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Abstract

Due to the out of order problem, the goodput is usually far lower than the aggregated
throughput. How to improve the goodput is a focus of researches. However, lots of them
hardly consider the influence of the congestion window on out of order data. So, based on
that, A goodput improvement solution based on controlling delay difference for the
MPTCP (referred to as CDD-MPTCP) is put forward. By dynamically adjusting
congestion window of each sub-streams, it can reduce end to end path delay, thus
reducing out of order data. And, we also propose a data scheduling strategy based on the
congestion degree of sub-streams to reduce the congestion during the transmission
process. The NS-2 simulation results show that CDD-MPTCP can effectively decrease the
amount of out of order data received at the receiver without loss of aggregate throughput.

Keywords: goodput, CDD-MPTCP, delay difference, out of order

1. Introduction

In recent years, as the development of Internet access technologies, more and more
mobile devices support two or more network access ways. Meanwhile, users are able to
access to the Internet by different ways due to heterogeneous networks which is consist of
integration of different networks. In order to fully utilize multi-network access and satisfy
users’ demand for bandwidth, the multi-path parallel transmission technologies become a
research focus. Like the pTCP [1], mTCP [2] and the multi-path TCP protocol (MPTCP)
[3-5] which is proposed by IETE in 2011.

Early multi-path parallel transmission schemes such as the pTCP and mTCP, for the
purpose of multi-path parallel transmission, mostly modify the traditional TCP protocol to
aggregate available bandwidth of multiple paths. However, due to numerous
modifications to TCP, those protocols possess not good backward compatibility and
cannot coexist with traditional TCP protocols in the network, so they cannot be broadly
applied.

With network technologies’ development, network applications need more bandwidth.
Some researchers attempt to improve the throughput stability by using multiple TCP
transmission. In [6], the TCP data stream is divided into several streams at the IP layer,
and then distributed to multiple paths parallel transmission. Real-time video stream
transmission is improved. In [7], aggregating available bandwidth of multiple paths is
proposed to improve transmission performance of video streams. The above solutions,
most of them are put forward based on the assumption that aggregating large bandwidth
can be able to improve the performance of video transmission. However, in the practical
application environment, the receiver will receive lots of out of order packets, which can
severely decrease the amount of valid data from the transport layer to the application
layer.

Compared with the above multi-path parallel transmission schemes, MPTCP has better
compatibility than traditional TCP protocols. So it can support existing
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middleware(NATSs, firewall, proxy, etc.), which can reduce the costs to upgrade and is
possible for large-scale commercial deployment. But in the MPTCP protocol, the
effective throughout is also lower than the theoretical throughput. In recent years,
researches on how to improve the MPTCP protocol goodput have gradually become
focus. In [8], appropriately choosing packet retransmission path scheme is proposed to
improve goodput. However, this solution only considers the retransmission strategy when
the receiving buffer is full, and halve the congestion window directly will sharply decline
data throughput. In [9], congestion losses and random packet losses is distinguished, and
different retransmission strategy is adopted to avoid network random packet losses which
will result in unnecessary throughput degradation. However, the algorithm can’t improve
normal transmission throughput when packet losses do not happen. In [10] and [11],
authors put forward a scheme that uses network coding scheme and recovers packets at
the receiver by sending redundant encoding data packets, thus increasing goodput.
However, they all need communication nodes to support encoding operation, resulting in
the complexity of network transmissions. Therefore, an improved MPTCP scheme is
necessary to be proposed, which can improve the MPTCP protocol throughput
performance in practice and preserve MPTCP compatibility at the same time.

1. The Goodput Analysis

MPTCP can allow data to be transferred in parallel on multiple paths by integrating
bandwidth resources from different paths together and unified scheduling management,
thus increasing the overall connection throughput of MPTCP. However, in heterogeneous
network, there are huge difference on parameters, such as round-trip delay, packet loss
rate etc. So packets can’t follow the order in sender sequentially to reach the receiver.
This is the phenomenon so-called data out of order. On the other hand, as stipulated in
MPTCP protocol, data blocks arrived in a sequence only can be delivered to be processed
from the transport layer to the application layer. But, the received disordered data will be
temporarily stored in cache in receiver, and wait to be delivered together with the arrived
data packet with smaller transmission serial number(TSN). This will cause goodput in
MPTCP much less than expected when network parameters are quite different between
different paths.

In the paper, MPTCP goodput is defined as the packet number submitted by the
transport layer to the application layer per unit time. In order to identify the factors that
affect the goodput of MPTCP. We study the simplest MPTCP connection with only two
sub-streams. Parameters are described below:

Ti: The time interval to send packets from the sender, where Iis the router number
(i=1,2).

Di: Transmission delay on the path [ ( the time when packets are sent from the sender
to the receiver) and D1< D2,

AD = Dz~ Ds |: the transmission delay of two paths.
T : The time when it takes to receive the data block in order.

S - The total amount of data received in time T .

G=2

T : The MPTCP goodput.

We assume that N packets with continuous transmission series number are waiting to
be sent, which is called a sequential unit. N-1 of packets are transmitted over the path 1,
and another packet transmitted over the path 2.

As shown in Figure 1 and Figure 2, two special conditions are taken into account. The
sequential unit consists of 4 consecutive TSN (1, 2, 3 and 4) packets. And we assume that
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the data packet 1 and packet 2 are sent separately to the path 1 and path 2 at the same
time.

(1) When AD > 71 nd the packet which is sent through the path 2 arrives at the
receiver, the data block will be delivered to the application layer. So

G S 7/ri+l

T AD 1)

(2) When AD <71, the total time of N data packets delivered in order is what it takes to
the receiver receives N-1 data packets through the path 1. So

c_S _m/ntl
T T2 )

The Sender

AN The path1 —
N The path 2 -~

Figure 1. The General MPTCP Transmission Way

The Sender

The path1 —
The path 2 -—-—~

Figure 2. The Best MPTCP Transmission Way

The above analysis shows that MPTCP goodput is inversely proportional to end to end
delay inequality of different paths. The more the transmission delay inequality is, the
longer it will take the receiver to receive data blocks with contiguous TSN and deliver at
the application layer. The goodput of MPTCP connection is also much lower.
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2. MPTCP Goodput Improvement Based on Delay Control

In order to reduce the data out of sequence, and improve the MPTCP goodput, we need
decrease the delay inequality as far as possible. In this section, we propose MPTCP
effective improvement algorithm based on controlling the difference of delay (CDD-
MPTCP).

2.1. Round-Trip Delay Estimation

For accurately estimating the MPTCP transmission forward delay, this strategy uses
the forward delay prediction algorithm based on time stamp, which is similar with RTT
forecast in the datagram congestion control protocol (DCCP)[12]

The specific algorithm is as follows: add two fields of the transmission time Ts and the
reception time Tr into the MPTCP packet header. And add the response time Ta into the
SACK packet header, as shown in Figure 2. Ts is the time which the sender spends to
send the packet Pi Tr is what the receiver spends to receive the packet Pi Ta js the time
that it takes the receiver to receives the packet Pi pefore SACK of the packet is sent. The
forward delay D of links can be calculated:

D=Tr—Te—Ts @)

In order to ensure smoothness and avoid packet loss leading to substantial fluctuations
of the estimated value, combined with previous sample values, the formula for estimating
forward transmission delay Dijs:

Diz(l— a) Drnew +aDi -1

Where & is a scaling factor, in this paper, it equals the empirical value 0.75.

(4)

Tsl TSZ

Datap; Sackp;

I

—
Te

Figure 3. The Forward Delay Prediction Algorithm Based on Time Tamp

2.2. Congestion Window Adjustment Strategy

The MPTCP protocol uses the coupling congestion control strategy which is the
additive increase and multiplicative decrease (AIMD). Each MPTCP sub-stream has an

ewnd i \Whenever sub-streams receive new ACK

messages which return from the receiver, cwnd _i of corresponding sub-streams
increases linearly. Whenever sub-streams continuously receive three repeated ACK
cwnd _i

independent congestion window
message,

of corresponding sub-streams decrease proportionally. Meanwhile,
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the congestion control strategy require that all sub-streams congestion windows has
association. The amplitude of increasing or decreasing the congestion window of each
sub-stream is determined by the size of other sub-streams’ congestion windows. So,
MPTCP connection will not consume too many resources and the fairness of traditional
MPTCP connections can be guaranteed. However, after the strategy is being implemented

for a while, cwnd _i of each sub-stream will be vastly different, which will cause huge

difference of each sub-stream’s transmission delay. This can lead to serious disorderly
data and limit the MPTCP goodput.

In order to increase the goodput of MPTCP, this paper improves the MPTCP
congestion control strategy by controlling the congestions windows’ size to reduce the
maximum delay difference of different sub-streams. This paper adds new control strategy
based on the MPTCP original congestion control strategy and retains the MPTCP
coupling congestion control which is additive increase and multiplicative decrease. Define

the delay coefficient 0 as the ratio of the sub-streams’ maximum and minimum
transmission delay. That is:

9 = D max/D min (5)

Just like round-trip delay, in order to ensure the smoothness of the delay factor,
combined with previous sample values, the formula that calculates delay coefficient is:

Qi = (1—ﬂ)0new+ ﬂ9| -1 (6)

When @ exceeds a certain value Qmax, it proves that the MPTCP delay difference of
different sub-streams is too large. It may lead to the buffer congestion at the receiver, thus
decreasing the MPTCP goodput. At this moment, even if the sender have not received
repeated ACK messages, it will also reduce the congestion window of the sub-stream
which has the maximum transmission delay. The specific process and the pseudo code in
this strategy follows:

(a) When 0> Omax | the strategy starts.

(b) Find the sub-stream Pi with the maximum transmission delay, decrease the

congestion window cwnd _i of Pito:

1eownd,, +cwnd °
old =

q %) (7)

(c) Compare the decreased congestion window cwnd _i and the slow-start threshold
SSthresh _i ¢ this sub-stream. 1 CWNd _i <SSthresh_i , SSthresh_i=cwnd _i

The adjusted congestion window is the average of the original congestion window and

the original congestion window divided by the delay factor 0 . That is to avoid the
congestion window to decrease too quickly and lead to overall MPTCP throughput
i

cwnd,,, =

decrease significantly. When the value of the adjusted cwnd _ is too small, the formula

SSthresh_i =cwnd _i is going to ensure the sub-stream remaining in the congestion
avoidance period after the strategy is over.
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The algorithm 1: The strategy of adjusting congestion windows based on delay cofficient

/I Update delay coefficient according to the newest transmission delay.

. qnew = Dmax / Dmin

1

2: 0(_(1_ﬂ)9new+ﬂ9

3: if 4 7Ymax then
[/ Search the sub-stream with maximum transmission delay

4 I =arg max(The substreams' transmission delay)
//IReduce the number congestion window of [

5 cwnd, — cwnd, /q

6: if cwnd _i <SSthresh_i .

7 SSthresh _i=cwnd _i

8: end if

9: endif

10: else if 9o <0 <Oimax then

11: I =arg max(The substreams' transmission delay)

- ownd - (cwndi /q +cwndi) /12

13 if cwnd _i <SSthresh _i ;0

14- SSthresh _i=cwnd _i

15: end if

16:end for

In this algorithm, the choice of Ymex has a significant impact on the performance of the
congestion control strategy. If the value of Ymx s too big, it will lead to serious end to

end delay and aggravate data out of order. If the value of mex js too small, it will make
the congestion window of the sub-stream change too quickly within a short time and
increase the link jitter. Serious data out of order will result in severe cache congestion at
the receiver and it will result in deterioration of overall MPTCP throughput sharply. So,
we select the cache size as the reference standard at the receiver and puts the number of

. . N i
packets which the cache can accommodate at the receiver as =~ Buffer Qmex i calculated as
followed:

dmax _dmin +1< NBuffer < dmax _dmin +2
T T (8)
gmax _ ((jjmax
min (9)
(N=2)z +1<6,,, < (N=Dz +1
min dmin (10)
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2.3. The Data Scheduling Strategy

The proposed congestion control strategy above controls the MPTCP transmission
delay of each sub-stream within a smaller range and theoretically, the serious cache
congestion will not exist at the receiver. However, in order to make packets arrive at the
receiver as soon as possible, this paper propose a data scheduling algorithm based on

congestion level of sub-streams. Define congestion coefficient” of sub-streams as the

ratio of the number of packets which have been already sent at the sender but not yet

receive the ACK response accounting for congestion windows at the receiver. That is:
_unacknowledged _ packets

cwnd (11)

The strategy description and the pseudo code are as follows:

(a) Judge whether the next packet to be sent is retransmitted packet. If it is the
retransmitted packet, remove the original transmission sub-stream of the packet
from the collection of alternate sub-streams.

(b) Traverse alternate sub-streams collection, calculate the congestion coefficient of
sub-streams, select the sub-stream with minimum congestion coefficient to send
the packet.

(c) If there are multiple sub-streams with the same congestion coefficient, select the

path with minimum forward transmission delay Di

The algorithm 2: The data scheduling strategy based on congestion coefficient

/I Initialize parameters
. Selected _ subflow= NULL

1
2: ymin =
3 D, =0
4: for each alternate substream Pi do// Traverse the collection of the alternate substream
5: if(the next packet is retransmitted packets) and (the packet was previously transmitted
over the stream Pi ) then
6: continue
7 end if
_ unacknowledged _ packets i
8: ' cwnd _i
//Search the substream with minimum congestion coefficient
9: if(7i < Vmin )then
10: 7/min = 7/i
11: Selected _ subflow =i
12: D, =D,
13: end if
14:  elseif (i 7mnyand (2 < Poythen
15: Selected _ subflow =i
16: Do =5,
17: end if
18: end for
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3. Experimental Results and Analysis

In order to verify the validity of the algorithm presented in this paper, we use NS-2 to
simulate the CDD-MPTCP algorithm. The sender and receiver are both equipped with
two network interfaces, and connect to a typical heterogeneous wireless networks with
multiple transmission channels. Use two paths for parallel transmission. The average
bandwidth is 4.0Mbit/s on path 1 while it is 2.0Mbit/s on path 2. The cache size is
1.16Mbit/s(100MSS) at the receiver. For assessing the long term throughput as well as the
goodput performance, we use the FTP protocol to transmit a file large enough for
simulating the data transmission process. According to the congestion window control

strategy, update the congestion window cwnd per 0.5s. Whenever the receiver receives
100 packets with continuous TSN, record a valid throughput value and the value of
current receiving buffer. This paper uses the receiving buffer to represent the storage size
required for the receiver get K packets with continuous TSN, which is proportional to the
level of data out of order received by the receiver through multipath parallel transmission.
Simulation results are shown in Figure 3 and Figure 4, Figure 3 is for standard MPTCP
goodput compared with this CDD-MPTCP, Figure 4 is standard MPTCP receiving buffer
size compared to CDD-MPTCP.

. -m-- DDC-MPTCP
& MPTCP

Throughput / Mbit/s

Time/s

Figure 4. Throughput Comparison
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Figure 4. Receiving Buffer Size Comparison

The Figure 3 shows that the CDD-MPTCP goodput is almost equal to the aggregate
bandwidth 6Mbit/s which is the maximum goodput of the multipath connection. However,
the MPTCP aggregate throughput is very low, which is just equal to the throughput on the
slow path at some time. By contrast, CDD-MPTCP can be able to reduce the delay
difference between two paths and dramatically improve goodput and throughput stability.

From the Figure 4, CDD-MPTCP receiving buffer size is close to the number of 100
consecutive TSN packets (as shown in the diagram black line), while MPTCP receiving
buffer size is much larger than the CDD-MPTCP receiving buffer size. Therefore,
compared with the MPTCP, multipath parallel transmission by CDD-MPTCP can greatly
reduce the data out of order. CDD-MPTCP can reduce the number of packets out of order
without loss of aggregate throughput.

4. Conclusion

We propose the MPTCP goodput improvement algorithm CDD-MPTCP based on
delay difference. Measure multiple each path’ delay precisely and adjust the path delay by
dynamically adjusting the congestion window of each sub-stream, so as to reduce the
delay difference between multiple paths. In addition, we also propose the data scheduling
strategy based on the congestion degree of sub-streams. It distributes packets to sub-
streams with low congestion degree. By this way, it makes packets arrive at the receiver
as soon as possible and reduces the possibility of the congestion during the transmission
process. Simulation results show that CDD-MPTCP can reduce the number of out of
order packets received by the receiver, thereby increasing aggregate goodput of multi-
path connectivity.
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