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Abstract—In this paper we study the feasibility of utilizing
wireless local area network (WLAN) technology to deliver the
Triple-Play services (video, voice and data) over a specificsystem
model. Existing protocols are shown to not efficiently manage
the wireless channel therefore we propose a new Triple-Playtime
division multiple access (TP-TDMA) media access control (MAC)
protocol to provide Quality of Service (QoS) for these Triple-
Play services in a point-to-multipoint network over an existing
802.11a physical layer. Through extensive simulation analysis, the
protocol is shown to offer better performance than the 802.11e
Enhanced Distributed Coordination Function (EDCF). Moreover,
this protocol is implemented in hardware using the MADWiFi
driver to verify the real-world performance. Both results of the
simulation study and hardware implementation are provided.

Index Terms—Media Access Control, Quality of Service, Point-
to-Multipoint, Hardware Implementation, MADWiFi

I. I NTRODUCTION

Currently data networks are being used to carry a number of
data services. In a network, each and every component must
be carefully designed to handle the individual requirements
of these data services. Local area networks are the final seg-
ments for delivery of this data. These segments are frequently
referred to as the “last-mile”.

Recently, Wireless Local Area Network (WLAN) tech-
nology has surfaced as a method of provisioning various
data services to end-users over the last-mile. These data
services include video, voice and data traffic and together
are frequently referred to as the Triple-Play services. The
potential of using WLAN technology in this way is promising
as it can significantly reduce infrastructure and maintenance
costs inherent in cabled architectures. Furthermore, the use of
unlicensed spectrum is especially beneficial in reducing overall
wireless operational costs albeit hindered by limited power and
spectrum constraints.

In order to properly deliver Triple-Play services using
WLAN technology, media access control (MAC) schemes
must be appropriately designed and used to manage the scarce
wireless resource. The 802.11e Enhanced Distributed Channel
Access (EDCA) [1] is currently the most widely available
protocol in existing WLAN systems. However, as we demon-
strate, EDCA is far from efficient in terms of maximizing use
of available channel resources when the system load is high.
Therefore there is a need to develop new scheduling algorithms
to manage channel resources efficiently while appropriately
meeting demands of a variety of traffic requirements.
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Fig. 1: Wireless Triple-Play Distribution System

The goal in our work is to study experimentally the
feasibility of using WLAN technology in conjunction with
an appropriate MAC protocol, to provide Triple-Play service
delivery over existing WLAN technology. Currently there are
a number of existing testbeds for evaluating MAC protocols
in this way. Both the WARP [2] and HYDRA [3] projects
provide flexibility to evaluate custom MAC schemes, however
these systems still require a large initial equipment investment.
Various authors have utilized the MADWiFi architecture [4]
to successfully test MAC schemes [5], [6], [7]; it is this
architecture utilized in this work. Although in some ways
limited, MADWiFi allows protocol evaluation with readily
available, low-cost consumer hardware.

The remainder of this paper is organized as follows. In
Section II, we present a system model and discuss the draw-
backs of random access MAC protocols in this environment
using simulation study. Section III details the development of
a newly proposed protocol to address deficiencies found in
these existing schemes. In Section IV, results of the simulation
study are presented while in Section V we discuss several
issues involving the hardware implementation of the proposed
scheme along with providing hardware measurements of the
system using our off-the-shelf implementation. Finally con-
cluding remarks are given in Section VI.

II. SYSTEM MODEL

In order to deliver Triple-Play services to end-users, we
propose a distribution system as shown in Figure 1. In this
system, a hub is connected to a cabled backbone. The hub
provides wireless access point (AP) capabilities to neighbour-
ing subscriber stations. In addition to best-effort data traffic,
the cabled hub relays video streams to subscriber stations and
voice over IP (VoIP) services.



The proposed system is designed to provide these services
for up-to four subscribing stations. As the system is designed
for hardware with large transmission power limitations, the
number of subscriber stations chosen allows co-location of
AP hubs within close proximity to subscriber stations. In our
work, we consider the case where equipment has been properly
deployed in a manner where adjacent cells are operating
in non-overlapping, non-interfering frequency bands and we
examine the operation of a single cell.

A proper MAC protocol must appropriately be chosen
to manage this Triple-Play delivery system. To assess the
suitability of existing MAC protocols, we evaluate the 802.11
Distributed and Point Coordination Functions (DCF and PCF)
as well as the 802.11e EDCA and Hybrid Coordination
Function Controlled Channel Access (HCCA).

The target system shown in Figure 1 is implemented in
the ns-2 [8] environment with one AP servicing four sta-
tions. Video traffic models are generated using our modified
evalvid [9] framework to support MPEG-2 traffic. The average
bitrate across all video streams is3.76 megabits per second
(Mbps), with a mean frame size of15 × 10

3 bytes. Voice
traffic is modeled using constant bitrate traffic configured with
G.711 codec parameters. Two voice channels are enabled for
each station; one for both uplink and downlink, while video
streams are transmitted unidirectionally from the access point
to individual subscriber stations. The system is also configured
to operate over an 802.11a [10] physical layer where packet
error rates are assumed to be 1% and uniform.

For evaluation we utilize our version of the PCF model
developed using the IEEE standard documentation, the EDCA
model from [11] and the HCCA model found in [12] and
employ the reference HCCA scheduler.

Under simulation, EDCA is found to offer the best perfor-
mance for variable bitrate video streams by offering the highest
frame success rate in combination with the lowest video frame
delay. HCCA on the other hand, performed poorly with the
large variations in bitrate for video traffic. In terms of voice
traffic performance, EDCA offers the best performance for
uplink voice traffic in terms of delay and jitter, while HCCA
offers the best performance for the downstream voice traffic.

Considering all protocols, EDCA is found to offer the best
performance trade-off with the given system requirements.
Next, we introduce best-effort traffic to the system model
under EDCA. For this evaluation, constant bitrate best-effort
traffic is introduced into the system with packet sizes set
to 1024 bytes. The best-effort datarate is set such that each
station’s best-effort buffer always contains packets.

The average downlink best-effort throughput in this case is
0.62Mbps while the average uplink best-effort throughput is
1.72Mbps. The downlink best-effort throughput is also found
to be much less than the uplink best-effort. The introduction
of best-effort traffic also dramatically reduces the performance
of video and voice traffic. This effect is in contrast to desired
effect of introducing “best-effort” traffic, where best-effort
traffic should describe traffic that does not adversely affect
the performance of prioritized traffic classes.

Overall, these results demonstrate the inefficiency of EDCA.
When the simulated network is under full load as described

above, EDCA achieves less than 25 Mbps in aggregate
network throughput (including video, voice and best-effort
traffic), which represents only 45% of the total physical
layer datarate (for 54Mbps). Several factors that contribute
to these wasted resources are include packet errors due to
channel errors and collision, and the overhead incurred due
to contention and MAC/physical layer overhead.

For these reasons, the 802.11e EDCA is not an ideal choice
in satisfying the discussed system requirements. There is
therefore a need to design a new solution which is capable of
addressing all these requirements. For this reason, we propose
Triple-Play time division multiple access (TP-TDMA) as a
method of meeting the requirements of the target system, while
addressing some of the inefficiencies inherent in the 802.11e
EDCA. This protocol improves overall network throughput by
eliminating collisions and excess idle times via a dynamic
slot architecture, in addition to reducing MAC layer overhead
via reduced header sizes and frame-level selective automatic
repeat request (ARQ). Retransmission counts in TP-TDMA are
also processed per priority class, and voice traffic is not
retransmitted due to time-sensitivity. In the following sections,
the details of this protocol will be discussed, in addition
to verifying its performance using simulation and real-world
implementation in the MADWiFi driver [4].

III. POINT-TO-POINT TRIPLE-PLAY MAC PROTOCOL

In this Section, we propose TP-TDMA as a method of
providing Point-To-Multipoint communication of Triple-Play
(video, voice and data) services within a WLAN. TP-TDMA is
a time-division multiple access (TDMA) based scheme de-
signed to address the deficiencies in the 802.11e EDCA for
implementation in our target system. TP-TDMA is designed
to work over an existing 802.11a physical layer.

A. Protocol Operation

TP-TDMA utilizes both a downlink and uplink phase to op-
erate. The downlink phase allows downstream video, voice and
data to be transmitted to subscriber stations while the upstream
phase allows data and voice services to be transmitted to the
AP. These frames together form the TP-TDMA superframe.
This is similar to the 802.16 (WiMAX) [13]. The timing dia-
grams for downlink and uplink frames are shown in Figures 2
and 3 respectively.

TP-TDMA is designed to handle up to four subscriber
stations. Each of these stations is assigned two slots during
both the downlink and uplink frames. The downlink frame
begins with a beacon packet that informs other stations in
the network of the transmission schedule for the duration of
the frame. This is followed by four voice slots; one for each
subscriber station. The remainder of the downlink frame is
subdivided into four dynamically sized slots containing both
video streams and best-effort data. The allocation scheme for
these dynamic slots is explained in latter sections. The uplink
frame first contains four dynamically allocated slots for uplink
best-effort traffic. These slots are allocated based on bandwidth
request by stations, which is explained in further sections. The
second set of four slots are allocated for uplink voice traffic.



Fig. 2: TP-TDMA Downlink Frame Fig. 3: TP-TDMA Uplink Frame

B. Dynamic Bandwidth Allocation Scheme

To provide QoS, fairness, and to efficiently manage the
wireless resource, TP-TDMA utilizes a dynamic bandwidth
allocation scheme that appropriately schedules transmissions
based on traffic class and proportional fairness between sta-
tions. Firstly, to provide guaranteed delivery of voice traf-
fic, individual slots are allocated with fixed length in the
downlink and uplink frames for voice channels. Following
this, both downstream video and best-effort packets scheduled
for retransmission are allocated to the channel subject to
a maximum number of retransmissions. In TP-TDMA the
maximum number of retries for each traffic class can be
configured separately and any packet exceeding this number
of retries is discarded.

Video stream traffic is scheduled using a proportionally-
fair, exhaustive scheduling algorithm. This algorithm allocates
video downstream traffic proportionally based on the number
of buffered packets for a particular station. The exhaustive
mechanism implies that video traffic takes absolute precedence
over newly-arrived best-effort traffic (i.e., best-efforttraffic
may only access the channel if video queues are empty). This
is in lieu of the preferred mechanism of the 802.11e EDCA.

In any given frame where all video stream packets are
allocated, best-effort traffic may be allowed access to the
channel. This access is subject to the best-effort allocation
scheme. This allocation mechanism is also proportionally fair
between stations. Furthermore, best-effort traffic is alsosubject
to a predefined ratio denoting the proportion of best-effort
traffic that can be downstream and upstream. In circum-
stances where downstream best-effort traffic fails to utilize
the entire downstream best-effort portion, this time is further
allocated to upstream stations. The partitioning of upstream
best-effort slots amongst subscriber stations is on request. In
TP-TDMA, subscriber stations provide feedback on the length
of time required to transmit their entire best-effort buffer when
providing ARQ feedback (discussed in Section III-C).

C. ARQ Mechanism

Retransmission of packets in TP-TDMA is handled using
a Selective-ARQ mechanism. The TP-TDMA header contains
bitmaps for both video and best-effort packets ARQ control.
The AP maintains different ARQ bitmaps for each station
and traffic class (video and best-effort). Voice packets do not
utilize ARQ as voice packets are not retransmitted due to time-
sensitivity. In addition to the bitmaps, the TP-TDMA MAC
header contains a sequence field to identify the packet. Se-
quence counts are again maintained independently per traffic
class and destination station by the AP. The sequence number
is used for receiver packet re-ordering. Since voice stations do

not require retransmission, voice packet headers are utilized
to provide ARQ feedback to the transmitting station during a
frame. If during a given frame a voice packet is not available
for transmission, a station will generate a dummy voice packet
to facilitate providing this feedback.

IV. SIMULATION RESULTS

In order to verify the performance of the TP-TDMA scheme,
the protocol is implemented in ns-2 [8]. The guard interval
between uplink/downlink frames is configured to200µs, while
the inter-station guard interval is50µs. The number of allow-
able retries for both best-effort and video traffic is set to3, the
overall TP-TDMA frame size is configured to10ms and the
downlink ratio is set to0.66. Performance results are compared
with the existing 802.11e EDCA using the same evaluation and
traffic scenario as before.

In Figure 4, the results of the video frame jitter is shown.
The video jitter for EDCA is centered around 0, whereas
TP-TDMA incurs two large spikes with spacing equal to the
configured TP-TDMA frame duration. From this Figure it is
unclear which offers better performance, however the results
from Table I show that the bound on frame delay for TP-
TDMA is a factor of4 smaller than EDCA. This is essential
in reducing the buffer requirements at the receiving station.
This improvement is further demonstrated by the smaller frame
delay standard (std.) deviation (dev.) for TP-TDMA. This table
also demonstrates that the percentage of successfully received
frames in TP-TDMA is higher than that of EDCA.

TABLE I: TP-TDMA Video and Voice Stream Statistics

Station Number: 1 2 3 4

VIDEO STREAM STATISTICS
EDCA

% of Successfully Recv. Frames: 96.9 97.0 96.9 97.0
Min./Max. Frame Delay (ms): 0.1/117.7 0.1/117.8 0.1/117.50.1/126.7
Mean Frame Delay (ms): 11.7 11.7 11.8 11.8
Std. Deviation of Frame Delay: 23.73 23.80 23.82 24.00

TP-TDMA
% of Successfully Recv. Frames: 100 100 100 100
Min./Max. Frame Delay (ms): 0.5/32.7 1.2/33.7 2.0/38.8 3.3/38.0
Mean Frame Delay (ms): 6.28 7.71 9.35 10.72
Std. Dev. of Frame Delay: 3.13 3.22 3.37 3.24

VOICE STREAM STATISTICS
EDCA

% of Recv. Packets (Up/Downlink): 100/100 100/100 100/100 100/100
Avg. Up/Downlink Delay (ms): 0.59/0.40 0.73/0.42 0.60/0.53 0.61/0.44
Delay Std. Dev. (Up/Downlink): 0.62/0.31 0.72/0.33 0.56/0.38 0.56/0.36

TP-TDMA
% of Recv. Packets (Up/Downlink): 99.0/99.0 98.9/99.0 99.1/99.0 99.1/99.0
Avg. Up/Downlink Delay (ms): 9.5/0.21 9.6/0.28 9.7/0.34 9.8/0.41
Delay Std. Dev. (Up/Downlink): 0/0 0/0 0/0 0/0
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Fig. 5: Overall Throughput Comparison

Fig. 6: TP-TDMA Uplink Frame in MADWiFi

Further examination of the voice statistics in Table I sug-
gests the improvements offered by fixed scheduling of voice
traffic results in negligible variation in delay. The percentage
of successfully received voice packets for TP-TDMA however
is less than EDCA as voice packets in TP-TDMA are not
retransmitted due to time-sensitivity.

The average per station throughput for downlink/uplink
best-effort traffic in TP-TDMA is 2.69/1.27Mbps compared to
0.62/1.72Mbps in EDCA. The best-effort throughput in TP-
TDMA is notably higher than EDCA. This results from the
dynamic allocation scheme utilizing regions of lower bitrate
video to increase best-effort throughput. Furthermore, these re-
sults demonstrate that unlike EDCA, TP-TDMA is able to per-
form some admission control to manage the downlink/uplink
best-effort ratio. Finally Figure 5 displays the throughput
achieved by each class of traffic using both protocols. This
Figure shows that even though both protocols utilize the same
physical layer datarate, the overall throughput achieved by
TP-TDMA is approximately 28% higher than EDCA. These
improvements are achieved by reducing or eliminating many of
the previously discussed inefficiencies of the 802.11e EDCA.

V. HARDWARE IMPLEMENTATION

In order to observe real-world operation of TP-TDMA, the
protocol is implemented using the MADWiFi architecture.
Firstly, the features discussed in [6] are disabled or modified.
Next, the 802.11e headers are modified to conform to TP-
TDMA specifications and all contention mechanism features
are disabled. The frame duration is configured to 19 Time
units (19.456ms) and the MADWiFI beacon preparation timer
is used for controlling the start of each frame. Configured
transmission rates for packets are as follows: 54Mbps for best-
effort and video packets; 24Mbps for voice packets and 6Mbps
for control packets (beacon/poll/poll end).

Due to the limitations inherent in implementation via MAD-
WiFi, the following modifications are made in the hardware
implementation of TP-TDMA. First, the MADWiFi implemen-
tation uses polling start and end packets to trigger a hardware
receive interrupt in all stations as the driver system imposes
restrictions timing granularity. The duration of time taken to
poll a station is the sum of the transmission time of the
polling packet and the time taken for a station to process
a hardware interrupt. The duration of time to transmit the
polling packet is easily computed while the distribution of
the interrupt processing delay is found experimentally. The
modified version of the TP-TDMA timing diagram is shown
in Figure 6.

The experimental setup involves one desktop computer
utilizing a D-Link AG530 network card serving as the AP
and two laptops equipped with D-Link DWL-AG650 network
cards serving as stations. Voice packets are simulated in the
driver while other traffic is as described.

The experiment is performed as follows. In the first test,
the AP transmits MPEG-2 video utilizing the VideoLAN [14]
software to both stations for500 seconds. Both the AP and
stations have line of sight communication and the distance
between them is varied between 5 and 30 feet. The end-to-
end packet delay, number of successful packets and number
of displayed frames on the client software is measured at each
distance. For the second test, best-effort traffic is introduced
into the same experiment. This is done using theIperf [15]
software available in Linux. Iperf is configured to offer UDP
traffic at a bitrate of 1Mbps to each station.

In Figures 7 and 8, the video packet jitter for both 10
and 20 feet is shown respectively. These Figures demonstrate
negligible difference in jitter performance of video traffic with
and without the presence of best-effort traffic. This suggests
that best-effort traffic has little to no negative effect on the
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performance of video traffic. In Figure 9, the delay density
function for best-effort traffic at3 different distance points
is given. At 30ft, there exists a higher probability of packets
incurring a larger delay than than shorter ranges. Figure 10
shows the percentage of successfully delivered video packets.
As shown, the successful percentage begins to drop abruptly
around 30ft. Next, in Figure 11, the percentage of displayed
frames for both scenarios is shown. Again these results show
that introduction of best-effort traffic has little effect on video
performance. Finally in Figure 12, the total throughput for
each traffic class is shown. This is the combined throughput
of both stations. As expected, this shows little variation in the
throughput achieved at each range.

VI. CONCLUSION

This work focuses on the feasibility of using existing
WLAN technology to deliver Triple Play services. The paper
examines the design, software evaluation, and hardware testing
of a MAC protocol to deliver these services. The results show
that by proper MAC design with consideration for individual
traffic requirements, improvements in network performance
can be achieved. In addition, this work demonstrates that itis
possible (albeit with some impairments) to obtain some initial
experimental results utilizing existing, off-the-shelf,WLAN
hardware. This initial step is pivotal in the development pro-
cess, as it allows designers to observe preliminary performance
criteria of designed MAC schemes in low-cost development
framework prior to large-scale, hardware development.
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