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tions like traffic engineering, quality of service and over-provisioning are

implemented in IP networks but has resulted in higher cost, power and

system requirements. Flexilink network has been tested for audio payloads

using simulation model and outperforms any existing RT network by pro-

viding an exceptional average end-to-end delay of microsecond range and

a jitter below the audible threshold for live digital audio streaming. How-

ever, it is not tested for video payloads. A review of various networks used

RT media distribution is included in this paper. The Flexilink architecture

design modification to support the most widely used video formats such

as MPEG-TS, MPEG-PS and SDI streams is explained. The average delay for

multiple video streams over Flexilink is provided using simulation model.

The recommendation for testing Flexilink using hardware is also explained

in this paper.

The Flexilink Mac design uses dual-buffer system to handle AF (asyn-
chronous flow) and SF (synchronous flow) separately, with the Frame struc-
ture that supports current Ethernet frames.
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1. Introduction

Real-time (RT) audio video (AV) transmission is crucial in applications like video conferencing, Robotic
Surgery, Traffic monitoring, Drone piloting, online gaming, remote security, driver assistance cam-
era systems and broadcasting. It can also enhance the interactive media features such as fast
forwarding, changing channels and Random indexing. The main requirements for RT multimedia
transmission are minimal packet loss rate, low delay, low jitter and consistently available band-
width [1].

Broadcast organisations have been making a continuous effort to deliver RT AV with low latency,
least packet loss rate as well as minimal jitter. A steady bandwidth availability is also necessary for RT
AV transmission. Currently, they heavily rely on IP networks for RT media delivery due to the low cost
of installation, ease of maintenance and the possibility of system control using existing infrastructure.
The use of network technologies like MPLS (multi-protocol label switching) and VPNs (virtual private
networks) allow IP networks to provide quality of service (QoS).

However, the underlying fact about IP networks is that they were designed to carry bursts of data
at random time with primary concern for high accuracy delivery and the delivery time is of second
priority, resulting in jitters. In case of video payloads, the speed of delivery is of great importance and
any latency can affect the viewing experience.

Media transfer over an IP network suffers end-to-end (E2E) latency due to buffering at the internet
nodes as well as at the intranet nodes [2]. The packet header size, as well as the limitation in restricting
the latency due to buffering, makes it unfit for applications like live sound, virtual reality and tactile
internet. This drawback is mainly due to the connectionless store and forward technology used in the
IP networks [3].In IP networks, several measures like Traffic engineering and QoS mechanisms are used
to overcome this but still not capable of providing a complete solution. The existing QoS makes the
system complex, thereby increasing the power requirements as well as the cost. Video transmission
over the internet is further affected by instability in throughput, delay, and packet loss because of
the congestion in network and diverse infrastructure [4]. To overcome these effects, Media streaming
systems make use of a large buffer at the receiver end. But this can lead to slow start-up high latency,
which is undesirable.

Broadcast production facilities use separate networks for AV transmission. This is because standard
Ethernet cannot handle both data and AV traffic efficiently. Hence for professional AV applications
with low latency requirement, closed networks with AV-specific layer technology are commonly used.
As a result, there is a limited convergence between the two networks resulting in increased costs. So,
the usage of a single network that can handle RT AV payloads with low latency along with supporting
the non-time deterministic traffic can reduce the investment, cost of maintenance and a lot of human
work hours.

There are three ways in traditional RT network transmission:

e Increasing the transport protocol for RT stream base on TCP/IP protocol, like the optimisation of
RTP.
Building different transmission models through the network QoS model.
In industrial Ethernet, different protocols for different RT streams. Such as high precision clock
synchronisation, network topology ordering and resource reservation can enhance the RT perfor-
mance of the transmission.

JWau et al. have proposed a GALTON (Goodput-Aware Load distribuTiON) model and a bandwidth
aggregation framework that integrates energy-minimised rate adaptation, delay-constrained unequal
protection and quality-aware packet distribution (ELBA) to get a low E2E delay for the spectrum
limitation of single [5,6].

Flexilink added priority judgement, specific transmission frames and transmission bandwidth
planning based on the traditional network framework to achieve high RT transmission.
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Flexilink is an RT network solution based on the modified Ethernet concept. It can provide superior
quality for professional live multimedia transmission along with a solution for best effort data as well
enabling network convergence. The Flexilink network overcomes the problems in IP network with the
help of efficient packet scheduling and traffic awareness. To provide QoS to audio and video streams,
Flexilink reserves network resources prior to the transmission from the sender to receiver as in circuit-
switched networks like asynchronous transfer mode (ATM) and ISDN. This project is to investigate the
potential of the Flexilink network in delivering RT video over converged networks.

2. Network classification

The existing networks can be broadly classified into:

2.1. ISDN network

ISDN provides a relatively low bandwidth of up to two Mbps data rate. As a result, ISDN could support
only the services having data rate requirement ranging from voice to a medium data rate. Hence, video
transmission over ISDN is not popular. To overcome this, CCITT proposed Broadband ISDN (B-ISDN).
But the technical complications in B-ISDN concept remained unrectified because a different concept
namely ATM was proposed by CCITT as the answer for B-ISDN [7].

2.2. ATM network

Regardless of the traffic inside the network, propagation delay and cell segmentation delay over trans-
mission lines are predetermined and unalterable. Both the cell loss as well as the wrong delivery in
transmission are because of the header field error and are regardless of the traffic inside the network.
As a result, the key reason for the drop in the performance of ATM network is cell loss and the output
queue to output link delay in the ATM nodes. ATM networks need new hardware and software for its
implementation and the availability of ATM equipment is limited as well [2].

2.3. Standard Ethernet

Standard Ethernet was originally designed for the best effort traffic transmission [8]. Video over IP
networks faces many challenges when compared to that of non-time-critical IP traffic. Professional
broadcast environments demand a very stringent QoS requirements such as: Minimum network delay
variations, low Packet loss rate, Timing Synchronisation, and adequate Bandwidth

However, the packet header size and the difficulty in restricting the latency within acceptable
limits [9] make standard Ethernet unreliable for RT audio/video applications. Hence for professional
Video/audio applications with low latency requirement, closed networks with video/audio specific
layer technology are commonly used. This will be mentioned as RT Ethernet (RTE) which will be
explained in the next section.

2.4. RT Ethernet

According to [10] existing RTEs can be classified into three categories (Figure 1) — on top of TCP/UDP
(User Datagram Protocol)/IP, on top of Ethernet, and with modified Ethernet.

2.5. Ethernet audio video bridging

The Ethernet audio video bridging (AVB) project was recognised under the IEEE802.1 [12]. It was
defined by the AVnu Alliance [13]. AVB includes a set of specifications to support Audio/Video streams
over Ethernet, which is low-latency time-sensitive traffic. By using various mechanisms AVB standard
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Layer Category One: On top of Category Two: On top of Category Three: With
TCP/UDP/IP Ethernet Modified Ethernet
Application | | Application | | Application
Upper
Layers Best- Real-Time Best- Real-Time Best- Real-Time
effort Protocol effort Protocol effort Protocol
4 Transport TCP/UDP | | TCP/UDP | | TCP/UDP
3 Network IP | | = | | P
2 DataLink Ethernet MAC Ethernet MAC | Ethernet MAC |
| Universal Cabling

Figure 1. RT Ethernet protocol classification [11].

provides low latency time synchronised streaming services. To provide these services, AVB makes
use of 802 networks specified by the AVB task group [3]. AVB promotes prioritisation as well as
over-provisioning [14].

2.6. Dante networks

Dante was created by Audinate. It is a multi-channel digital media networking technology for uncom-
pressed audio with near-zero latency and synchronisation [15]. Dante is designed to make use of
gigabit Ethernet. It can transmit 512 channels in each direction in a single 1 Gb link. The latency can be
set as low as .25 millisecond. A link in Dante network is capable of concurrently carrying audio having
non-identical bit depths as well as sample rates. Dante systems are scalable from a single link between
a computer and audio console to large networks with several hundred audio channels. This is made
possible by using logical routes rather than physical point-to-point connections.

3. Fexilink implementation
3.1. Simulation model

The Flexilink simulation model is implemented using SimEvents platform in the Simulink. The
SimEvents platform is created for the discrete event simulation. Simulation model consists of a node
A and node B connected by a cable of length 100 m. The Simulation is generated by modifying a sim-
ulation model which was originally designed for frame-based uncompressed audio payload. The SF
source generates MPEG-TS packets of fixed 188 bytes size with a packet generation frequency rang-
ing between 3325 and 5320 packets per second. While an SF source generates MPEG-PS packets of
fixed 2000 bytes size with a packet generation frequency of 500 packets per second. Since the model
explained here is based on the previous Flexilink design, the consideration of 8 K APs is adopted. The
average E2E obtained from the model in case of multiple streams in MPEG-PS and that in MPEG-TS are
given in the Evaluation section.

Any evaluation of Flexilink in future using simulation model should be based on the new Flexilink
design (discussed in Section 4.1) which is having an allocation period of 999.68 microseconds at the
frame layer instead of 124.96 microseconds in the previous design.

3.2. Physical link

The proposed physical link comprises of Black Magic HDMI (high-definition multi-media interface)
to SDI converter, Aubergine switches, media interfaces, Black Magic SDI to HDMI converter, Laptop
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acting as a video source. At the transmitter end, a separate laptop or the same laptop acting as the
video source is used to control the Aubergine switches with the help of a controller software. A laptop
running applications like LOLA or VLC (video LAN client) is being used to monitor and record video
transmitted from video camera to monitors.

4, Evaluation

The evaluation of the Flexilink network is carried out using a simulation model as well as using a phys-
ical link. By using both the simulation model and physical link the goal is to find the end to end delay
for video payloads in a single hop Flexilink network. This is because, in case of RT video, the most chal-
lenging problem is the E2E delay of the video frame [16]. The E2E delay has a great effect on viewers’
broadcast latency [17]. So, QoS needs to be defined for synchronous flow like audio and video streams.
QoS corresponds to the way of sending data across a network so that the data reaches its destination
reliably [1].

4.1. Testing with the simevents Flexilink model

Node A represents the sender and node B represents the receiver. These two nodes are connected by
a cable block of 100 m length. A one gigabit Ethernet link is used to connect node A and node B. The
transmission delay, propagation delay and the E2E delay is given below

e Transmission delay = sample size/link bandwidth. For MPEG-TS, Transmission delay = 188
byte/1 Gbps = 1.504*107°.

e Propagation delay: depends on the cable length and material of cable. It is calculated by using the
formula: (cable length)/two-thirds of the speed of light. The propagation delay is same for both
MPEG-TS and MPEG-PS.

100m

78:Sx1077.
2 x 10°m/s

Propagation delay =

0 E2E delay = buffering delay at the sender + buffering delay at the receiver + transmission
delay + propagation delay [11].

The calculations performed to find the number of slots, AP and packet frequency is explained in
the calculation section of Appendices on page 82. The E2E delay is calculated for MPEG-PS and MPEG-
TS for multiple streams (Tables 1 and 2). Unlike Priority-based Ethernet or standard Ethernet, there
is a trace amount of increase in the latency with the increase in the number of streams. Since most
production facility networks need to handle AF traffic as well, a background AF traffic consuming 60%
of the total bandwidth is utilised in the testing to replicate the real-life network conditions.

Table 1. Average E2E in case of multiple MPEG-TS streams.

No. of TS streams Average E2E delay (millisecond)
1 74

2 74

10 .75

20 .765

40 795

60 825

80 855

100 .885
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Table 2. Average E2E in case of multiple MPEG-PS streams.

NO. of PS streams Average E2E delay
1 .847 microsecond
2 .101 millisecond
10 .228 millisecond
20 .388 millisecond
40 .708 millisecond
60 .0010 second

80 .0013 second

100 .0017 second

3-0-2-0 (SWITCH)
zagn__000 ... ™
|

HDMI TO SDI 3-1-2-0 (INTERFACE) SDI TO HDMI
CONVERTER aman__ 000 .. e — CONVERTER
L

f

SENDER 3-1-2-0 (INTERFACE)
>amEn__ 000 oot ™ AECEVER

Figure 2. Proposed test network.

4.2. Testing with Flexilink physical link

The software running on the controller laptop detects the connected Flexilink switches using infor-
mation which it gets from the Aubergines. The top box acts as the network and the other two act as
interfaces which plug into the network (Figure 2). This is so because the Flexilink logic cannot han-
dle both decoding of the IP headers and the video coding at once and hence the task of handling
the network is entrusted on one Flexilink switch and a separate switch is used for AV input-output
purposes.

This setup gives a user PC access to the Internet in the [PC <> Flexilink network <> IP network]
scenario. When a link comes up, the switch tries to identify what device had made a connection to it
by sending out AES51 and dynamic host configuration protocol (DHCP) requests

If switch gets a reply to the AES51 request, it switches to the RJF format and enters the Active state
when it has synced up to the neighbour).

e Ifit gets areply to the DHCP request, it acquires an IP address and enters Outwards state, showing
it is connected to an IP network.

e Otherwise, if the switch finds all the Ethernet packets it receives, the switch assumes that it is
connected to a device like a PC and enters Inwards state.

e Otherwise, it enters Passive state.

When the switch enters the Inwards state, it requests an IT flow connection (termed as a tunnel) to
a port in Outwards state. Once the request is successful, everything arriving at the Inwards port with a
MAC address different to that of the Inwards port as the (Ethernet) destination is sent down the tunnel;
and everything arriving at the Outwards port with the PC’s MAC address (or a multicast address) as its
destination is sent down the tunnel in the other direction. The Flexilink switches do not care about the
contents of the Ethernet packets or they don’t run ARP or anything. All they care about is whether a
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DHCP server is present in the network at the other end of the tunnel, on the assumption that the PC
will need one.

4.2.1. Flexilink controller

A Flexilink controller is the PC application that communicates with Aubergines. It is a prime part of the
system. Its main function is to set up connections between the sending and receiving nodes. Apart
from that, what Controller does is system monitoring. Each switch looks after the routing themselves
and hence the Flexilink controller is not an equivalent of an SDN (software-defined network) controller.
The decision regarding the routes and slots allocations are made by the switches themselves.

5. Recommendations for Flexilink design in case of video payload
5.1. Modified frame layer (for compressed SDI video payload)

The standard Aubergines video interface only support SDI video streams. It does not currently support
MPEG-TS or PS. SDI is having 3 Gbps data rate in the 1080p formats and 1.5 Gbps in the 1080i formats.
The Aubergines’ network ports are 1 Gbps; so compression is needed and Aubergine uses Wavelet
compression. The reason for choosing wavelet compression over other compression techniques (like
DCT in MPEG) is because the main architect of Flexilink had a software implementation of the wavelet
transform that he could easily re-implement in logic and which would fit in the Spartan6 FPGA.

The frame layer structure of Flexilink implementation over a gigabit Ethernet link for compressed
SDI video stream is given (Figure 3).

Unlike the previous Flexilink design which had an AP of 124.96 microsecond at the frame layer, the
new design has an AP of 999.68 microseconds and consist of 1936 contiguous slots. The advantage of
using longer slots is that we can have a longer AP without increasing the size of the tables in which
the allocations are stored. Instead of an AP with 2 RJF in the previous design, the new design has an
AP with 16 RJF. Each RJF contains four sub-frames with subframe 1 having 31 slots (1984 bytes) and
the rest of the sub-frames have 30 slots (1920 bytes). A total of 64 sub-frames (16 RJF* 4 subframe) are
stored in the routing table. These sub-frames are the parameter of primary interest as it is the amount
that fits in the forwarding buffer. The buffer is 64-bit wide in Aubergine and hence read/write 64 bits
at a time.

5.2. Modified frame layer (for uncompressed SDI video payload)

To transmit an uncompressed SDI video stream over Flexilink, 10 Gbps ports are needed. This 10 Gbps
port can also be used to transmit multiple compressed video streams as well. A single AP will

H FRAME PAYLOAD FT

30SLOTS (19208)  31SLOTS (19848) 30SLOTS (19208) 30 SLOTS (19208B)

> ¢ > < > < >
SUBFRAME 0 SUBFRAME 1 SUB-FRAME 2 SUB-FRAME 3

Figure 3. Frame layer structure of Flexilink [18].
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A
v
A
v
k3
v
A
v

SUBFRAME 0 SUB-FRAME 1 SUB-FRAME 2 SUB-FRAME 3

Figure 4. Frame layer structure of Flexilink implementation over a 10-gigabit Ethernet link.

have 160 frames instead of 16 which enables sending SDI uncompressed. However, those video
streams in the 4K format are not supported by Flexilink since they have a data rate exceeding
12 Gbps. The frame layer structure of Flexilink implementation over a 10-gigabit Ethernet link for
uncompressed/compressed SDI video stream is shown in Figure 4.

5.3. Modified frame format

The total payload size is 7744 bytes instead of the 7785 bytes in the previous design (Figure 5). These
7744 Bytes payloads consist of 121 slots and 40 trailing bytes. The IFG is set between 12 and 16 bytes,
nominally 14 bytes so that the total frame length is 7810 bytes but adjusted by a byte or two to keep
frames in sync on links that don’t have the same clock.

5.4. Modified AV packet format

The main design concept of Flexilink was to support AV packets with flexible sizes ranging in steps of
2 bytes up to 4 k bytes. The advantage of this concept was that it facilitated the effective forwarding
of smaller packets mainly the audio samples as well as avoiding the problem of fragmentation associ-
ated with bigger packets. However, the AV packet size should be restricted because of the following
reasons:

2 bytes | byte S bytes

>

A

< L

v

PREAMBLE START FRAME DELIMITER AES51 PACKET HEADER AND TIMING INFORMATION

FH FRAME PAYLOAD FT
7744bytes " '
_— Vv
FCS INTER FRAME GAP (IFG)
P — >
4 bytes 12-14 bytes

Figure 5. Frame structure on an Ethernet link having 1 Gbps bandwidth [18].
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(1) Small packet size prevents the hindering of major portions in an allocation period, thereby
reducing the latency faced by best effort traffic as well as avoiding the need of larger buffers.

(2) Small packet size helps in the even spreading of slot allocation for flows [18].

(3) Thesize of theinternal data paths within a switch should be taken into consideration while restrict-
ing the packet/slot size such that the packet/slot size should be no less than the size of the switch
data paths. The data paths in the switch should have enough size to support the throughput
requirements of present-day networks. Based on the experiments performed using a prototype
model, the slot size is fixed to be 64 bytes (1-byte header and 63-byte payload) (Figure 6).

The reason for not choosing a bigger slot size, say 128-byte slot is that:

e It would require 7 bits to represent a number in the range of 0-127. The header will need two more
bits to accommodate the parity and flag field resulting in 9 bits. So, a 2-byte header is needed in
case of a 128-byte slot resulting in a 126-byte payload size which is like using two 64-byte slots.

It will have fewer slots per subframe resulting in less flexibility in routing.
It also increases latency since more data need to be inserted into a packet.

Even though this 64-byte slot size is much like the ATM cell size of 53 bytes, the major difference
between the two is in the utilisation of unused slot portion. In Flexilink, the unused portion within a
slotis utilised to accommodate best effort traffic packets while in case of ATM cells they remain vacant.

Unlike in the previous version, the SF header length is not variable and is of a single byte size
(Figure 7).

Unlike in the previous Flexilink design, the new design no longer uses a 3-bit CRC. Instead, a 1 bit
odd parity is used for error checking and the 2 bits saved by replacing CRC with odd parity is added
to the 4 bits used to encode the length information (n field) thus making it a 6-bit field. This expan-
sion to the n-field is crucial because the current payload size is up to 63 bytes long and 6 bits are
needed to represent a number in the range 0-63. The replacement of CRC with odd parity won't be
having much effect since the frame header consists of frame check sequence (FCS), a 4-byte CRC capa-
ble of error detection and will warn if the link is unreliable. The error checking is not included in the
frame header because when transmitting the frame header, the information regarding the payload is
still unknown (unless a whole frame is buffered, which adds about 60 microseconds of latency).

The parameter of importance to the network is n and not f. The one and only thing n tells is: where
the background (IT) data restarts. The AV routing forwards whole slots, though on the output the bytes
that are not part of an AV packet are replaced by background data.

Unallocated slots or vacant slots are coded with length = 0 and f = 1. Any slot having a nonzero
value in the header length field is occupied. The f bit can be used only by the end-systems and is not
used for routing purposes. f = 0 for the last fragment of the higher-layer data unit and f = 1 if the
higher-layer data unit (message) continues in the flow’s next slot (Table 3). As a result, the higher layer
packet/data unit/message is unaffected by the insertion/addition and deletion/dropping of empty

1 byte 63

Figure 6. Revised slot/packet structure [18].

1hit 1hit 6 bits
oopeaRY | FAGi | NoweeR o sYTEs:n

Figure 7. Modified header format of SF packet [18].
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Table 3. length information and flag values in an AV packet header [18].

Length information, n Flag, f Higher layer data unit status
0 1 Null packet/null slot

Not zero 1 Continues in the next slot
Not zero 0 Ends in that very slot

0 0 Ends in that very slot

slots to flow. At present, it is not possible to insert/or drop AV packets. However, inserting or dropping
an AP is possible once the sending end and receiving end agree on precise time of change. The above
told SF packet header format is used across the entire Flexilink network and does not undergo any
change as result of packet forwarding [18].

5.5. Modified IT/BE traffic packet format

The IT packet header consists of the following information

e Length information (n): represent the number of payload bytes.
e Flow label: used to identify the flow. It is the address to be read in the routing table.
e Three-bit CRC is used to cover each length information as well as flow label.

The flow label is local to the respective packet transmission link and is changed with each packet for-
warding while the payload length remains unchanged, unless that if the packet is forwarded between
links having different header formats then the entire header may need to be replaced. In case of a
frame or packet-based network like the internet, a maximum transmission unit (MTU) is used by the
TCP in order decide the maximum packet size or frame size that can be sent across the network [19].
The Flexilink prototype implementation had an MTU of 1788 bytes (Figure 8).

IT packets are encapsulated in Ethernet or UDP headers to be carried over virtual links (Figure 9).
The AV packets are carried over a virtual link by encapsulating them in an IT packet (Figure 10). The AV
packet flow is recognised by the label in the IT packet header.

In the previous Flexilink design to transport audio payload, the idea was that slots would be smaller
so that there is minimal vacant space if a packet just carried a single stereo (or even mono) audio
sample. For instance, in case of Audio, the Aubergine software needs 9 bytes per sample, so to make
more efficient use of the slots we put five or six samples in a packet. For larger packets, a group of
adjacent slots could be allocated. However, this poses the following problems while implementing
the AV packet forwarding:

(1) The AV forwarding buffer in a switch needs to be quite wide (total bits per second for all the ports
divided by the clock rate of the memory interface). In the Aubergine implementation, the buffer
is 64 bits wide; so it writes 64 bits (8 bytes, one-eighth of a slot) at a time. The design allows the
buffer memory to be up to 512 bits wide, enabling writing one slot at a time.

(2) Foralarge packet, many adjacent slots must be allocated, and the start must be within a ‘window’
of about 1800 bytes and the packet must not cross a frame boundary. It is unable to guarantee

2 bytes 2 bytes 1788 bytes

Figure 8. IT packet [18].
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Client

Network
element

Island

Figure 9. Physical and virtual links in Flexilink network [18].

Figure 10. IT packet encapsulation in Ethernet (top) and IP network (bottom).

routing a 2K-byte packet at all, and if a few flows with frequent small packets are routed then the
space will be too fragmented to be able to route a flow that carries large packets.

(3) Inthe original design, the sending end will inform the receiving end which all slots contained the
AV packet headers. In case of any change of adding or deleting an allocation, both ends had to
agree on when exactly the changes would take place. By using fixed-size slots all of which contain
an AV packet header, there is no more the need of agreement on the allocation changes between
the sender and receiver ends.

The above factors caused the original Flexilink design to evolve from a flexible slot size to a fixed
64-byte slots containing a 1-byte AV packet/slot header.

5.6. For MPEG-TS/PS

MPEG-PS/TS output from a MPEG encoder can be fetched to the Flexilink switch via the network port
alone since the Media port support SDI video stream alone. So, the MPEG video stream is fed to any
of the network ports ranging from 1 to 4 or 10 or 11. But the problem with feeding AV stream to any
network port is that Aubergine does not know it is a AV stream and will treat it as a best effort traffic
and hence no Flexilink QoS features will be provided. To overcome this, we can either make use of:

5.6.1. IPtunnelling for AV packets

In IP networks, MPEG data will be carried in RTP (real-time protocol) packets (because live streams are
sent on IP networks using RTP). To send a stream (MPEG or any other), the address and port number
should be specified in the packet headers. This information regarding the address and port numbers
are carried in SIP (Session Initiation Protocol) and other control plane messages. It is not carried with
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the media in the RTP packets. One way to find that information is by using SIP. The main purpose of
control protocols like RTSP (real-time streaming protocol), H.245 and SIP with SDP is to:

Provide information regarding media stream availability
Create physical or virtual connections

Exchange the transmitter and receiver capabilities
Govern an ongoing session [18].

On IP networks, SIP packets use port number 5060 and the MPEG data in RTP packets use port 5004.
By intercepting the SIP message, it is possible to find out what data rate the stream needs and hence
we can get set up an AV flow as a tunnel to carry the flow they describe and route the media packets
(RTP) for that flow down it.

The Ethernet header consists of 14 bytes plus 4 bytes for each virtual local area network (VLAN)
tag (now we consider a single VLAN tag) and another 6 bytes for subnetwork access protocol (SNAP)
header (sender node adds the SNAP header to the packets so that the destination nodes can forward
the incoming frames to the specific device driver capable of recognising the given protocols). Then in
total, Ethernet header comprises 24 bytes.

The original IP payload will consist of UDP and RTP headers in addition to the media data. This is
because for media applications, we generally run RTP on top of the UDP. So, the actual size of the
original IP payload will be 216 bytes, which is the sum of UDP header (8 bytes), RTP header (20 bytes)
and MPEG-TS packet (188 bytes). The incoming MPEG-TS stream over IP will have a total size of 260
bytes (considering the IP header as 20 bytes) (Figure 11). In case of MPEG-PS consisting of 2000 bytes
packets, the original IP payload will be of size 2028 bytes (Figure 12).

There are three options to handle an MPEG stream over an IP tunnel. They are:

e Option 1 (transmit the IP packets in a Flexilink IT flow)

The IP packets containing the MPEG stream is transmitted in a Flexilink IT flow. For this, an IT packet
header is added on the front of each packet. The main drawback of this option is that it does not give
any QoS guarantees. The MPEG stream transmitted over IP is treated as best effort traffic. So, this option
is no better than the IP network. In option 1, we do not have to slice the IP packet into fragments of 63

bytes each since the MTU is 1788 bytes.

e Option 2 (transmit the IP packets in a Flexilink AV flow)

248 20B-608 216 B

Figure 11. Incoming MPEG-TS stream in IP payload.

248 208 -608 2028 8

Figure 12. Incoming MPEG-PS stream in IP payload.
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Figure 13. Packet format in case of using virtual media card.

This option can be chosen if the destination also uses IP. It helps avoid having to do any processing
on the packets since the destination can process IP packets. Since an AV packet can only have up to 63
bytes of payload, the IP packet must be chopped into fragments of up to 63 bytes each, with f = 0in
the last one and f = 1 in all the others. In that case, the Ethernet header, the IP header and a portion
of payload (19-byte size) will be in the first AV packet and the rest of the payload in the adjacent AV
packets.

The original incoming MPEG stream is fed to the network port of an interface and the MPEG stream
passed over an IP tunnel is extracted through the network port of the interface. As a result, it is pos-
sible to provide QoS features to the MPEG stream fed via the network port of Aubergine. In this case,
the number of slots required to transmit the AV packets needs to be found out and this can be done
by reading the SIP/SDP (Session description protocol) information. An AV packet header needs to be
inserted at the front of each 63byte AV payload. All the AV header will have lengthn = 63 andf = 1
(representing information is continued in next packet) except for the last one, which has a length
equivalent to the number of bytes left and f = 0. There will be more AV packets generated because
the IP packet must be chopped into fragments of up to 63 bytes each, with f = 0in the last one and
f = 1inall the others.

e Option 3 (ripping the MPEG stream over IP and fetching via media port)

The original incoming MPEG stream is fed to the network port of an interface and the MPEG stream
passed over an IP tunnelis extracted through the media port of the interface. This option can be chosen
if we need to specifically take the AV output via media port. In this method, QoS features are Guaran-
teed. Unlike in option 2, all the headers except the Flexilink AV header will be ripped out so that we
will probably need fewer slots. It consists of unpacking the media data from the RTP packets and send
it on a Flexilink AV flow in the same format we use in the Aubergines that are configured as interfaces.
Same asin option 2, the number of slots required to transmit the AV packets is found out by reading the
SIP/SDP information. An AV packet header is inserted at the front of each 63 bytes AV payload. All the
AV payload will have length n = 63 and f = 1 except for the last one, which has a length equivalent
to the number of bytes leftand f = 0.

Irrespective of whichever option we use to transmit the MPEG stream over Flexilink, we will have to
extract the audio/video/etc from the RTP packets and it should be done on the way in so that carrying
all the Ethernet/IP/UDP/RTP headers across the Flexilink network can be avoided.

5.6.2. Implementing virtual media card

If a laptop is being used as the sender and receiver nodes, then a better solution for transmitting MPEG
stream over Flexilink will be to implement an Ethernet driver supporting Flexilink protocols and avoids
the requirement of Aubergines to implement all the RTP/UDP/IP protocols. It will be shown as sec-
ondary digital media interfaces such as a virtual sound card or virtual video card. The packet format
on the connection between the PC and the Flexilink network is shown (Figure 13).

6. Conclusion and future work

Based on a text-based research exercise, a new Flexilink architecture design with fixed slot size is pro-
posed to provide low latency for video payloads. The video formats like MPEG-PS, SDI and MPEG-TS
were taken into consideration, which is commonly used video formats for media distribution within a
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broadcast facility and media transmission to end-users, respectively. A brief description regarding the
latest file format namely MXF (which is primarily used in live broadcast environments) is also included
in the report.

The testing of Flexilink using a simulation model based on the previous Fexilink model was con-
ducted and the attempt to evaluate the Flexilink performance across the existing fibre link in BCU was
unsuccessful due to the time barrier in getting the equipment on time. However, Flexilink performance
is evaluated using the simulation model based on the previous Flexilink design. The latency so mea-
sured for a single MPEG-PS AND MPEG-TS are 0.847 microseconds and 0.74 milliseconds, respectively.
Future work should focus on testing video over Flexilink using a simulation model based on the new
Flexilink design and performing latency tests for video over Flexilink using the proposed hardware
test setup. And a combination with cloud computing can also save energy. K Gai proposed a low-cost
model for cloud computing called Energy-Aware Heterogeneous Cloud Management (EA-HCM) model
[20]. The main algorithm Heterogeneous Task Assignment Algorithm (HTA2) can produce optimal task
assignments at a high success rate.
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