MOS
To figure out the impact of handover on the videsaldy, we also conducted
handover tests. Theélighway sequence encoded with 600 Kbps is selected inrdale
minimize the packet loss excluding HHO. The ovevadeo quality is perfect at the case of
handover (MOS 4.9). However, the quality degradatiaring handover is very annoying as



shown in Fig. 11. We further observe that the nundfdost packets directly incurred by
HHO is about 10, which generally affects 15 seqgakffames (0.5 sec in case of 30 fps).

(a) Original Image (b) Affected Igea
Figure 11. HHO Test

4.2.2 YouTube

We take the YouTube video link of “Test Speedtlas test sample. This test video
can display technical information (e.g. the dowdiog speed, the video fps and video bitrate
etc.) in real time. Fig. 12 presents the HTTP tighqauts together with standard deviation. At
the edge of cell, the average HTTP throughput @ired 1.5 Mbps much lower than the
bitrate of 720P, which results in unsmooth playbatlke observe buffer-under-run in 65% of
the measurement time. It greatly degrades the axgmrience. At the center of cell, the 720
version is played much more smoothly, where we egpee no picture freezing. The HTTP
throughput reported by YouTube is over 2.8 Mbpaverage. We further observe that in the
cell edge the throughput varies drastically. Thakpean even reach 4.3 Mbps. Our results are
consistent with the research reported in [11] th@P streaming generally offers good
performance when the available network bandwidttwise the media bitrate. Considering
the short duration of HHO (less than 50 ms) andutiaerlying protocol of TCP, we find that
handover has almost no effect on the HTTP througghpu
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Figure 12. HTTP Throughput

5. Conclusions

In this paper, we conduct comprehensive experisnehtmultimedia performance
evaluation in a real mobile WiMAX testbed. Our teases focus on the asymmetrical link,
AMC scheme and mobility of WiIMAX. Specially, we etap multimedia traffics of VolP
and video streaming via uplink and downlink at tiedd edge and the cell center, as well as
handover. In general, the multimedia performancer WiMAX is good. We find that the
VoIP quality at the cell center is perfect, whdre value of PESQ exceeds 4. At the cell edge,
the quality is degraded but still adequate. Théoperance of video streaming is consistently



good with the bitrate as high as 5 Mbps throughdbenlink. And a smooth playback of

YouTube 480P video is consistently provided. Inesmif packet loss due to handover, the
overall quality degradation is negligible. In theure, we will extend this work by enabling

other QoS classes in the testbed. Furthermore,ilvntroduce real cross-layer optimizations

to enhance the multimedia performance at the dymaetwork condition of mobile WiMAX.
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