
for each: key in PolicyMap do
for i=0; i< PolicyMap.get(key);i++ do

if QueueMap(key)!= EMPTY then
item = Pop.QueueMap[key]

send ‘item’ to aggregate TCP

Sender

end if
end for

end for
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Fig. 3. Weighted round robin scheduling and aggregation implementation at
the AS node

of distinguishing different flows (at the link-level); in a tandem
aggregator scenario each of these flows could be a composite
flow aggregated at the preceding AS nodes. Therefore, the
scheduler should be made aware of the appropriate scheduling
information necessary for ensuring fairness. Thanks to the
SDN’s centralized controller logic that receives first packet
of all the participating flows in the network. The controller
therefore maintains the global knowledge of each flows, and
their corresponding first aggregation points (i.e., AS nodes).

Each AS node maintains two ‘key-value’ lookup data-
structures namely, QueueMap and PolicyMap as shown in
Fig. 3. The QueueMap is used by the scheduler to locate
the respective queues of the different flows. The PolicyMap
is the important data-structure that stores the weightage for
each (aggregated) flows indicating the number of actual flows
it is composed of or carrying with it. As explained earlier,
the controller provides the weightage information for the AS
nodes to maintain in their PolicyMaps. The underlying logic
for enabling fairness is made possible with a simple Weighted
Round Robin Scheduling at the AS nodes, and with the global
information support from SDN. The AS nodes aggregate traffic
received from each participating eNBs (or preceeding AS
nodes), and the TCP senders of the respective AS nodes
react only to the associated TCP receiver. Each TCP sender
therefore adjusts its sending rate which is homogeneous to
all the packets, thereby solving the different RTT scenario ob-
served in a typical non-aggregated network scenario. Therefore
the simple yet effective implementation of aggregation-cum-
scheduling can provide almost perfect fairness for the partic-
ipating TCP flows. The underlying aggregation and weighted
round robin scheduling logic of presented as ‘pseudo-code’ in
Fig. 3.

We now study the throughput performance through ana-
lytical investigation and measure the fairness by using the
popular Jain’s Fairness Index [10]. All our experiments are
performed in a Mininet network emulator environment [11];

which is a realistic virtual network running real kernel and
switch functionalities. Therefore, with minimal changes our
frameworks can be deployable on a real working prototype.
The TCP Reno’s congestion window evolution for the long
TCP flow is analytically modeled by authors in [12], and stud-
ied the statistical performance of the evolution around mean.
Fig. 4 shows the TCP Reno congestion window evolution
in the Congestion Avoidance (CA) phase. Let the congestion
window size W be represented in packets with values ranging
from 1 to wm. The value of W evolves at each RTT and
is controlled by the loss of packets in the network. The
TCP behavior in CA phase is captured in Fig. 4. Upon a
packet loss event the congestion window is halved, and on the
other hand, a no loss event increases the congestion window
size by 1 packet. For analytical tractability, without loss of
generality, we assume a Bernoulli link loss model wherein the
loss of packets is independent and identically distributed with
a probability p. Therefore the loss probability p(w) can be
computed as follows: p(w) = (1� (1� p)w).

As observed in Fig. 4 the Markov chain is approximately
aperiodic and irreducible for practical values of maximum
congestion window size; therefore, the chain has a unique
steady-state distribution, say ⇡. By Birkhoff’s ergodic theorem,
the sample mean of congestion window with scale (or sample
size N ), represented as W

N
almost-surely converges to mean

of the steady-state distribution ⇡, when N grows to 1 (N is
time in our context). Mathematically expressed as follows [12]:
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⇡w ⇥w = E[W ]. (1)

Where E[W ] is the average congestion window size. In other
words, from Eq. 1 the scaled mean throughput W

N
and its

difference in value with W
1

tends to 0 as N grows to infinity;
and this behavior of difference converging to zero is termed
as ‘rare event’ which can be characterized by large deviations
theory.

From the classical results of the large deviations theory, an
irreducible and aperiodic Markov chain, with finite state space,
holds a large deviations spectrum as given below [12]:
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(N) 2 [↵� ✏,↵+ ✏]) = f(↵) (2)

where, f(↵) is called the large deviations spectrum. In our
context, the large-deviations spectrum f(↵) can be com-
puted [13] as the Legendre Fenchel transform of spectral
radius’(⇢) logarithm of a matrix (R(q))ij = exp(qj)Tij .
Where Tij is the transition matrix underlying the Markov
chain of states of TCP congestion window as shown in Fig. 4.

f(↵) = inf

q2R
(log ⇢(R(q))� ↵q) (3)

An essential property of large-deviations spectrum is that it is
concave and satisfies the following property that if ↵ = W

1

then f(↵) = 0, and for all other values f(↵) < 0. Therefore,
the mean congestion window size E[W] can be computed


