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Abstract. This paper presents a research on the performance of packet layer
coding for space streaming, which integrates Low Density Parity Check (LDPC)
Code into space streaming service. By implementing LDPC code into higher lay-
ers, such as bundle layer or transport layer, the space streaming service can achieve
stronger error correction capability, which improves the quality of experience of
space streaming service. To evaluate the performance of packet layer coding for
space streaming, emulation of data streaming in space are conducted. The results
of the experiments show that compared with the original transmission scheme,
space streaming service with packet layer coding has obvious improvements.
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1 Introduction

With the development of aerospace technology, more and more manned deep space pro-
gram will be conducted in the future. Compared with the traditional deep space commu-
nication service, data transmission of manned space program has higher requirements,
especially in space streaming service. In manned exploration missions, the proportion of
streaming data transmission will be much larger than that of traditional unmanned pro-
grams which require mostly reliable data transmission. However, because of the severe
communication conditions in the deep space environment, the space streaming service
faces many problems. The characteristics of deep space networks such as long delay and
high bit error rate lengthen the delivery time, reduce the transmission success rate, and
reduce the transmission efficiency, which greatly affects the quality of streaming service.
Therefore, it is getting more and more attention of researchers on how to improve the
performance of streaming data delivery in deep space.
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To solve this problem, the issue of data streaming in DTN [1–4] (Delay/disruptive
tolerant networking) has been studied. In [5], erasure codes were implemented on video
streaming system over lossy networks. Furthermore, in [6], the notion of ‘substitutable
content summary frames’ has been introduced. An additional ‘summary frame’ is added
to the original stream to improve the performance of video transmission even in bad
condition. And in [7], another transport level mechanism based on coding scheme called
Tetrys was proposed. An on-the-fly coding scheme is applied to provide the reliability.
In 2013, a new space streaming transmission scheme called Bundle Streaming Ser-
vice(BSS) was implemented in DTN. BSS can ensure the in-order delivery by a for-
warding strategy and guarantee the integrity of the data by retransmitting the lost data.
In addition, the Consultative Committee for Space Data Systems (CCSDS) suggested
a new idea for video applications in deep space by implementing Real-Time Transport
Protocol (RTP) over DTN [9]. However, because of the severe communication condi-
tions, BSS and RTP over DTN both have shortcomings in deep service, such as long
stream delivery time and high packet loss rate. Therefore, Forward Error Correction
(FEC) codes, such as Reed-Solomon (RS) codes, has been combined with BSS in [10].

This paper conducts further research on the performance of packet layer coding for
streaming transmission service in deep Space, by integrating LDPC Code [11] into BSS
and RTP over DTN.

The rest of the paper is organized as follows. In Sect. 2, we will introduce the related
work briefly. In Sect. 3, the design and implementation of packet layer coding for space
streaming are shown in details. In Sect. 4, a typical experiment is conducted and we will
analyze the experimental results. At last, a conclusion is given in Sect. 5.

2 Related Work

2.1 Overview of BSS

In order to achieve the goal of streaming data delivery in deep space, BSS was imple-
mented in DTN, which can ensure the in-order delivery in real-time display, and provide
the playback function. The stark of BSS is shown in Fig. 1.

The focus of BSS is to balance the relationship between unreliable and reliable
transmission. BSS does not adopt a reliable transmission protocol for all data, but only
uses the reliable transmission protocol to retransmit the lost packets, andmost of the data
is sent using an unreliable transmission protocol to guarantee the minimum transmission
delay. BSS provides two kinds of transmission services, one of them is best effort service
and another is reliable service. First of all, when the data is sent for the first time, it will
be transmitted through the best effort service by UDP or green LTP to ensure that the
data is sent to the receiving side as soon as possible. During the communication process,
if some packets are lost, the reliable service will retransmit the lost packets by TCP or
red LTP to ensure the reliability of transmission.
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Fig 1. The stack of BSS

2.2 Overview of RTP Over DTN

Besides BSS, a new space streaming transmission scheme called RTP over DTN was
proposed by CCSDS in 2018. RTP over DTN is a method of video over DTN using RTP,
which can ensure higher quality of video transmission in deep space.

The Real-Time Transport Protocol (RTP) [12] provides a lightweight packet format
for the transmission of media-related payloads over IP-based networks. RTP is designed
around a fixed 12-byte header, along with a variable-length header extension field, as
can be seen in Fig. 2. Amongst other things, this header contains the Payload Type
(PT) component, which specifies the type of data which is conveyed in this packet.
Additionally, the header contains a timestamp and sequence counters. The last element
to be aware of is the marker bit, which specifies that this packet contains “important
data”, although the definition of importance is left to the payload type.
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V=2 P X CC M PT Sequence Number

timestamp

Synchronization source (SSRC) identifier
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Fig 2. The header of RTP [12].

In order to make it apply to deep space, RTP should be implemented over Bundle
Protocol (BP) [13]. RTP may be encapsulated into DTN bundles with minimal modifi-
cation, instead treating the entirety of the RTP packet as a singular bundle. Considering
RTP packets have arbitrary sizes, so it can be concatenated, and the following rules
should be followed:

– Concatenated packets must have the same marker value. If the marker value changes,
a new bundle should be started.

– All RTP payloads in a concatenated bundle must belong to the same media stream &
have the same timestamp.

– After the first RTP packet, all headers can be stripped.

Figure 3 shows an example of a concatenated RTP bundle. The state of the Marker
bit is shown, while the sequence counters and timestamps are omitted.
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Fig 3. RTP concatenation

3 Packet Layer Coding for Space Streaming

As mentioned above, both of BSS and RTP over DTN have problem with the poor
communication conditions in deep space, especially the high bit error rate, which may
seriously damage the quality of space streaming service.
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To solve this problem, packet layer coding is applied to space streaming in this paper.
The design of packet layer coding for space streaming has been shown in Fig. 4. Note
that LDPC code is performed at the bundle layer because we believe that implementing
the FEC codes at the upper layer has stronger error correction capabilities by packet
layer coding compared with the traditional error correction coding scheme at the data
link layer. The logical process of the packet layer coding is shown in Fig. 5.

BSS/RTP BSS/RTP

BP BP

LDPC LDPC

LTP LTP

Lower layers Lower layers

Fig 4. Design of packet layer coding for space streaming [14].

The Staircase LDPC codes, where the parity check matrix could be built by the
decoder itself, on the spot, with a quick pseudo-random algorithm, is used in packet layer
coding for space streaming. The library that uses these code is OpenFEC, developed by
researchers of several French research institutes.

Firstly, several bundles converge into a data block. Then each data block would be
cut into k LTP segments. The k LTP segments are sent to the LDPC encoding process,
the encoding process includes the following steps:

a. Matrix filling: K LTP segments are passed to encoding process; each segment is an
information symbol (Info packets in the figure); they are written as rows of an N-row
matrix (the N-symbol codeword, or coding matrix).

b. Matrix encoding: M = N-K redundancy symbols (parity packets in the figure) are
added in the last M row of the matrix. The code rate Rc=K/N represents the amount
of information per codeword symbol. The lower the code rate, the higher the amount
of redundancy introduced.

c. Matrix passing: the N rows are passed one-by-one to lower layers;

On the receiver side, the decoding process includes the following steps:

a. Matrix filling: Let L be the number of packet lost; N-L UDP datagrams arrive; their
payload is read and written in an N row matrix (the N codeword at receiver side)
leaving gaps (i.e. rows filled by zeros) in correspondence of missing symbols.
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Fig 5. Logical process of the packet layer coding

b. Matrix decoding: The aim of the decoder is to extract the K information symbols (i.e.
basically our K LTP segments) from the N-L received symbols. If the decoding is
successful, all the first K rows are eventually filled. Put in other words, as the code is
systematic, the missing info symbols (two in the figure) are recovered by exploiting
the redundancy symbols. Thus, to have a success it is necessary to receive at least K
of the N symbols transmitted, whatever they are (information or redundancy);

c. Matrix passing: the first K rows of the matrix, i.e. the info symbols, are read and
passed one-by-one to upper layer.

4 Experiment Results

In this experiment, in order to simulate the real deep space communication environment,
a two-node experimental scene is constructed, the experimental scene is shown in the
Fig. 6.

The Host1 and Host2, represent the sender and receiver respectively. Both of them
are equippedwith the ION v3.6.1b [15]. And the last computer played the role of channel
emulator, which can change the propagation delays and channel error rates. More details
of the experimental factors and configuration are shown in Table 1.



64 X. Zhu et al.

Fig 6. Emulated data streaming communication experiment

Table 1. Experimental configuration

Experimental factors Setting/Values

DTN implementation ION3.6.1b

Linux version Ubuntu 16.0.4

Each bundle size(bytes) 11,844

Code rate 0.7

Propagation delay(s) 1–15

BER 1 × 10–7, 5 × 10–7, 1 × 10–6, 5 × 10–6

Streaming data size 20 s Stream data

Sample size 10 Repetitive runs

4.1 Performance on Packet Layer Coding for BSS

The following two metrics [8] were introduced to evaluate the performance on packet
layer coding forBSS: the streamdelivery time (SDT) and the enduser’s display efficiency
(EDE). SDT represents the time of successful trans-mission of all the data to the receiver,
and EDE represents the proportion of data successfully transferred for the first time.

In the first part of the experiment, the SDT is used to evaluate the transmission speed
of streaming data delivery.

Figure 7 shows the effect of propagation delay on SDT at the same channel bit error
rates. According to the results, BSS with LDPC performs better than original BSS in
different propagation delay, which means no matter how long the delay is, BSS with
LDPC can deliver all the data in a shorter time.

Figure 8 shows the results at different channel bit error rates. When the delay is 1 s,
the BSS with LDPC can delivery all the data in 60 s even in bad channel conditions
(BER = 5 × 10 – 6), while original BSS takes more time.

In the EDE evaluation, the result in Fig. 9 shows BSS with LDPC can display more
streaming data in the receiver than original BSS.
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Fig. 7. Experimental result of LDPC-BSS based on SDT respect to delay.

Fig 8. Experimental result of LDPC-BSS based on SDT respect to BER.

4.2 Performance on Packet Layer Coding for RTP Over DTN

The performance on packet layer coding for RTP over DTN is focused on the number of
lost packets respect to propagation delay and BER. Table 2, Table 3 show the number of
lost packets within the transmission by RTP over DTN with LDPC and RTP over DTN
without LDPC.
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(b)

(a)

Fig. 9 Experimental result of LDPC-BSS based on EDE respect to (a) delay (b) BER

It is apparent that packet layer coding can improve the performance of space stream-
ing, including BSS and RTP over DTN. There are some reasons. Compared with original
BSS, packet layer coding provides stronger error correction capability, which can avoid
retransmission and get stable EDE.When it comes toRTP overDTN, packet layer coding
can provide higher quality service by reducing the number of lost packets.
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Table 2 Number of lost packets respect to propagation delay (BER = 1E-6)

Delay /s Lost packets without
LDPC

Lost packets with LDPC

1 30 29

6 47 41

10 80 45

15 150 52

Table 3 Number of lost packets respect to BER (Delay = 10 s)

BER/10–7 Lost packets without
LDPC

Lost packets with LDPC

1 30 9

5 42 28

10 80 45

50 240 130

5 Conclusion

Based on the emulations in this work, we evaluated the contribution of packet layer
coding to streaming data delivery for future deep space applications. And the results
of the experiments strongly prove that space streaming with packet layer coding has
great advantages for the original space streaming service, no matter in terms of BSS or
RTP over DTN. Benefited from stronger error correction capability, packet layer coding
ensures the reliability of streaming data delivery and improve the quality of streaming
service.
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