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Abstract—With changes in the Digital Intermediate Frequency
Interoperability (DIFI) standard, there is now a standardized way
for DIFI systems to communicate various flow control details.
These details can be used to increase the reliability of satellite
systems in terms of packet loss and delay. We will examine a
deterministic routing scenario in which a satellite is used as a
relay between two earth stations. To accomplish this goal, we
propose a new queuing algorithm for network scheduling called
“fair buffer queuing.” We will also briefly discuss situations that
would allow us to further leverage the changes from the updated
flow control mechanisms included in the DIFI 1.2.0.

I. INTRODUCTION

Digital intermediate frequency is a key technology in the
world of flexible communication. The Digital Intermediate
Frequency Interoperability (DIFI) standard takes this one step
further, creating a message standard for all DIFI systems to
ensure compatibility among them. This allows for a highly
flexible communication system using minimal proprietary
hardware.

Previously, the DIFI standard did not allow for the use of
flow control, which limited the technologies that could be
leveraged without proprietary implementation in the system.
These new flow control packets allow for the creation of a
generalized solution for satellite systems to minimize buffer
overflow, and packet delay.

Many queuing and network scheduling algorithms could
accomplish this goal, but for this project, we propose a unique
solution to network scheduling made specifically for a DIFI
system [5] [6]. We call this new queuing algorithm “fair buffer
queuing.” Fair queuing is an old technology first proposed
in [3]. This class of queuing algorithm attempts to fairly
distribute the resources of the system and was created to
address problems with first in first out (FIFO) and priority
queuing, where one device with high data rates could cripple
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the data rates of other devices and increase packet wait times
significantly.

We propose an algorithm that distributes this fairness based
on the number of packets waiting to be sent in the buffer.
We determine this fairness based on a weighting factor. When
a system can transmit data at multiple rates, it is possible to
optimize the number of packets in the buffer so that the packet
drop rate and packet waiting time can be minimized.

II. SYSTEM MODEL

We consider the scenario shown in Fig. 1. This figure details
our system model.
The following system model parameters are used:

e It is assumed that two separate uplink/downlink earth
stations are communicating with a satellite. Each of these
stations supports N user equipment (UE) running at
randomly fluctuating data rates.

o The satellite is assumed to run at an intermediate fre-
quency (IF) of 70 kHz, and it is assumed that each
symbol has a duration of 2/(70 x 10?) seconds.

o It is assumed that N/2 of the UEs operate using quadra-
ture phase shift keying (QPSK) and N/2 operate using
16-ary quadrature amplitude modulation (16QAM).

« It is assumed that there is no error correction coding, and
fading is not taken into account for a simple demonstra-
tion of the efficiency of the proposed algorithm.

o It is assumed that each packet has a size of 14 symbols
that each frame is made up of 512 packets. Between each
frame there is a control frame.

o It is assumed that the system uses time division multi-
plexing (TDD) to dynamically allocate resources between
the two earth stations.

o The system also uses TDD to allocate resources between
N UE.

233



2025 Workshop on Computing, Networking and Communications (CNC)

Chient
Router @
=== 30 Mbit's a— Earth
Client 10 ms f Station
| —
&

] Router buffer
e capacily set o

DBP with droptail

Client policy

Satellite IP network

— 10 s

Gy
bent-pipe
satellite

Ny,

13 .\1h:\
2600 ms

Earth
Station

@ Router [
_‘_J-—- 30 Mbit's EJ@-I

Server

Fig. 1. Channel model.

« The satellite operates at a data rate of 0.1 mega bits per
second (Mbps) when in 16QAM and 0.07 Mbps when in
QPSK, and each of the N UE operates at a base data
rate of 0.1/N Mbps for 16QAM and 0.07/N Mbps for
QPSK.

« We consider a single-buffer design problem. We do not
consider a server situation in which we have a service
rate determined by a sever controller.

The transmitter and receiver are shown in Figs. 2 and 3,
respectively. These systems are taken from [2].

To determine the buffer size, we used [1]. This buffer size
is not entirely fit for a system of this specification, and for
testing purposes, the buffer was scaled down 1,000 times to
observe overflow within a shorter period of time. The buffer
size in [1] is for an equivalent 5G system. In our buffer size
calculation, the subcarrier spacing is set to Af = 15 kHz,
and the minimum data rate is calculated as follows:

R,
1024
where R, is the code rate assumed to be 0.5, and M4, i the
modulation order of 2. This is due to the use of QPSK as the
smallest order of the two (selected because we are determining
minimum data rate), Ngympors = 14 due to 14 symbols per
packet, and Ngypcarrier = 12 per physical resource block
(PRB), also referred to as the resource block (RB). Each PRB
requires a bandwidth (BW) of Ngypearrier X Af = 180 kH z.

We then determine Npgrp 20 Mz, Which is the number of

PRBs in the 20 M Hz BW with a 20 kHz guard-band as

20 MHz
180 kHz +20 kH~z

Finally, the minimum buffer size Ny;s puffer to hold the
number of bits per slot internal is determined using the
following equation:

Rmin,PRB = MorderNsymbolstubcarriers (l)

NprB20 MHz = =100 PRBs. (2)

Nyits,puffer = Rmin,PRBNPRB,20 MH-> = 16.8 Mbps. (3)

We reduce this to 16.8 kbps from 16.8 Mbps so that we can
quickly observe the difference between the proposed algorithm

and the conventional system. We will compare the packet
arrival rate and packet delay of the proposed algorithm with
those of a system unable to use control frames to dynamically
allocate the size of the frames or the amount of time given
to each station by the satellite. In other words, a system that
employs weighted fair queuing [6], with each queuing having
equal weight. This is a suboptimal queuing solution, but acts
as a baseline for comparison. We label this case conventional.

III. PROPOSED ALGORITHM

Figure 4 shows the proposed algorithm flow chart. We coin
the term “fair buffer queuing” for the proposed algorithm. The
algorithm is designed to distribute the buffer size according to
a weight array.

In Fig. 1, router 1 is on the left, and router 2 is on the
right. We consider the total frame size equal to F', and N UE
are in the described system. Also, we consider Np; number
of total packets waiting in the buffer of router 1 in Fig. 1,
and Npo in the buffer of router 2, as shown in Fig. 1. Also,
let Np1,uE; packets belong to U E4 in router 1 and Nps yg;
packets belong to router 2. Furthermore, let W; and W5 be the
weighting arrays at router 1 and router 2, respectively. Each
is an array of length N. At every frame, router 1 receives
Rp1,ur: number of packets arrived for UE 7, and router 2
receives Rpo yp; number of packets arrived for UE ¢. The
sum of Rpy yE; is represented by Rp; for router 1 and Rp2
for router 2. F gize,; 1S an array that represents the number
of packets allocated for each UE in the frame for router 1.
Likewise, Fb g;.c,; represents the same for router 2. Then, it
can be written as

[Fl,size,i + F2,size,i] =F. (4)

N
=1

7

The objective of the routing algorithm is the calculation of
these two arrays I gize; and Fy g4, 2 = 1,..., N.
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Fig. 4. Proposed algorithm flow chart.

In the use of the algorithm, there are two distinct cases. The
first is case 1, where Ng; + Nps + Rp1 + Rpa < F. In this
case,

®)
(6)

The needs of each UE are simply accommodated. Case 2 is
the case of interest, Ngi + Np2 + Rp1 + Rp2 > F.

First, Zivzl F gize,; and Zfil F5 size,; must be calculated.
They can be found as follows:

I sizei = NB1,uEi + RB1,UE:

Iy sizei = Npo,uri + RB2,uE:-

N
S Fiiues = Fr—— it Ml )
e Np1+ Np2 + Rp1 + Rpe
N
Np2 + Rpo
> sives = F . 8
; 2,s1z€,i NBl +N32+R31 +RB2 ( )

Next, each element of F} g.c; and F3 gi.e,; is calculated as
follows:
Fy sizei = NB1,uE:i + RB1,UE: )
N
—W1,i((Np1+ Rp1) — Z P gizei)?
i=1
and
Fy gizei = Na,up: + Rp2,uE: (10)

N
—Wa2,:((Np2 + Rp2) — Z By gizei)?
i=1

The algorithm maintains the ratio of buffered packets accord-
ing to the W array. That is the basic function of the algorithm.
The main benefit of this algorithm is the ability to decrease
packet dropping. This is because the system tries to fairly
distribute buffer size.

The algorithm is summarized in two steps: First, (7) and (8)
are used to calculate the next step; and step two gives us the
amount of resources allocated to each UE in the frame using
(9) and (10).

IV. RESULTS

Figure 5 shows the modulation of signals, along with
the received signal and demodulation signal in both QPSK
and 16QAM. All further results use this as the basis for
transmission and receiving. The system runs at a rate of 0.07
Mbps at QPSK and 1.05 Mbps at 16QAM.

We will examine three cases: 2 UE, 4 UE, and 8 UE. First,
we will examine the 2 UE case. In this case, each UE makes
a rate request at every frame, with the rate between 0.042
and 0.058 Mbps. The results are shown in Figs. 6 and 7,
respectively. It can be seen that the improvement over the
conventional case is significant. For example, Fig. 6 shows
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that the proposed DIFI algorithm can reduce the number of
packets dropped due to the overflow at the buffer from 12
to 2 at frames 500. This is 6.038 times improvement over
the conventional case. In addition, Fig. 7 shows that the
proposed DIFI algorithm can reduce the packet delay at the
buffer from 0.0375 second to 0.02 second at frames 500,
which is 1.875 times improvement over the conventional case.
Next, we will examine the 4 UE case. In this case, each UE
makes a rate request at every frame, with a rate between
.017 and .033 Mbps. These results are shown in Figs. 8 and
9. The improvement over the conventional case is a bigger
improvement than 2 UE case. For example, Fig. 8 shows 26.43
times smaller number of dropped packets than the conventional
case. Also, Fig. 9 shows 2.239 times smaller packet delay than
the conventional case. This trend continues to the 8 UE case.
It can be seen that as the number of UEs increases, so does
the performance gap. This is due to the increased flexibility
of the new algorithm.
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Fig. 8. 4 UE dropped packets.

Next, we will examine the 8 UE case. In this case, each UE
makes a rate request every at frame, with a rate between 0.0065
and 0.0205 M bps. These results are shown in Figs. 10 and 11.
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Again, the improvement is greater than the previous 4 UE case.
For example, Fig. 10 shows that the proposed DIFI algorithm
can significantly reduce the number of packets dropped due to
overflow. The proposed algorithm reduces it by 117.616 times
when compared to the conventional case. In addition, Fig. 11
shows that the proposed DIFI algorithm can reduce the packet
delay 2.926 times shorter than the conventional case.

V. FUTURE WORK

More complex multi-satellite scenarios are worth inves-
tigating. Additions to DIFI would allow the leveraging of
complex routing algorithms in non-deterministic routing sce-
narios. Back-pressure routing [4] [7], in particular, would be an
interesting point of comparison. We can consider, for example,
a system where multiple earth stations could send data through
multiple satellites. In this circumstance, determining proper
routing of data by which uplink would be complex.

VI. CONCLUSION

The new changes to DIFI could provide the ability to easily
optimize data transfer in complex multi-modulation systems.
The new algorithm displayed in this paper combined with
the improved DIFI standard could create an optimized system
that can be implemented in any modern DIFI system. The
performance benefit over the conventional is marked, and the
gap widens as the number of UE increases.
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