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ABSTRACT
TCP performs poorly in multihop wireless networks and
even worse if end-to-end connectivity is often broken such as
in challenged networks. Lots of research has been carried out
but this problem has not been solved completely. Recently,
hop-by-hop congestion control originally proposed for wired
networks has been applied for multihop wireless networks to
significantly improve performances. We think that (i) mov-
ing congestion control down to lower layers is essential to
overcome TCP problems in multihop wireless networks and
(ii) in this case, it is necessary to further decouple conges-
tion control from TCP. Such TCP only retains reliability
control and is called semi-TCP henceforth. Due to using
hop-by-hop congestion control, the congestion control effi-
ciency of semi-TCP will not rely on the availability of end-
to-end connectivity, which makes semi-TCP more suitable
than TCP for challenged networks. Besides performance
improvement, semi-TCP may further reduce overall system
complexity by removing redundant congestion control and
using simple congestion control rather than TCP conges-
tion window. This paper discusses such a semi-TCP using a
hop-by-hop congestion control that only slightly modifies the
RTS/CTS protocol used in the IEEE 802.11 DCF. Further-
more, a solution to a deadlock problem in the RTS/CTS-
based hop-by-hop congestion control is also studied. The
performance of this semi-TCP is investigated in comparison
with TCP-NewReno via simulation in NS2.
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1. INTRODUCTION
TCP is the most important transport protocol for the In-

ternet. However many studies and experiments show that
TCP performs poorly in wireless networks especially in multi-
hop wireless networks as the number of hops in TCP con-
nections increases [8, 14]. This is because TCP cannot allow
a source node to learn congestion situation in wireless net-
works so that no proper action can be taken immediately to
both ongoing and released congestions. The efficiency of the
end-to-end based TCP also decreases dramatically as round-
trip latency increases and it almost cannot work if end-to-
end connectivity is broken (refer to Section 2.1 for more
discussion), which may happen frequently in challenged net-
works. Moreover, some characteristics of wireless networks
such as unreliable radio links, shared media and terminal
mobility cause some networking functions (e.g., routing) to
perform poorly, which further degrades TCP performance.
Please refer to Section 2.1 for more details.

The above problems of TCP have been studied for more
than one decade, resulting in many proposals. Although
these proposals vary in designs and methods, similarly they
all try to improve TCP’s capability of judging congestion
situation in networks by using more efficient mechanisms.
Typical schemes include negative acknowledgement (NACK)
[1, 25, 22], explicit congestion notification (ECN) [6, 18] and
measurement using probing or monitoring mechanisms [24,
9]. More details can be found in [11, 16, 20, 12]. Although
these proposals can improve TCP performance in wireless
networks, they do not solve the problem completely. Fur-
thermore, their performance still rely on the availability of
end-to-end connectivity like TCP, which makes them unsuit-
able for challenged networks as discussed in Section 2.1.

Recently some proposals such as [19, 27, 3, 21, 26] ap-
ply hop-by-hop congestion control in multihop wireless net-
works to significantly improve performance. This control
approach was originally proposed for wired networks since
it can react fast to both on-going and released congestions
for high performance. However, its implementation is com-
plex since every node along a path (i.e., the source, routers
or switches and destination) needs to be involved in conges-
tion control. Therefore, it is seldom really deployed in wide-
area networks. However, we think is an essential and nature
solution of congestion control in shared media wireless net-



works especially for challenged network in which end-to-end
connectivity is often unavailable as discussed in Section 2.2.

If hop-by-hop congestion control is implemented below the
transport layer, the same function of TCP becomes redun-
dant, and we can further decouple congestion control from
TCP as discussed in Section 2.3. This TCP will only re-
tain reliability control and is called semi-TCP henceforth.
Besides performance improvement, semi-TCP also reduces
overall complexity by removing redundant congestion con-
trol from the transport layer and using control simpler than
TCP congestion window. Most importantly, due to hop-by-
hop congestion control, its congestion control efficiency will
not rely on the availability of end-to-end connectivity. This
makes it more suitable for challenged networks than TCP
and its variants since it is difficult to maintain end-to-end
connectivity in such kind of networks.

This paper discusses such a semi-TCP using RTS/CTS
based hop-by-hop congestion control in comparison with TCP-
NewReno [7] through simulation in NS2. Here, the hop-by-
hop congestion control only requires slight modification of
the RTS/CTS handshake protocol used in the IEEE 802.11
DCF so that overall system complexity is not increased. One
problem with such congestion control is a deadlock situation,
in which two congested neighboring nodes always reject ac-
cepting transmission from each other so that the congestion
therein can never be released. Therefore, a simply solution
to this problem is also discussed.

The remainder of the paper is organized as follows. Sec-
tion 2 describes semi-TCP in detail, while a semi-TCP using
an RTS/CTS-based hop-by-hop congestion control is dis-
cussed in Section 3 and investigated by simulation in NS2
in Section 4. Finally, the paper is summarized in Section 5.

2. SEMI-TCP FOR MULTIHOP WIRELESS
NETWORKS

This section first briefly summarizes the major problems
of TCP (Section 2.1) before discussing hop-by-hop conges-
tion (Section 2.2) and decoupling congestion control from
TCP (Section 2.3) in multihop wireless networks.

2.1 Overview of TCP in wireless networks
TCP was originally designed for wired networks to control

transmission reliability and congestion. The first function is
realized through packet retransmission, with which, a con-
nection is established between a pair of source and destina-
tion and the source will retransmit all packets that have not
been acknowledged successfully. The second function is per-
formed by a source through sliding its congestion window
to adjust output traffic according to the congestion status
determined according to the reception of acknowledgement
packets (ACK). If congestion is detected, congestion window
is shrunk; otherwise it keeps increasing up to some thresh-
old. Thus, TCP simplifies intermediate networking units
(e.g., routers) by only requiring sources and destinations to
be involved in congestion and reliability control so that it
can run successfully over various types of networks [5].

With the current design, a TCP source cannot react ef-
ficiently to congestion as discussed below. Firstly, once a
congestion happens no matter where it is, the minimum re-
action delay is one round-trip latency between the source
and destination. This delay is the time interval from when
a congestion happens to when the source’s action arrives at

the congested node. It includes packet queuing delay, trans-
mission time and propagation time and increases with path
lengthes. This is because a TCP source judges network con-
gestion status according to the information relayed by the
destination. Secondly, due to the same reason, it will take
at least one round-trip latency for a source node to learn
whether a congestion state is released, and more time will
be used by this node to restore its normal transmission win-
dow due to the slow start mechanism adopted by TCP. In
both cases, the network bandwidth is wasted.

When TCP is applied in wireless networks especially multi-
hop wireless networks, many new issues arise as discussed
below. Different from wired networks, the bandwidth in
wireless networks is scarce so that any bandwidth wastage
is undesirable. Another problem is that TCP cannot dis-
tinguish between packet losses caused by congestion or non-
congestion factors such as poor channel quality or termi-
nal mobility in wireless environments. This problem causes
TCP source nodes to unnecessarily decrease transmission
windows, resulting in low network throughput. This is be-
cause once a packet loss is detected, the source node has to
shrink its transmission window.

If packet-level end-to-end connection is broken, all efforts
for congestion control do not make sense since the congested
node under consideration may become unreachable by the
source or destination due to broken links caused by mobil-
ity. Mobility may also causes path change from an originally
non-congested path to a congested one, which requires an
immediate congestion control for the congested link. How-
ever, it is impossible for the end-to-end oriented congestion
control of TCP especially with a large round-trip propa-
gation delays. Unfortunately, the above problems caused
by mobility often happens in mobile multi-hop wireless net-
works such as in challenged networks.

2.2 Hop-by-hop congestion control in wireless
networks

It is a consensus that hop-by-hop congestion control is
much more efficient than end-to-end one (e.g., TCP) since
the former enables nodes to learn congestion situation accu-
rately and take fast actions accordingly. Particularly, it can
react quickly to what is happening over a link such as conges-
tion or link brokage so that the unavailability of end-to-end
connectivity will not affect its performance. Therefore, it is
more suitable than TCP for mobile multi-hop wireless net-
works to handle the problems mentioned above. But hop-by-
hop congestion control increases implementation complexity
due to per-node involvement in congestion control. However,
a radio link is a shared medium, which requires medium ac-
cess control (MAC) for medium sharing. With MAC, each
competing node needs to detect activities of or to interact
with its neighboring nodes. Therefore, some information
capture or exchange mechanisms between neighbors have
been already implemented in wireless networks. In this case,
it is relatively easy to implement hop-by-hop congestion con-
trol with piggyback mechanisms in multi-hop wireless net-
works without significant increase in system complexity.

Take the IEEE 802.11 DCF [13] as an example. Due to
the hidden terminal problem, an RTS/CTS handshake pro-
tocol has been adopted and standardized. Basically, the
RTS/CTS protocol requires a node to send an RTS packet
first to the receiver, which will send back a CTS if it is clear
to receive. It is not difficult to find that this RTS/CTS



exchange can be slightly modified by including congestion
information so that hop-by-hop congestion control can be
implemented. Actually, this is just the basic idea behind the
hop-by-hop congestion control schemes discussed in [28, 15].
Now IEEE 802.11s under discussion also tries to consolidate
such function into the new standard [3]. There are also some
hop-by-hop congestion control schemes implemented at the
data link layer such as [19], which changes MAC parameters
such as CWmin and CWmax of IEEE 802.11e to carry con-
gestion control information. In [21], an implicit hop-by-hop
congestion control is discussed, by which the information on
congestion status and control is obtained through observing
transmission activities of its neighboring nodes rather than
explicit information exchange.

There are also some cross-layer-2&3 designed hop-by-hop
congestion control schemes such as [4, 27, 26]. The scheme
proposed in [26] tries to distinguish between packet losses
caused by radio link failure and congestion according to
the information obtained from MAC and routing protocols.
Both schemes in [4, 27] try to provide congestion control by
combining hop-by-hop and end-to-end congestion controls.
Particularly, an ABR-like explicit rate-based control is pro-
posed in [4], while [27] develops and formulates a congestion
control algorithm by considering MAC constrains in terms
of channel access time in wireless ad hoc networks.

Note that both ATM ABR flow control and IntServ for
IP QoS are per-flow based schemes aiming at better perfor-
mance in terms of fairness and QoS granularity, respectively.
However, it is shown that it is difficult to practically imple-
ment these schemes albeit they can perform better. These
lessons are especially important for wireless networks since
they are not powerful in processing and communication ca-
pability as well as energy supply. Therefore, here we advo-
cate the hop-by-hop congestion control schemes that only
need slight modification of the existing MAC sublayer for
multihop wireless networks. This is because these scheme
have been already implemented in the real network so that
exploring them to to further provide congestion control will
not increase system complexity.

2.3 Decoupling congestion control from TCP
As discussed above, hop-by-hop congestion control is a

promising and essential approach to overcome TCP prob-
lems in multihop wireless networks. Also some features of
wireless network especially those based on IEEE 802.11 can
be exploited to implement such control without a big in-
crease in system complexity. Apart from the ad hoc trans-
port protocol (ATP) [23] which only decouples congestion
control from reliability control, here we suggest decoupling
congestion control from TCP to further reduce processing
burden and system complexity of wireless nodes by removing
redundant congestion control function. Such TCP is called
semi-TCP since it only retains the reliability control func-
tion. Since the efficiency of hop-by-hop congestion control
does not rely on the availability of end-to-end connectiv-
ity, semi-TCP is more suitable for challenged networks than
the end-to-end based TCP because it is difficult to maintain
end-to-end connectivity in such kind of networks.

With semi-TCP, the transport layer will mainly focus on
reliability control, and packets are passed down to lower
layers according to the availability of the MAC buffer at
source nodes. Thus, semi-TCP can avoid complex opera-
tions for congestion window, per-flow management and rate-

based congestion control. For implementation, decoupling
congestion control from TCP can be either explicit or im-
plicit. With explicit decoupling, TCP is re-implemented by
removing congestion control function to reduce system com-
plexity. Implicit decoupling tries to keep implemented TCP
intact by adding a sub-layer above the MAC layer to ani-
mate TCP ACK behavior so that the implemented TCP can
adjust its congestion control window according to congestion
status reflected by the MAC layer at source nodes.

3. A SEMI-TCP USING AN RTS/CTS BASED
HOP-BY-HOP CONGESTION CONTROL

The RTS/CTS protocol is slightly modified below to pro-
vide hop-by-hop congestion control for semi-TCP, and Fig.
1 gives an overview of using it for node A to send a packet
to B while its detail is discussed in the following sections.

• A CTS can be sent only if no congestion occurs at the
receiver; otherwise, a negative CTS (nCTS) is sent to
the RTS’s sender. Congestion status is measured by
the occupancy of the MAC buffer.

• A TCP source node controls packet transmission ac-
cording to the availability of its MAC buffer rather
than the reception of TCP ACK packets.

[TCP source node]1:
-Send packets down if the MAC-buffer is not full.
-Retransmit each unacknowledged packet after timeout.
[TCP destination node]:
-Acknowledge the successfully received TCP packets.
[A having a packet to send to B]:
-Send an RTS to B and wait for its reply:

•IF the CTS is received, send the packet;
•IF an nCTS is received, resubmit the RTS after B has
sent out k packets2;

•ELSE IF nothing received during a time period, resubmit
the RTS;

[B receiving an RTS from A]:
-IF B had not received an nCTS2:

•IF(MAC-buffer occupancy<Congestion threshold), send
a CTS;

•ELSE send an nCTS;
-ELSE IF A just sent an nCTS, send a CTS3;

ELSE do not send the CTS until the congestion in
the nCTS’s sender is released2.

[Other nodes overhearing an nCTS]2:
-Start sending an RTS after T +δ.

Refer to Sections 13.1, 23.2.1, 33.2.2 for more details.

Figure 1: Overview of nodal behaviors of semi-TCP

3.1 TCP packet transmission control
As illustrated in Fig. 1, semi-TCP no longer regulates

packet sending time according to the congestion window.
Instead, this time is determined by the availability of the
MAC buffer as discussed below. Let L denote buffer size
and x buffer space reservation. Then the general condition
on buffer availability with x is simply expressed as

η(x) ≤ L − x. (1)



Unlike in wired networks, in multi-hop wireless networks
such as ad-hoc networks, a node can be both a traffic source
and relay node simultaneously. Therefore, some MAC buffer
spaces (g) need to be reserved for transient traffic (refer to
Section 3.2.3). Then the condition for a TCP packet to be
sent down to the MAC layer is just η(g) in this case.

If more than one TCP flow present at one node, an arbi-
trating scheme is needed to assure fairness among them. A
simple scheme is to let each flow generate a random num-
ber once Condition (1) is held, and the flow with the largest
number wins. Albeit its simplicity, this scheme may cause
bandwidth wastage since the chance may be given to those
flows actually suffering from congestion. Therefore, a more
sophisticated scheme should give the opportunity to a flow
with least presence in the buffer. It is also possible to com-
bine these two schemes and the details should be addressed
separately. Here the first scheme is adopted so that we can
focus on how to decouple congestion control from TCP.

Another important function provided by TCP is the end-
to-end transmission reliability control, by which each unac-
knowledged packet is retransmitted by the source once the
retransmission timeout (RTO) is due. Only this part is kept
intact in semi-TCP so that its implementation should be
much simpler than that of the original TCP.

3.2 RTS/CTS based hop-by-hop congestion con-
trol

Here the RTS/CTS protocol originally used to handle the
hidden-terminal problem is slightly modified to also provide
control congestion between two neighboring nodes.

3.2.1 RTS/CTS/nCTS protocol
As defined in the IEEE 802.11 DCF [13], once a node,

say A, gets channel access, it needs to send an RTS to the
receiver, say B, before sending a packet. Upon receiving this
RTS, B sends a CTS to A if none of its neighboring nodes
is transmitting (called ‘primary condition’); otherwise,
B just does nothing. This protocol is modified below by
integrating congestion control into it.

• If B had received an nCTS, it does not send a CTS
until the congestion in the sender of this nCTS is re-
leased. However, if A is just the sender of this nCTS,
B has to send a CTS to A to avoid the deadlock situ-
ation as discussed in Section 3.2.2.

• If B has not received an nCTS, the following consid-
eration is carried out (refer to Fig. 1):

– An additional condition imposed for B to send
a CTS to A is that there is no congestion in B.

– If the above primary condition is held but not the
additional condition, B needs to send an nCTS to
A to indicate that it is congested.

• Once A receives an nCTS from B, it needs to monitor
the activities of B. The congestion in B is considered
as “released” if B has transmitted out k packets. Only
in this case, A can resubmit its RTS.

• The other nodes overhearing this nCTS can submit
RTSs only A to give a priority to A. That is, if the
congestion in B is released at time T , A can resubmit
its RTS at T while the other nodes at T+δ, where δ>0
is a small random number.

• If A does not receive anything during a pre-defined
time period, it needs to resubmit its RTS since the
above situation may be caused by RTS collision.

A can transmit a data packet to B only if it receives the
CTS from B, which is the same as the original RTS/CTS
protocol. How to measure congestion and determine k is
discussed in Section 3.2.3.

Note that once A has received or overheard an nCTS,
it will not send anything until B has successfully sent out
k packets so that the congestion therein can be released
quickly. If, during the above period, A has received an RTS
from another node, say C, it is not good for A to send
anything for this RTS in order to allow B to release its con-
gestion as soon as possible. However, with the IEEE 802.11
DCF, C will repeat sending the RTS for several times. This
will not only waste wireless resources but also affect conges-
tion release at B since B’s transmission may be interrupted
by such RTS submissions. The original objective of such a
repeated RTS submission is to check link availability. Here
this design is enhanced to avoid the above weaknesses as ex-
plained below. If C cannot receive anything, it must be due
to one of the following causes: (i) A (i.e., the RTS receiver)
is out of the range of C or powered off; (ii) A has received
an nCTS and (iii) RTS collisions. In both cases (i) and (ii),
repeating RTS submission does not make sense, while case
(iii) may not happen frequently due to the use of CSMA/CA
before RTS transmission.

A B

Packet  to B Packet  to A

1. RTS

2. nCTS

3. RTS

4. nCTS

A B

Packet  to B Packet  to A

1. RTS

2. nCTS

3. RTS

4. CTS

Logical
congest ion

Logical
congest ion

a) Deadlock situat ion

b) Solut ion to avoid deadlock

Figure 2: Deadlock situation and a solution

3.2.2 Deadlock situation
If A returns an nCTS to the sender of an RTS B, it tells

B that it is suffering from congestion and unable to receive
any data. However, this will cause a deadlock situation as
illustrated in Fig. 2(a). To release the congestion in A,
A has to send out data in its buffer if packet dropping is
undesirable. But if the receiver of the data at the head of



line (HOL) in A’s buffer is just B, which however is also
congested with its HOL packet just destined to A. In this
case, if B also returns an nCTS to A upon receiving an
RTS from A, then the congestion in both A and B cannot
be released unless dropping packets.

As illustrated in Fig. 2(b), this deadlock situation can be
avoided by reserving n buffer spaces to receive packets from
those congested nodes (e.g., A here). With this reservation,
if an RTS is sent by a node that just sent out an nCTS (i.e.,
A), one of these reserved buffer spaces can be used to receive
the packet from A. In this case, a CTS should be sent out
by B as indicated in Figs. 1 and 2(b).

3.2.3 Settings of g, k, m and n

The congestion status at the MAC layer is simply mea-
sured by the buffer availability subject to the thresholds set
according to (1). Given a total buffer size of L, a conges-
tion is said ‘happening’ if the occupancy is larger than L−n
as illustrated in Fig. 3 since n buffer spaces are reserved
to avoid the deadlock situation discussed in Section 3.2.2.
Therefore, the condition for no congestion is simply η(n).

Regarding the condition for TCP to send a packet down to
the MAC layer as mentioned in Section 3.1, m buffer spaces
need to be reserved to the active neighboring nodes as illus-
trated in Fig. 3. Considering n for the deadlock situation,
we have to reserve g=m+n buffer spaces. Therefore a simple
condition for TCP to send a packet is just η(m+n). A so-
phisticated condition should consider the buffer occupancy
by packets from different nodes for fair buffer sharing. This
issue needs to be addressed in detail separately.

For m and n, they can be simply determined according to
the number of active neighboring nodes (a), which can be
measured through detecting nodal activities. Assume each
neighboring node be given γ buffer spaces (simply γ = 1)
for normal packet transmission, then m = aγ. For n, we
can roughly reserve 1 buffer space for each active neighbor-
ing node, hence m = a. Then in this case, g = (γ +1)a.
Regarding k, its minimum value is 1, which means that con-
gestion can be released after the congested node has sent out
1 packet. Consider the worst case in which a congested node
has to transmit out n packets in order to avoid the deadlock
situation to happen at its neighboring nodes, k = n, which
should be the maximum.

L

Congestion
Threshold (Tc)

Reserved for deadlock avoidance

n m

Reserved for active neighbours

Figure 3: Threshold setting of MAC buffer

4. SIMULATION INVESTIGATION
Here we study the performance of semi-TCP in compar-

ison with TCP-NewReno [7] through simulation study in
NS2. To our best knowledge, decoupling congestion control
from TCP and moving it to the MAC layer have not been
reported so far. Here we only try to capture some funda-
mental performance characteristics of semi-TCP. Therefore,

similar to [8], we choose stationary and lowly mobile multi-
hop wireless networks to simplify performance evaluation by
avoiding consideration of other issues such as high mobility.

4.1 Simulation model
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Figure 4: Simulated network topologies

The simulation adopts AODV [17] for routing and the
IEEE 802.11 MAC with the enhanced RTS/CTS/nCTS pro-
tocol discussed in Section 3.2.1. Similar to [10, 8], string and
spindle topologies illustrated in Fig. 4 are simulated. The
successful radio transmission range is set to 250 meters while
the interference range to 500 meters. A channel data rate
of 11 Mbps is used for data transmission and a basic rate of
1 Mbps for control packets (e.g., RTS/CTS/nCTS). FTP is
simulated with a packet size of 512 bytes. All simulations
last more than 300 seconds to ensure at least 10,000 packets
to go through the network. By default, congestion threshold
(Tc) is set to 10 and k=5. A sub-queue is provided to store
control packets (e.g., TCP ACK, routing and ARP packets)
and privileged over the sub-queue for data packets.

4.2 Numerical result discussion
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4.2.1 Performance comparison
Fig. 5 compares the throughput given by TCP-NewReno

and semi-TCP. We can find that semi-TCP can much out-
perform TCP-NewReno in most cases as the path length
increases. In some cases, the improvement can hit 75%. For



both semi-TCP and TCP-NewReno, their throughput de-
clines dramatically as path length increases initially. This
is mainly due to the channel sharing limit imposed by the
MAC-layer contention. As the number of hops increases,
MAC-layer contention also increases. Particularly for a chain
topology, this factor will bound the throughput of a node up
to one-third of the channel rate [2]. Therefore, the through-
put of the semi-TCP trends to be stable as path length ex-
ceeds 3 hops. However, the efficiency of TCP becomes lower
as path length increases, the throughput of TCP-NewReno
continues decreasing with the increase of path length.
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Figure 6: Adaption of semi-TCP rate and TCP-
NewReno congestion window with a chain topology

Now we look at the adaption of semi-TCP’s transmis-
sion rate and TCP-NewReno’s congestion window by using
a chain topology consisting of 5 nodes with the one in the
middle of the chain being the destination. The source node
is moving toward the destination at a speed of 2 m/s. As
illustrated in Fig. 6, once a route failure happens, the con-
gestion window of TCP-NewReno shrinks immediately and
then recovers slowly. With the semi-TCP, its transmission
rate is not affected by packet loss but the availability of the
MAC buffer so that it can maximize wireless channel uti-
lization. With the RTS/CTS-based hop-by-hop congestion
control, a route failure does not impact passing packets down
to the MAC layer if there are enough buffer spaces. How-
ever, a route failure will cause more packets to be queued
in the MAC buffer, which will eventually affect transmission
rate as illustrated here.

4.2.2 Effect of parameter setting
As discussed in Section 3.2.3, there are some parameters to

be decided for the MAC buffer. Among them, m and n can
be simply decided according to the number of neighboring
nodes and then g can be determined accordingly. For exam-
ple, for the two topologies illustrated in Fig. 4, a node can
only have 2 neighbors maximally. Therefore m, n and g can
be easily determined. Here we mainly investigate how the
following two parameters will affect the performance with a
chain topology: the congestion threshold (i.e., Tc, refer to
Fig. 3) and the number of packets to be transmitted by a
congested node in order to indicate a congestion is released
(i.e., k, refer to Section 3.2.1).

As illustrated in Fig. 7(a), the throughput increases when

Tc is increased from 5 to 10. This is because in this case, the
smaller Tc, the more misjudgement on congestion status may
happen, i.e., a node is regarded as ‘congested’ even if it has
many buffer spaces available. This misjudgement reduces
throughput by unnecessary transmission reduction. How-
ever, if Tc is too large, there will also be more misjudgement
on congestion status but in another direction, i.e., more con-
gestions did happen, causing packet dropping and reducing
throughput, as illustrated in the figure. Regarding the de-
lay as illustrated in Fig. 7(b), it well follows the queueing
theory, i.e., the larger the queue, the longer the delay, since
the delay is measured only for the served packets.

Regarding k, its effect on performance is similar to Tc. As
illustrated in Fig. 8(a), when k is increased from 1 to 5,
the throughput also increases. However, when k is continu-
ously increased, the throughput decreases but slowly. This
is because, with k = 1, misjudgement on congestion release
may happen frequently so that a node may try to transmit
to a still congested node. However, if k is set too large, it
will make nodes too cautious to react quickly to previously
congested nodes with unnecessary waiting. Regarding the
delay as illustrated in Fig. 8(b), it depends on congestion
status. In the case of heavy congestion with k=1, the delay
is longer. However, in general there is no big difference in
delays given by different k settings.

Fig. 9 shows the average queue length and average number
of nCTSs sent for each packet for all nodes in the network
against Tc and k. As illustrated in Fig. 9(a), both aver-
age queue length and the number of nCTS increase as Tc

increases while decrease when k is increased as illustrated in
Fig. 9(b). As Tc increases while k decreases, the number of
packets waiting in the buffer increases.

5. REMARKS
Since hop-by-hop congestion control is much more effi-

cient than the end-to-end control used by TCP, this paper
suggests directly decoupling congestion control from TCP,
which is called semi-TCP. Such semi-TCP is investigated
by using an RTS/CTS-based hop-by-hop congestion control
scheme, which only requires a slight modification of the orig-
inal one implemented in the IEEE 802.11 DCF. The simu-
lation studies in NS2 show that this semi-TCP can much
outperform TCP-NewReno. Compared with many other
proposals only modifying the original TCP, the semi-TCP
may not be the best solution in terms of end-to-end inter-
operability with TCP due to the large popularity of TCP.
However, since TCP has so many problems in mobile wire-
less networks while some characteristics of wireless networks
favorable for hop-by-hop congestion control, it may be worth
of exploiting such decoupling approach in order to achieve
higher performance and lower implementation complexity in
multi-hop wireless networks.

More studies are needed to further investigate semi-TCP
for many issues such as (i) its impact to end-to-end behaviors
of transport layer (e.g., fairness) especially when it co-exists
with the original TCP, (ii) its effect to high-layer network-
ing functions (e.g., packet routing and TCP acknowledge-
ment schemes) and applications originally developed on top
of TCP, (iii) its performance and robustness for more com-
plex scenarios with complicated network topologies, more
traffic flows and high mobility etc, particularly a deep per-
formance investigation in challenged networks in comparison
with other TCP schemes for mobile wireless networks (iv)
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its performance against the setting of the parameters dis-
cussed in Section 3 and (v) its inter-operability with the
original TCP as well as (vi) its implementation that can
avoid changes in the implemented TCP layer.
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