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Abstract

Link layer error control is widely adopted in Wireless
LANs (WLANs) to hide the unreliability of the wireless
channel to higher level protocols. This allows classic end-
to-end congestion control algorithms to achieve accept-
able throughput even in the presence of radio links. The
present work investigates the performance of Westwood+
and NewReno TCP over a noisy wireless LAN channel. In
particular, the effect of local error control persistency on the
end-to-end performances of Westwood+ and NewReno TCP
is addressed. The investigation has been carried out by us-
ing ns-2 computer simulation. Simulation results show that
(1) in the presence of uniformly distributed packet losses a
well tuned local error control leads both Westwood+ and
NewReno TCP to full network utilization; (2) in the pres-
ence of bursty losses Westwood+ TCP improves the good-
put with respect to NewReno TCP also in the presence of
local error control; in particular, Westwood+ TCP requires
a smaller number of retransmissions at the link layer than
New Reno to achieve full utilization of the wireless channel.

1 Introduction

The objective of end-to-end TCP congestion control is
to regulate the sending rate of the data sources in order to
match the network capacity [16, 12]. TCP congestion con-
trol is based on the self-clocking principle, which states that,
in order not to exceed the network capacity, a new segment
can be transmitted only when a previous one has left the net-
work. For that purpose the congestion window (cwnd), is
used to bound the number of released and not yet acknowl-
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edged segments (i.e. the outstanding segments) [16, 19].
In order to achieve high network utilization while guar-
anteeing sudden reactions to network congestion, the self-
clocking principle is coupled with the additive increase mul-
tiplicative decrease probing paradigm (AIMD)[7, 8]. In the
AIMD mechanism, the cwnd is additively inflated until the
network capacity is hit and a congestion episode happens.
The sender becomes aware of congestion via the reception
of duplicate acknowledgments (DUPACKs) or the expira-
tion of a timeout. Then it reacts to light congestion (i.e. 3
DUPACKs) by halving the congestion window (fast recov-
ery) and sending again the missing packet (fast retransmit),
and to heavy congestion (i.e. timeout) by reducing the con-
gestion window to one. This is the multiplicative decrease
phase that quickly shrinks the input rate after congestion.

While today end-to-end TCP congestion control can in-
sure that network capacity is not exceeded, it cannot insure
fair sharing of that capacity [16, 20, 14]. Furthermore, to-
day TCP is not well suited for wireless links since losses
due to radio channel problems are misinterpreted as a symp-
tom of congestion by current TCP schemes and lead to an
undue transmission rate reduction. Thus, TCP requires sup-
plementary link layer protocols such as reliable link-layer or
split-connections approach to efficiently operate over wire-
less links [5, 17, 4, 10, 6].

Westwood TCP proposes to improve fairness and effi-
ciency of congestion control by introducing an innovative
end-to-end bandwidth estimation algorithm. In particular,
Westwood TCP leaves unchanged the probing phase of clas-
sic TCP but it substitutes the multiplicative decrease phase
with an adaptive decrease phase, which sets the control win-
dows by taking into account the bandwidth estimate [20].
Westwood+ TCP is a recent modification to Westwood TCP
that employs an improved end-to-end bandwidth estimation
scheme, which is robust with respect to ACK compression
[15]. It has been shown that Westwood+ TCP increases the
TCP throughput over lossy links, increases the fairness in

Proceedings of the 28th Annual IEEE International Conference on Local Computer Networks (LCN’03) 
0742-1303/03 $ 17.00 © 2003 IEEE Authorized licensed use limited to: Politecnico di Bari. Downloaded on May 14,2026 at 10:13:32 UTC from IEEE Xplore.  Restrictions apply. 



bandwidth allocation wrt NewReno TCP and is friendly to-
wards NewReno TCP [20, 14, 11].

The performances of Westwdood+ TCP over unreliable
links have been investigated in [15] but it hasn’t yet been
shown if the Westwood+ TCP algorithm still provides per-
formance improvements also in the presence of local error
control algorithms.

In order to address this issue, the present work investi-
gates the performance of Westwood+ and NewReno TCP
[3, 13] over a noisy wireless LAN channel. In particular,
the effect of local error control persistency on the end-to-
end performances of Westwood+ and NewReno TCP is ad-
dressed. The investigation has been carried out by using
ns-2 [21] computer simulations.

The work is organized as follows: in Section 2 ba-
sic 802.11 WLAN features are described, in Section 3 the
NewReno TCP and Westwood+ TCP algorithms are briefly
summarized, in Section 4 ns-2 computer simulations are re-
ported to assess the impact of local error control on West-
wood+ and NewReno TCP. Finally the last section draws
the conclusions.

2 WLAN Background

The basic building block of a WLAN is referred as BSS
(Basic Service Set), i.e., a group of stations that communi-
cate through the wireless medium. There are two WLAN
topology [22, 9, 18]: the IBSS (Independent BSS) in which
a group of independent stations directly communicate with
each other and the ESS (Extended Service Set), where many
BSS are interconnected through a Distribution System (i.e,
a network backbone typically wired) forming an infrastruc-
ture network. In the latter, all traffic is channelled through
an Access Point (AP).

The primary 802.11 MAC protocol is the Distributed Co-
ordination Function (DCF), which supports asynchronous
data transfer on a best effort basis. DCF is based
on CSMA/CA (Carrier Sense Multiple Access/Collision
Avoidance): all stations contend for access to the radio
channel and listen if channel is idle before transmitting data.
Each successful transmitted frame is acknowledged by the
receiving station with an ACK frame. If there is an un-
successful transmission (i.e., no ACK frame is received by
the sending station), the station restarts sensing the channel.
Each delivered packet contains a duration field indicating
the time required for the transmission of the MAC Proto-
col Data Unit (MPDU). The duration field is used by all
the stations in the BSS to adjust their Network Allocation
Vector (NAV), which define the amount of time that must
elapse until the current transmission session is finished and
the channel can be tested again for the access.

The above described access mechanism is subject to the
hidden station problem, i.e., a single receiver station (gener-

ally the AP) can hear two different transmitters, but the two
transmitters each other because they are out of radio range.
Given that each source cannot detect the collision, the two
transmitting stations will continue to send their MPDUs.
With large MPDU (e.g., 2300 bytes) a lot of channel band-
width will be wasted due to corrupt data [9]. To reduce this
effect, the 802.11 standard defines an optional Request-to-
Send/Clear-to-Send (RTS/CTS) mechanism. RTS and CTS
control frames (relatively small, they are 20 and 14 bytes
long, respectively) are used by stations to reserve band-
width before data transmission. It is worth noticing that the
RTS/CTS handshake is used only if the MPDU to be trans-
mitted is larger than a threshold, which is generally referred
as RTSthreshold.

2.1 WLAN local error control

The WLAN local error control is used when a transmit-
ted MAC frame gets lost due to interference or channel un-
reliability. In this case, the lost frame is retransmitted up
to a maximum number of times. The retransmission per-
sistency varies depending on the size of the MAC frame.
In particular, if the transmitted frame is shorter than the
RTSthreshold, then it is retransmitted up to the maximum
number of times indicated by the Short Retry Limit param-
eter. Otherwise, the Long Retry Limit parameter is used as
upper bound to the number of retransmissions. When an
RTS packet gets lost, the Short Retry Limit is used before
discarding the data.

3 Westwood+ TCP outline

A TCP connection is characterized by the following
variables: (1) congestion window (cwnd); (2) slow start
threshold (ssthresh); (3) round trip time of the connec-
tion (RTT ); (4): minimum round trip time measured by
the sender (RTTmin); (5) size of the delivered segments
(seg size).

The pseudo-code of the NewReno algorithm is reported
below:

- When 3 DUPACKs are received by the
sender (fast recovery):

ssthresh =cwnd/2;
if ssthresh<2 then ssthresh=2;
cwnd = ssthresh;

- When a coarse timeout expires:
ssthresh =cwnd/2;
if ssthresh<2 then ssthresh=2;
cwnd = 1;

- When ACKs are successfully received:
if (cwnd<ssthresh) cwnd=cwnd+1
else cwnd=cwnd+1/cwnd.
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When 3DUPACKs are received, the Reno TCP algorithm
enters the fast recovery phase and retransmits the segment
that has been acked 3 times. This phase is leaved when
the retransmitted segment is successfully acknowledged.
NewReno differs from Reno TCP in that it does not exit
the fast recovery phase until all the segments within the
current window are acknowledged. This feature, which is
known as NewReno feature, improves the performance of
Reno TCP when several segments within the same window
get lost [13].

The key idea of TCP Westwood+ is to exploit the stream
of returning acknowledgment packets to estimate the band-
width B that is available for the TCP connection. When a
congestion episode happens at the end of the TCP probing
phase, the used bandwidth corresponds to the definition of
best effort available bandwidth in a connectionless packet
network. The bandwidth estimate is used to adaptively de-
crease the congestion window and the slow-start threshold
after a timeout or three duplicate ACKs as it is described
below:

- When 3 DUPACKs are received by the
sender:

ssthresh =(B*RTTmin)/seg size;
if ssthresh<2 then ssthresh=2;
cwnd = ssthresh;

- When a coarse timeout expires:
ssthresh =(B*RTTmin)/seg size;
if ssthresh<2 then ssthresh=2;
cwnd = 1;

- When ACKs are successfully received:
cwnd increases following the New

Reno algorithm.

It is worth noting that the adaptive decrease mechanism
employed by Westwood+ TCP improves the stability of the
standard TCP multiplicative decrease algorithm. In fact, the
adaptive window shrinking provides a congestion window
that is decreased enough in the presence of heavy conges-
tion and not too much in the presence of light congestion or
losses that are not due to congestion, such as in the case of
unreliable radio links [15].

4 Performance evaluation

This section evaluates the interaction between the
WLAN local error control and the end-to-end TCP conges-
tion control algorithms New Reno and Westwood+ TCP.

Computer simulations using ns-2 [21] have been em-
ployed to assess the impact of the retry limit value on the
end-to-end performances in the presence of random packet
losses.

The scenario considered in this section is illustrated in
Fig. 1. It consists of a 11Mbps WLAN, which is accessed

by a TCP sender to upload data towards a remote destina-
tion. The WLAN AP is connected to the destination by
a 2Mbps duplex link with 100ms delay propagation. The
queue feeding the 2Mbps bottleneck link is set equal to
the bandwidth delay product. TCP segments are 1500Bytes
long and the RTSThreshold parameter has been set equal to
0 in order to keep always enabled the RTS/CTS handshake.
The TCP sender sets the initial window equal to 3 as sug-
gested in [2]. The wireless channel is affected by random
packet losses. Both uniformly distributed random losses
and bursty periodic random losses have been considered.
NewReno TCP ha been compared with a version of West-
wood+ TCP implementing the NewReno feature [1]. Each
simulation lasts 1000s during which the TCP sender always
sends data. The Short Retry Limit and the Long Retry Limit
parameters have been set equal to a common value that is
referred as Retry Limit.

TCP
sender

AP

BSS

100m

TCP
sink

2Mbps,100ms 
wired linkTCP

sender
AP

BSS

100m

TCP
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2Mbps,100ms 
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Figure 1. Simulated WLAN scenario.

Fig. 2 show the goodput achieved by Westwood+ and
New Reno in the case of uniformly distributed random
losses with loss rate p ranging from 0.001 to 1.

It shows that when the Retry Limit is larger than 6 both
Westwood+ and NewReno achieve high link utilization,
whereas, when the Retry Limit is less than 6 Westwood+
performs better than New Reno TCP. In particular, it can
be noted that, for Retry Limit equal to 2, Westwood+ good-
put starts to roll off for p = 0.04 whereas the goodput of
New Reno for p = 0.02. Fig. 3 shows that the end-to-end
retransmission ratio, computed as the number of retrans-
mitted segments over the total number of transmitted seg-
ments, quickly drops to small values when the Retry Limit
increases.

In order to study the behavior of Westwood+ and
NewReno TCP in strenuous conditions, a bursty error
model is now considered. In particular, we assume that ev-
ery 1000 packets N are lost, so that the resulting dropping
probability is p = N/1000, and p is varied from 0.001 to
0.1.

Fig. 4 show the goodput achieved by Westwood+ and
New Reno in the case of bursty losses. It is worth noting
that, when the Retry Limit is larger than 6 and p < 0.01,
both the goodputs of NewReno and Westwood+ TCP satu-
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Figure 2. Goodputs of the TCP connection in
the presence of uniformly distributed packet
losses: (a) Westwood+; (b) New Reno.
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Figure 3. End-to-end retransmission ratio in
the presence of uniformly distributed packet
losses: (a) Westwood+; (b) New Reno.
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rate to a maximum value. The difference with respect to the
case of uniformly distributed losses is that even a small p
heavily affects the goodput of NewReno.

In particular, Fig. 4 shows that Westwood+ already
achieves the maximum goodput curve using a Retry Limit
equal to 2. On the other hand New Reno requires a Retry
Limit number at least equal to 6 in order to reach the curve
with the maximum goodput.

0.0E+00

2.0E+05

4.0E+05

6.0E+05

8.0E+05

1.0E+06

1.2E+06

1.4E+06

1.6E+06

1.8E+06

2.0E+06

0.001 0.01 0.1
Packet loss probability

G
oo

dp
ut

 (
bp

s) Retry_Limit=2
Retry_Limit=3
Retry_Limit=4
Retry_Limit=5
Retry_Limit=6
Retry_Limit=7
Retry_Limit=8
Retry_Limit=9
Retry_Limit=10

(a)

0.0E+00

2.0E+05

4.0E+05

6.0E+05

8.0E+05

1.0E+06

1.2E+06

1.4E+06

1.6E+06

1.8E+06

2.0E+06

0.001 0.01 0.1
Packet loss probability

G
oo

dp
ut

 (
bp

s)

Retry_Limit=2
Retry_Limit=3
Retry_Limit=4
Retry_Limit=5
Retry_Limit=6
Retry_Limit=7
Retry_Limit=8
Retry_Limit=9
Retry_Limit=10

(b)

Figure 4. Goodputs of the TCP connection
in the presence of bursty packet losses: (a)
Westwood+; (b) New Reno.

Fig. 5 shows that for p < 0.02 the Retry Limit has an
effect on the retransmission ratio. In the case of p ≥ 0.02,
even if we set Retry Limit=10, the end-to-end retransmis-
sion ratio drastically increases with p. This means that the
WLAN error control algorithm is not able to fully compen-
sate packet losses that are bursty.

In order to highlight how the behaviors of New Reno and
Westwood+ TCP change when p varies from 0.01 to 0.02,
Figs. 6 (a) and (b) show the cwnd and ssthresh of New
Reno TCP when the Retry Limit is equal to 10 and bursty
losses affect the channel with rate 0.01 and 0.02, respec-
tively. Analogous results, obtained with Westwood+, are

reported in Fig. 7.
Figs. 6 and 7 show that when the loss rate is 0.02, the

cwnd and ssthresh of New Reno assume lower values than
those of Westwood+ TCP. This behavior is due to the adap-
tive setting of Westwood+ TCP, which allows the ssthresh
to assume a value that is very close to the bandwidth delay
product, thus ensuring high utilization also in the presence
of bursty losses that are not masked by the local recovery
mechanism.
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Figure 5. End-to-end retransmission ratio in
the presence of bursty packet losses: (a)
Westwood+; (b) New Reno.

To give a further insight into the behaviour of West-
wood+ and New Reno TCP, Figs. 8 and 9 plot the RTTs
experienced by New Reno and Westwood+ TCP during the
time interval [400s, 450s], for p = 0.01 and p = 0.02. They
highlight that the RTT exhibits spikes due to data retrans-
missions at link layer. Delay spikes obtained with p = 0.02
are larger than those obtained with p = 0.01, due to the
larger number of retransmissions at the link layer when p is
greater.
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Figure 6. Cwnd and ssthresh of New Reno
TCP in the presence of bursty packet losses:
(a) p=0.01; (b) p=0.02.
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Figure 7. Cwnd and ssthresh of Westwood+
TCP in the presence of bursty packet losses:
(a) p=0.01; (b) p=0.02.
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Figure 8. RTT measured by the New Reno
TCP sender in the presence of bursty packet
losses: (a) p=0.01; (b) p=0.02.

Fig. 10 shows the sequence numbers obtained using New
Reno and Westwood+ in the case of p = 0.02.

Finally, in order to give a further insight into the behav-
ior of Westwood+, Fig. 11 shows the bandwidth estimate of
Westwood+ TCP for various loss rate. It is worth noticing
that when the loss rate increases, the bandwidth estimate
becomes more oscillating, due to the more oscillating be-
havior of cwnd and because a fraction of the bandwidth is
used for packet retransmissions at the link layer.

5 Conclusion

A comparison of Westwood+ and NewReno TCP over a
noisy WLAN channel in the presence of local error control
has been investigated. For that purpose ns-2 simulation re-
sults have been reported. They have shown that Westwood+
TCP improves the goodput wrt NewReno TCP when bursty
losses affect the wireless channel. In particular Westwood+
TCP requires a smaller number of retransmissions at the
link layer than New Reno TCP to achieve full utilization
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Figure 9. RTT measured by the Westwood+
TCP sender in the presence of bursty packet
losses: (a) p=0.01; (b) p=0.02.
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Figure 10. Sequence numbers of New Reno
and Westwood+ when bursty losses affect the
wireless channel with loss rate 0.02.
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Figure 11. Bandwidth estimation of West-
wood+ TCP: (a) p=0.001; (b) p=0.008; (c)
p=0.01; (d) p=0.02.

of the wireless link.
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