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Abstract. Licklider transmission protocol (LTP) was developed to provide reli-
able and highly efficient data delivery over unreliable space network channels.
Some preliminary studies on LTP’s aggregation mechanism in space communi-
cation networks have been done. However, the effect on LTP aggregation of data
losses caused by lossy space channels has been ignored. Data loss is one of the key
features that characterize space networks, and therefore its effect on LTP transmis-
sion cannot be left out. In this paper, the LTP aggregation mechanism is studied
with focus on its characterization and performance over lossy and highly asymmet-
ric space channels. An analytical model is presented for calculating the minimum
number of bundles that should be aggregated within an LTP block for transmission
over a lossy channel to avoid report segment (RS) transmission delay caused by
highly asymmetric channel rates. The model is validated by realistic file transfer
experiments over an experimental testbed infrastructure and packet-level analysis
of the results. It is concluded that the aggregation threshold derived from the ana-
lytical model functions effectively with respect to resolving RS delay effects and
decreasing latency in file delivery, leading to higher transmission efficiency.

Keywords: Space communications · Space networks · Satellite
communications · Wireless networks · DTN · Licklider Transmission Protocol
(LTP)

1 Introduction

National Aeronautics and Space Administration (NASA) has recognized
delay/disruption tolerant networking (DTN) [1] as the only candidate networking tech-
nology that approaches the level of maturity required to provide reliable data delivery
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service in deep-space communications [2]. As the main data transport protocol of DTN
in space networking, the Licklider transmission protocol (LTP) [3, 4] was developed to
provide reliable data/file delivery service in unreliable space communications that are
characterized by very long propagation delay, frequent link interruptions, and a high data
loss rate. The file delivery of LTP is implemented as independent transmissions of LTP
data blocks, and each block is fragmented into data segments according to theMaximum
Transmit Unit (MTU) at the underlying data link layer. Put simply, the transmission of
each LTP block is organized as a “session” which operates as a sequence of data segment
exchanges between the sender and the receiver [4].

In additional to a long delay, random link interruptions, and a high data loss rate,
asymmetric channel rates is another major feature which characterizes space communi-
cations [2]. Channel rate asymmetry in space generally means that the uplink channel
rate deployed for acknowledgment (ACK) transmission (from the Earth to the spacecraft
or another planet) is much lower than the downlink channel rate deployed for data trans-
mission in the opposite direction [5]. With respect to the operation of LTP, the lower
uplink channel rate introduces delay in the transmission of report segments (RSs) (at the
receiver) which acknowledge the arrival status of a data block. In other words, it results
in a longer RS transmission time and thus, an increase of the round-trip time (RTT)
for the block transmission round. For transmission of a very large file conveyed by a
large number of LTP blocks, the overall file delivery time will be significantly increased,
leading to severe transmission efficiency degradation.

In view of the effect of channel-rate asymmetry in space on LTP, it is reasonable to
aggregate multiple bundle protocol (BP) [6, 7] bundles into a single LTP block rather
than encapsulating each bundle as an individual block for transmission [3]. A set of
preliminary experimental studies on the bundle aggregation mechanism of LTP were
done as part of our previous work, mainly with respect to its operation and performance.
There are also a few analytical discussions that are supported by the experimental results.
This set of work is discussed in Section II—Related Work. However, among all these
previous studies, the effect of data losses in transmission over lossy space links is com-
pletely ignored in analysis. As recognized by the community, data loss is one of the key
features that characterize data communications at all levels of space communications. It
has especially severe effect over a deep-space channel. Therefore, in practice, the effect
of data losses on bundle aggregation in BP/LTP transmission cannot be left out.

In this article, we present an analysis of the LTP aggregation of BP bundles in space
communications but focus on its characterization and performance over lossy and highly
asymmetric space channels. Analytical modeling is presented for calculating the mini-
mum number of bundles that should be aggregated within a block for transmission over a
lossy channel to avoidRS transmission delay caused by highly asymmetric channel rates.
The model is validated by realistic file transfer experiments over a testbed infrastructure
and packet-level analysis of the experiment results.

2 Related Work

A series of studies have been done for DTN protocols in space, with most of them
done jointly by NASA’s Jet Propulsion Laboratory (JPL), California Institute of Tech-
nology and other research teams. While some of them focus on BP [5, 8–10], numerous
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studies of LTP examine its design, analysis and performance [11–17]. Among these
studies, a set of baseline performance comparisons were conducted between LTP and
the most commonly-used TCP/UDP protocols using a statistical analysis method [11].
The comparative evaluations indicate that LTP has a performance advantage for reliable
data delivery in a challenging space networking environment. With the joint presence of
the very long link delay, highly lossy channel, and highly asymmetric channel rates on
the data links, the performance advantage of LTP over other data transport protocols is
significant.

As mentioned, some preliminary experimental studies on the bundle aggregation
of LTP and its performance in space communications was done in our previous work
of DTN in space [18–20]. Most of them focus on an understanding of its operation
based on experimental results with a few supported by analytical discussions. However,
among this set of previous studies of the bundle aggregation mechanism, the critical
effect of data losses in LTP transmission caused by channel error of space channels
is completely ignored in analysis. At present, no work has been done in analyzing the
bundle aggregation mechanism of LTP with the inevitable effect of data loss taken into
consideration for reliable data delivery with asymmetric channel rates.

3 A Scenario of LTP Transmission Over Lossy and Asymmetric
Space Channels

As discussed, the file delivery of LTP is implemented as independent transmissions of
LTP data blocks. To achieve the reliable delivery of the file (i.e., to guarantee all the bytes
of the entire file successfully delivered), each block is set as 100% red. The transmission
of each block is organized as a “session” which operates as a sequence of data segment
exchanges between the sender and the receiver. The last segment of a block is transmitted
with a checkpoint (CP) flag. ACP segment is intended to trigger the receiver for checking
the arrival status of all the segments of the block for data loss or transmission error. If
none of the segments is lost or received with error, the receiver acknowledges to the
sender by returning a positive acknowledgment, i.e., an RS, to confirm the successful,
cumulative reception for the block. If the RS indicates that any data byte of the block is
lost, the segment conveying the data byte is retransmitted.

To ensure reliable delivery of CP and RS, both segments are transmitted with a timer
set, leading to two important timers, CP timer and RS timer. These two countdown
timers are set to detect a possible loss of CP and RS, respectively, and retransmit them
as necessary upon the expiration of the corresponding timer.

To illustrate the effect of data loss on block transmission over lossy and highly
asymmetric channels, a scenario of LTP block transmission is illustrated in Fig. 1 based
on the interactive segments exchange between the sender and the receiver over a lossy
space channel. For the sake of simplicity, the transmission scenario is shown only for
three blocks numbered as Block1, Block2, and Block3. As illustrated, each of three
blocks is fragmented into multiple data segments (DSs) numbered as DS1–DSn. The last
segment of each block, DSn, is flagged as the CP, and it is named as CP1, CP2, and CP3
for three blocks in Fig. 1, respectively. The blocks and the segments of each block are
transmitted in a continuous manner. For transmission of Block1, as soon as CP1 segment
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Fig. 1. A scenario of LTP data transmission illustrating the effect of CP loss on block transmission
over lossy and highly asymmetric channels.

(which is also a DS) is successfully received, the receiver checks all the segments of
Block1 for possible data loss. Assuming that none of the segments of Block1 are lost or
corrupted, the RS corresponding to CP1, here named RS1, is immediately transmitted
as a positive report of the cumulative reception for the block. The sender then sends a
report acknowledgment (RA), RA1, to acknowledge the receipt of RS1, which closes
the transmission session of Block1.

Because of the very slow ACK channel rate, the time taken by the receiver in trans-
mitting RS1 is longer than the time taken by the sender in transmitting Block1. In this
case, while RS1 is being transmitted, the segments of Block2 are already on the way to
the receiver. The last segment of Block2, CP2, is expected to initiate a check of the arrival
status of the entire block. The segments of Block2 are expected to arrive at the receiver
before the entire RS1 is completely transmitted. Even if all the segments of Block2 are
successfully delivered to the receiver without any data loss, RS2 is not sent until RS1 is
completely transmitted because of the long transmission time of RS1. In other words,
RS2 has to wait for transmission until RS1 is completely transmitted. This is the origin
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of the RS waiting time and RS transmission queue, leading to an increase of the RTT
length for the block transmission round.

However, because the channel is lossy or error-prone, any DS of Block2 can be
corrupted by channel error during transmission. Suppose that due to transmission error
over the data channel, CP2 is corrupted or lost while all other DSs are successfully
received, as illustrated in Fig. 1. The loss of CP2 prevents the receiver from responding
with anRSon the arrival status of the block. Therefore, theRS in response toCP2/Block2,
named RS2, is not generated at the receiver for transmission over the ACK channel. A
lack of RS2 for transmission actually relieves the severely constrained ACK channel
transmission capacity/rate. This can be observed in Fig. 1 where there is some “free”
time at the receiver after RS1 is completely transmitted. The receiver is “free” because
there is no data to send at this time. The receiver keeps itself “free” until the receipt of
CP3 of Block3 which triggers the receiver to generate RS3 for transmission.

In the light of the earlier discussions, a high LTP block transmission data loss rate
resulting from a lossy space channel is expected to reduce the RS waiting time and
transmission round-trip time. As a result, it is expected to improve the transmission per-
formance of LTP over links characterized by extremely asymmetric data rates, especially
for transmission of a large file which is conveyed by a large number of bundles for which
many blocks is more likely transmitted.

4 Analytical Modeling for LTP Aggregation of Bundles Over Lossy
Space Channels

The total length of an encapsulated LTP block at the link layer, termed LBlock_Link , was
formulated as a function of the number of bundles to be aggregated and the fragmented
segment size in [18, 20]. The formula is reiterated below

LBlock_Link = NBundle × (
LBundle + LBundle_Head

) × (
LLtp_Seg + LFrame_Head

)

LLtp_Seg
(1)

in which

NBundle is the number of bundles aggregated within an LTP block,
LBundle is the length of a bundle,
LBundle_Head is the header length of each bundle,
LLtp_Seg is the average length of a fragmented segment, and
LFrame_Head is the total length of the overhead added to a segment because of the
encapsulation processes.

The total length of the frame overhead LFrame_Head in (1) is actually the total encap-
sulation overhead starting from the LTP layer until the link layer. Therefore, it can be
simply formulated as a sum of the length of an individual head added at Layer 1 (the
link layer) up to the LTP layer, i.e.,

LFrame_Head =
∑

i

LHead_Layer(i) (2)
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in which LHead_Layer(i) is the length of head added by the ith layer. In specific, from
bottom to top, LHead_Layer(1) is the head length at the link layer, LHead_Layer(2) is the head
length at the IP layer,LHead_Layer(3) is the head length at theUDP layer, andLHead_Layer(4)
is the head length at the LTP layer. In fact, the numerical value of LFrame_Head varies
depending on the protocol configuration as in some applications, a specific protocol may
not be needed.

It is important to note that the formula of LBlock_Link in (1) ignores the effect on
LTP aggregation of data losses caused by lossy space channels. In other words, the
effect of channel loss or error caused by channel noise is not considered. However, as
mentioned, data loss caused by channel error is one of the key features that characterize
space communications, and its effect on LTP transmission cannot be ignored.

Let TRS be the average transmission time of an RS out of the total number of RSs.
As discussed, an RS can only be triggered by a successfully delivered CP segment. In
other words, the CP segments that are lost or corrupted when received at the receiver do
not generate the RSs. Therefore, TRS can be formulated as

TRS = (1 − p)8×LCP × LRS
RRS

(3)

in which.
p denotes an “effective net channel bit-error-rate (BER)” of the data channel which

represents the net overall data loss rate (i.e., the transmission quality of a channel),

LCP is the length of the CP segment in bytes,
LRS is the length of an encapsulated RS at the link layer, and
RRS is the uplink channel rate available for RS transmission.

Denote TBlock as the average transmission time of a single block out of the total
number of blocks for the entire file transmission. Let RData be the data channel rate
available for downloading data from a deep-space craft (i.e., Moon lander or Mars
lander). Then, TBlock can be formulated as

TBlock = LBlock_Link
RData

(4)

Because of the “one RS per block” acknowledgment policy of LTP, the total number
of RSs transmitted by the receiver is actually equal to the total number of LTP data blocks
that the entire file is divided among to convey all the data bytes. In order to avoid RS
transmission delay due to channel-rate asymmetry, it is required that during the entire
file delivery process, the average transmission time of a block must be greater than or
equal to the average transmission time of an RS sent by the data receiver, with each
segment serving as a positive report of the cumulative reception for an individual block
(i.e., a positive ACK), i.e., TBlock ≥ TRS . Their relationship can be formulated using
different factors as

LBlock_Link
RData

≥ (1 − p)8×LCP × LRS
RRS

(5)
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With (5), LBlock_Link can be formulated as

LBlock_Link ≥ (1 − p)8×LCP × LRS × RData

RRS
(6)

LBlock_Link in (6) actually means that the total length of an encapsulated LTP block (when
passed to the link layer) for transmission over the data channel must be large enough so
that the average block transmission time is longer than the average RS transmission time.
By this, the RS transmission delay due to the low ACK channel rate can be avoided.

Plugging the formula of LBlock_Link in (1) into (6),NBundle can bewritten as a function
of other factors, and it is shown as

NBundle ≥ (1 − p)8×LCP × LRS
RRS

× RData × LLtp_Seg(
LBundle + LBundle_Head

) × (
LLtp_Seg + LFrame_Head

)

(7)

The formula of NBundle in (7) defines the number of bundles to be aggregated within an
LTP block so that the delay of RS transmission due to the effect of channel-rate asym-
metry can be avoided. Therefore, the threshold numerical value of NBundle is actually a
minimumnumber of aggregated bundles to be able to avoid the delay of RS transmission.
Denote this minimum number of bundles asNBundle_Min. With the effects of channel-rate
asymmetry, channel data loss rate, data fragmentations, and the total overhead taken into
consideration, it can be formulated as

NBundle_Min =
⎡

⎢⎢
⎢

(1 − p)8×LCP × LRS
RRS

×
RData × LLtp_Seg(

LBundle + LBundle_Head

)
×

(
LLtp_Seg + ∑

i LHead_Layer(i)

)

⎤

⎥⎥
⎥

(8)

5 Numerical Experimental Results and Model Validation

In this section, the numerical results of the file transfer experiments over the testbed
are presented to validate the predictions of the analytical model for calculating the
recommended minimum number of bundles aggregated within a block. The discussion
focuses on a study of whether or not the delay of RS transmission caused by channel-
rate asymmetry is avoided; the magnitude of this delay is measured by comparing the
measured RTT lengths of the first and last block transmission rounds.

5.1 Overview of Experimental Infrastructure and Configurations

This analysis and the resulting value for the minimum number of bundles aggregated
within a block to avoid the delay effect of RS transmission derived in Section IV are vali-
dated throughfile transfer experiments using an experimental infrastructure that emulates
communication in a cislunar operational environment. The experimental infrastructure
adopted for the proposed file transfer is the PC-based space communication and net-
working testbed (SCNT) [11]. The SCNT infrastructure was validated through a series
of our previous studies in performance evaluation of a protocol suite proposed for space
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networks and deep-space communications [11–13]. For a detailed description of it, refer
to [11].

The protocol implementation, BP/LTP, used for the experiments was adapted from
the Interplanetary Overlay Network (ION) distribution v3.6.2. ION is a software imple-
mentation of theDTNprotocol suite for space networks and deep-space communications
developed by NASA’s JPL [21]. IP and Ethernet were adopted to serve at the underly-
ing network layer and data link layer, respectively. As the frame length (MTU size) of
Ethernet is 1500 bytes, each LTP segment is configured to be 1400 bytes, making it fit
within the frame MTU. Bundle size is arbitrarily fixed at 1000 bytes.

A one-way delay of 1.35 s, which is common over a cislunar channel, was introduced
to each of the data and ACK channels to emulate the signal propagation delay in deep
space. The effect of the channel-rate asymmetry on file transmission was implemented
by configuring a high channel speed ratio (CR), 500/1, resulting from a downlink channel
rate of 2Mbps and an uplink channel rate of 4 Kbps. A text file of 1Mbyte is transmitted
from the sender to the receiver by running LTP together with associated protocols to
measure the performance of the protocol.

As this study focuses on the effect of data loss on bundle aggregation in LTP, different
levels of data loss are imposed as channel loss rate or channel quality for LTP file
transmission. Four different effective net BERs (i.e., p in (3)), including 10–8, 10–7,
10–6 and 10–5, are configured in our experiments. While the BERs of 10–8 and 10–7 are
introduced to emulate a less lossy channel, the BERs of 10–6 and 10–5 are introduced
to emulate a lossy channel and a highly lossy channel, respectively. The study is mainly
concernedwith the effect of data loss caused by the channel error on reliable data delivery
of LTP. For this reason, each LTP block is declared 100% red in our experiments.

Although the size of anLTP segment is fixed at 1400 bytes in this study, the LTPblock
sizes adopted for the experiments vary drastically. The number of bundles aggregated
within a block varies over a wide range. By varying block size in this way, we study how
the transmission performance of LTP varies with variations of block size measured in
the number of bundles.

5.2 Effect of RS Delay on File Delivery Over Lossy Channels

Figure 2 provides a comparison of the RTT lengths measured for the first and the last
block transmission rounds in transmitting a 1-Mbytes file over an emulated cislunar space
communication infrastructure having different channel qualities (i.e., with the BERs of
10–8, 10–7, 10–6, and 10–5). The RTT length for the first block transmission round is
denoted as RTT1st while it is denoted as RTTLast for the last round. The communication
infrastructure is configured with a CR of 500/1 and 5 bundles/block. It is observed that
the RTT1st is consistently around 2.9 s at all three channel BERs. This is reasonable
provided that the one-way link delay configured for the experiments is 1.35 s to emulate
a cislunar communication scenario.

In comparison, RTTLast is much higher than RTT1st at all three channel BERs con-
sidered, varying in the range of 22–24 s. This leads to a significant difference between
RTT1st and RTTLast , around 20 s, regardless of the channel loss rate. Given that RTT1st

is shorter than three seconds, the RTT length difference of more than twenty seconds is
a very strong indication that RTTLast has the delay effect of RS transmission over the
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forward uplink ACK channel and/or delay effect of block transmission over the return
downlink data channel. Because block transmission is initiated by the sender without
waiting for any signal from the receiver and transmission is therefore continuous, no
delay should have been experienced. Therefore, the only delay effect contributing to
RTTLast is the delay in RS transmission, which is caused by the channel-rate asymmetry.
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Fig. 2. Comparison of the RTT lengths measured for the first and the last block transmission
rounds of LTP in transmitting a 1-Mbyte file over an emulated cislunar space communication
infrastructure with highly asymmetric channel rates (with the CR of 500/1) and different channel
qualities (i.e., with different loss rates), and LTP configured with 5 bundles/block.

The drastic difference of the RTT lengths can be easily explained by considering the
number of bundles aggregated. The testbed is configured to have five bundles aggregated
within a single block for this set of transmissions. Five bundles (aggregated within a
block) are too few to resolve the delay effect of the RS transmission caused by the very
low ACK channel rate. The time difference between RTTLast and RTT1st is so large
because the RS delay resulted from each block transmission is accumulated over the
transmission rounds of all the blocks. Furthermore, all the delay effects experienced by
the previously transmitted blocks add up to the RTT length for the last round, which
makes RTTLast extremely long compared to RTT1st (without any delay effect of RS
transmission).

It is also observed that alongwith the channel BER increase, there is a slight decrease
of RTTLast . While the decrease is minor for the BER increase from 10–8 to 10–6, it is
obvious from 10–6 to 10–5, around 2 s. This is reasonable according to the discussion
in Section IV. Formulated as 1 − (1 − p)8×LCP , the probability that a CP segment of a
block is corrupted during file transmission is higher when a higher channel loss rate (p)
is experienced. Given that the size of a file for transmission is fixed, the number of blocks
is fixed, implying that the number of CP segments is also fixed according to the “one
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CP segment per block” policy of LTP. With a higher loss probability for a CP segment,
the number of CP segments that are successfully received by the receiver decreases.
Following the “one RS per block” acknowledgment policy of LTP [5], the number of
RSs generated at the receiver for transmission in response to the arrived CP segments
must likewise decrease. With fewer RSs transmitted over the constrained ACK channel,
the number of RS in waiting for transmission is reduced, leading to a shorter queue
for the RSs. This implies that the RSs have shorter waiting time for their transmission.
The shorter waiting time of RSs at the receiver means that the RSs generated for the
file transmission can be received by the data sender sooner. This leads to a shorter RTT
length for all the block transmission rounds and therefore, a shorter RTT for the last
round. This clarifies the drop of RTTLast along with the increase of the channel BER
from 10–6 to 10–5 in Fig. 2.
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Fig. 3. TSG illustrating the LTP transmission at packet level at the sending node for delivery of
a 1-Mbyte file over a highly lossy cislunar channel (with a BER of 10–5) with highly asymmetric
channel rates (with a CR of 500/1) and LTP configured with 5 bundles/block.

Figure 3 illustrates the time sequence graph (TSG) [22, 23] for a transmission sce-
nario over a highly lossy channel with a BER of 10–5, i.e., for the transmission which
demonstrated a slight decrease of RTTLast in Fig. 2. The original data transmission line
and the corresponding initial RS transmission line vary in a linearly increasing pattern but
with different slope rates. This leads to significantly different lengths of RTT—RTT1st

for the first block has a very short length around 2.8 s, and RTTLast for the last block is
very long, around 22 s. The TSG shows various loss and retransmission events starting
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from the RS transmission line. It is found that around eighty corruption/retransmission
events are observed during the entire file delivery. As the transmission is configured with
a BER of 10–5 and a given file size of 1Mbyte, this is correct according to the calculation
of 106 × 8× 10−5 = 80 which is statistically an average number of the data corruption
(and retransmission) events.

These corruption events cause either losses of regular data segments or losses of
CP segments. The loss events result in retransmission of the segments and even re-
retransmission(s) of them. That is why in addition to the initial RS line, four more
RS/segment retransmission lines are observed, indicating segments that are retransmitted
for four times. Some segments are even retransmitted more than four times. In contrast
to the original RS transmission line, these four retransmission lines are parallel, which
indicate that there is no RS delay experienced in transmitting them. This is because
of the decrease of the number of RSs for transmission along with the increase of the
transmission attempts. Each attempt causes additional blocks to be successfully delivered
and leaves fewer blocks to be retransmitted in the next attempt. Fewer blocks result in
fewer CPs, resulting in fewer RSs sent by the receiver. This can also be observed from
the fact that the RS lines are becoming sparser along with the transmission because of
the decrease in the number of RSs sent.

The details of the loss of regular segments and the absence of some RSs for transmis-
sion over the ACK channel because of the failure of delivery of the corresponding CP
segments can be observed from a TSG at LTP segment level. Figure 4 shows a zoom-in
view of a selected portion of the TSG for the transmission of two LTP data blocks. The
two blocks, numbered as Block1 and Block2, are transmitted in a continuous manner
around 2 s. It is observed that the RS for Block2 is received around 10 s while it is unex-
pectedly not received for Block1. This is an indication that Block2 experiences regular
data corruption/loss (not CP loss) due to the high channel error rate of 10–5, and the
situation for Block1 is different.

For the transmission of Block2, it is transmitted in four segments in order, and the
last segment should be sent as its CP segment. After one round trip, the RS for the block
is received around 10 s, showing the RS line corresponding to the sequence numbers
for the first, third and fourth (CP) segments. This indicates that these three segments
are successfully delivered. But the RS line corresponding to the sequence numbers for
the second segment is missing, and it is shown as a gap in the RS line to be filled. This
means that the second segment is not successfully delivered because of corruption, and
the receiver requests for retransmission of it.

The TSG shows that the second segment is then quickly retransmitted in red (for
transmission reliability) as a separate block, and it is eventually successfully delivered.
The acknowledging RS for the successful delivery of the second segment (up to the
beginning of the block) arrives at the sender around 27 s, signaling the successful delivery
of all four segments of the entire block. The mandatory RA with the sequence number
aligned with the end of the block is sent immediately by the sender in response to the
receipt of the RS. The RA is shown on top of the RS.

For transmission of Block1 illustrated in Fig. 4, the missing of its RS is shown as
a gap in the RS line to be filled. It can be inferred that the loss of the RS is caused by
the corruption/loss of the CP segment (i.e., the last segment) of Block1 to the receiver.
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Fig. 4. A zoomed-in view of a selected portion of the TSG in Fig. 3, illustrating transmission of
two LTP data blocks of a file—Block1 having a CP loss and Block2 having a regular segment loss.

Otherwise, if the CP segment is not corrupted, an RS should be sent to the sender
reporting the delivery status, but this does not occur. For all four segments of the block,
only the last segment (i.e., the CP) is retransmitted. This is a strong indication that the
CP segment of Block1 was corrupted by channel error.

The sender resends the lost CP segment for Block1 upon the expiration of the CP
timer around 29 s. As soon as the resent CP is successfully received, the receiver checks
all four segments of the block (including the previously received three segments and
the resent CP). It is found that all four segments are successfully received, implying a
successful delivery of the entire block. Therefore, the RS for the block is sent in response
immediately. As shown in the enlarged view, the RS arrives at the sender around 34 s,
covering all four segments of Block1. By this, Block1 is successfully delivered and
acknowledged.

The numerical value for a minimum number of bundles to be aggregated within a
block to avoid the RS delay (i.e.,NBundle_Min) can be calculated from the model using the
pre-defined transmission conditions andprotocol setting.Asmentioned, the encapsulated
segment size for transmission at the link layer is around 1440 bytes. So, for transmission
over less lossy channels (e.g., with a BER of 10–7), it is calculated that and according
to (8), NBundle_Min = 33. The same value is given at the BER of 10–8.

(1 − p)8×LCP =
(
1 − 10−7

)8×1440 ≈ 99.89%

Similarly, for a transmission over a lossy channel with a BER of 10–6, it is calculated
that

(1 − p)8×LCP ≈ 98.86% and NBundle_Min = 33
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Fig. 5. Comparison of the RTT lengths measured for the first and the last block transmission
rounds of LTP configured with 30 bundles/block.

and over a highly lossy channel at the BER of 10–5,

(1 − p)8×LCP ≈ 89.12% and NBundle_Min = 30

The calculation result indicates that over less lossy and lossy channels (i.e., with the
BERs of 10–8–10–6), the minimum number of bundles to be aggregated within a block
to avoid RS delay is equal, 33 bundles/block in each scase. The calculated minimum
number of bundles to be aggregated is thirty (i.e., 30 bundles/block) for transmission
over a highly lossy channel with a channel BER of 10–5.

As a validation to the model, Fig. 5 presents a comparison of the RTT lengths
measured for the first block transmission round and the last block transmission round of
a 1-Mbyte file configuredwith thirty bundles aggregated within a single block, or simply,
30 bundles/block. All the transmission conditions are the same as in Fig. 2 except for the
number of aggregated bundles. Comparingwith the observations in Fig. 2, the similarities
are: (1) RTT1st remains unchanged and low, less than 3 s, at all four channel BERs; (2)
RTTLast is longer than RTT1st at the BERs of 10–8–10–6; and (3) RTTLast shows slight
decrease with the increase of the channel BER. All these observations are clarified in the
discussion of Fig. 2, and the explanations still apply to the results in Fig. 5 even though
the number of aggregated bundles is six times greater.

There are two main differences between Fig. 2 and Fig. 5. First, RTTLast with 30
bundles/block in Fig. 5 is much shorter than the RTTLast with 5 bundles/block in Fig. 2.
This leads to only minor differences between RTTLast and RTT1st for the transmissions
with 30 bundles/block. The second difference is with the transmission at the channel
BER of 10–5—while RTTLast is significantly longer than RTT1st with 5 bundles/block,
they are roughly equal with 30 bundles/block.
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By way of explanation for the first observed difference, RTTLast in Fig. 5 is signifi-
cantly shorter because the transmissions are configured with a larger number of bundles
(30 bundles) aggregated within a block. With so many bundles aggregated, given the
fixed file size, the number of blocks sent by the sender to convey the entire file decreases
significantly. Following the “one RS per block” policy, the number of RSs generated at
the receiver for transmission also decreases. This leads to a much shorter waiting time
for the RS transmission over the ACK channel and therefore, a much shorter RTT length
for almost every block. As a result, the RTT length for the last block, RTTLast, drops
drastically.

The second difference observed, i.e., RTTLast = RTT1st at the BER of 10–5, has a
similar explanation: it happens because the transmission in Fig. 5 is configured with 30
bundles/block. According to the aforementioned calculation, with the BER of 10–5, the
minimum number of bundles to be aggregated within a block to avoid RS delay is thirty,
i.e.,NBundle_Min = 30. In other words, the transmission configured with 30 bundles/block
is able to resolve the delay effect caused by the CR of 500/1 and does not impose delay
in RS transmission. Therefore, the RTT length for the last block transmission round
remains unchanged compared to the ones measured for the first block and all other
blocks.

In comparison, RTTLast is slightly longer than RTT1st at the BERs of 10–8, 10–7

and 10–6. In other words, there is a minor RS delay effect experienced for these three
transmissions. In comparison, RTTLast is slightly longer than RTT1st at the BERs of
10–8, 10–7 and 10–6. In other words, there is minor effect of RS delay experienced for
these three transmissions. According to the calculation derived above, the minimum
number of bundles to be aggregated within a block to avoid the RS delay is thirty-
three, i.e., NBundle_Min = 33, for the transmissions at all three BERs. However, the file
transmissions in the experiment were actually configured with 30 bundles/block. So, the
aggregated numbers of bundles in the experiment were slightly fewer than the required
minimum number of bundles. As a result, the delay effect is resolved significantly but
not entirely. In other words, there is still some delay effect experienced for many blocks.
The resulting minor delay effects are accumulated toward the last block transmission.
This causes RTTLast to be slightly longer than RTT1st as shown in Fig. 5. Note that the
delay effect is diminished with the increase of the BER because of the increment in
CP loss events that leads to fewer RS for transmission and thus shorter delay of RS, as
discussed with Fig. 2.

For an illustration of the LTP transmission at packet level without the effect of RS
delay experienced, Fig. 6 presents the TSG for the same transmission of 1-Mbyte file
as the one presented in Fig. 3 but configured with a much larger number of bundles
aggregated within a block, 33 bundles/block. As calculated from the model, given that
a bundle size of 1000 byte and a segment size of 1400 bytes are configured, thirty
(30) bundles are the required minimum number of bundles to be aggregated to avoid
the RS delay at the BER of 10–5. Therefore, it is expected that a transmission with 33
bundles/block resolves thoroughly the delay of RS transmission and thus, leads to an
equal length of the RTT for all the block transmission rounds.

Comparing this figure with the TSG with 5 bundles/block in Fig. 3, the main differ-
ence is that both the data line and the corresponding RS line in Fig. 6 increase linearly
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Fig. 6. TSG illustrating the transmission at packet level for delivery of a 1-Mbyte file over a
highly lossy cislunar channel (with a BER of 10–5) and LTP configured with 33 bundles/block.

at the same pace, forming two parallel lines. This leads to nearly consistent length of
RTT for all the blocks. Both RTTLast and RTT1st are around 2.9 s, as an indication
that the configuration of 33 bundles/block resolves the delay effect of RS transmission.
This means that the calculated numerical value of NBundle_Min, 30 bundles/block, is able
to overcome the effect of RS delay even over a highly lossy channel. Because of the
high data loss events (with a BER of 10–5), three parallel RS/segments retransmission
lines are obviously observed in Fig. 6, in addition to the initial RS line. One RS is even
retransmitted five times with four retransmission attempts.

6 Conclusions

In this article, an analytical model is presented for the minimum number of BP bundles
to be aggregated within an LTP block for transmission over a lossy channel so that the
RS transmission delay imposed by highly asymmetric channel rates can be resolved.
The model is validated by realistic file transfer experiments over a testbed infrastructure
and packet-level analysis of the experimented results. It is found that regardless of the
channel loss rate, theminimumnumber of aggregated bundles derived from the analytical
model functions effectively with respect to resolving all the RS delay effect caused by
asymmetric channels and achieves high goodput performance.

It is concluded that regardless of the number of bundles aggregated within a block
(i.e., block size), along with the increase of channel loss rate, there is slight decrease of
RTT. This is because with a high loss rate involved, both the number of CP segments
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that are successfully delivered to the receiver and the number of RS segments generated
in response decrease. The decrease of the number of RS segments leads to a shorter
waiting time of RS segments for their transmission and thus, a shorter RTT for all the
block transmission rounds. On the other hand, regardless of channel loss rate, along with
the increase of the number of aggregated bundles, the RTT for all the block transmission
rounds also decreases because of the reduced number of data blocks/CP segments orig-
inally sent by the sender. In both cases of the RTT decrease, the transmission leads to
shorter file delivery time and thus increase of goodput. The performance keeps improv-
ing along with the increase of block size until the number of aggregated bundles are
as many as around a threshold number which is the minimum number of aggregated
bundles calculated from the model.
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