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Abstract - This paper proposes a scheduling algo-
rithm, the Wireless Timed Token Protocol (WTTP) 
for the Access Point of an IEEE 802.11e wireless 
network, to serve traffic streams with QoS guaran-
tees. WTTP provides the established streams with 
rate-based guarantees. Furthermore, it makes the 
capacity not used by those streams available to con-
tention-based access. The performance of WTTP is 
compared to that of a reference scheduler defined in 
the 802.11e draft standard using the ns2 simulator. 
The results show that WTTP outperforms the refer-
ence scheduler with VBR traffic, both in terms of 
resource utilization and maximum number of ad-
mitted flows. 

1. Introduction 
In recent years Wireless Local Area Networks 

(WLANs) have become very popular due to the in-
creasing interest of residential and office customers in a 
ubiquitous service. Within this framework, the IEEE 
802.11 has established itself as the worldwide standard 
in indoor and outdoor wireless LANs [13]. 

On the other hand, the high level of performance 
provided by the wired networks is driving users toward 
an emerging set of applications with Quality of Service 
requirements, such as phone or videoconference over 
IP networks, which have variable bit rate traffic and 
strict delay bounds. Those applications will coexist 
with legacy TCP-based applications, which have no 
specific QoS requirements. In order to support applica-
tions with QoS requirements the upcoming IEEE 
802.11e amendment enhances the IEEE 802.11 MAC 
with two additional access functions: the Enhanced 
Distributed Channel Access (EDCA) function, which is 
based on a distributed control and enables prioritized 
channel access, and the HCF Controlled Channel Ac-
cess (HCCA) function, which instead requires central-
ized scheduling, and allows the applications to negoti-
ate parameterized service guarantees [14]. 

The IEEE 802.11e draft standard does not specify a 
mandatory scheduling algorithm; a reference scheduler 
is reported instead for informational purposes. How-
ever, the reference scheduler is specifically tailored to 
constant bit rate traffic, which makes it inefficient for 
servicing variable bit rate traffic, e.g. a multimedia 
stream [8]. In this paper, we propose a novel schedul-
ing algorithm, namely the Wireless Timed Token Pro-
tocol (WTTP), which explicitly takes into account two 

different types of traffic: HCCA traffic flows and traf-
fic using contention-based access functions, i.e. EDCA 
or DCF. More specifically, it provides those flows that 
have been admitted to use the HCCA function with 
rate-based guarantees. However, it strives to satisfy 
their requirements so as to make the capacity temporar-
ily not used by (although reserved for) the HCCA 
flows fully available for traffic transmitted on a conten-
tion basis. The WTTP algorithm was implemented in 
the ns2 [12] simulator and compared with the reference 
scheduler under different scenarios. The performance 
results confirm that WTTP is more effective in schedul-
ing VBR traffic than the reference scheduler, in terms 
of the maximum number of flows that can be admitted 
while guaranteeing a specified performance level. 

The rest of the paper is organized as follows. Sec-
tion 2 introduces the IEEE 802.11 standard and the 
IEEE 802.11e enhancements. Section 3 overviews the 
related work. In Section 4 the WTTP scheduling algo-
rithm is described. Sections 5 and 6 outline the simula-
tion environment. The results are discussed in Section 
7 and conclusions drawn in Section 8. 

2. Protocol description 
This section briefly describes the IEEE 802.11 MAC 

protocol [13] and the enhancements proposed in the 
IEEE 802.11e amendment [14]. 
2.1. IEEE 802.11 MAC 

The IEEE 802.11 includes two access mechanisms: 
the Distributed Coordination Function (DCF) and the 
Point Coordination Function (PCF). The DCF uses a 
CSMA/CA access scheme [3]: for a station (STA) to 
transmit, it shall sense the medium to determine if 
another STA is transmitting; if the medium is idle, then 
the transmission may proceed; if the medium is busy, 
then the STA shall defer until the end of the current 
transmission. The STA performs a backoff procedure 
after deferral in order to minimize collisions; the back-
off procedure starts after the medium has been sensed 
idle for a DCF Interframe Space (DIFS). When a uni-
cast frame is correctly received by an STA, the latter 
transmits an acknowledgment frame after a Short Inter-
frame Space (SIFS), which is shorter than DIFS in 
order to prevent deferring stations from interrupting 
ongoing frame exchange sequences. 

If the Point Coordination Function is used, then the 
AP alternates a Contention-Free Period (CFP) with a 
Contention Period (CP). During the CP, the above DCF 
transfer rules apply. During the CFP the AP polls the 
stations that are in the CF poll list, using an implemen-
tation-dependent algorithm. When polled, a station 

*This work has been carried out within the framework of the 
QUASAR project, funded by the Italian Ministry of Education, Uni-
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Figure 1. HCCA frame exchange sequence example. 

transmits an MSDU. The AP may also use the CFP to 
transmit frames addressed to associated stations. The 
first frame of the CFP is transmitted by the AP at regu-
lar intervals (Target Beacon Transmission Time, 
TBTT) after the medium has been sensed idle for a 
duration greater than a PCF Inter-Frame Space (PIFS), 
which is chosen such that SIFS < PIFS < DIFS. 

Even though it has been shown that the PCF per-
forms better than the DCF with real-time traffic [16], it 
is nevertheless unable to guarantee that associated 
stations will have a parameterized QoS. The reasons 
behind this failure are: (i) the lack of knowledge at the 
AP of the traffic specifications and requirements; (ii) 
no mechanism to determine if a station actually has 
data to send, which leads to a high polling overhead; 
(iii) the interval between two CFPs is too large and the 
duration of the CFP is limited; (iv) the TBTT may be 
delayed due to stations unaware of the PCF procedure; 
and, finally, (v) no admission control can be performed 
at the AP [19]. 
2.2. IEEE 802.11e MAC 

The IEEE 802.11e standard, currently in a draft but 
stable state, describes enhancements to the MAC ser-
vices and functions aimed at enabling Quality of Ser-
vice provisioning. Two access mechanisms are defined 
in addition to DCF and PCF: the Enhanced Distributed 
Channel Access (EDCA) and the HCF Controlled 
Channel Access (HCCA). In order to ensure compati-
bility with legacy devices, the standard allows the co-
existence of DCF and PCF with EDCA and HCCA. 

The EDCA achieves traffic differentiation in a dis-
tributed manner [20]. At each QoS Station (QSTA) 
four Access Categories (AC) are defined, whose traffic 
contends for the medium using different access pa-
rameters, such as the minimum contention window. In 
an infrastructure network, the set of parameters for 
each category is advertised by the QoS Access Point 
(QAP), which also performs the admission control. 

The HCCA is a centralized access mechanism con-
trolled by the Hybrid Coordinator (HC), which resides 
in the QAP. Each QSTA may have up to eight estab-
lished Traffic Streams (TS). A TS is characterized by a 
Traffic Specification (TSPEC) which is negotiated 
between the QSTA and the QAP. Mandatory fields of 
the TSPEC include the Mean Data Rate, the Delay 
Bound, and the Nominal SDU Size. For all established 
streams the QAP is required to provide a service that is 
compliant with the negotiated TSPEC under controlled 
operating conditions. 

The QAP enforces the negotiated QoS guarantees by 
scheduling Controlled Access Phases (CAPs). A CAP 
is a time interval during which the QAP may either 
transmit MSDUs belonging to established downlink 

TSs or poll one or more QSTAs by specifying the 
maximum duration of the transmission opportunity 
(TXOP).1 A QSTA is never allowed to exceed the 
TXOP limit imposed by the QSTA, including inter-
frame spaces and acknowledgments. If the TS of a 
polled QSTA is not backlogged, then the QSTA re-
sponds with a Null frame. Figure 1 shows a sample 
CAP during which the QAP transmits two data frames 
and polls the QSTA, which in turn transmits two data 
frames. It is worth noting that the scheduling of CAPs, 
i.e. of HCCA traffic streams, also affects the overall 
capacity left for contention-based access, i.e. EDCA 
and DCF.  

The CAP scheduling procedure is not part of the 
standard, although a reference scheduler is defined in 
[14]. The reference scheduler requires that flows spec-
ify the following TSPEC parameters: Mean Data Rate, 
Nominal SDU Size, Maximum SDU Size and Maxi-
mum Service Interval (MSI). The MSI of a given flow 
is the maximum time that elapses between the start of 
two consecutive service periods of that flow. The ref-
erence scheduler produces TDM-like schedules: each 
TS is periodically allocated a fixed amount of capacity. 
The period is called Service Interval (SI) and it is the 
same for all traffic streams. It is computed as the small-
est value of the admitted MSIs. The TXOP duration is 
then set to the time required to transmit all the packets 
of Nominal SDU Size that arrive at the negotiated 
Mean Data Rate during the SI. The TXOP is rounded 
up to contain an integer number of packets of Nominal 
SDU Size. In order to avoid head-of-line blocking, the 
actual TXOP value is the maximum between the value 
obtained by the above procedure and the time to trans-
mit a packet of Maximum SDU Size. 

As stated above, the reference scheduler produces a 
periodic schedule. On the other hand, multimedia traf-
fic is inherently of variable bit rate. However, serving 
VBR traffic with periodic schedules may result in wast-
ing resources, since overprovisioning (with respect to 
the mean data rate) is required in order to provide delay 
bounds. This has also been shown in [8], where the 
authors present a simulation study that highlights the 
inability of the reference scheduler to handle VBR 
traffic. 

3. Related Work 
Over the last few years, the scheduling problem in 

                                                           
1 In order to ensure backward compatibility with PCF, the QAP 

may periodically generate CFPs as a PC. In this case, the QAP is 
allowed to schedule CAPs during both contention- and contention-
free periods. In this paper we focus on HCCA only, hence we assume 
that the QAP does not act as a PC. 



wireline networks has been extensively studied in the 
literature [24][25]. Many different algorithms have 
been proposed, whose performance guarantees can 
have a statistical or deterministic characterization. 
Unfortunately, these algorithms, and the related proper-
ties, are not directly applicable to the scheduling prob-
lem in wireless networks. In [5] the authors provide an 
exhaustive analysis of the problems and challenges 
inherent in wireless environments. These include: (i) 
the capacity of a wireless link is highly variable on 
both a time-dependent and a location-dependent basis; 
(ii) the notion of fairness, which is well defined in a 
wireline network [21], is much more blurred in a wire-
less environment, in which channel characteristics are 
in fact variable; (iii) even though QoS differentiation 
and guarantees should be supported, the scheduling 
algorithms should also deal with the inherent character-
istics of the wireless environment (iv) since bandwidth 
is a scarce resource in wireless networks, the schedul-
ing procedures should strive to maximize the channel 
utilization; (v) in the case of mobile hosts, scheduling 
should be concerned with minimizing the energy con-
sumption of served nodes; and, finally, (vi) since the 
wireless communication systems usually involve the 
use of low-performance hardware devices, the schedul-
ing algorithm should not be too complex.  

Clearly, addressing all the aforementioned issues 
goes beyond the scope of a single work. Thus, in the 
rest of the paper, we will only focus on points (iii), (iv), 
and (vi), i.e. QoS constraints, channel utilization and 
scheduling complexity, since these are more strictly 
related to the scheduling problem in the 802.11e 
HCCA. In this context, a number of different ap-
proaches for scheduling CAPs using HCCA have been 
proposed in the recent past. All of them exploit some 
optional features of the 802.11e in order to improve 
performance with respect to the reference scheduler. In 
the rest of this section we briefly describe four repre-
sentative algorithms, which roughly fit into two 
classes: real-time scheduling algorithms and algorithms 
based on queue length estimation. 
3.1. Real-time scheduling algorithms 

In [10] the authors propose a scheduling algorithm 
based on the well-known Earliest Due Date (Schedul-
ing based on Estimated Transmission Time, SETT-
EDD). SETT-EDD requires that, in addition to the set 
of parameters required by the reference scheduler, 
flows specify the minimum service interval (mSI), 
which is the minimum time that must elapse between 
two consecutive service periods. 

During the setup phase, all the traffic streams are 
aggregated on a per-QSTA basis: the aggregate mean 
data rate is computed as the sum of the mean data rate 
values, the aggregate maximum burst size is computed 
as the sum of the maximum SDU size values, and the 
aggregate minimum and maximum service intervals are 
computed as the minimum of the corresponding values. 
The average TXOP durations of all the QSTAs are 
computed as in the reference scheduler. The aggregate 
mean data rate and maximum burst size are then used 
to initialize a token bucket for each QSTA, which is 
used to estimate the amount of backlogged traffic at the 

QSTA. At run-time, CAPs are scheduled according to 
the following algorithm, based on EDD: if a QSTA is 
served at time t, then it will be served again at a time t' 
such that t mSI t t MSI′+ ≤ ≤ + . 

The SETT-EDD algorithm has been shown to per-
form better than the reference scheduler, especially 
with video streaming traffic. This improvement is 
mainly due to the more efficient way of dealing with 
TSs that have different requirements in terms of Maxi-
mum Service Interval. One drawback of this approach 
is that it exhibits a high online computational complex-
ity: in fact it may require as many as O(n) operations 
per slot, where n is the number of QSTAs with at least 
one established TS. 

In [17] the authors propose a scheduling algorithm 
that explicitly considers both periodic and aperiodic 
traffic, and is aimed at maximizing channel utilization. 
This is done by (i) concatenating consecutive TXOPs 
whenever possible, in order to reduce the polling over-
head, and (ii) scheduling TXOPs only to QSTAs which 
perceive that the channel is in a good state. This re-
quires a MAC signaling protocol that notifies the QAP 
of slow-changing channel state information, such as the 
one currently under specification in the Task Group k 
of the IEEE 802.11 committee [15]. More specifically, 
TSs are classified into periodic and aperiodic. In a 
scheduling period, periodic TSs are served first. After 
that, the remaining service period is filled by granting 
TXOPs to non-periodic TSs. This is done using a dead-
line-based approach: a TXOP is served as late as possi-
ble without violating its deadline, which is set equal to 
the Delay Bound advertised in the TSPEC. Since the 
QAP does not know the arrival time of uplink packets, 
the worst case is assumed, that is the next packet is 
enqueued as soon as the previous one has been dis-
patched. Once this procedure has been completed, all 
subsequent TXOPs are concatenated, whenever possi-
ble, in order to reduce the MAC overhead due to poll-
ing and acknowledging. A simulation study shows that 
the proposed algorithm performs better than the refer-
ence scheduler in both error-free and erroneous chan-
nel conditions, using both periodic and non-periodic 
traffic. 

Even though the aforementioned algorithms have 
been shown to achieve good performances, it is worth 
noting that they require a high computational overhead, 
which, as discussed above, might not be feasible in a 
wireless environment. 
3.2. Algorithms based on queue length estimation  

In order to let the QAP know the status of the 
queues at the QSTAs, the 802.11e defines the follow-
ing optional feature. QSTAs may piggyback informa-
tion on the length of their transmission queues using a 
specific field of the MAC header. The latter only ap-
pears in QoS frames, and contains the length (in multi-
ples of 256 bytes) of the transmission queue of the TS 
to which the packet belongs. This optional feature of 
the 802.11e is used in the algorithms that follow. 

In [1], the information provided by the QSTAs 
about the status of their own queues is used to feed a 
control system at the QAP that estimates the actual 
requirements of the established TSs. The resulting 



scheduler is the Feedback Based Dynamic Scheduler 
(FBDS). FBDS schedules are periodic: on each period 
TCA, all the TSs are scheduled a TXOP whose duration 
depends on the requirements estimated by the control 
system. If the sum of the allocations is greater than the 
duration of the period, then all the TXOPs are de-
creased proportionally. The effectiveness of the pro-
posed approach has been tested under several different 
simulated scenarios. 

The piggybacking of queue length information is 
also exploited in [2], although in a different frame-
work. The scheduling procedure (Fair HCF, FHCF) is 
similar to that of the reference scheduler: the QAP 
schedules the TXOPs each Service Interval, which is 
computed as the minimum among the MSI values of 
the established TSs. However, at the start of each SI, 
the QAP performs the following operations: (i) it com-
putes the TXOP duration of each TS, and (ii) it tunes 
the allocation by fairly redistributing the unused SI 
time, if any, or by fairly decreasing the TXOP duration 
to the TSs if the sum of the TXOPs exceeds the SI. 

The computation of the TXOP duration is based on 
a comparison between the actual and estimated queue 
length distributions. To estimate the requirements of 
the TSs, the QAP uses a window of a fixed number of 
collected samples, which are combined at the begin-
ning of each SI. Moreover, since the QAP only sched-
ules a QSTA (rather than a specific TS on a QSTA), 
the authors of [2] also propose that each QSTA runs 
the same algorithm in order to arbitrate among its TSs, 
this time using the actual queue lengths as input pa-
rameters. FHCF has been shown to be more efficient 
than the reference scheduler in the presence of mixed 
CBR and VBR traffic. In fact, it can admit a higher 
number of TSs with respect to the reference scheduler, 
while still providing the same QoS guarantees. The 
poorer performance of the reference scheduler in terms 
of the number of admitted VBR TSs is in fact due to 
the bandwidth overprovisioning that is necessary to 
obtain feasible delays. Since the FHCF scheduler dy-
namically adapts the allocation to the actual needs of 
the VBR TSs, such overprovisioning is not necessary.  

Both algorithms inherit from the reference scheduler 
the periodic scheduling of the set of admitted TSs. 
Therefore, their main contribution consists in a proce-
dure that estimates the actual requirements of the up-
link queues. The latter is performed only once for each 
scheduling period, and hence the computational over-
head is much less than that of the real-time schedulers. 
However, they are based on the optional feature of 
queue length piggybacking, which may not be available 
on all devices. 

In the following section we describe the main con-
tribution of this paper, i.e. the WTTP algorithm. Unlike 
all the above algorithms, it is not based on periodic 
scheduling of CAPs. Moreover, it combines scheduling 
of HCCA TSs with capacity allocation for contention-
based access. Thus, our contribution cannot be classi-
fied into either of the classes presented above. Never-
theless, WTTP is considerably simpler than the real-
time scheduling algorithms that we have reviewed. 
Furthermore, it does not require any optional feature, 

such as piggybacking. 
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Figure 2. WTTP scheduler. 

4. Wireless Timed Token Protocol 
In this section we describe the Wireless Timed To-

ken Protocol (WTTP) scheduler. WTTP is based on the 
Timed Token Protocol (TTP) [11][22], which is a to-
ken passing scheme employed as the MAC protocol for 
ring-based networks, such as the Fiber Distributed Data 
Interface (FDDI). In TTP there are two types of traffic 
flows: (i) synchronous flows, with real-time service 
requirements, and (ii) asynchronous flows, which are 
served in a best-effort manner. The token circulation is 
paced based on the Target Token Revolution Time 
(TTRT), which is a protocol parameter negotiated 
among all nodes. The synchronous flows are allocated 
a portion Hi – also called synchronous capacity – of the 
TTRT, that they may use to transmit frames when they 
receive the token. On the other hand, the asynchronous 
flows are not reserved any capacity: they may transmit 
frames only if the token arrives earlier than expected, 
i.e. before a TTRT time has elapsed from the last token 
visit. The early arrival of the token usually occurs 
when the synchronous flows consumed less than the 
reserved capacity during the previous token revolution.  

In this perspective, the  802.11e is very similar to 
the TTP, since it needs to schedule capacity for two 
different types of traffic simultaneously, i.e. HCCA 
TSs and traffic using contention-based access func-
tions. Accordingly, WTTP applies the TTP rules for 
scheduling CAPs so as to provide HCCA TSs with 
rate-based guarantees, and for computing the amount 
of capacity which it makes available to traffic transmit-
ted on a contention basis. 

Figure 2 shows the WTTP system model. Each es-
tablished TS, both uplink and downlink, is represented 
by a packet queue (synchronous queue). So as each 
synchronous flow in a TTP ring holds a token for a 
given time, in WTTP the QAP polls each synchronous 
queue, allowing it to transmit its frames for a synchro-
nous capacity proportional to the negotiated Mean Data 
Rate of the corresponding TS. When scheduling 
downlink CAPs, the QAP only takes into consideration 
backlogged downlink queues. When an empty 
downlink queue receives a packet, then a reference to it 
is added to the list of synchronous queues. Instead, 
uplink queues in the system model act as a placeholder 
for the real queues which reside in the QSTAs. Since 
the QAP is not aware of the status of uplink queues at 
the QSTAs, it always considers the uplink queues to be 
backlogged and therefore it always polls them at each 



round. If an uplink synchronous queue is not back-
logged when polled by the QAP, the QSTA responds 
with a Null frame. 

On the other hand, contention-based traffic is repre-
sented by a virtual queue (asynchronous queue). If the 
QAP finishes its CAP early, then it lets contention-
based traffic take control of the medium for a limited 
time, so as to maintain a stable polling interval for the 
TSs. As shown in Figure 2, WTTP considers all queues 
in a round-robin fashion. However, in order to limit the 
duration of a round, a reference duration TTRT is se-
lected. Synchronous capacities are selected as a frac-
tion of the TTRT. The asynchronous queue, instead, is 
not reserved a portion of TTRT. However, on each 
round it is allowed to access the medium until the 
TTRT has elapsed. Therefore, any capacity temporarily 
not used by synchronous queues can be exploited by 
contention-free traffic. 

WTTP continuously iterates the procedure in Fig-
ure 3, which corresponds to a token revolution. The 
variable h_sum is initialized with 0 (line 1) and stores 
the elapsed time from the beginning of the current 
revolution (9). All the synchronous queues are consid-
ered in turn (2). Each synchronous queue maintains a 
deficit counter (3) which takes into account the residual 
capacity that the queue could not exploit during the 
previous revolution; this value is non-zero if the head-
of-line packet did not fit into the remaining service 
period capacity (10). This is the same mechanism used 
by the Deficit Round Robin scheduling algorithm [23], 
and it ensures fairness with variable length packets. If 
the queue corresponds to a downlink queue, then the 
QAP transmits one or more packets up to the value of 
the deficit counter (8). If the queue corresponds to an 
uplink queue, then the QAP polls the QSTA with a 
TXOP limit set to the deficit counter value (5-6), which 
also includes the time to poll the QSTA. In both cases, 
the time spent servicing the queue is stored in h and 
added to the duration of the ongoing revolution h_sum 
(9). When the schedule service finishes the QAP com-
putes how early (late) the server is in visiting the asyn-
chronous queue with regard to the expected revolution 
duration (11). This is achieved by recording in the TRT 
variable the residual time to exhaust the TTRT (11, 
13); TRT is initialized at the server startup with the 
value of TTRT. If the token is early, then the conten-
tion-based traffic is left the remaining TRT (12-13). 

Otherwise, if the token is late, the procedure resumes 
immediately (15). 

It may be noted that the name of the TRT variable is 
inherited from the TTP, in which all the nodes keep a 
counter, named Token Rotation Timer (TRT), to meas-
ure the earliness (lateness) of the received token. Each 
TRT is initialized with TTRT and always counts down 
while the node is operational. A TRT is refilled with 
TTRT whenever it reaches zero and whenever an early 
token is received. Since WTTP has only one queue that 
uses the token status information, i.e. the asynchronous 
queue, the QAP only keeps one TRT variable. 

A similar approach, i.e. applying the TTP rules to 
packet scheduling in a centralized manner, has been 
used by the Timed Token Service Discipline (TTSD) 
[18], proposed as an algorithm to schedule packets at a 
single output wired link for QoS and non-QoS flows. 
In [18] the authors show that (i) the synchronous flows 
are guaranteed a minimum rate and (ii) the asynchro-
nous flows fairly share the bandwidth not reserved for 
(or temporarily not used by) the synchronous flows. 
These properties are expected to hold also for WTTP, 
though further investigation is needed to formally 
prove this assertion. 

5. Traffic models 
This section describes the traffic models used in the 

performance analysis. We consider two types of QoS 
traffic: audio and video. Data traffic is also considered. 
Stations with data traffic operate in asymptotic condi-
tions, i.e. they always have a frame to transmit. The 
packet length of data traffic is constant and equal to 
1500 bytes. 
5.1. Audio 

An audio stream is characterized by the encoding 
scheme and the packet arrival pattern. We simulate two 
different audio encoding schemes (G.711, G.723.1) 
whose parameters are shown in Table 1, where Hd is 
the cumulative size in bytes of IP/UDP/RTP headers, 
and Rate is the gross transmission rate in Kbps [7]. 

Audio traffic can be modeled as an ON/OFF source: 
during the ON periods (also called talkspurt periods) 
the traffic is CBR with parameters that depend on the 
encoding scheme; during the OFF periods (also called 
silence periods) no packets are generated. 

We simulate the following ON/OFF sources: 
• cbr: (limit case) the talkspurt period never ends; 
• traditional: talkspurt and silence periods are dis-

tributed according to exponential distributions 
with mean 1.004 and 1.587, respectively [4]. 

5.2. Video 
We simulate the video traffic according to pre-

encoded MPEG4 trace files [9]. MPEG4 encoders 
produce video streams with frames of variable size at 
fixed intervals. The “Gupta” and “Reisslein” video 
streams (see Table 2) have been encoded using a frame 
rate of 30 fps, which corresponds to a frame interarrival 

1.  h_sum = 0 
2.  foreach synchronous flow i 
3.  i.delta += i.H 
4.  if ( i.direction == uplink ) 
5.     poll (i, i.delta) 
6.     h = receive () 
7.  else 
8.     h = transmit (i, i.delta) 
9.  h_sum += h 
10. delta = max (0, i.delta - h) 
11. if ( TRT - h_sum > 0 ) 
12.    sleep (TRT - h_sum) 
13.    TRT = TTRT 
14. else 
15.    TRT = TTRT + (TRT - h_sum) 

Figure 3. WTTP algorithm pseudo-code. 

Codec Size Hd Pkts/s Rate 
G.711 160 40 50 80 
G.723.1 30 40 22 12.3 

Table 1. Audio traffic parameters. 
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Trace I 
ms 

MR
Kbps

PR 
Mbps 

MDR 
Kbps 

Fitzek  40 58 0.69 175 
Gupta 33 70 0.84 154 
Reisslein 33 72 1.0 182 

Table 2. Video traces used in simulation. 
 

Parameter Value 
SIFS (µs) 10 
PIFS (µs) 30 
DIFS (µs) 50 
SlotTime (µs) 20 
PHY header (µs) 192 
Data rate (Mb/s) 11 
Basic rate (Mb/s) 1 

Table 3. Simulation parameters. 

time of 33 ms, while the “Fitzek” (see Table 2) frame 
rate is 25 fps, corresponding to a frame interarrival time 
of 40 ms.  

Table 2 reports the frame interarrival time (I), the 
Mean Rate (MR) and the Peak Rate (PR) of each video 
stream. The table also reports the additional Mean Data 
Rate (MDR) parameter to be used for the TSPEC nego-
tiation. The latter is determined as the smallest rate 
such that the 95th percentile of the access delay is 
smaller than the frame interarrival time, assuming that 
the video stream is transmitted by a HCCA TS which is 
granted a TXOP of fixed duration at exactly the same 
rate as the frame rate. 

6. Performance metrics 
This section introduces the metrics used to evaluate 

the performance of the scheduling algorithms under 
consideration. 

As far as HCCA is concerned, we consider the ac-
cess delay. The latter is the time elapsed from the 
packet reaching the MAC layer to that packet being 
successfully acknowledged. We collect the Cumulative 
Distribution Function (CDF) of the access delay. Fur-
thermore, we define the Null rate as the number of Null 
messages per second. The latter only applies to uplink 
flows and it is a direct measure of the overhead due to 
the specific polling scheme that is used by the corre-
sponding scheduling algorithm. 

With regard to contention-based access, we measure 
the throughput of a station that transmits data traffic in 
asymptotic conditions.  

7. Performance analysis 
In all our simulation scenarios, a variable number of 

stations contend to access the medium according to 
DCF and HCCA. The physical layer parameters are 
those specified by the High Rate Direct Sequence 
Spread Spectrum (HR-DSSS), also known as 802.11b, 
and are reported in Table 3. Although data integrity is a 
key requirement for data transmission, we assume that 
the wireless channel is error-free. Hence, MAC level 
fragmentation and multirate support are disabled. This 
assumption allows us to focus specifically on the sys-
tem’s performance in ideal conditions. Channel errors 
must obviously be taken into account in order to have a 
more realistic system model, but the analysis of their 
influence on the scheduling algorithms is left for future 

work. Furthermore, we assume that all nodes can di-
rectly communicate with each other. Therefore, the 
hidden node problem and packet capture are not taken 
into consideration, and the RTS/CTS protection mecha-
nism is disabled. 

We implemented the reference and the WTTP sched-
ulers in the ns-2 network simulator [12], using the 
HCCA implementation framework described in [6]. In 
all the simulation runs, we estimated the 95% confi-
dence interval for each performance measure. How-
ever, in the curves reported below, the confidence 
intervals are not drawn whenever negligible. 

Since we are comparing WTTP to the reference 
scheduler, we stick to the rule of setting the TTRT to 
the smallest Maximum Service Interval of the estab-
lished traffic streams (i.e. the SI of the reference sched-
uler) and the synchronous capacities Hi to a propor-
tional share of the TTRT, according to their Mean Data 
Rate. An optimal choice of TTRT and Hi requires fur-
ther investigation and is left for future work. 

We compare the reference and the WTTP algorithms 
under three different scenarios, as described below. 
7.1. Scenario 1: audio uplink only 

To compare the overhead of polling STAs in the ref-
erence and WTTP schedulers, we assess the perform-
ance of the system with a variable number of uplink 
G.711 audio flows, ranging from 1 to 16, the latter 
being the maximum number of such flows that the 
reference scheduler can support. The experiments were 
repeated using audio flows encoded according to the 
G.723 scheme. Since the results exactly match those 
related to G.711, they are not reported here. 

Figure 4 shows the CDF of the audio packet access 
delay for both scheduling algorithms, in the case of 
CBR traffic and for two different numbers of estab-
lished audio flows, i.e. 8 and 16, respectively. As ex-
pected, the reference scheduler performs much better 
than WTTP when the traffic is CBR. In fact, when the 
reference scheduler is used, the access delay is constant 
and lower than the packet interarrival time. This is 
because the packets are served periodically and consis-
tently with their CBR arrival pattern, hence the access 
delay is fixed and equal to the offset between the ser-
vice and the arrival start times, respectively. On the 
other hand, when WTTP is used, the CDF increases 
almost linearly up to a value nearly equal to the packet 
interarrival time, i.e. the access delay is distributed 



almost uniformly between zero and the packet interar-
rival time. 

Figure 5 shows the CDF of the audio packet access 
delay for both scheduling algorithms, when the traffic 
is ON/OFF, and again for the two cases of 8 and 16 
audio flows, respectively. In both cases, WTTP per-
forms better than the reference scheduler. In fact, the 
WTTP CDF always lies to the left of the reference 
scheduler CDF, and the gap increases when the number 
of audio flows decreases. The main reason for this 
result is that, due to the inherent cycle time properties 
of WTTP, the latter polls the QSTAs at a higher rate 
than the reference scheduler, thus reducing the time an 
audio packet has to wait for the next TXOP. 

This is confirmed by Figure 6, which shows the Null 
rate as a function of the number of flows for each 
scheduler. The average rate of the Null messages is 
almost constant when the reference scheduler is used. 
In particular, if the arrival pattern is CBR then the 
above rate is zero because the QAP exactly polls the 
QSTA once for each packet arrival: in this case the 
reference scheduler is optimum. On the other hand, if 
the audio source is ON/OFF, then the rate of the Null 
messages is greater than zero and it depends on the 
talkspurt-silence duty cycle. In both the CBR and the 
ON/OFF cases, the Null rate with WTTP is always 
greater than the corresponding value with the reference 
scheduler. Furthermore, it is not constant, but it de-
creases with the increasing number of audio flows. 

In conclusion, this scenario shows that, as expected, 
when CBR traffic is considered the reference scheduler 
performs better than WTTP in terms of access delay. 

However, in the case of ON/OFF traffic, the opposite is 
true, since audio traffic always experiences a smaller 
delay with WTTP than with the reference scheduler. 
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Figure 5. Scenario 1 access delay – ON/OFF. 
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Figure 7. Scenario 2 access delay. 
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7.2. Scenario 2: audio and data mix 
To evaluate the amount of capacity provided by both 

algorithms to contention-based traffic in presence of 
QoS-guaranteed flows, we devised a scenario in which 
there is a mix of audio and data traffic. More specifi-
cally, there are ten stations with data traffic in asymp-
totic conditions, and a variable number of bi-directional 
G.711 audio flows, ranging from 2 to 10. The latter is 
the maximum number of flows that the reference 
scheduler can support. As in Scenario 1, the perform-
ance results with G.723 audio flows are comparable 
and therefore they are not reported. 

Figure 6. Scenario 1 null rate. 

Figure 7 shows the CDF of the access delay of up-
link and downlink audio flows with ON/OFF traffic 
when their number is set to 10. As in Scenario 1, the 
CDF curves increase almost linearly irrespectively of 
the scheduling algorithm, up to a value nearly equal to 
the packet interarrival time. However, unlike the previ-
ous scenario, in this case a non negligible fraction of 
traffic experiences a delay greater than the packet in-
terarrival time. This is because the CAP start times may 
be delayed when contention-based traffic is present. In 
fact, contention-based frames may (i) collide with each 
other shortly before a CAP is scheduled or (ii) collide 
with the first frame that the QAP transmits to start a 
CAP. However, Figure 7 also shows that the WTTP 
distributions, both uplink and downlink, always lie to 
the left of the corresponding ones of the reference 
scheduler. Furthermore, the amount of traffic experi-
encing a delay exceeding the packet interarrival time is 
about 0.02, whereas the corresponding value for the 
reference scheduler is about 0.08. The reason is the 
same as explained in the previous scenario, i.e. WTTP 
polls audio flows at a higher rate than the reference 
scheduler. 

Figure 8 shows the throughput of a data station 
against the number of audio flows. When the audio 
source is CBR, then the throughput with the reference 
scheduler is higher than that with WTTP. This is be-
cause, as shown in the previous scenario, WTTP polls 
the audio flows at a higher rate than the packet arrival 
rate, and hence there is some unnecessary overhead due 
to Null message transmission. However, the Null rate is 
zero for the reference scheduler, and hence more ca-
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Figure 8. Scenario 2 throughput. 
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Figure 9. Scenario 3 access delay. 
 

pacity is available for data traffic. Since the Null rate 
decreases when the number of audio flows increases, 
the gap decreases when the number of flows increases. 
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On the other hand, if the audio source is ON/OFF, 
the opposite is true, i.e. the throughput with WTTP is 
higher than that with the reference scheduler. In fact, in 
this last case, both the reference scheduler and WTTP 
experience a Null rate greater than zero, since they poll 
audio flows during their silence periods. However, the 
overhead due to polling an idle uplink TS is higher 
with the reference scheduler. In the latter case, when 
the QAP receives a Null message, the channel remains 
idle until the next TXOP or the end of the CAP, 
whereas WTTP immediately serves the next TS. The 
higher the number of audio flows, the higher the over-
all Null rate, hence, the gap between the curves in-
creases. 

Figure 10. Scenario 3 throughput. 

In conclusion, this scenario confirms that WTTP im-
proves the performance of the audio flows in terms of 
access delay, even in the presence of data traffic. Fur-
thermore, WTTP provides the contention-based traffic 
with a higher amount of capacity at higher loads. 
7.3. Scenario 3: Video and data mix 

In this last scenario, we evaluate the performance 
with VBR traffic. The number of stations with data 
traffic in asymptotic conditions is set to 5; the number 
of bi-directional video flows ranges from 1 to the maxi-
mum number of admitted flows. As an admission con-
trol rule, we require the 95th percentile of the access 
delay to be smaller than the frame interarrival time. 

Table 4 reports the maximum number of flows ad-
mitted by the reference and WTTP algorithms for each 
pre-encoded video trace. As shown in the table, the 
number of flows that can be served by WTTP is much 
higher than that of the reference scheduler, which is 
therefore less efficient from an admission control limit 
point of view. The poorer performance of the reference 
scheduler with VBR traffic is due to the fact that by 
necessity it wastes the overprovisioned capacity. In 
fact, when a VBR stream does not entirely exploit its 
allocated TXOP, the channel remains idle until either 
the start of the subsequent TXOP or the end of the 

current CAP. In such conditions, on the other hand, 
WTTP immediately serves the next TS or lets the con-
tention-based traffic take control of the channel. There-
fore, WTTP can actually exploit statistical multiplexing 
of VBR traffic. 

Figure 9 shows the CDF of the access delay of a 
video flow when the number of established video flows 
is the maximum allowed by the reference scheduler. 
With VBR traffic the behavior of both schedulers is 
dependent on the video trace: the “Fitzek” WTTP curve 
lies entirely below the reference one; instead, the 
“Gupta” and “Reisslein” reference curves have heavier 
tails than the WTTP ones. In all cases, the CDF values 
of WTTP are more uniformly distributed than the refer-
ence values; this is due to the round-robin nature of 
WTTP. 

Figure 10 reports the throughput of the contention-
based traffic against the number of established video 
flows for each video trace under consideration. In all 
cases, the throughput achieved with WTTP is consid-
erably higher than that with the reference scheduler. 
The reason is again that WTTP can make the unused 
capacity available for contention-based access.  

In conclusion, this scenario shows that WTTP is 
more efficient than the reference scheduler with video 
and data traffic mixture, in terms of: (i) maximum 
number of admitted video flows (ii) capacity allocated 
to contention-based traffic. 

Trace reference WTTP
Fitzek 6 12 
Gupta 6 16 
Reisslein 6 16 

Table 4. Scenario 3: Number of flows admitted. 

8. Conclusions and future work 
In this work we devised a scheduling algorithm, 

based on the Timed Token Protocol (TTP), to be im-



plemented at the QAP of an IEEE 802.11e network to 
schedule flows with rate-based guarantees and allocate 
the unused capacity to contention-based traffic. Fur-
thermore, we carried out a simulative analysis to com-
pare the above scheduling algorithm with the reference 
scheduler proposed in the IEEE 802.11e standard. 

This analysis highlighted that WTTP is more effi-
cient than the reference scheduler when the HCCA 
traffic is VBR, in terms of (i) number of flows that the 
QAP may admit without significant performance deg-
radation, and (ii) capacity allocated to the contention-
based traffic. When the traffic is CBR there are cases 
when the reference scheduler is better than WTTP in 
terms of capacity allocated to the contention-based 
traffic. 

This work can be extended in many directions, in-
cluding, for example: analysis of the formal properties 
of the WTTP algorithm; adaptation of the system 
model to non-ideal channel conditions; and integration 
of queue estimation algorithms into the scheduling 
mechanism in order to reduce the MAC overhead. 
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