Improvement for Rate-based Protocols
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I. INTRODUCTION

The TCP performance degradation problem in Multihop
Wireless Networks (MHWN) has been widely investigated
in recent years [1] [2]. Degradation comes mainly from the
shared wireless medium characteristics such as interference,
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Our work interests in cross- layer improvement for rate-
based congestion control, i.e. TCP-Friendly Rate Control
(TFRC) [6], which is used for VoIP or streaming applications.
Although TFRC works well for streaming applications in
wired line networks, [7] and [8] show that TFRC is very
conservative in MANETS due to inaccuracy of loss prediction
and unreliable delay measurement. Thus, there is a need for a
new rate control mechanism based on MAC information which
could operate efficiently in MHWN:S.

The aim of this work is to propose a new rate regulation
method which adapts the source bit rate based on the MAC
layer contention level. Indeed, with these improvements and
the fact that the congestion couples closely with the contention
as demonstrated in [8] [9], it is feasible to improve the
performance of transport protocols by considering only the
contention state of the network. The contention growth event
should be detected as early and accurately as possible, and
there should be a mechanism which can react efficiently to

in almost all scenarios compared to that of LATP, a recent
proposal for real-time streaming applications in MHWNSs [12].
However, MAD-TP has a drawback that MAD has no explicit
correlation with the transmission rate. Thus, the transmission
rate formula, which is relies on the threshold M ADr g, is not
fully reliable.
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(ATT) used to estimate an effective sending rate to prevent
the flow from severe performance degradation.

The paper is organized as follows. Section II provides a brief
description of the MAC metrics and our previous proposal
MAD-TP. The design of BMRC is described in detail in
Section III. Section IV exhibits the simulation scenarios and
results. Finally, we conclude the paper in Section V.

II. MAD-TP AND MAC METRICS FOR NETWORK STATE
ESTIMATION

In our previous work [10], we proposed two effective
metrics, named Medium Access Delay (M AD) and Aver-
age Transmission Time (A7'7T). The Medium Access Delay,
MAD, is defined as the average total contention delay for
a packet at MAC layer before it is successfully transmitted
or dropped after several failed retransmissions in an interval.
The definition of the Average Transmission Time, ATT, is
derived from that of the MAC Service Time 7,., which is the



for transmission to the time instant the transmitter receives
correctly the MACK of that frame or drops it after several
fa1led retransmlssmns [13]. ATT is the average MAC service

these deﬁnmons it is clear that M AD is a part of ATT.
The results of our previous work [10] showed that M AD
and AT'T appear as the most effective metrics which provide
the accurate information about network contention/collision
level. M AD is very sensitive to the network contention level
so in our first rate-control proposal, MAD-TP [11], we used
M AD as an early indication of the contention increase event.
The MAD-TP sender adapts its sending rate according to the
average value of the average cumulative MAD measurement
along the connection path provided in the feedback packet.
Depending on the comparison between received MAD and a
threshold M AD7py, the sender decides whether the network
is in saturated or non-saturated state and controls its sending
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gradient and ATT.

A. Intermediate nodes

The role of intermediate nodes is to provide estimation of
contention level experienced by each node along the connec-
tion path. Each node maintains the measurement of M AD and
ATT in every interval. In our implementation, we chose the
interval duration to 0.1 seconds as the trade-off between the
smoothness and the effectiveness as in [11].

For every packet passing the node, it adds its M AD and
ATT values respectively to the existing values stored in option
fields in the IP header, called Cumulative M AD (CMAD)
and Cumulative ATT (CATT). The maximum AT7T along
the path is also stored in another option field of the IP
header, called MATT. Due to [10], each of three option fields

this protocol when the packet reaches the destination, the
CMAD, CATT and MATT fields will contain respectively the
cumulative contention delay, transmission delay and maximum

B. BMRC receiver

The function of the BMRC receiver is to calculate some
important parameters and to feed them back to the sender.

Every time receiving a packet, it takes the CMAD, CATT
and M ATT values from CMAD, CATT and MATT fields,
and the number of hops, noted N, from TTL field in the 1P
header or from the routing table of source routing protocols
and compute the M AD;umpre = CMAD/Nj,. The BMRC
receiver then derives the mean contention delay per hop by
using the Exponentially Weighted Moving Average (EWMA)
function with 5 = 0.5 as follows:

MAD = BMAD + (1 — BYMAD supmpic
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where S is the packet size, n and m are the number of hops in
the forward and reverse paths, and AT'T,,,, is the maximum
ATT value on the paths.

The BMRC receiver uses also the EWMA function to derive
the mean value of BDP for each received packet as follows:

BDP = uBDP + (1 — ) BDPyp 3)

Since BDP value is used to estimate the packet sending
rate, we set p = 0.9 to guarantee the smoothness.

The feedback mechanism of BMRC is the same as in MAD-
TP [11], except that the receiver sends also the calculated
BDP.
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We built a simulation evaluation scenario with a chain

ShO'WCd that when the network is not overloaded, i.e. non-
saturated state, the packet loss rate is low, the end-to-end delay
is small. Almost all values of « fall into the range of [-5, 5].

the network is overloaded, the values of « then distribute over
a larger range.

level. If @« < TH;, it means that the MAD

contention
decreases (in case o < 0) or it increases relatively small

>

ention state. The traffic
source should not increase the sending rate in this case. We set
T Hy = 7 in order to react quickly to the sudden increase of the
network contention level. Otherwise, i.e. TH; < o < THo,
the network may operate in a reasonable point and the traffic
source keeps its current sending rate unchanged. Note that
the two values of T'Hy and T Hs (5 and 7) were chosen as
the most loose case for a simple chain topology since this
topology provides a clear view on the effect of a. However,
we will prove later that, even with these unoptimized values,
our proposed mechanism still provides a better result in other
topologies in comparison to the ones of [6] and [12].

The upper bound for the sending rate R;yp can be computed
from BDP and current Round-trip Time RTT as follows:

BDP

RTT )
Ryp is thus the maximum sending rate by which the

network is not overloaded. Afterwards, in order to avoid

frequent changes, the sending rate is updated by the following

rule:

Ryp =

if (Ryp> R && a < THy)
increase rate

elseif (Ryp< R && a > THoy)
decrease rate

where R is the current sending rate.

LATP. We use NS-2 simulator version 2.34 [15] to conduct
the evaluation with the general configuration parameters as
in Table 1. In all topologies, the nodes in the MHWNs are

In the simulation, BMRC, MAD-TP, TFRC and LATP operate
as they always have packets to send, thus their operation does

(PLR) and Fairness. They are averaged from 16 simulation
runs of 400s in each scenario.

Parameters Value
Propagation Model TwoRayGround
MAC protocol 802.11 DCF
Channel Capacity 6Mbps
Interface queue size 50
Carrier Sensing Range ~ 500m
Transmission Range ~ 250m
Data packet size 1000 bytes
Routing protocol AODV

We used the same scenario setup as in our previous work
[11], briefly described as follows.

We consider three types of topology, chain, grid and ran-
dom, because of the variety of interference schemes they repre-
sent. In chain topology, a pair of nodes is 200m apart. The first
scenario considers one flow connection over a chain topology
of varying number of hops. The second scenario is a chain
topology with 8 hops and 4 parallel connections. The third
scenario is a grid topology of 8x8 nodes where 4 connection
patterns are set up such that they provide different contention
levels in the network. The fourth scenario uses a random
topology with 60 nodes placed randomly in 1500mx1500m
area. The number of connections running simultaneously in
the network is 5, 10, 15 and 20.

The simulation results are explained in the following sec-
tions.
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Chain topology

In Figure 1, BMRC exhibits a better performance in terms
of PLR and E2E delay in comparison with the other protocols.

The PLR

considered protocols and the increase of E2E delay reflects
adequately the increase of the number of hops. Although
MAD-TP has the same behavior as BMRC, the E2E delay
introduced by MAD-TP is larger than that of BMRC. There is
always a difference of about 10 ms between the E2E delay
of MAD-TP and BMRC for all number of hops. Another
noticeable point is that, although BMRC exhibits smaller PLR
and E2E delay, it keeps almost the same throughput as MAD-
TP and LATP, and a little smaller than that of TFRC. This
is the price BMRC has to pay to achieve much better PLR
and E2E delay. However, for applications which have strict
packet drop rate and latency, we believe that this trade-oft is
acceptable.

TFRC’s rate control wrongly estimates the network ca-
pacity and tends to overload the network which has limited
resources. This problem is caused by the sending rate equation
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due to channel contention. Thus, TFRC increases the rate

inappropriately when the network contention is rather high
and does not decrease the rate efficiently enough when the
network contention becomes severe. As a consequence, the

However, BMRC outperforms LATP since BMRC uses
the M AD metric which detects contention state better than
the Permissible Throughput metric. BMRC uses also a more
accurate bandwidth estimation and a more efficient rate control
scheme than those of MAD-TP, LATP and TFRC. The band-
width estimation reflects accurately the current capability of
the network, thus prevents the BMRC sender from overloading
the network. The proposed rate control scheme also maintains
a relatively smooth sending rate which in turn keeps the
network steady. Thus, BMRC always tries to make the network
operate in a low contention level status which in turn reduces
the transmission attempts to successfully transmit a packet as
well as the delay a packet experiences.

Figure 2 shows the results for scenario with 4 connections.
In this scenario, BMRC outperforms TFRC in terms of PLR
and E2E delay with a price of an insignificant degradation
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Flow #: 5 10 15 20

PLR Delay Thpt Fairnesss PLR Delay Thpt Fairnesss PLR Delay Thpt Fairnesss PLR Delay Thpt Fairness
TFRC 20.71 166.47 13434 0.51 3349 413.06 126.54 023 38.35 506.78 90.26  0.24 4530 772.88 138.99 0.18
LATP 11.06  64.03 108.66 0.79 22.87 162.79 9522  0.37 22.83 17831 62.75 042 2222 181.37 8551  0.25
MAD-TP | 1024 5568 9938 0.78 19.01 9440 8197 044 21.20 14093 56.15 044 2255 17472 8742 025
BMRC 9.7 526 925 0.78 17.1 883 828 0.48 20.1 103.8 584 0.53 204 121.8 90.7 0.28

previous scenario. Since the network capacity is unchanged,

the network contention level becomes higher than that in
the preV10us scenario due to the increase of packet number
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E2E delay is however worse than that of MAD-TP but
with a better throughput. The reason is that MAD-TP uses
MADry to restrict the behavior of the sender and the rate
will be decreased as soon as the received M AD surpasses
this threshold. Therefore, the network with MAD-TP flows
works at a point close but lower than the optimal point. In
contrast, BMRC with its accurate and effective rate control
makes the network working around the optimal point. This
fact makes MAD-TP experiencing smaller PLR, E2E delay
and Throughput than BMRC.

Grid Topology

In this scenario, BMRC introduces the best performance in
comparison with other protocols. The E2E Delay and PLR
measurements in Fig. 3 show that BMRC outperforms TFRC
and LATP for all the connection patterns while maintaining
a reasonable throughput. The average throughput of BMRC

result than TFRC, it does not totally ehmlnate the unfalrness
problem, i.e. the averaged flow throughput varies from 415 to
16 kbps Wlth a scale factor of 26 Whereas MAD-TP has a

ind a scale factor of 20.
since the average minimum ﬂow throughput is hlgher and the
considered scale is much smaller than those of TFRC and
LATP (31.3 kbps and a scale factor of 10). Fig. 3 also shows
that BMRC improves the Jain’s fairness index by about 0.18
~ 0.32 at a price of 23% ~ 32% drop in aggregate throughput
compared to TFRC.

This prominence in fairness comes from the early detection
of high network contention level and a reasonable rate control
of BMRC. The BMRC flows can early realize that the network
is becoming overloaded and thus will reduce appropriately the
sending rate to release more bandwidth for other flows. The
increase of BMRC flows’ rate is also not aggressive, hence
the channel is better shared among flows.

Random Topology

Table H displays the simulation results for the grid topology.
As same, even in such a complex simulation scenario, BMRC
still outperforms TFRC in terms of fairness, PLR and E2E
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throughput. {91 H. Zhai, X. Chen, and Y. Fang, “Improving transport layer performance

as an effective rate control for rate-based transport protocols for Transport Protocol in Multihop Wireless Networks,” in PIMRC 12,

Sept 2012.
in MHWNs. In BMRC, two metrics MAD and ATT are {12] P. Navaratham, H. Cruickshank, and R. Tafazolli, “A link adaptive

combined to pl’OVide a faster and more accurate network transport protocol for multimedia streaming applications in multi hop

derives the upper bound of the sending rate. This upper
bound is the maximum rate that the BMRC sender can use to
pump packets into the network without overloading it. Using

simulation results show that BMRC provides better fairness
level between flows in MHWNSs than that of LATP and TFRC.
BMRC also outperforms TFRC and LATP in terms of End-

be taken into account in our future work. The first one is the
choice of the exact Values for both thresholds TH, and T Ho.

on work well in all

BDP that the torward path is the same as the return path. This
assumption is not always correct. Thus, this estimation should
also be improved.
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