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ABSTRACT

Current telecommunication infrastructure is undergoing significant changes. Such

changes involve the type of traffic traveling through the network as well as the require-

ments imposed by the new traffic mix (e.g. strict delay control and low end-to-end

delay). In this new networking scenario, the current infrastructure, which remained

almost unchanged for the last several decades, is struggling to adapt, and its lim-

itations in terms of power consumption, scalability, and economical viability have

become more evident.

In this dissertation we explore the potential advantages of using periodic data

structures to handle efficiently bandwidth-intensive transactions, which constitute a

significant portion of today’s network traffic.

We start by implementing an approach that can work as a standalone system

aiming to provide the same advantages promised by all-optical approaches such as

OBS and OFS. We show that our approach is able to provide similar advantages

(e.g. energy efficiency, link utilization, and low computational load for the network

hardware) while avoiding the drawbacks (e.g. use of optical buffers, inefficient resource

utilization, and costly deployment), using commercially available hardware.

Aware of the issues of large scale hardware redeployment, we adapt our approach

to work within the current transport network architecture, reusing most of the hard-



iv

ware and protocols that are already in place, offering a more gradual evolutionary

path, while retaining the advantages of our standalone system.

We then apply our approach to Data Center Networks (DCNs), showing its ability

to achieve significant improvements in terms of network performance stability, pre-

dictability, performance isolation, agility, and goodput with respect to popular DCN

approaches. We also show our approach is able to work in concert with many pro-

posed and deployed DCN architectures, providing DCNs with a simple, efficient, and

versatile protocol to handle bandwidth-intensive applications within the DCs.
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Chapter 1

Introduction

1.1 New scenario, old infrastructure

Over the last decade the current network infrastructure has seen a dramatic increase

in traffic. Most of this traffic increase is due to the rapid proliferation of bandwidth-

intensive applications (streaming, peer-to-peer, Video on Demand, Content Delivery

Networks and so on) [1]. These applications require large amounts of data to be

transferred over the network, often with stringent delay requirements. This type of

traffic has been steadily increasing (Figure 1.1) becoming the dominant type of traffic

in todays network [1].

Figure 1.1: Significant changes occurred in the type of traffic traveling through the
network. [Source: [1]]
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In addition to the radical change in the traffic type, network providers also wit-

nessed a dramatic reduction of the bandwidth costs over the last two decades (Fig-

ure 1.2). The combination of increased traffic load and reduced bandwidth costs

will soon lead to a point in which the costs for network operators will surpass the

revenues [2], posing serious limitation to the continued growth of Internet-based ap-

plications.

 0.1

 1

 10

 100

 1000

 10000

 1998  2000  2002  2004  2006  2008  2010  2012  2014  2016

Y
e
a
r

Price [$]

Internet Transit price

Internet Transit Price

Figure 1.2: Internet transit price has reduced by several orders of magnitude over the
last two decades. [Source: [3]]

In order to keep up with the rapidly changing network environment in an econom-

ically viable manner, ISPs should reduce the cost per bit transported and increase

the capacity of their infrastructure. However, increasing the capacity of the infras-

tructure is expensive, and it is sensible to deploy new capacity only if the potential

of the current infrastructure has been fully harnessed.

1.2 Internet power consumption problem

In the past the average user would access the Internet mainly for web browsing,

generating a bursty kind of traffic that doesn’t generally require a tight control of the

delay, and enables ISPs to heavily oversubscribe their networks. In such a scenario

an ISP could afford oversubscription rates of 24 or more [4] (the Oversubscription

rate is defined as (M − n)/n, where M is the number of users connected and n is
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the number of users that the network can support simultaneously at the peak access

rate). Today, with the advent of multimedia applications such as P2P, IPTV,Video

on Demand and so on, the bandwidth demand has changed: in order to support this

new set of applications, a much higher and relatively constant bandwidth needs to be

provided to each user. This will pose severe limitations on the ability to oversubscribe

the network since such practice will result in poor performance.

Furthermore, in recent years, the rate at which IP traffic grows every year is

around 50% or higher [5, 6]. This increase of traffic means a corresponding increase

in the amount of equipment to be deployed in order to support such growth and

of the power consumption of the network infrastructure which, at this rate, may

soon become unmanageable [7, 8, 9]. Another aspect is that as access rates increase,

more and more power will be consumed by core network routers [10, 11] which are

usually concentrated in few buildings. Cooling all this hardware will be not only a

challenging task itself but will also further increase the overall power consumption

if it is assumed that for every Watt of power consumed, about the same amount is

needed for cooling [7, 12]. Lastly, although not less important, is the carbon footprint

of the network’s infrastructure that this increased power consumption will produce

together with the costs that all this energy will have for the companies and countries

who operate the infrastructure [13, 14, 15].

1.3 A new player: Data Centers

Many bandwidth-intensive, Internet-based applications often rely on the services of-

fered by data centers (DC). These computing facilities, host a large portion of the

Internet-based applications available today, and handle a significant slice of the In-

ternet traffic. As it will be discussed in some detail in Section 2.4, DCs are assembled

by a large number of “cheap” servers interconnected by a high-capacity network in-

frastructure. The data center network (DCN) only accounts for a small portion of

the entire cost (10− 15% [16]), however, it plays a key role in determining the overall

performance of the DC.

DCNs differ significantly from transport networks (e.g. WAN), and protocols

that may work in one environment may not work as well in the other. As a result

a plethora of protocols and architectures specifically designed for DCN have been

proposed [17, 18, 19, 20, 21, 22, 23, 24]. Some of these protocols propose radical

changes in the DCN architecture or topology-specific solutions (e.g. [25, 27, 26]), while
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others (e.g. [28]) aim at modifying the dynamics of the underlying transport protocols

to adapt them to the DC environment. The main differences between WAN and DCN

can be summarized as follows: (1) DCNs have much smaller geographical extension

(RTTs can be orders of magnitude lower), (2) the degree of statistical multiplexing is

much higher in a WAN, while in DCNs is not uncommon for a single flow to dominate

a particular path, (3) DCNs are usually under a single administrative domain, and

as a result their physical topology is well know and relatively stable, and lastly (4) a

DCN connects to the external network using load balancers and application proxies,

making backward compatibility less of an issue in DCNs with respect to WANs.

In DCs a new set of issues has to be faced, issues which are either not present or

less pressing in a WAN environment. One of such issues is the variability of network

performance, which can result in higher costs for the DC tenants and can become a

severe performance bottleneck (this is particularly true in map-reduce [29] clusters).

Since, in a DC, tenants may be running their application(s) on the same physical

machine with several other tenants, another important issue is assuring that the

DC tenant are able to share the computing resources of the DC with other tenants

with minimal or no impact on each others performance (performance isolation [26]).

Furthermore, in order to optimize the utilization of the DC computing resources,

it is also important that every service (e.g. tenant application) can be assigned

to any machine, a property referred to as agility [30, 27]. With standard TCP,

migrating a service to another physical machine may result in interrupting the ongoing

connections, and can lead to significant service degradation. Ideally, a DCN should be

able to: (1) provide the agility to optimize its computing resources and move tenant

applications from one machine to another as the workload changes (unpredictably),

(2) provide stable and predictable network performance with a highly unpredictable

traffic load [30, 27], (3) guarantee performance isolation [26, 31] between users.

1.4 Scope and outline of the thesis

Many alternative solutions have been investigated to cope with the current networking

scenario and better handle the new traffic mix (e.g. [32, 33, 34, 35, 36, 37]). However,

most of these proposals advocate for major architectural redesigns of the current

network infrastructure. This is likely to require massive investments and none of the

proposed approaches have yet found their way into commercially deployed networks.

Furthermore, many of these proposals make extensive use of optical components (e.g.
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optical buffers [32]) which, to date, are not commercially viable [38] and don’t offer

clear advantages over their electronic counterparts [39] [40].

This work aims at developing a networking approach that can work as a com-

plement to the existing network infrastructure. Our idea is to devise a methodology

which is specifically designed to efficiently handle large transactions (a significant

portion of the new traffic mix [1]), offering significant advantages with respect to

traditional IP protocols, such as TCP [41] or UDP [42], in terms of link utilization,

delay and computational load, without requiring radical changes in the currently de-

ployed network infrastructure. The approach presented in this work also opens the

possibility for a significant reduction of the power consumed by the network hardware

by handling large transactions at lower network layers.

Since large-scale hardware redeployment is impractical (especially in the WAN

space), one of our design goals is to reuse as much as possible hardware and proto-

cols already deployed, reducing the deployment impact of the proposed methodology,

while offering advantages, in terms of network performances and power consumption,

similar to those promised by more radical approaches (e.g. [32],[33]) such as high

link utilization and low latency. In other words we are trying to provide the cur-

rent network infrastructure with a means to more efficiently handle a specific portion

of current network traffic for which the present infrastructure was not designed for,

without rethinking the entire ICT architecture and thereby offering a more gradual

evolutionary path.

We also apply our approach to Data Centers (DCs), showing that - in addition to a

more efficient utilization of the available resources- significant performance advantages

can also be achieved in terms of network performance stability and predictability.

Given the publication-based organization of this dissertation, a general descrip-

tion of the problems faced together with some relevant background information is

provided in the main body of the dissertation. A summary of the contributions of the

author to the main body of work relative to the use of periodic data structures for

data transmission can be found in Section 1.5, while a brief summary of the specific

content of the various papers is provided in Section 5. The details of the research

can be found in the appendices. The rest of the dissertation is organized as follows:

Chapter 2 provides a general overview of the current IP-WDM network infrastruc-

ture and a brief analysis of the main causes of power consumption. ITU-T G.709,

Optical Transport Network (OTN) and supporting hardware are also described in

some detail in this section. Chapter 3 provides details on two of the Next Generation
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Network proposals that preceded the present work: Optical Burst Switching and Op-

tical Flow Switching. Their functioning, and implementation details are presented,

advantages and drawbacks of OBS and OFS can also be found in Appendix A and B.

In Chapter 4 the proposed approach is described in detail. Chapter 5 summarizes

the results obtained for the various application cases of periodic data structures to

bandwidth-intensive applications, while details on the results and the various studies

and methods can be found the Appendices.

1.5 Contributions

1.5.1 Power-efficient Electronic Burst Switching for Large

File Transactions

The potential advantages of using various framing approaches for data-intensive trans-

actions were investigated by I.Albanese. I. Albanese wrote a software simulation and

conducted a performance study on a simple bottleneck topology. Software simulation

of standard UDP/IP protocol was also implemented by I. Albanese. Potential gains in

terms of power consumption of the proposed approaches were studied and compared

it to that of a standard IP router by I. Albanese. The manuscript was written by I.

Albanese and reviewed and edited by all the authors.

1.5.2 Electronic implementation of optical burst switching

techniques

A data transfer protocol targeted specifically at handling large transactions was de-

signed by I. Albanese. Two software simulators were developed by I. Albanese, one

implementing the proposed protocol and another implementing Tag-OBS. A per-

formance study comparing Tag-OBS to the proposed protocol was conducted by I.

Albanese. A simple mathematical demonstration comparing the proposed approach

to OFS systems was provided by I. Albanese. The manuscript was written by I.

Albanese and reviewed and edited by all the authors.
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1.5.3 Big file protocol (BFP): A traffic shaping approach for

efficient transport of large files

I. Albanese designed a data transfer protocol (named Big File Protocol or BFP)

able to efficiently handle bandwidth-intensive transactions at lower network layers,

over currently deployed transport networks. A BFP simulator was designed and

implemented by I. Albanese. A TCP simulator was implemented by Dr. Y. O. Yazir.

A performance study comparing BFP to TCP/IP was conducted by I. Albanese. A

deployment strategy for BFP, potentially not requiring any hardware redeployment

was devised by I. Albanese and Dr. Y. O. Yazir. The manuscript was written by

I. Albanese with the contribution of Dr. Y. O. Yazir, review and editing of the

manuscript was done by all the authors.

1.5.4 Big File Protocol (BFP) for OTN and Ethernet Trans-

port Systems

I. Albanese designed a detailed integration strategy of BFP within ITU-T G.709 OTN

hierarchy. Details of mapping procedures and hardware integration of BFP within

OTN-enable networks were provided by I. Albanese. The manuscript was written by

I. Albanese and reviewed and edited by all the authors.

1.5.5 Big File Protocol (BFP) for efficient quasi-deterministic

data transfer in data centers

BFP was adapted to work in a data center environment by I. Albanese (the resulting

variant of BFP was named DC-BFP). A simple load balancing protocol specific for

DC-BFP was designed by I. Albanese. Implementation and testing of the load bal-

ancing approach was done by I. Albanese and Dr. Y. O. Yazir. An optimized software

implementation of BFP was designed by I. Albanese. Dr. Y.O. Yazir helped with

the implementation and testing of the BFP simulator. A detailed performance study

was conducted by I. Albanese comparing DC-BFP to some of the most popular data

center network architectures and proposals. An integration strategy for BFP within

the data center network was devised by I. Albanese. The manuscript was written by

I. Albanese and reviewed and edited by all the authors.
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Chapter 2

State of the art

In this chapter a description of current networking architecture is given in some detail

in order to identify those elements most responsible for power consumption. Some of

the most interesting proposals for future network architecture will also be presented.

Section 2.3.1 provides a brief overview of the transport architecture of interest in

this work, namely the recently standardized ITU-T G.709 Optical Transport Network

(OTN). Section 2.4 concludes this chapter by presenting a brief overview of the most

common Data Center network architectures and the relative issues.

2.1 Overview of Communication Networks

Let’s start from the beginning: what is a communication network?

Due to its complexity, there is no clear and simple definition. We can think of a

network, however, as a series of interconnected elements which exchange information

using various media, generally called links. A link can be a wireless link, a coaxial ca-

ble, or an optical fiber, just to name a few. Each link type has its own characteristics

and performance. In this work we consider optical fiber links, which can achieve very

high bitrates (in the order of magnitude of Tb/S), and have the advantage to be com-

pletely uninfluenced by electromagnetic interference and ground currents. Elements

connected by these links can be of many types and are generally called end-systems.

This name refers to anything that is connected on the edge of a network: a per-

sonal computer, a mobile phone, TV, or even a security system. Usually end-systems

are not directly connected to each other but are connected through intermediate de-

vices called switches, which can be classified based on what entity they are able to
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switch (i.e. packet switch, burst switch, etc.). Going deeper into the network we

meet the network nodes (routers), which together with the physical links provide the

end-systems with the infrastructure for their communication. This infrastructure is

a network of its own. Network elements can be interconnected according to various

topologies. Some of the most common are shown in Fig. 2.1:

Figure 2.1: Common topologies

In the picture, above red dots represent the nodes while the blue lines represent the

links. Each entity in a communication network behaves according to a protocol. The

protocols in a network can be thought of as the software structure of a network and are

as important as their physical counterpart (i.e. the network hardware). A protocol

defines certain rules that are to be followed by the elements of the network in order

to keep communicating. Specific messages have to be sent in order to establish (or

release) communication, and specific responses are awaited from the communicating

entities.

A rigorous definition of protocol can be taken from [43]:

“A protocol defines the format and the order of messages exchanged between two or

more communicating entities, as well as the action taken on the transmission and/or

receipt of a message or another event.”

If we accept the notion of protocol as a series of rules, we can go on and divide

these rules into three main categories:

• Algorithms : specifies how entities accessing the network should behave as well

as the internal network’s behaviour.
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• Timing : determines when the algorithms (implementing the protocols) should

be executed.

• Formats : describes how information exchanged should be codified and/or struc-

tured.

In communication networks, protocols define how users should access network

services and how these services are provided to them. Network protocols can be quite

complex, and to make their design easier we need a structured and clear model of the

network, i.e., a way to think about the network. One possible way of looking at a

network is to divide protocols into layers, each one implementing simpler protocols,

which combined together implement more complex functions. Each layer provides the

upper layers some service, starting from the service provided to it from its lower layer.

How a layer manages to provide its services to the upper layer is of no concern for

the layers above it. This principle, often encountered when dealing with information

processing, is called encapsulation. Each layer can communicate only with its adjacent

layers and therefore can request a service only to its lower layer, and provide its

services only to its upper layer. Communication between layers is done using interface

primitives (functions built to enable interaction between two layers). One model,

which has the aforementioned structure, and is a good means to form an idea on

how a network is organized, is the OSI model (Open Systems Interconnection) [44],

developed by the International Standards Organization (ISO). Although limits of the

OSI model are well known and easy to find, its usefulness is also well known and in

fact is widely used in the networking community.

Let’s start with the name“Open Systems Interconnection”, that is, a system which

is open, and therefore able to exchange information through a network. Each end

system is modeled by seven layers while intermediate systems (e.g. switches) may

have fewer layers to model their functioning and structure. The lower layer of the

OSI model is the Physical Layer. It interfaces directly with the transmission medium

and defines modulation standards, signal coding, signal power levels to be used for

transmission, mechanical structure of connectors used to connect with the physical

layer, and so on.

The second layer of the stack is the Data Link Layer and is split into two sub-

layers: Media Access Control (the MAC layer) and Logical Link Control (LLC layer).

The MAC sublayer defines the standards to access and share the communication

medium (which is usually shared among many users) while the LLC sublayer pro-
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vides a communication free from transmission errors, controls the data flow in order

to match the transmission and reception speeds between sender and receiver, and

regulates segmentation and delimitation of data flows. In the data link layer the

fundamental data unit is the bit string.

The third layer is called Network Layer. This layer sees the network as a series

of links and nodes and mainly deals with routing and congestion control (i.e. traffic

engineering, network engineering, network planning, etc...). The fundamental unit

for this layer is the packet.

The fourth layer is called Transport Layer and is the first layer in the stack dealing

with direct communication between two end systems (i.e. from source to destination).

This layer implements functionalities in charge of checking messages for errors and

performing flow control between two end-users. Moreover, it fragments messages

within packets at the source and reassembles them at destination. Its fundamental

unit is the message.

The Session Layer manages communications between two users, defining the

structure and synchronization of the dialogue between them. Going up in the stack,

we find the second to last layer called Presentation Layer which deals with data rep-

resentation format, that implements functionalities such as cryptography and data

compression. The last layer of the OSI model is the Application Layer. This layer

interfaces directly with the user. It implements services like file exchange, e-mail

exchange, access to online resources, and so on. A visual representation of the OSI

model is depicted in Figure 2.2.

Figure 2.2: The OSI Model

In a network, end systems communicate using the infrastructure provided by the

core network. Core networks provide two main kinds of services:
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1 Connection-oriented : Reliable service. Control information is exchanged be-

tween communicating entities to prepare the network to receive the data flow.

Data delivery is guaranteed.

2 Connectionless : Unreliable service. When one entity has to send some data it

sends the data through the network and “hopes” it will be delivered correctly

(Best Effort).

Networks can be classified based on their geographical extent, capacity, and num-

ber of customers serviced.

Figure 2.3: General network’s topological organization [45].

At the lowest layer of Fig. 2.3 is the Access Network. Here are the end-systems.

In this part of the network two main operations take place: data is collected from the

end systems and is given an appropriate format in order to be sent through the next

layer of the network (data aggregation); and from the downstream point of view, data

is distributed and routed among the end-systems. This layer of the network typically

extends for a few kilometers and can serve (roughly) hundreds of end-systems. A

wide range of access technologies are available and others are being developed [46].

One step higher from the access network (See Figure 2.3), we find the Metro/Edge

Network followed by the Regional Network (connecting various metro networks to

each other). Similarly to the access network, this layer aggregates traffic coming from

the layer beneath (i.e. the access or metro networks) and prepares it for transmis-

sion through the higher layers of the network. The geographical extension of these
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Figure 2.4: High-level network structure [10].

two layers ranges from hundreds of kilometres to thousands of kilometres, and the

customers served vary from thousands to hundreds of thousands. At this layer of the

network, we find specialized routers in charge of controlling the access to different

services within the network by controlling the access rates, providing authentication,

security services, and eventually compiling statistics for billing purposes. An Ether-

net switch (see Figure 2.4) then connects to a Broadband Network Gateway router

(or BNG), which performs authentication and access control functions, and is in turn

connected to a Provider Edge router connected to the core network. Ethernet switch,

BNG, and the Provider Edge are grouped to form an edge node.

At the very top layer of Figure 2.3 we find the Core Network, which is usually

comprised of a small number of large interconnected routers often located in major

cities. This layer of the network extends over planetary dimensions and serves millions

of end systems. Core routers perform routing functions and also serve as gateways

to neighboring core routers. High capacity Wavelength Division Multiplexed (WDM)

fiber links are used to interconnect core routers and networks belonging to various

operators. Typical speeds of a core link is 40Gb/s (per wavelength) with 100Gb/s

bitrates well underway. In order to give an idea of the order of magnitude of the power

consumed by this kind of hardware, we take as an example one rack of the Cisco

CRS-1 with a switching capacity of 640Gb/s (full-duplex) and consuming roughly

∼ 10kW [47].
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2.2 WDM Networks

WDM networks constitute the optical backbone infrastructure for the world’s telecom-

munications, due to their capacity to exploit the full extent of the BW provided by

the optical medium without requiring the connected hardware to work at impractical

speeds. The multiplexing of wavelengths into a single fiber allows the network’s hard-

ware to work, at most, at the maximum speed supported by electronic equipment. By

multiplexing the signals into a single fiber it is possible to achieve speeds approach-

ing 50Tb/S, many orders of magnitude higher than the maximum speed achievable

with electronic equipment (few tens of Gb/S), hence the idea of introducing some

concurrency between end-systems accessing the optical media.

WDM is not the only technology that was proposed. Other possible solutions like

Optical Time Division Multiplexing(OTDM) [48] or Optical Code Division Multi-

plexing (OCDM) [49] have been studied. WDM, however, seems the only practically

feasible solution (at least with today’s technology), since both OTDM and OCDM re-

quire the transmitting node to operate at impractical speeds for an electronic device

of any kind. In WDM networks, instead, the various flows are aggregated (multi-

plexed) before transmission and the resulting bit-rate is the aggregated bitrate of

all the sources, which can now work at more feasible speeds. WDM also allows for

the use of wavelengths (or a set of wavelengths) to setup logical circuits within the

same physical infrastructure, effectively establishing many logical topologies over the

same physical network. Such logical topologies can be reconfigured as needed. The

possibility for the application layer to directly access the optical layer, bypassing all

the intermediate layers, provides a protocol and data format independent transport

service - yet another advantage of WDM networks.

The typical architectural implementation requires that an infrastructure, together

with a distributed intelligence, is used to control the optical network and provide

reconfigurability in an automated fashion, for example, in order to adapt dynamically

the network’s configuration to different traffic conditions (e.g. changing the logical

topology). This infrastructure is referred to as the control plane of the network.

The control plane is usually implemented with electronic components due to the

complexity of the functionalities found at this layer of the network.

Various international organizations such as International Telecommunication Union

(ITU) [50] and Internet Engineering Task Force (IETF) [51] tried to develop stan-

dards to support this electronic control plane, such as Automatically Switched Opti-
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cal Network (ASON, developed by ITU) [52] and Generalized Multi-Protocol Label

Switching (GMPLS, developed by IETF) [53], including within these standards sig-

naling protocols to implement functions (i.e. automated control of optical networks,

discovery of network topology and resources from the entities within the network).

2.2.1 WDM Node Architecture

A WDM node must support two main functions: wavelength routing, implemented

by Optical Cross-Connects (OXC), and channel multiplexing/demultiplexing, imple-

mented by Optical Add/Drop Multiplexers (OADM). In this section a generic IP

over WDM node architecture is described. This type of hardware can be thought

as functionally as made of two parts: a Wavelength Routing Switch (WRS) and an

Access Station (AS). The AS deals with adding/dropping local traffic and grooming

lower speed traffic. Traffic grooming in an IP over WDM architecture is done using

a TDM-based multiplexing technique. The data fluxes are then aggregated onto the

same channel. The AS, equipped with an IP/MPLS router, performs multiplexing

of lower speed traffic onto high capacity channels. Within the AS are transmitters

and receivers which can or cannot be tunable depending on the implementation. The

WRS consists of an OXC, a Network Control and Management unit (NC&M) and

an OADM. The OXC implements wavelength switching functionalities. The NC&M,

further subdivided into a Network to Network Interface (NNI) and a Network to User

Interface (NUI), is in charge of configuring the OXC and exchanging control informa-

tion with the User to Network Interface (UNI) placed within the AS and constituting

its control component.

2.2.2 Where does the power go?

In section 2.1 a high-level description of a communication network was given. In the

this section, we’ll try to understand where the power is consumed and the relationships

between the various layers of the network in terms of power consumption.

At the present moment, the access network is the most power-hungry segment of

the communication infrastructure [55]. This situation, however, will not last much

longer. Figure 2.6 shows that as the access rate increases beyond ∼ 100Mb/s, the

power consumption 1 of the core network starts to dominate, and will increase with

1Expressed as the amount of power (W) required by the infrastructure to support each customer.
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Figure 2.5: WDM node architecture [54].

the access rate more than linearly. It is clear then that a more efficient approach is

needed in order to fulfill the demand for an ever increasing access rate driven by the

rapid proliferation of bandwidth-intensive applications accessed by more and more

users (such as NetFlix [56] or YouTube [57], offering HD video streaming services to

a large user-base).

Let’s now take a closer look at the network hardware. An interesting approach

to model a generic network node is provided in [58]. This model (Figure 2.7) distin-

guishes eight high level entities, which are present in most of the intermediate systems

(IS) of interest in this work. Various types of systems will have each part implemented

with different technologies and carrying out different tasks, but the basic functional

blocks present in the model would still be there in some form.

The functions mapped by each block of the model present in Figure 2.7 are ex-

plained below:

• Optics : In this block are the optical modules necessary for transmission/recep-

tion of optical signals, and a serializer/deserializer providing support for multi-

ple encoding schemes, and allowing presentation of those encoding schemes to

the upper layers. The hardware here is typically implemented with CMOS and

photonics technology.
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Figure 2.6: Power consumption of the various segments of the communication infras-
tructure [10].

Figure 2.7: A generic abstract model for transmission systems.

• Wrapper and FEC : A digital wrapper is present in most of today’s Optical

Transport Network (OTN) systems or in system having at least one OTN in-

terface. This block is in charge of wrapping incoming data frames into Optical

Data Units (ODU). Forward Error Correction (FEC) functions are also located

in this functional block. Both functionalities are implemented using CMOS

technology.

• Medium Access : Here reside the functions described by the MAC layer of the

OSI pile for an IP router (electronic terminations, client monitoring, etc.). In

the case of a SONET/SDH cross-connect, this block groups the framer, High
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Order/Low Order (HO/LO) multiplexer, and some primitives such as fault man-

agement and performance monitoring.

• Traffic/Data Processing : This functional block includes functions such as packet

forwarding, header processing, packet classification, metering and policing. For

example, in IP routers it includes functions like Deep Packet Inspection (DPI)

or, in the case of a TDM cross connect, it can perform data adaptation and

pointer processing functions. Components in this entity are usually realized

using Ternary Content Addressable Memory (TCAM), used to store, retrieve,

and match strings during algorithmic searches (some protocols require such

operations, for example, when searching for a match in an IP address of a

packet for routing purposes).

• Queueing and traffic management : Only IP routers actually implement this

functional block. This entity deals with the user’s traffic but doesn’t directly

control the switch fabric. Among the various functions implemented in this

block we find performance monitoring and statistics gathering, just to name a

few.

• Fabric Access and Fabric: Here are grouped functions relative to the access,

operation, and protection of the switch fabrics. The structure of this block

depends on the entity to be switched (packet, cell, frame, etc...). In an all-

optical device, this is usually implemented with a MEMS switch, in which case

the fabric access need not be implemented. In IP routers the fabric access device

is in charge of balancing the load offered to the fabric and queuing incoming

data that must cross the fabric. Arbitration and fabric control are demanded to

a subsystem also placed within this functional block. Since service availability

is a key factor in these systems, some form of protection is usually provided:

typically m : n redundancy for IP routers, or 1 + 1 protection for TDM and

OTN systems.

• Control : Under this block is an external management interface, a command

interpreter, and some translation functions. These functions are present in

basically every system. Route processing also takes place here. Processors

here are usually replicated to provide increased reliability against failures and

ensure enough computational power to carry out the required tasks ( protocols

like Border Gateway Protocol -BGP-, Incremental Shortest Path First -ISPF-
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or spanning tree protocol are executed in this block. These protocols, especially

for IP routers, may be computationally intensive).

• Miscellaneous : In this functional block is included all the equipment for the

cooling and power supply of the system (both standard and Uninterruptible

Power Supply (UPS)).

Now let’s consider the power consumption of each functional block. This aspect

was also studied in [58] and the results are shown in Figure 2.8.

Figure 2.8: Power consumption for different system types, 100Gb/s Ethernet inter-
faces are assumed and values are normalized to power figures of 2008 technologies [58].

From this picture it is clear that IP routers consume much more power than all the

other technologies considered. Another thing that can be seen is that three functions

dominate the power consumption: data processing, switching, and queuing.

This work aims at optimizing the transmission of large files which, at the present

moment, are an important portion of the IP traffic (see Figure 1.1) and are expected

to grow even further [1]. It is therefore important to see specifically where the power

is consumed in an IP router. An example of a high-end electronic router together with

the relative power consumption of its various functional blocks is shown in Fig. 2.9.

From this picture it can be noticed that the forwarding engine, the power supply,

and cooling block alone take up to 67% of the total power used by the router, hence

a technology enabling transmission of large amounts of data with minimal header

processing should result in significant power savings for the overall system.
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Figure 2.9: Functional blocks of a high-end router and their relative power consump-
tion [59].

2.3 Transport Architecture

In this section we will provide an overview of the recently standardized ITU-T G.709

Optical Transport Network (OTN) architecture [60]. Besides being relevant to the

present work, G.709 is rapidly becoming the deployment of choice for transport net-

works, slowly substituting itself to legacy architectures such as SONET/SDH [61]. A

brief discussion on the supporting hardware for OTN will conclude this section.

2.3.1 ITU-T G.709 - Optical Transport Network (OTN)

The shift towards a data-centric, packet-based traffic exposed the limitations of the

SONET/SDH infrastructure in terms of scalability, flexibility, and OAM&P capabil-

ities.

The fine-grained TDM structure of SONET/SDH requires a minimum switching

granularity of 51.84Mb/s to be supported by each intermediate node, making it hard

to scale to bitrates in the order of Tb/s and beyond. On the other hand, OTN mul-

tiplexing bandwidth granularity is much higher than that of SONET/SDH (roughly

one order of magnitude higher), making it much easier for OTN to scale to higher

bitrates.
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SONET/SDH, besides lacking standard payload containers above 40Gb/s, is some-

what rigid in subdividing the available bandwidth, often forcing operators to use com-

plex virtual concatenation (VC) techniques. This increases management complexity

and is likely to require extensive buffering at the ending points of the network in order

to compensate for differential delays.

Another important limitation of SONET/SDH is its Forward Error Correction

(FEC). SONET/SDH FEC is relatively limited [62], and consequently so is the maxi-

mum distance allowable between regenerators. This requires network operators using

SONET/SDH to deploy more hardware, increasing the overall cost of their network.

OTN offers a much stronger FEC, providing up to 6.3dB coding gain and allowing

longer spans to be covered without having to regenerate the signal. This allows for

reducing the amount of hardware necessary and lowers the overall cost per bit. This

is a compelling reason for the adoption of OTN.

ITU-T G.709 (OTN) [60, 63] provides bit and timing transparent transport ser-

vices for both CBR and Packet-based clients. Standard containers for any client signal

available today are defined together with their relative mapping procedures. Flexi-

ble containers (i.e. ODUflex [60]) are also defined in the G.709 transport hierarchy,

providing support for packet-based clients with a wide range of bitrates.

OTN flexibility in bandwidth allocation also enables it to achieve higher per-

wavelength utilization while supporting a wide range of client signals, including

SONET/SDH (which becomes just another client signal for OTN).

Although VC is fully supported by OTN, OTN also provides a much simpler mul-

tiplexing structure with respect to SONET/SDH, making operation, administration,

maintenance, and provisioning (OAM&P) procedures less complex.

As a result of the many advantages provided by OTN over SONET/SDH (i.e. re-

duced technology complexity, higher channel utilization, higher flexibility, and higher

scalability), there is general agreement in the industry to consider OTN as a require-

ment for the next generation network infrastructure; OTN is now supported by most

of the available network hardware.

In the following paragraphs we’ll provide some detail about the OTN architecture,

mapping procedures, and hardware needed to support OTN.
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OTN Architecture

When a set of client signals are to be carried over a WDM system, one option is to

send each client signal in its native format and pair it with a separated OAM channel

(e.g. a separate wavelength). This, however, is not an ideal solution, as each client

would require twice as many channels. Furthermore, client and OAM channels may

not experience the same impairments and (eventual) faults conditions, making this

approach difficult to manage.

Another approach is to add the OAM channel to the client signal using sub-

carrier multiplexing, removing it at the end point by filtering the signal with a low-

pass filter. This approach also turned out to be quite complex to handle besides

negatively impacting the jitter performance of the system.

A third option is also available, in which the client and OAM signals are carried

over the same channel. Following this approach, the client signal is handled as the

payload of a digital frame, the overhead of which carries the necessary information for

OAM operations relative to the client signal. This approach is referred to as digital

wrapper approach.

In OTN, a digital wrapper approach is used to encapsulate the client signal and

its associated OAM overhead. The resulting signal is then either mapped directly

onto a wavelength or multiplexed via Time Division Multiplexing (TDM) with other

client signals into a higher-rate signal. The resulting signal is then mapped onto a

wavelength (e.g. when multiple client signals sharing the same wavelength). A set

of wavelengths carrying the client signals, are then grouped together and a separate

wavelength, carrying the optical network overhead relative to the group, is added to

it.

Signal Architecture - OTN digital layer comprises 3 hierarchical data containers:

Optical Payload Unit (OPU), Optical Data Unit (ODU), and Optical Transport Unit

(OTU, which is the fully formatted OTN digital signal). Moving on to the optical

layer, OTN defines 3 more hierarchical transport entities, namely: Optical Channel

(OCh), Optical Multiplexing Section (OMS), and Optical Transport Section (OTS).

In this section we’ll give a brief overview of the OTN signal architecture and show how

OTN containers are assembled as well as their hierarchical relationships. Details of

the OTN frame structure and multiplexing hierarchy will be provided in Section 2.3.1

and 2.3.1, respectively.
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Figure 2.10: OTN digital signal hierarchy

Figure 2.10 shows the hierarchical relationship between the OTN containers at

the digital layer. The client signal is first mapped onto the payload area of the OPU,

then the relative OAM channel is added to form the OPU. The OPU can be thought

as the analogous to SONET/SDH Path [61]. The OPU is then mapped onto the

payload area of the ODU. After the relative ODU overhead (ODU-OH) is added, the

ODU is fully formed. ODU is functionally equivalent to the SONET line (multiplex

section, if we follow the SDH terminology). At this point the OTU overhead (OTU-

OH) is added. The OTU-OH adds frame alignment overhead (i.e. FAS and MFAS,

See Section 2.3.1) as well as an optional OH used for Forward Error Correction. The

OTU frame is a fully formatted digital signal for OTN, it is functionally analogous to

the SONET Section (equivalent to SDH Regenerator section), and is mapped directly

onto the Optical Channel (OCh).

The first transport entity of the OTN optical layer architecture [64] is the Optical

Channel (OCh) which is a wavelength in a WDM system. A group of OChs is

wavelength division multiplexed, and a supervisory channel is the added (Optical

Supervisory Channel or OSC) to form the Optical Multiplexed Section (OMS). A

group of n OMS each with its own OSC forms an OMS of order n. By adding one

overhead channel to an OMS of order n an Optical Transmission Section of order

n is formed. The supervisory channels of OTS, OMS, and OCh are used to assess

the quality of the transmission channel, implement defect detection, and connectivity

verification functionalities.
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Figure 2.11: OTN optical signal hierarchy

The hierarchical relationships between the transport entities at the optical layer

for OTN are shown in Figure 2.11, while the scope of the various OTN layers is shown

in Figure 2.12.

OTN Frame Structure

A fully formed OTN frame (i.e. an OTU), is made of 4 rows× 4080 columns (including

the optional FEC bytes of the OTU-OH). Its maximum size is therefore equal to

16320 bytes (or 15296 bytes if FEC is not used). The OTN frame size is fixed,

regardless of the data rate. As the data rate changes the OTN frame period changes

accordingly (Table 2.1). Figure 2.13 shows an OTN frame divided in areas (A to G),

each representing a field-specific portion of the overhead.

The innermost area of the OTN frame (area F of Figure 2.13) is the OPU pay-

load area. Here is where the client signal is mapped. The relative overhead area

is further subdivided into two areas (areas D and E of Figure 2.13). The OPU-OH

covers the OPU from the client signal mapping point to its extraction, and handles

its mapping and demapping. This portion of the overhead implements justification

control functionalities (area D) and provides support for Virtual Concatenation (area

E ). Except for the Payload Structure Indicator byte (PSI, Figure 2.14), the use of the
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Figure 2.12: Scope of the OTN layers

Figure 2.13: OTN Frame structure

remainder of the bytes of the OPU-OH depends on which client is being serviced as

well as on which mapping procedure is used [60]. The PSI byte is part of a 256-byte

signal associated with an ODU multiframe (i.e. 256-frames multiframe). The first

byte of the PSI signal (PSI[0], found in the first frame of the ODU multiframe, i.e.

position 0000 0000) is referred to as the Payload Type field (PT), and indicates the

composition of the OPU payload. The remaining bytes of the PSI signal (PSI[1] to

PSI[255]) are mapping and concatenation specific. Error correction functionalities

for the OPU area are implemented in the ODU-OH area.
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Figure 2.14: OPU Overhead (areas D and E of Figure 2.13)

Figure 2.15: ODU Overhead (area C of Figure 2.13) [60]

Moving to the next (lower) layer of the OTN digital hierarchy is the ODU over-

head area (area C of Figure 2.13). ODU-OH implements functionalities relative to

performance monitoring at the path level (PM area in Figure 2.15), plus up to 6 lev-

els of tandem connection monitoring (TCM1 to TCM6), two generic communication

channels (GCC1 and GCC2), 8 bytes reserved for future standardization (RES bytes

of Figure 2.15 divided into two areas of 2 and 6 bytes, respectively and set to all

0s), and 3 bytes for experimental purposes (EXP bytes). Fault/error handling func-

tions are found at each TCM level and in the PM area (BEI/BIAE and BDI fields

of Figure 2.16(b) and 2.16(a), respectively ), as well as at the Fault Type / Fault

Location byte (FTFL byte at line 2, column 14). Automatic Protection Switching

and Protection Communication Channels (APS/PCC) functionalities are also placed

in the ODU-OH. Lastly, a delay measurement function was added later on to the

standard and placed in the PM&TCM byte (line 2 column 3).

For a more thorough description of the various functionalities implemented by the

ODU-OH, the interested reader is referred to [60].

At the lowest level of the OTN digital hierarchy is the OTU-OH (areas A and B

of Figure 2.13). In the first 6 bytes of area A (Figure 2.13, row 1 column 1 to 6) is a
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(a) PM Overhead fields (b) TCM Overhead fields

Figure 2.16: PM and TCMi overhead [60].

bit pattern utilized for frame alignment (Frame Alignment Signal or FAS). The last

byte of the frame alignment overhead (area A) is the Multi-Frame Alignment Signal

(MFAS), and is used in combination with other multiframe fields of the OTN frame to

determine their specific meaning in a specific frame of the multiframe. Bytes from 8 to

14 of row 1 (i.e. area B of Figure 2.13) implement section monitoring functionalities

(SM, 3 bytes), a generic communication channel (GCC0, 2 bytes), and the last 2

bytes are reserved for future standardization.

With the exception of the OTU framing bits, all other bits of the OTU are scram-

bled before transmission onto an optical channel in order to provide the receiver with

a high enough transaction density to perform clock recovery on the signal.

OTN Signal rates, Mapping and Multiplexing

ITU-T G.709 defines four fixed signal rates for the OTU, five for the OPU/ODU,

and ODUflex signals, which are further subdivided into ODUflex(CBR) and ODU-

flex(GFP) for CBR and packet-based clients, respectively. ODUflex signals were

designed to allow mapping client signals onto OTN using a flexible container to ac-

commodate a wide range of client bitrates. The rate of ODUflex signals can be

changed without re-establishing the connection [65].

The specific rate of OTU, ODU, and OPU is indicated with a subscript (e.g.

ODUk, where k varies from 0 to 4 given the currently standardize signal rates).

Table 2.1 below illustrates the various signal rates and their relative OTN frame
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period. In addition to the standard signal rates shown in Table 2.1, other rates were

added in order to provide a simplified mapping procedure for Ethernet client signals

that didn’t fit within the already defined OTN containers, namely: ODU2e, ODU3e1,

and ODU3e2 [66].

Table 2.1: Currently standardized OTN signal rates (ODUflex is not indicated as
signal rate is not fixed)

k OTUk OPUk OTUk/ODUk/OPUk

signal rate payload area rate frame period
0 N/A 1.238954 Gb/s 98.354 µs
1 2.666057 Gb/s 2.488320 Gb/s 48.971 µs
2 10.709225 Gb/s 9.995277 Gb/s 12.191 µs
3 43.018414 Gb/s 40.150519 Gb/s 3.035 µs
4 111.809974 Gb/s 104.355975 Gb/s 1.168 µs

OTN Payload Mapping - When mapping a client signal (CBR or packet/cell-

based) onto OTN, the client signal is mapped directly into the OPU payload area of

an OTN frame.

There are three main mapping procedures defined by OTN: Asynchronous Map-

ping Procedure (AMP), Bit-Synchronous mapping procedure (BMP), Generic Map-

ping Procedure (GMP) [60].

When performing asynchronous mapping (AMP) the client signal rate is adapted

to the OTN signal rate. Rate adaptation between the client signal rate and the OPU

payload rate is done using the justification control bytes available at the OPU-OH.

Up to ±45ppm of client frequency variation can be accommodated using AMP. In

this case frequency justification is necessary since the OPU clock is generated locally

and is not related to the client signal.

When using bit-synchronous mapping (BMP), the OPU clock is derived from the

client signal clock. This way the phase and rate of the OPU signal are locked to those

of the client signal and no justification control is necessary. In other words, BMP

wraps the client frame with the OTN overhead.

OTN also provides a mapping procedure for clients with rates that differ signifi-

cantly from the defined OPUk rates (Table 2.1). These clients can be mapped using

GMP, which maps the client signal onto the OPU payload area, alternating data words

with stuffing words using a Sigma/Delta algorithm to decide which word of the OPU

payload area is to contain data and which is to be filled with stuffing. Information
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about the amount and position of data words in the i− th frame is communicated to

the receiving node by the (i−1)−th frame so the receiver can distinguish which word

contains data and which contains stuffing when recovering the client signal. Using

this technique, frequency ranges much wider than ±45ppm can be accommodated. A

similar technique can also be used for multiplexing LO-ODUs into a HO-ODU.

For cell or packet based clients OTN uses GFP [67] to encapsulate data packets

and generate a continuous stream of GFP frames which is then mapped directly in

an octet-aligned directly onto the OPU payload area. In this case, rate adaptation is

done using GFP idle frames, which are transmitted anytime there is no data to send.

Note that there are also other mapping procedures, as well as client specific map-

pings (e.g. for Ethernet signals), which are not described in detail here. The interested

reader can refer directly to [60] for a complete description of the mapping procedures

available for OTN.

Before moving on to illustrate OTN multiplexing principles, it is important to add

some terminology relative to ODUs, specifically what is meant for Low Order and

High Order ODUs. ODU signals are referred to as High Order ODU (HO-ODU) or

Low Order ODU (LO-ODU) depending on their role as clients or servers of another

ODU signal. Specifically, an ODU signal servicing (carrying) another signal is always

referred to as the HO-ODU, while the one that is being serviced (carried) is referred

to as the LO-ODU. A similar terminology is used for OPUs. Note that ODUflex

signals (i.e. ODUflex(CBR) and ODUflex(GFP) [60]) are always LO, meaning that

they are always mapped into higher-rate ODUs before transport.

OTN Multiplexing - In order to multiplex LO signals into HO signals, OTN uses

TDM. The HO-OPU payload area is divided into Tributary Slots (TS) and an integer

number of TS is assigned to each LO-ODU.

Since the OTN frame size is always the same regardless of the data rate, a LO-

ODU is multiplexed into a set of HO-OPU (i.e. a multiframe). The size of the

multiframe, that is, the number of frames in a multiframe, equals the number of TS

in the payload area of the HO-OPU. The smallest TS supported by OTN is 1.25G.

2.5G TS, however, are also allowed to provide support for legacy mappings (this is

the case for ODU2 and ODU3, supporting both 1.25G and 2.5G TS). The number of

TS in each ODUk type (with k = 1...4) is illustrated in Table 2.2.

The OTN multiplexing procedure is reminiscent of the mapping one, both AMP

and GMP are used also for multiplexing. The difference with the mapping procedure
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is in the use of an intermediate structure, called Optical Channel Data Tributary Unit

(ODTU). The ODTU is essentially a portion of the HO-OPU which is reserved for a

specific LO-ODU that is being multiplexed onto it, and contains both the justification

overhead used in the LO-ODU and the LO-ODU itsef. A LO-ODU is asynchronously

mapped into the OTDU, and then is multiplexed onto an integer number of TS in

the HO-OPU payload area using, in some cases, GMP [60]. The OTN multiplexing

hierarchy together with the various mapping and multiplexing passages is shown in

Figure 2.17.

Table 2.2: Number of Time Slots (TS) and relative size in HO-OPUk
HO-OPU Number of TS TS size
type (≡ frames per multiframe)
ODU1 2 1.25G
ODU2 4 2.5G
ODU2 8 1.25G
ODU3 16 2.5G
ODU3 32 1.25G
ODU4 80 1.25G

OTN Hardware [P-OTP, µ-OTP - hardware overwiew]

The dramatic growth in packet traffic is pushing network operators to deploy net-

work elements (NE) that can handle switching packet, OTN, and Optical domain

traffic. Some operators are oriented toward deploying a set of single-function network

elements, each dealing with one type of traffic, e.g., using Reconfigurable Add/Drop

Multiplexers (ROADM, eventually equipped with OTN framers) to handle traffic in

the optical domain, and using Carrier-Ethernet Switching Routers (CESR) to handle

packet traffic in the electrical domain. Other Operators are more oriented towards

using a single platform able to handle WDM, TDM-based (e.g. OTN), and packet

traffic. Such a platform is referred to as Packet-Optical Transport Platform (P-OTP),

and its architecture will be the focus of the following section. Using a single plat-

form to handle all types of traffic has its drawbacks, such as the difficulty to upgrade

the system. Using a single network element able to handle a wide variety of traffic

types in various domains simplifies network operations and can reduce the operating

expenses (OPEX) for the operators.
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Figure 2.17: OTN multiplexing hierarchy [63]
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A P-OTP (Figure 2.18) is designed to offer maximum flexibility and should be

able to take as an input any kind of traffic and multiplex it onto any lambda(s). A

P-OTP contains, at least, the following elements:

• ROADM

• System-wide traffic grooming for TDM-based traffic (OTN)

• Support for Connection-Oriented Ethernet [68], with system-wide L2 aggrega-

tion and switching

• A centralized fabric able to switch both packet and OTN (i.e. ODUk) traffic in

the electrical domain concurrently

The ability to switch concurrently TDM and packet traffic can be achieved in

various ways. Two separate fabrics can be deployed, one for TDM traffic and one for

packet traffic. The drawback of this approach is that if one of the two fabrics hits

its scalability limit, the whole platform would be limited by that. Whereas scaling

both fabrics would still require building two distinct fabrics and would increase the

overall cost and power consumption of the P-OTP. Furthermore, a backplane able to

handle both fabrics concurrently should be used, and this kind of equipment can be

quite complex.

Another option is to use a packet or cell based fabric, and adapt either to handle

TDM traffic as well, mimicking the behavior of a TDM fabric [69]. Such a device is

able to transmit ODUk and its timing over a packet fabric, enabling transmission of

ODUk without disrupting the timing characteristics of the OTN signal.

Further details on P-OTPs can be found in Appendix D.
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Figure 2.18: Packet - Optical Transport Network (P-OTP)
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2.4 Data Centers

In recent years a significant shift towards server-side computing (i.e. “cloud com-

puting”) is taking place. Services that used to be hosted in client machines such

as data storage, office applications, and computing services are offered more and

more as Internet-based services. In addition to such services, a plethora of other

Internet-based applications is becoming more and more reliant on cloud computing

infrastructures. These services include web search, web mail, and social networking,

just to name a few.

As a result, significant research effort is being made to improve the performance

of cloud computing facilities, which should be able to continue supporting the rapid

growth of the aforementioned services while remaining profitable for the operators [70,

71, 72].

The advantages offered to both clients and operators by cloud computing facilities

are several, including: (1) improved user experience (users can now access extensive

computing resources); (2) ease of software updates for software vendors, which can

deploy their software upgrades only inside their DCs on a small number of well-tested

hardware configurations, instead of having to integrate with a wide range of different

machines; and (3) the ability to share data center (DC) resources among many users,

improving resource utilization and leading to significant costs savings for the DC

operators.

A DC is assembled with a large number of commodity-off-the-shelf (COTS) com-

ponents (i.e. servers), constituting the computing resources of the DC. The choice of

using COTS instead of high-end machines comes from the need to use cost-efficient

hardware configurations for the DC. The difference in performance between high-end

servers and low-end servers is relatively small in a DC scenario, where there are tens

of thousands machines and the workload is highly parallelized [73]. Using a large

number of low-end server platforms also benefits from an economy of scale with re-

spect to using a smaller number of high-end systems. There is a limit, however, to

how “low-end” the components should be chosen when designing a data center. The

reasons are several. As more (cheaper) servers are used, the software needs to be

optimized for handling this highly parallelized environment. This can result in in-

creased software development and optimization costs, negating the savings achieved

with the use low-cost hardware. Furthermore, as more machines are connected to the

data center network (DCN), a higher number of ports will be needed, increasing the



34

overall hardware cost for the DC. Another issue of using large numbers of cheaper

servers is that these servers may be able to fit in their hard drives more applications

than their CPUs are able to handle, leading to inefficient resource utilization (i.e.

a portion of their hard drives may be left empty). Lastly, faults and failures are

more likely to occur in low-end servers, negatively impacting performance of the data

center2.

The availability required by most Internet-based services is in the order of ∼
99.99%, making fault tolerance a major concern in DCs. In DCs with tens of thou-

sands machines (or more), failures can occur on an almost hourly basis [73]. The

software infrastructure of a DC must be designed to account for this and provide

stable performances even in the presence of failures.

In a DC, servers are packaged into racks mounting (roughly) 20 to 40 machines,

all connected to a Top-of-Rack switch (ToR), in turn connecting the servers to one

or more cluster-level switch, depending on the DCN architecture. Link capacity from

server ToR is usually in the 1Gb/s range, while from to ToR to the higher layers it

typically ranges from 1 to 10Gb/s. There are several alternatives for interconnecting

racks and implementing DCNs, depending on what type of workload and applications

the DC has to support. We refer to [17, 18] for a summary of the most popular DCN

architectures (both implemented and proposed ones).

Disk drives can be directly attached to the servers (Directly Attached Storage

or DAS) and managed by a distributed file system (e.g. [75]). Alternatively, the

storage facility for servers can be its own storage system (Network Attached Storage

or NAS), connected to the servers via a cluster-level switching fabric. NAS are usually

simpler to deploy; fault handling, data management, and integrity is left to the NAS

vendor. In the NAS case, this is usually achieved by replication and error correction

capabilities within the NAS. DAS are more complex to deploy as fault-handling is

left to the cluster-level file system. The higher system complexity is traded for a

lower overall hardware cost, as the storage resources (disks) leverage on the existing

server enclosure and network ports at each server are effectively shared between the

computing task and file system. In DAS systems, reliability is achieved by replicating

content across the disk drives of different machines, resulting in higher use of the

network bandwidth and higher aggregate bandwidth as data can be read from multiple

sources simultaneously. In a DAS system, each server has a local DRAM (shared) and

directly attached disk drives, which are accessed through the ToR switch. Cluster-

2A classification of DCs based on the service availability provided can be found in [74]
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level switches can access all storage resources in all racks. The trade-offs in DAS

systems is between higher write overheads and higher availability, and lower costs as

well as the possibility to exploit data locality. Larger DCs usually deploy DAS, while

smaller clusters usually opt for NAS systems.

The software infrastructure of a DC is typically comprised of three layers:

1. Platform-level software, providing server-level services and including servers’

operating systems, and all the libraries to provide hardware abstractions for

the servers.

2. Cluster-level software, usually a distributed software infrastructure providing

resource management and cluster-level services such as distributed file system,

remote procedure calls, and schedulers. This portion of the DC software archi-

tecture provides the means to handle resources at the DC scale. Applications

such as Hadoop [76], map-reduce [77] and Chubby [78] are examples of the

software applications running at this layer.

3. Application-level software, implementing specific services such as web-search, e-

mail services, and so forth. In this category are found applications performing

both online and offline computations (e.g. large datasets processing or Web-

index building).

Several studies on characteristics of DC traffic showed that DC traffic patterns

are hard to predict and are strongly dependent on the type of DC and applications

hosted [27, 79, 80]. Some commonalities, however, do exist: (1) most flows are small

(e.g.≤ 10kB) and last short amounts of time. (2) The number of active flows per

rack is very rarely over 10000 (due to work consolidation which optimizes the dis-

tribution of workloads and minimizes resource segmentation). (3) A high degree of

oversubscription exists and it is not uncommon that uplinks from ToR show oversub-

scription rates ranging from 5 to 20 [27]. (4) Losses don’t occur predominantly in

highly utilized links, suggesting that unpredictable traffic bursts are a primary cause

of losses in DCNs. (5) Although most flows are small, most bits (≥ 90%) belong to

large flows, showing that a significant amount of the bandwidth is used by large, long

lasting flows (e.g. ≥ 100MB). (6) Most data transactions are handled by protocols

like TCP [41] and its variants [28].

The high variability and unpredictability of DC traffic is a major issue for DC

applications and can heavily impact the DC performance [72, 81, 82, 83]. The highly
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variable network performance in DC can result in wasting significant amounts of com-

putational resources and the DCN ultimately becoming a computational bottleneck

for the DC. Lastly, a well known issue of DCNs is TCP Incast [84, 85, 86]. Resulting

directly from the TCP transmission dynamics, when multiple users attempt to ac-

cess the same resources, TCP incast can lead to severe throughput collapse and can

further worsen the network performance variability in DCNs.

Further details on current DCN issues and some of the proposed solutions can be

found in Appendix E
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Chapter 3

Next Generation Networks

In this chapter we will present some of the NGN proposals relevant to our study,

namely, Optical Burst Switching (OBS) and Optical Flow Switching (OFS). Both

of these approaches promise to improve significantly the energy efficiency of current

network architecture as well as to provide more efficient ways to handle the the

ever changing networking scenario and the rapid proliferation of bandwidth-intensive

applications. Although potentially advantageous in terms of energy efficiency and

resource utilization, both such approaches have their own drawbacks (Appendices A

and B). An important drawback of both OBS and OFS is that they both require

major architectural changes to the current networking architecture which, so far, no

network operator has shown the will to undertake.

OBS uses large data bursts (e.g. ≥ 1Mb) assembled at the network edge with

traffic coming from multiple sources. Resources for the bursts are reserved over the

data path using a control packet. The use of large OBS data bursts saves the energy

that a standard IP network would spend to process the headers of the single packets

assembled into each burst. OBS, however, makes extensive use of optical buffers [87],

which to date do not offer a commercially viable alternative to their electronic coun-

terparts [38]. Even when electronic buffering is used in burst switching [88], the

energy spent to assemble the bursts at the edge of the network may negate the ad-

vantages achieved in the core. Another drawback of OBS is that given the amount

of control traffic needed to operate OBS networks, the OBS control plane is prone to

congestion [89] if the data bursts used are too small.

OFS gives access to the full network bandwidth to users able to occupy it for

more than a certain time threshold. This can be very effective in terms of delay and

bandwidth utilization when dealing with very large transactions (e.g. several tens of



38

GB), but the scalability of OFS to a large number of users is questionable. Moreover,

any end user willing to access OFS services is required to install costly long-haul

transmission equipment at their premises, limiting the application of OFS to a few

specialized nodes.

To date no OBS nor OFS networks are commercially deployed and I doubt if

anything has been published in recent years.

3.1 Optical Burst Switching

Optical Burst Switching (OBS) [90, 91] refers to a broad class of sub-wavelength

switching architectures which share the same basic operations.In OBS data packets

are assembled into bigger chunks called bursts at the network edge, in the electronic

domain, and then the data bursts are forwarded through the network after first con-

verting them in the optical domain. Each burst is then switched entirely in the optical

domain, node by node, throughout its path from source to destination and is disas-

sembled once it reaches the egress node of the OBS network. The nodes in each path

are notified of the pending burst arrival by a control packet (called Burst Header Cell

or BHC) which is sent through the data path before the burst leaves the source node

(BHC and burst are spaced in time domain by an Offset-Time). Each of these control

packets is associated with a burst and carries all the information needed by the nodes

to handle the bursts without having to process the burst itself (i.e source/destination

address, burst length, offset time just to name a few). Different implementations of

the signaling or scheduling algorithms for OBS may require different kinds of informa-

tion to be carried by the control packet. Based on such information the various nodes

can configure themselves before the burst reaches them. When the burst arrives it is

switched and buffered entirely in the optical domain.

3.1.1 Burst Assembly Techniques

Various techniques are used to assemble the bursts at the ingress of the network

and the signalling process, in charge of configuring the network for the incoming

bursts, starts only after assembly process is completed - at least in standard OBS

implementations. Three main approaches are possible for burst assembly in OBS

networks: Timer-based, Threshold-based, and Mixed approach.
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3.1.1.1 Timer-Based Assembly Mechanism

The Timer-based approach defines a timer parameter (Ta) which is used at the edge

node as a time limit for the burst aggregation process. All packets arriving within

Ta are assembled into a burst and when Ta is reached the burst is transmitted. The

advantage of this technique is that bursts are released at well defined time intervals

which may simplify scheduling and signaling processes. When using this technique,

however, the burst length depends on the traffic conditions: under high traffic load

longer bursts are generated than under low traffic load. An important issue of timer-

based assembly techniques is the choice of the timer value (Ta). If Ta is too small

a great number of short bursts may flood the network and the amount of control

information to be exchanged and processed will increase accordingly, overloading

the control plane [89]. On the other side, if Ta is too big, the data will experience

unacceptable assembly delay. The timer value must be chosen wisely considering the

trade-off between the amount of processing required to the network and the amount

of delay allowed.

3.1.1.2 Threshold-Based Assembly Mechanism

Another assembly mechanism used in OBS networks is referred to as threshold-based.

In this approach a threshold value (Th) is defined and used to limit the size of the

burst that is being assembled. Once the size of the burst reaches the threshold value

the burst is released by the ingress node through the network. During the burst

assembly process the burst is stored in the electronic domain at the ingress node.

The advantage of this technique is that the dimensions of the transmitted bursts are

fixed and are not dependent on the network load. The drawback, however, is that the

timing of the burst transmission and the delay of the burst assembly are not directly

controllable, as bursts are released only when the threshold is reached, which may

take a long time if the network is lightly loaded. In such conditions the assembly delay

may become intolerable. Like in timer-based mechanisms, a similar tradeoff exists

for the choice of Th: if too small, the number of bursts will increase and so will the

overhead. If the threshold is too big the assembly delay will become unacceptable.

3.1.1.3 Mixed Approach

A mixed approach takes advantage of the positive aspects of both timer and threshold

based mechanisms, though at the cost of a higher operational complexity. Here an
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optimal threshold is determined using the minimum burst length, while a timer value

is used to define the maximum delay tolerance for the network. Once either one of

these two conditions is reached the burst is transmitted.

3.1.2 OBS Signalling

Signaling is generally defined as that series of procedures and signal exchanges which

controls a communication system. These procedures deal with establishing the path

that the data bursts must follow and define those mechanisms to maintain and release

paths and network resources associated to each burst. OBS signaling protocols use

control packets traveling through the network to reserve the necessary resources for

the bursts. Two main approaches are available and can be combined together (hybrid

signaling):

1. One-way Reservation: also referred to as source-initiated reservation protocol.

A control packet leaves the source node and reserves resources for the burst on

the path from source to destination. If resources are not available at some node

along the path, the burst will be dropped as it reaches the node that lacks the

resources. This technique is generally flexible, relatively efficient, and provides

a low latency for the overall transmission process.

2. Two-way Reservation: also referred to as destination-initiated reservation pro-

tocol. In this approach a control packet is sent from the source node to the

destination node to collect information on the network state, topology, and re-

source availability without making any reservation. Once the control packet

reaches the destination node, the information carried by the control packet is

used to form an ACK packet which is in turn sent towards the source node along

the reverse path to reserve resources for the burst. Upon receiving the ACK

the source node transmits the burst along the reserved path. This approach

offers a lower burst drop probability compared to the one-way approach, at the

cost of a higher latency coming from the more complex reservation procedure.

A time diagram of a two-way reservation protocol is shown in Fig. 3.1.

3. Hybrid Reservation Protocol : also referred to as intermediate node initiated

reservation protocol. A control packet leaves the source to collect resource

information until it reaches a certain node in the path. Upon receiving the

control packet, the node starts a bidirectional reservation process which confirms
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Figure 3.1: Two-way reservation protocol

the path reservation from this initiating node to the source node, and continues

the reservation up to the destination node without notifying the source node

the result of this part of the reservation process. A hybrid reservation procedure

is shown in Fig. 3.2.

Figure 3.2: Hybrid reservation protocol

Usually one-way signaling protocols are used in OBS (e.g. Tell-and-Go or Tell-

and-Wait OBS [92, 93]). In the remainder of this section, we will focus on this class

of protocols. Before proceeding, some definitions are in order.
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• A centralized signaling protocol is a signaling protocol which requires a cen-

tralized server to be in charge of setting up the routes and assigning the wave-

lengths for each data burst between each source-destination node pair within

the network. This approach is more efficient when the network is small and the

traffic not bursty.

• A distributed signaling protocol relies on the individual nodes to perform

scheduling operations. Each node has a scheduler in charge of assigning wave-

lengths for each incoming BHC (and relative burst), and there is no need for

any centralized request server. This approach is suitable for large networks with

bursty data traffic.

The first signaling protocol we’ll study is called Just Enough Time (JET) signal-

ing [94] (see Figure 3.3). This is a distributed protocol, requiring no optical buffer or

delay at intermediate nodes.

A control packet (BHC) is sent from the source node along the path on a specific

control channel towards the destination node. The BHC is processed at each node,

and the path for the associated burst, along with the necessary network resources, is

reserved before forwarding the BHC to the next node in the path. The BHC carries the

offset time information, which is updated at each node, enabling resource reservation

at the expected arrival time of the burst. The expected arrival time is calculated with

a prediction algorithm, which is one of the weak points of this technique due to possible

mistakes in the prediction mechanism that may result in burst drop. The BHC also

carries the information about the length of the burst. This way, automatic release of

the resources is enabled and resource usage is optimized. A more accurate technique

that doesn’t rely on a prediction mechanism to calculate the expected arrival time is

called Time-Space Label Switching Protocol and can be found in [95].

The next signaling protocol is called Just In Time (JIT) signaling [96]. This is a

centralized protocol which requires network synchronization and a central scheduler

in charge of managing the requests from the source nodes, processing the BHCs, and

reserving the necessary resources for the data bursts. The centralized scheduler also

informs the requesting nodes on which path to follow as well as the exact time to

start transmitting each burst. Even in JIT signaling the nodes will be configured

by the time the burst reaches them, but the reservation starts when the nodes are

informed by the central scheduler. Resources are released when an explicit release

message is received from the central scheduler. Therefore, the bandwidth utilization
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Figure 3.3: Just Enough Time signalling

is not optimized as in JET signaling (i.e. no delayed reservation and no automatic

release). The advantage of JIT signaling is its simplicity: no information on the burst

length is needed and the architecture is simpler to implement even if the centralized

nature of this scheme makes it not very scalable. A schematic representation of JIT

signaling is provided in picture 3.4.

Figure 3.4: Just In Time signalling

3.1.3 OBS Scheduling

Scheduling aims at avoiding collisions, achieving optimal bandwidth utilization by

scheduling the transmission of the various bursts, and solving the routing and wave-

length assignment problem (RWA) for the network. Before going into the details
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of the scheduling algorithms available for OBS networks, some definition are needed

(refer to Figure 3.5).

Figure 3.5: OBS scheduling: quantities definitions

Usually the channel scheduler obtains the burst arrival time and its duration from

the information carried by the BHC. Other information that should be maintained is

listed below:

• Latest Available Unscheduled Time (LAUT) for a specific channel. This quan-

tity, also referred to as the horizon of the channel, is the earliest time at which

the data channel is available for an unscheduled data burst to be scheduled.

• A Gap is the time difference between a previously scheduled burst and the

arrival time of an unscheduled burst.

• A Void is the duration of the idle time between two scheduled bursts. Scheduling

algorithms can be distinguished into two categories depending on if the voids

in a channel are used to accommodate new arriving bursts (i.e. Void-Filling or

non-Void-Filling scheduling).

• “S” and “E” (Figure 3.5) are the starting and the ending times for a scheduled

burst.

• Tub is the expected arrival time for the unscheduled burst.
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3.1.3.1 First Fit (FF)

The various scheduling algorithms also differ from each other based on which data

they keep track of. The first scheduling algorithm (which is also the simplest) is

called First-Fit (FF). Here the only information that needs to be maintained by the

scheduler is LAUT for each channel. Channels are scanned sequentially and, as soon

as a suitable channel is found, the scan stops and the incoming burst is scheduled.

If other channels could accommodate the burst, possibly leaving a smaller void, they

are simply ignored since the channel scan stops as soon as a suitable channel is found,

and no void size is computed. The strength of this algorithm is its simplicity and, as

a consequence, its speed. From the resource utilization point of view, however, high

resource wastage may occur. Since the channel voids are not considered for scheduling

the bursts, the burst drop probability is higher with respect to other techniques where

voids are considered. A schematic example of FF functioning is shown in Figure 3.6.

Figure 3.6: First Fit scheduling

3.1.3.2 Latest Available Unused Channel (LAUC or Horizon scheduling)

In this scheduling algorithm [97] the LAUT for each channel is maintained, and the

channel with the horizon minimizing the gap between the last scheduled burst on the

channel and the incoming unscheduled burst is chosen. In this algorithm all channels

must be scanned. Therefore it is computationally more complex but nonetheless

enables a better bandwidth utilization. An example is shown in Figure 3.7.
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Figure 3.7: Horizon scheduling

3.1.3.3 LAUC with Void Filling (LAUC-VF)

In this algorithm [98], all channels are scanned in depth and more channel information

needs to be maintained. Starting and ending times for each burst in each channel

must be known in order to scan every void in each channel and to select the void

minimizing the gap between already scheduled bursts and the new incoming burst.

Figure 3.8 shows an example of LAUC-VF).

Figure 3.8: LAUC-VF scheduling
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3.1.3.4 Non-Preemptive Minimum Overlap Channel with Void Filling (NP-

MOC-VF)

In order to implement this algorithm another parameter needs to be defined (and

maintained by the scheduler): the “overlap” parameter identifying which portion of

an incoming burst overlaps with an already scheduled burst. This algorithm allows

for burst segmentation, that is, discarding part of a burst in order for the burst to fit

in a void smaller than its size if no suitable void (i.e. a void that minimizes the gap

but is non-overlapping) is found. All channels (and their voids) are scanned and the

amount of overlap is calculated (together with the gap) for each candidate void. The

void minimizing the overlap (or the gap, if available) is chosen. The incoming burst is

segmented (if necessary) and accommodated in the chosen void. Since the segmented

burst has changed its length, the BHC information needs to be updated before it is

sent to the next nodes in the path to avoid virtual contentions. The algorithm is

shown schematically in Figure 3.9.

Figure 3.9: NP-MOC-VF scheduling.

The functioning of the algorithm when no void filling is used (NP-MOC) is shown

in the figure below 3.10:

3.1.4 Contention Resolution

Due to the one-way reservation protocols usually implemented in OBS networks, the

probability that two bursts will compete to use the same resources at the same time
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Figure 3.10: NP-MOC scheduling. In this case channel 3 is chosen for the incoming
burst

is not zero. It is therefore necessary to provide the network with some contention

resolution mechanism.

In an optical network at least three dimensions are available in order to resolve

contentions: time, space, and wavelength. In case all other techniques fail and we are

ready to accept some data loss, the burst segmentation technique used for scheduling

can be adapted to resolve contentions. To resolve contentions in the time domain in

an all-optical network, the only feasible solution at the moment is using Fiber Delay

Lines (FDL). When two bursts contend for resources at a certain node one of them is

routed towards a FDL in order to be delayed. Once a burst is inside a FDL it cannot

get out before it reaches the end of the FDL, this being the first drawback of using

FDL - delay is not precisely variable. Another issue arising from the use of FDL is

the signal impairment the burst will experience by traveling in the FDL. This may

require optical amplifiers or expensive signal regenerators. Besides the cost, another

negative aspect of using FDL is the space occupancy which may need hundreds or

even thousands of kilometers of optical fiber (depending on the line speed); not always

an easy case to accommodate.

When using the space dimension for contention resolution a possible solution is

called deflection routing. One of the two contending bursts is routed toward another

path or through a circular path that will let it come back to the node after a certain

amount time. The obvious advantage of this technique over the use of FDL is that,

in this case, no expensive optical buffers are required. The drawback, however, is
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that deflecting a burst in the network will increase the traffic, occupy resources, and

therefore decrease the network efficiency both in terms of resource usage and delay

experienced by the burst (the alternative path may be too long or the burst may find

itself trapped in a loop).

To resolve a contention in the wavelength domain, we need to use wavelength

converters to convert one of the two contending bursts into another wavelength so

that they can share the same resources (port). With this technique no additional

delay is added, but wavelength converters are expensive, especially if they have to

be fast and tunable. Burst segmentation may be a good solution for applications

with stringent delay requirements if data loss is acceptable. Moreover, in certain

cases, it may be more efficient to loose part of a burst than having to retransmit it

entirely from the source. When using segmentation the burst is divided into segments

(see Figure 3.11), each with a unique header. If preemption is enabled among the

contending bursts, it is also possible to resolve the contention in a prioritized manner,

giving the possibility to high priority bursts to preempt low priority ones, protecting

high priority traffic from loss due to segmentation. Various segmentation mechanisms

are available depending on which part of the burst is dropped: head dropping when

packets on the initial part of the burst are dropped, tail dropping when packets on

the final part of the burst are dropped, or a combination of the two (in this case the

segmented burst loses packets from both head and tail). Figure 3.11 shows the burst

structure needed in order to use segmentation.

When using segmentation each segment of a burst needs to be identified (ID,

length) increasing the overhead. The choice of the segment length is also impor-

tant; the number of packets lost per contention is proportional to the segment length

while the overhead is proportional to the number of segments per burst. A tradeoff

exists between these two parameters. Generally, contention resolution mechanisms

are constrained by the specific signaling and routing protocol implemented in the

network. Sometimes it is more convenient to reduce contention probability by wisely

designing signaling and routing protocols to avoid contentions as much as possible [95].

3.1.5 Architectural Overview

An OBS network is a series of OBS nodes interconnected by WDM links. The func-

tions of the ingress are described below:
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Figure 3.11: Burst Segmentation: burst structure [99].

1. Packet pre-sorting: in order to support Quality-of-Service (QoS) various incom-

ing packets can be placed in various queues at the ingress node according to

their class of traffic and QoS requirements. They’ll be assembled within bursts

accordingly.

2. Packet buffering.

3. Burst Assembly according to the particular assembly mechanism used in the

network (see section 3.1.1).

4. Routing and Wavelength Assignment (RWA).

While the egress node implements the following functions (note that the distinc-

tion between ingress and egress node is relative to the data flow direction):

1. Burst disassembling: upon receiving a burst the egress node disassembles it into

it packets before routing them to the higher layers of the network.

2. Packet forwarding.

A scheme showing the architecture of an OBS edge node is shown in Fig. 3.12

The scheduler assembles the bursts according to the particular assembly policy

in use and schedules the bursts (locally). The routing module selects an appropriate

queue of the burst assembler module for each packet (pre-sorting). The queues are

used to sort the packet before assembling them into bursts.

Some of the key functions implemented by core nodes follow:
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Figure 3.12: OBS: edge node architecture [99].

1. Burst scheduling on core links.

2. Burst switching according to BHC’s informations and scheduling policy (see

Section 3.1.3).

3. Contention resolution.

4. Signaling.

The architecture of an OBS core node is shown schematically in Figure 3.13.

Figure 3.13: OBS: core node architecture [99].

A WDM signal enters the node and the various wavelengths are demultiplexed by

the input demultiplexers. Then the control wavelengths are routed towards a Control
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Packet Processor to be processed, while the data wavelengths are routed to the optical

switch. The optical switch switches the various wavelengths according to the control

plane information before routing them to the output multiplexers, which reassemble

all the wavelengths, reforming the WDM signal before routing it to the next node in

the path. From the control plane point of view, there is a Control Packet Processor

made of O-E converters and BHP regenerators to regenerate the BHC according to

the information coming from the Switch Control Unit (SCU). The functions of the

SCU are listed below:

• Create/maintain a forwarding table

• Forwarding table lookup

• BHC processing

• BHC rewriting

• Wavelength conversion control

• OXC configuration

3.1.6 Reliable OBS: techniques to increase OBS networks re-

liability

In this section we will present the various techniques available to increase the relia-

bility of an OBS network. Some of these techniques, such as contention resolution

techniques, have been previously treated in the former sections, whereas others like

admission control and load balancing are common among many kinds of networks

and need not to be treated here extensively. Instead we will focus on loss recovery

mechanisms which can be used in OBS networks.

Loss recovery mechanisms can be divided into two main categories: Reactive mech-

anisms and Proactive mechanisms. Reactive mechanisms use explicit failure messages

to trigger the recovery process. One commonly used technique is retransmission.

When a burst is dropped at one intermediate node, this node notifies the source node

which keeps a copy of the burst and, upon receiving the failure notification, simply

retransmits the burst, if necessary, over another path. Proactive mechanisms try to

manage fault situations by including additional information within the data flows in

order to let the failure be locally managed without need to involve the source node
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and/or retransmissions. The first proactive technique is widely used in many networks

(including IP networks) and is called Forwarding Error Control (FEC). This proce-

dure adds check bits to the data burst which enable the receiver to correct (within

certain limits) the errors due to transmission within a data burst. The main draw-

back of this technique is that part of the bandwidth (BW) has to be used to transmit

the check bits, which could be a problem in networks with BW shortage, though this

is not a big issue in optical networks where the BW is usually abundant and the

retransmission delay may be considerable (for example, long haul connections). If

the check bits are redundant and placed properly in the data burst, then FEC can

be successfully combined with segmentation. This is particularly true when we have

complete information on which kind of segmentation is used within the network and

we can place the check bits accordingly(see picture 3.14).

Figure 3.14: Reliable OBS: Burst Drop protection techniques [90]
.

Another proactive mechanism which is possible to use in OBS networks is called

1 + 1 protection (see Fig. 3.15), this method is widely used even in other networking

technologies such as GMPLS, MPLS, and so on. Here the high priority traffic is

duplicated at the ingress node of the network and routed over two disjoint paths in the

network. The main drawback of this technique is that the amount of resources used is

at least doubled (only in the case when the protection path has the same length of the

original one), and the overall amount of traffic in the network is obviously increased.
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Furthermore, a mechanism to recognize redundant data has to be implemented at the

egress node in order to not forward repeated data to the higher layers of the network.

Figure 3.15: Reliable OBS: Burst protection techniques.

The third proactive technique presented is called Composite Burst Assembly and

is implemented at the source node where burst assembly takes place. Burst are

assembled by placing the less loss-sensitive traffic at the boundary (beginning, end

or both) of the burst. In this way if a burst undergoes segmentation, only the less

loss-sensitive data is lost while the loss-sensitive data is preserved. A good aspect of

this method is that no additional overhead has to be added to the data burst, but

this comes at the expense of a slightly longer burst assembly delay.

Figure 3.16: Reliable OBS: Burst Drop protection techniques [90]
.
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The last mechanism is similar to 1+1 protection with the difference that duplicated

bursts don’t necessary follow disjoint paths, bursts are also not necessarily duplicated

at the ingress of the network, and more than one copy of the burst can be done.

This technique goes under the name of Burst Cloning and is schematically shown in

Figure 3.17.

Figure 3.17: Reliable OBS: Burst Drop protection techniques [100]
.

Having many clones of a burst in the network increases the probability that the

data is correctly received but also increases traffic and usage of network resources.

Another issue with burst cloning is that since the various clones are not bound to

follow disjoint paths, it is possible that the “original” burst may find itself in a

situation where it has to compete with its own clones for the same network resources.

This can be avoided by implementing a preemptive traffic isolation mechanisms which

give preemptive priority to the original burst over its clones at every node. Another

problem, however, analogous to the case of 1 + 1 protection, involves implementation

of a method to distinguish original data from cloned data at the destination node to

avoid forwarding redundant data to higher layers of the network. To achieve this,

a packet ID for each packet in each burst must be kept at the destination node,

increasing the amount of buffer space needed. The network node in charge of cloning

the burst much be chosen wisely. While a shorter common path (H1 in the picture

above) will increase the probability that a burst is not lost before being cloned, the

cloning path will be longer thereby increasing the probability that the clones are lost.
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A good policy is to choose the cloning node on the shortest path between source and

destination node (H3 −H2 ≥ 0, See Figure 3.17).

3.2 Optical Flow Switching

Optical Flow Switching [33] is a transport technology enabling end-to-end transparent

transport service using backbone bandwidth for short time durations. OFS is best

suited for those users who can fully utilize the bandwidth provided by a backbone

wavelength for time durations greater than roughly 100mS. Such users are expected

to contribute significantly to future network traffic. OFS users are given direct access

to the core bandwidth. For small transactions, the burden of the necessary network

management and the cost of the equipment that end users are required to have, such

as (at least) one long-haul tunable transceiver (for data transfer) and a short-haul

tunable transceiver (to communicate with the scheduler), will exceed the benefits of

the OFS approach. Two positive aspects of OFS are that it is possible to imple-

ment using technologies commercially available today as well as the absence of core

buffering. The drawback is that considering the expense (both computational and

economical) required to use OFS services and the nature of OFS-based transport

(i.e. use of large amount of dedicated bandwidth for a single transaction), makes it

suitable only for those applications needing to transfer consistent amounts of data

in a relatively short time (such as distributed storage services, data gatherers, on

demand transactions with large bandwidth requirements, and grid/cloud computing

and so on). A picture showing the possible organization of an OFS network is shown

in Figure 3.18

Each Metropolitan Area Network (MAN) is assigned a scheduling node to which

the end users send their requests to use OFS services via an Electronic Packet

Switched (EPS) network, supporting the OFS control plane (as in OBS, also here

control plane and data plane are kept separate). Flows are aggregated at the end

user or, in case many users wants to use OFS services, it is possible for them to

concatenate their data before transmitting, in order to fully utilize the bandwidth

provided by the OFS network. To minimize the network management, switch con-

trol, and overhead the flows are treated as indivisible entities all along their path. It

is often assumed that there is no wavelength conversion along the path (i.e. wave-

length continuity). The control plane works based on two kinds of processes executed
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Figure 3.18: OFS network [101].

at different layers of the network. In the Wide Area Network (WAN) centralized

processes are in charge of the following functions:

• Gathering network state information.

• Computing the routes for each connection. The assumption here is that the

traffic in the core network is efficiently aggregated and large and substantial

enough that these paths can be considered as varying only on coarse time scales

(in the order of seconds or minutes or more, i.e. a quasi static logical topology

is assumed).

• Disseminating the computed routes together with the network state information

to all nodes of the network.

• Reconfiguring the WAN (according to the traffic assumption made above, also

WAN reconfigurations take place on coarse time scales).

In the MAN, distributed processes are in charge of scheduling individual trans-

actions and exchanging information for the MAN physical layer reconfiguration (this

will occur in time scales in the order of mS and requires a distributed process in the

network).

3.2.1 Physical Layer Organization

Figure 3.19 shows the physical layer’s hierarchical organization of an OFS network.
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Figure 3.19: OFS network [33].

Core nodes are equipped with bufferless OXCs. This fact represents a significant

scalability advantage over electronic packed switched (EPS) networks since queuing

systems are the main bottleneck of EPS systems as the number of lines and ports

increase. The drawback is that the absence of buffers in the core nodes together

with the assumption of indivisibility of the flows makes it hard to efficiently utilize

the resources of the network (Appendix B). The use of preemptive mechanisms for

transactions with different QoS requirements may help to solve this issue. The feeder

network may be implemented using various topologies (ring or mesh usually). At

this layer of the OFS network, the most expensive optical devices are placed (such

as OXCs, tunable filters, optical amplifiers and OADMs). This part of the network

serves more users than the distribution network. It is therefore more cost efficient to

place the expensive hardware here and leave a passive structure for the distribution

network. Other functions of the feeder network involve monitoring network status

(to detect and recover failures for example), and network control and management

functions. The access node runs a media access control (MAC) protocol to regulate

the access to the physical media and network services, carries on routing functions

within the access network, and functions as a scheduler for data flows. Distribution

networks simply connect the end systems to the OFS infrastructure using mainly

passive components, and usually have a broadcast structure.
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3.2.2 OFS Scheduling

The scheduling algorithm is presented referring to Figure 3.20. Some assumptions on

the structure of the network have to be made. The first of such assumptions is that

within the graph shown in Figure 3.20, there is an embedded tree which is used to

transport inter-MAN traffic under normal working conditions (in failure conditions

OFS traffic can be carried out of the embedded tree). The embedded tree is shown

in Fig. 3.21.

Figure 3.20: OFS topology [102].

Figure 3.21: OFS topology: embedded tree [102].
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The grey boxes in pictures 3.20 and 3.21 above are the distribution networks (DN)

which connect the users to the OFS infrastructure. DN can connect to MAN nodes

using two types of configurations:

1. Using 2 fibers: this choice will require less hardware and proves to have good

scalability since no modification in the physical connections are needed in case

of network expansion.

2. Using 2F fibers: F in each direction (upstream/downstream), hosting within

them all the wavelength channels provisioned for inter MAN communications

and carrying various kinds of traffic types besides OFS traffic (Note that OFS

networks, being application-oriented technology, need to coexist with other

transport technologies). Obviously this choice requires more hardware and

proves to be less scalable with respect to the 2 fibers solution.

Another assumption that greatly reduces the computational effort of the schedul-

ing algorithm is that for each WAN channel (i.e. wavelength) reserved for inter-MAN

communications there exists a dedicated wavelength in each link of the embedded

tree in both source and destination MAN. This avoids resources being reserved in the

WAN if no resources are available in the MAN, which would result in wasting precious

backbone capacity. It is also assumed that aggregated traffic (i.e. optical flows) is

generated at each end user machine. This allows the further assumption that the

traffic generated for a particular source-destination pair arrives according to a Pois-

son process. The last assumption is that a significant multiplexing of flows occurs in

each MAN, resulting in a quasi-static WAN logical topology with changes occurring

on time scales in the order of many flows (this allows considering as static the wave-

lengths provisioned for inter MAN communications). With reference to Figure 3.22 ,

let’s now see an example of an OFS scheduling algorithm [102].

The scheduling algorithm is implemented through the following steps:

1. Data flows are formed at the end-user’s machine in the source DN (Ds)

2. The user, willing to transfer his data, sends a primary request (Rω) to the

scheduling node relative to its MAN (i.e.: the source MAN, Ms- of Figure 3.22).

At the Ms scheduling node there is one queue (primary queue) for each possi-

ble destination MAN (Md), and these queues are modeled as M/G/ωm queues

systems, where ωm equals the number of dedicated wavelengths for inter MAN

communication.



61

Figure 3.22: OFS Scheduling
.

3. Once Rω reaches the head of the of the primary queue, the flow is assigned a

wavelength among those reserved for inter MAN communications.

4. An all-optical path is established from the edge of the source DN (Ds) to the

edge of the destination DN (Dd). Note that due to the assumptions previously

made, this path is guaranteed to exist.

5. Two secondary requests (Rs and Rd) are sent and stored into secondary queues

(located at the Ms and Md scheduling nodes respectively).

6. Once Rs and Rd reach the heads of the their respective queues, an outgoing

channel on Ds and an incoming channel on Dd are reserved.

7. Ms and Md scheduling nodes are notified.

8. End users are instructed to begin transmission.

9. Once transmission is finished the various requests made during the whole process

(that is: Rω,Rs and Rd) leave the head of their queues.

Figure 3.23 shows the results of the performance analysis of the proposed schedul-

ing algorithm:

The algorithm presented above was tested for two working conditions:

• Optimistic: in this case the secondary requests are sent simultaneously after

the primary request reach the head of its queue.
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Figure 3.23: OFS Scheduling: performances [102]
.

• Pessimistic: in this case the secondary request for Dd is sent only after the

request for Ds has reached the head of its queue.

OFS path setup mechanisms are two-way mechanisms involving a combined use of

centralized and distributed processes occurring at different time scales. This technique

tries to achieve path setup in times that are only a little longer than one round trip

time (RTT) plus hardware configuration and control information processing times,

by using a combination of slow centralized processes and fast localized processes to-

gether with a one-way reservation mechanism. A Central Network Manager (CNM)

gathers, updates, and periodically broadcasts link state information (i.e. slow, cen-

tralized processes are executed in the CNM with changes at coarse time scales). This

information is used by the CNM to compute routes to be used for data transmission

by the various nodes in the network. These paths are used by the source node to form

a path request packet, which is sent over the network from source to destination node

to reserve resources for the flow node by node (fast localized processes). The various

nodes on the path may “suggest” any of the free wavelengths available in the path,

and if resources are available an ACK message is forwarded to the next node in the

path and resources are reserved for the flow. Otherwise no message is forwarded and

the resource reservation fails. If more than one path request reaches one node at the

same time, claiming the same resources, the node operates its choice based on the

request priority and the number of nodes where reservation was successful, thus far:

the longest survivor has higher priority. When multiple requests reach the destina-

tion node (each one with a different path reserved), the destination node chooses the

proper path and notifies the source, which then begins transmission while another
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message is sent by the destination node to release unused resources. The CNM is also

notified in order to update the list of available resources.

Since OFS is still in its development phase many aspects of its implementation

remain unexplored. A lightweight transport layer mechanism (UDP-like) has not yet

been developed for OFS networks. Another important unsolved issue is the imple-

mentation of a flow error check mechanism. Since OFS is not suitable for all users,

it has to be integrated in networks supporting other kinds of transport mechanisms.

An implementation that enables the coexistence of OFS with other kinds of networks

has not been developed. Likewise, algorithms and protocols capable of computing

and disseminating network resources and information within time frames required

for resource configuration over commercially deployed networks (at the architecture

level) are yet to be implemented.
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Chapter 4

Big File Protocol

4.1 General concept and functioning principle

As discussed in Section 1.1, network traffic is dominated by bandwidth-intensive

applications, often requiring strict delay control [1]. Nowadays most bandwidth-

intensive transactions are handled by protocols such as TCP [41] or UDP [42] which

were not designed for this type of traffic. As a result, network traffic is bursty and hard

to predict1, forcing network operators to factor in significant bandwidth headroom to

accommodate bandwidth peaks.

In current IP networks, large files are segmented into a large number of small

packets which are routed and processed individually at each node in their path to

destination. Dropped packets are also processed up to the dropping node, using

up network resources (bandwidth, buffer space, and computational) and increasing

network load regardless of their effective delivery. As the number of bandwidth-

intensive applications continues to grow [1], the computational load placed on network

routers by large transactions also increases, ultimately constraining their evolution.

While many alternative networking approaches and architectures have been pro-

posed (Chapter 3), the traditional resistance of network operators to changing their

infrastructure, as well as the investment required by large scale architectural redesigns,

limited their applicability, and none of them has found their way into commercially

deployed networks.

1Note that this is not due to the nature of TCP itself but to the fact that, due to congestion,
TCP packets can be dropped at any point in the network in an unpredictable manner.
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Our idea is to devise a protocol that can work in concert with the current in-

frastructure and provide it with the means to handle efficiently bandwidth-intensive

transactions, without requiring major architectural redesigns.

The key idea is that with using transport structures specifically designed for large

transactions, it is possible to handle such transactions at lower layers (e.g. L1/ L2),

thereby skipping most of the per-packet processing necessary when using traditional

IP protocols, and opening the possibility for considerable power savings and resource

usage optimization (Appendix A).

In our approach, large transactions are handled separately from the rest of traffic

over an overlay network (Appendices A and B) that is built by reserving a portion

of the available bandwidth on each link of the pre-existing network. This overlay

network is used for large file transactions only, avoiding any potential issue coming

from coexistence of the proposed approach with legacy protocols [103]. The capacity

of each link of the BFP overlay network can be planned offline and based on the par-

ticular needs of each network (or subnetwork). Assuming that ODUflex [60] channels

are used to setup the aforementioned overlay network, any capacity adjustment can

be done hitlessly using currently available OTN [60] functionalities [65]. From this

point on we will refer to our approach as Big File Protocol or BFP.

Figure 4.1: BFP Data Chain
.

4.1.1 BFP transport structure (Chain)

In BFP large files are organized into periodic, semi-transparent transport structures

referred to as chains (Figure 4.1). A chain is assembled by segmenting each file into

a set of fixed-size data frames. At transmission time, data frames are interspersed

with void frames, each the same size and structure as data frames but carrying only

stuffing bits. The number of void frames between two consecutive data frames is
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fixed and remains constant for the entire chain. The resulting transport container

used for a transaction is a periodic structure, alternating between data frames (carry-

ing payload bits) and a defined number of consecutive void frames (carrying stuffing

bits). Void frames are used only to intersperse data frames to make the chain pe-

riodic, and are always preempted by data frames, never processed or buffered, but

discarded upon reception, and added in between data frames again at transmission

time. Both void and data frames are assembled using (smaller) atomic frames, whose

size can be decided on a case-by-case basis and left as a design parameter. We refer to

these atomic frames as Basic Payload Frames and Basic Void Frames, or BPF/BVF.

These frames are sized according to the underlying transport hierarchy (e.g. OTN or

Carrier Ethernet [104, 105, 106]) to ease mapping of BFP chains and to avoid fur-

ther frame fragmentation (Appendix C). Both BPF and data frames are numbered

independently using a binary counter, which allows selective retransmission of single

BPF in the event of transmission error. A data frame assembled using BPF is shown

in Figure 4.2.

Figure 4.2: Data frame assembled with multiple atomic data frames (BPF)
.

The capacity of each (outgoing) channel is modeled in the control plane by a set

of timeslots, each of the same duration of a BPF at the channel bitrate. This channel

model is implemented only in the control plane and is used by the resource reser-

vation algorithm to schedule incoming transactions (Section 4.1.2). Time Division

Multiplexing does not need to be supported by the underlying hardware.

As a result of the use of chains as the BFP transport container, information about

the configuration of an entire transaction can be condensed into a few parameters: (1)

the size of the data/void frames (frame size) expressed as the number of BPF/BVF

in each data/void frame; (2) the period of the chain, defined as the number of voids

between two consecutive data frames plus 1 (this is equivalent to the number of chains

that can be interleaved onto the same channel), referred to as the Transparency Degree



67

(TD) of the chain; and (3) the size of the transaction (or chain length), expressed as

the number of data frames per chain.

As all the frames of a chain go through the same path, and require the same

processing in terms of buffering and switching, the configuration of a chain also de-

termines its average bandwidth occupancy onto an outgoing channel (Equation 4.1).

Bc =
fb ∗ LCh

fs ∗ [TD ∗ (LCh − 1) + 1]
(4.1)

where:

fb size (in bits) of a data frame (including any control/assembly overhead)

LCh number of data frames per chain (i.e. chain length)

fs duration (in seconds) of a data frame at the (output) line rate

TD Transparency Degree

Given a transaction size of “T” Bytes, the chain length (LCh), can be computed

using Equation 4.2, below:

LCh =

⌈
T

Fs

⌉
(4.2)

where:

T Transaction size [B]

Fs Data frame (payload) size [B]

One of the keys to avoid unnecessary processing of individual data packets is to

embed in each transaction as much information as possible about its configuration.

In BFP this information is made implicit with the use of chains (fixed periodicity and

frame size), thereby avoiding most of the need for per-frame processing - otherwise

necessary if non-periodic structures are used (e.g. [107]). Chains can be delineated

by a receiving node solely using the information about their configuration, which is

communicated in advance to each node in the path by a Control Packet (CP). From

this perspective, using MPLS terminology [108], the TD of a chain can be thought

as an embedded forwarding equivalence class for the frames of each chain, and the

distribution of chain configuration information over a path by means of a CP loosely

resembles MPLS Label Distribution Protocol [109].
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A chain maps an entire transaction into a predictable data structure which can

be signaled through the network using a small CP, and switched with minimal or

no per-frame processing (See Appendix B and C). This enables the handling of

chains using almost exclusively the functionalities available at the lower layers of the

network (L1/L2), where the cost per bit is the lowest, while also skipping most of the

per-packet/per-frame processing necessary when using traditional IP protocols. As

described in more detail in Section 4.1.2, a CP carries information about configuration

and timing of a chain. Whenever a chain is ready for transmission, the CP is sent over

the network to the destination node to reserve resources for the chain. Using chain

timing and configuration information carried by the CP, a receiving node schedules in

advance the resources necessary for the chain and locks on to a stream of data frames

(i.e. the chain) to switch the frames from their input port to an output port without

performing any header-related operation on the single data frames. This saves a

significant amount of processing to the higher network layers, effectively handling

the transaction at the lower layers. This feature greatly relaxes the computational

requirements on the network equipment supporting BFP, which can handle the same

amount of traffic with a computational load that is orders of magnitude smaller than

when using legacy IP protocols (Appendices A and B). Furthermore, as discussed in

more detail in Section 4.1.2, the functionalities required to handle BFP transmission

are “lean” enough that virtually any device able to perform store and forward of data

frames, and with enough computing power to execute the BFP resource reservation

protocol, can potentially support BFP.

Periodicity also allows chain interleaving when more than one flow competes for

the same output channel. As shown in Figure 4.3, buffering (i.e. Buffering Time or

BT) is used to align incoming chains in time. Once aligned, chains will naturally

interleave at the output ports. This buffering technique also makes the amount of

buffer to be used for BFP predictable and dependent on the configuration of chains

more than on the traffic load. This way, the amount of buffer space to reserve for

BFP can be decided beforehand, depending on the desired performance and expected

traffic load.

A resource reservation protocol designed to handle periodic data structures is used

to perform end-to-end reservation for each chain (Section 4.1.2). Once successfully

reserved, the entire transaction will be delivered without incurring any additional

delay, providing stable delay performance and predictable resource occupancy. This
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Figure 4.3: Chain interleaving at node Ni. Chains 1 and 2 are already scheduled,
chain 3 (incoming) is buffered (BT3[Ni]) and interleaved with the other chains

.

feature may be particularly desirable for applications where strict delay control is

required (e.g. video streaming).

Using per-transaction resource reservation could become cumbersome if transac-

tions are too small. For large files (e.g. ≥ 100MB), however, the benefits of using

reservation protocols are well known. The file size threshold for which using BFP

becomes beneficial can vary from network to network and from application to appli-

cation, and is left as a design parameter to be evaluated on a case-by-case basis.

The functionalities required by BFP are already present in the current OTN net-

work hierarchy, so no new hardware deployment would be needed. All the necessary

operations (i.e. chain signaling, delineation, and buffer control) are handled by the

control plane, which is the only portion of the network that would need to be updated

in order to support BFP (Appendix D). A software/firmware update of currently

deployed hardware will suffice.

4.1.2 Resource reservation protocol

There are many ways to perform resource reservation for BFP chains. The reser-

vation procedure can be source-initiated, destination-initiated, or orchestrated by a

centralized server, depending on the network in which BFP is deployed. The general

assumption is that an estimate for the Round-Trip-Time (RTT) between source and

destination is available at the source node when the reservation procedure starts. If

the network size and path diversity allow it (i.e. if it is not computationally too cum-

bersome), BFP may use a centralized route server to compute the path(s) and relative

RTT between a given source-destination pair, possibly according to some routing/load

balancing strategy. This information is then provided by the route server to the source
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node. In larger networks where the use of a centralized route server may incur scal-

ability issues, standard ranging protocols can be used to gather RTT information.

Currently available OTN delay measurement functionalities [60, 63] can also be used.

In a DC environment, where the topology is well-known and the network relatively

small, this issue can be solved by using a rough estimate of the maximum possible

RTT and adding an offset time before starting the chain transmission (Section 4.1.2).

A similar approach can also be used in larger networks. Although this may lead to

wasting an amount of bandwidth proportional to the difference between the estimated

and effective RTT (RTTest and RTTeff ). The high degree of statistical multiplexing

and the large number of flows traveling in such networks, however, should keep the

wastage small and limited to the links close to the source node2.

In the following, a source-initiated reservation procedure is described. Extending

this procedure to a destination-initiated approach is trivial and boils down to adding

a delay equal to RTT/2 to the source-initiated procedure in order to account for the

time needed by a transmission request (TReq), coming from the destination node to

the source node, plus the chain assembly time (δa) at the source node.

The (source-initiated) BFP resource reservation procedure (Figure 4.4) starts as

soon as a transaction is segmented into BFP data frames at the source node. A CP,

associated to the chain though an ID, is generated with the following information

included:

• Source/Destination identifier : source and destination points for the chain. These

could be L2, L3 addresses or any other identifier, depending on the particular

BFP implementation and on the capabilities of the underlying hardware.

• Frame size (Fs): number of BPFs within each data frame.

• Chain length (LCh): number of data frames within a chain (Equation 4.2).

• Transparency Degree (TD): chain period.

• Expected Time of Arrival (ETAi): this parameter communicates to a receiving

node “i” the time at which the first bit of the chain will reach it, expressed as

2Note that as we move towards the core of the network more and more sources contribute to the
overall traffic on a certain link or channel. The large number of contributing flows compensates for
any bandwidth wastage resulting from the offset time at the source nodes. In other words, using an
offset time before chain transmission a the source may waste access bandwidth close to the source
node, but it is highly unlikely to have any influence when a large number of flows coming from
different sources are multiplexed.
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the amount of time between reception of the CP and arrival of the first bit of

the chain at node i. Using this approach frees BFP from the need to rely on

global network synchronization as time has only a local significance relative to

each node.

• chain ID : a unique identifier associating each CP to a specific chain. This must

be chosen to be unique only within the source node, as its value is compared

with the source identifier field by each receiving node to unequivocally identify

each chain anywhere in the network. This rids BFP of the need to use a cum-

bersomely long ID field or procedures to make sure no identical IDs are used

network-wide.

The ETAi parameter is computed by a node for the next node in the data path,

i.e. node i − 1 computes ETAi (for node i). The first ETA computation occurs at

the source node, according to Equation 4.3

ETAsrc =
N∑
i=1

(τi + pi) + τACK ≡ RTT (4.3)

where:

N number of nodes in the path

τi propagation time to reach node i [s]

pi estimated CP processing time for node i [s]

τACK time for the ACK to reach the source node [s]

Using the ETA parameter allows each node in the data path to perform delayed

resource reservation for incoming chains, optimizing the utilization of resources by

reserving them only for the time strictly necessary to handle a chain. As discussed

in Appendix B, this gives an edge to BFP in contrast to approaches like OFS (Sec-

tion 3.2) in terms of efficient utilization of the network bandwidth.

Once generated, the CP is sent from the source node over the data path to reserve

bandwidth, buffering and switching resources for the associated chain. When a node

“i” in the path (Ni) receives the CP, the destination identifier is passed onto the rout-

ing layer which responds with an outgoing port for the chain. Resource availability

for the incoming chain on the outgoing channel is checked:
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• If resources are available, the buffering time for the incoming chain (BTn[Ni],

Figure 4.3) is computed according to Equation 4.4, the ETA parameter of the

CP is updated with the BTn[Ni] (Equation 4.5) before forwarding it to the

next node (i.e. node Ni+1). The information necessary to handle the incoming

chain, namely: chain ID, BTn[Ni], ETA and input/output ports is stored on a

local table (i.e. the port-map table, Table 4.1). This table stores entries relative

to every active BFP flow in the node, and when a chain crosses the node the

relative entry is deleted.

• If resources are not available, the CP is blocked and the source is notified

with a NACK. Upon receiving a NACK the source backs off for a certain

amount of time before retrying the reservation procedure. The back-off time

can be completely random or loosely based on topological information about

the underlying network and traffic characteristics (Appendix E).

Once the CP reaches the destination node, an ACK (also containing the chain

ID) is sent to the source node informing it that chain resources are available. Upon

receiving the ACK, the source node can start transmitting the associated chain. A

confirmation of transmission completion (END ACK) can be sent from the destina-

tion node to the source node, confirming correct reception or indicating which frames

(BPF) are to be retransmitted. A time diagram of the source-initiated BFP resource

reservation procedure is shown in Figure 4.4

BTi = te,1 − ETAi (4.4)

ETAi+1 = ETAi +BTi − pi (4.5)

where:

te,1 is the ending time of the first available timeslot on the outgoing link (Figure 4.3).

The size of the port-map table at each node depends on the number of active

BFP transactions at that node. Although the port-map table can potentially be-

come cumbersome, we assume that the reservation procedure is fast enough and the

information to be stored is lean enough to keep the size of the table reasonable3.

3This assumption is reasonable for two main reasons: (1) we are only considering a portion of
the traffic which is significant in terms of its contribution to the overall bits traveling through the
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Figure 4.4: Source-initiated BFP resource reservation and transmission procedure.

Table 4.1: port-map table (example entry).
Chain ID TD ETA Input Port BT Output Port
64 8 6.2 mS 7 0.043 mS 18

As mentioned above and discussed in detail in Appendix C, the binding between

input and output ports stored in the port-map table can be established using any

available routing/load balancing protocol as part of the CP processing, thereby avoid-

ing access to higher layer functions for every single data frame (e.g. power-hungry,

header processing functions [110]), and limiting their access to a single packet per

transaction (i.e. the CP), regardless of the transaction size. Potential advantages of

this approach in terms of energy savings are further discussed in Appendix A.

4.1.2.1 BFP resource reservation for small networks and DC

In this section we discuss a small variation to the BFP resource reservation procedure

that can be used in smaller networks (e.g. DCN), where the maximum RTT achievable

is small with respect to the duration of a transaction. When deployed in networks

network, but relatively small in terms of number of flows. In other words, the overall number of
BFP flows is limited with respect to the total number of flows in the network, and (2) each flow
is scheduled within one RTT, which means the maximum permanence of an entry in Table 4.1 is
always TMAX < RTT + RTT/2
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with small RTTs, the resource reservation procedure described above can be modified

by adding an offset time (∆R) between the reception of the confirmation for the

resource reservation and the transmission start for the chain. This offset time is

computed upon ACK reception from the difference between the estimated maximum

RTT (RTTMAX), and the effective RTT (RTTeff ) experienced by the CP during the

resource reservation procedure (Equation 4.6). After waiting a time equal to ∆R

the source node can start transmitting the chain. A time diagram for the modified

resource reservation procedure is shown in Figure 4.5.

∆R = RTTMAX −RTTeff (4.6)

Figure 4.5: Source-initiated BFP resource reservation and transmission procedure for
networks with small RTT
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4.2 Software Implementation and Simulation De-

tails

In this section we will describe the details of the BFP simulator implementated using

Omnet++ [111]. The software structure described here resembles that of the software

that can be installed on real routing/switching devices supporting BFP. Whether

BFP will be implemented as a software or firmaware upgrade to current devices or

as combination of both or even as standalone device (Appendices A and B) depends

on the the available hardware, its functionalities as well as other factors (such as

the willingness of companies/operators to invest) that, at the moment, are out of

our control. Implementation options and their relative details for BFP in real-world

systems can be found in the appendices.

4.2.1 Channel Model

In order to perform in-advance resource reservation for BFP chains, the available

bandwidth of each channel should be modeled in the control plane with an appropriate

data structure. This data structure should reflect the chain configuration, allowing

the minimizing of the computational load necessary to monitor channel resources

(available bandwidth) and schedule of BFP chains.

In our implementation of BFP, the bandwidth of each channel is modeled as a

set of timeslots organized in a matrix (referred to as the channel matrix or CM) of

dimensions FB×NFB, where FB is the number of columns (or Fundamantal Block)

and NFB is the number of rows (i.e. the Number of Fundamental Blocks in the

CM). The value of FB is chosen based on the maximum TD allowed on the channel

(Equation 4.7).

FB , TDMAX (4.7)

where:

FB is the size of the fundamental block

TDMAX is the maximum TD value allowed on the channel

The beginning time (t(0,0)) of the first element (slot) of the channel matrix (element

(0, 0)) is initiated with the (local) reception time of the first CP (t(0,0) = tCP arrival)
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and is updated (i.e. shifted in time) as new data frames are booked onto it. The

duration of each timeslot is equal to the length (f s) -in seconds- of a BPF at the

channel bitrate (i.e. f s = BFP size[b]/channel bitrate[b/s]). The beginning time of

the other timeslots of the first row of the channel matrix is derived from slot (0, 0).

All other slots of the CM (i.e. any (n,m) with n ≥ 1) are shifted versions of the slots

in the first row, e.g. beginning time of slot (1, 2) is given by t1,2 = (t0,0 + 2)∗ f s ∗FB.

A general expression to derive the beginning time t(n,m) of a slot (n,m) in the CM is

given in Equation 4.8. The ending time of each slot is simply its beginning time plus

the slot duration i.e. t(n,m) + f s. A graphical representation of the CM is shown in

Figure 4.6

t(n,m) =
[
n ∗ t(0,0) +m

]
∗ f s ∗ FB (4.8)

where:

n (≥ 1) is the row index

m is the column index

As time passes and incoming chains are booked, the last row of the CM is even-

tually reached. When this happens, chain (data frames) booking continues by rolling

over, back to the beginning of the CM (row 0). In order to be sure that rolling over

doesn’t cause incoming chains to be booked in timeslots that are still occupied by

previously booked chains, the number of rows of the CM (NFB) is selected to be big

enough such that, as the roll-over point (Figure 4.6) is reached -causing the reserva-

tion to roll back to the beginning of the CM-, the timeslots of incoming chains will

not coincide with those occupied by previously booked chains. In other words the

size of the CM is such that enough time would have passed before roll-over occurs,

allowing timeslots at the beginning of the CM to be freed in the meanwhile.

4.2.2 Bandwidth occupancy selection and TD compatibility

The average bandwidth occupied by a chain can be modeled using Equation 4.1

(Section 4.1). Organizing transaction into chains comes at the price of a less flexible

bandwidth selection than possible when using protocols like TCP (although it is

important to note that TCP does not enable explicit bandwidth selection, but simply

tries to get as much as possible of what’s available). Methods to make the BFP
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Figure 4.6: BFP Channel Matrix

bandwidth selection more flexible are needed. There are various methods to change

the bandwidth occupied by BFP chains: at the source node, or while the chain is

in-flight. It’s best, however, not to change the bandwidth occupation of a chain as it

is traveling (unless we are willing to pay a price in terms of buffer space and delay),

and limit as much as possible these changes to selecting the appropriate TD at the

source node.

The simplest way to select bandwidth when using BFP chains is to change their

TD. Smaller TDs correspond to chains occupying a larger portion of the available

bandwidth (Equation 4.1), while larger TDs correspond to chains with lower band-

width occupancy. Another approach is to split a transaction into multiple chains,

i.e. using a multi-chain which can be signaled on the same path using a single CP

carrying multiple < ETA, TD > pairs, one per chain (non-homogeneous, single-path

multi-chain). Alternatively, multiple chains can be signaled over multiple paths (if

multipath routing is available) using multiple CPs. In the case of single-path multi-

chains, the resulting bandwidth occupation for the entire transaction would be equal

to the sum of the bandwidth occupied by the single chains (Equation 4.9). When

using multi-chains, the frames may have to be resequenced at the destination node,

especially if each chain travels over a separate path. Another alternative is to trans-

mit multi-chains as a set of back to back chains all with the same TD (homogeneous,

single-path multi-chain). The effect is equivalent to increasing simultaneously the

data frame size while reducing the TD of the resulting multi-chain. This type of

multi-chain can be signaled using a single CP, which describes the multi-chain struc-
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ture appropriately by selecting the frame size and TD fields. Homogeneous and

non-homogeneous multi-chains are shown in Figure 4.7 and 4.8, respectively.

BTotal =
n∑

i=1

fbi ∗ LChi

fsi ∗ [TDi ∗ (LChi
− 1) + 1]

(4.9)

where:

n is the number of chains in the multi-chain

fbi size (in bits) of a data frame for chain i

LChi
chain length for chain i

fsi duration (in seconds) of a data frame for chain i

TDi Transparency Degree for chain i

Any combination of the three approaches presented above is also possible, the

only constraint is that all the TDs used in a BFP-enabled (sub)network must be

compatible. The condition for chain compatibility is expressed by Equation 4.10

TD , kn, n = 1÷ n (4.10)

where:

k, n ∈ I, AND

TDMAX = kn is the maximum TD allowed in the BFP (sub)network.

For the sake of completeness, note that when changing the bandwidth occupancy

of a chain in-flight, a portion of the chain (or even the whole chain, depending on

the situation) may have to be buffered. The existing chain reservation from the node

that is changing the chain bandwidth until the destination node, would have to be

adjusted to account for the new chain (or multi-chain) configuration at the expense

of increased control plane traffic, computational load for the network equipment,

and delay resulting from any eventual path changes. Furthermore, for when a chain

is passing, through a gateway, from a network to another requiring a configuration

change, this task can be delegated to the gateway itself, which will change the chain

configuration data in the CP during the reservation phase and buffer the incoming

chain for the time necessary.
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Figure 4.7: Homogeneous multi-chain (TD1,2 = 8, fsize1,2 = 1 ∗BPF → TDmulti = 6,
fsizemulti

= 2 ∗BPF )

Figure 4.8: Non-homogeneous, single-path multi-chain (fsize = 1∗BPF for all chains)

4.2.3 Chain reservation procedure at a local node

In what follows we will describe the booking procedure executed at each node upon re-

ception of a CP. The access to the routing layer to determine the output port/channel

for the incoming chain is assumed to be successfully completed at this stage. Further-

more, each column of the CM is coded as a doubly-linked list. Each cell of this linked

list is defined by the code shown below (Step 3). The chain booking procedure is

comprised of the following steps:

Step 1

As a CP reaches a node, the following information is extracted:

• frame size (FBPF ) → number of BPF in each data frame

• LCh → number of data frames per chain

• TD → Transparency Degree

• ETA → Expected Time of Arrival

• Chain ID → relative to the incoming chain
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Step 2

The number of CM columns needed to book by the incoming chain are computed

according to Equation 4.11

Nslots = FB/TDi (4.11)

Note that this quantity is guaranteed to be an integer if condition expressed by

Equation 4.10 is respected.

Step 3

The number of CM rows occupied by the chain data frames in each of the Nslots

slots computed at Step 2, is computed using Equation 4.12. The integer part of this

equation (δRes) gives the number of slots needed for each of the Nslots slots, while

the reminder (ri) is distributed starting from the first slot until exhaustion of the

reminder (bin sorting problem).

∆R =
LCh

Nslots

→ δRes + ri (4.12)

At this point the number of CM columns and their vertical extension in the CM

needed to book the incoming chain is known. This information is saved in a set of

Nslots cells of a doubly linked lists, each coded as follows:

#i f n d e f CELL H

#d e f i n e CELL H

#inc lude <s t d l i b . h>

c l a s s Ce l l {
pub l i c :

i n t s l o t , s t a r t , end ;

Ce l l ∗next , ∗prev ;

Ce l l ( int , int , i n t ) ;

v i r t u a l ˜ Ce l l ( ) ;

} ;

#e n d i f /∗ CELL H ∗/

where:
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slot → is the columns index of the CM corresponding to one of the Nslots slots used

to book the incoming chain

start → is the row index of the CM corresponding to the beginning of the (vertical)

reservation interval for one slots occupied by the chain

end → is the row index of the CM corresponding to the ending of the (vertical)

reservation interval for one slots occupied by the chain

next, previous → are the pointers to the next and previous cells of the doubly linked

list used to code the CM columns, respectively

Step 4

The ETA parameter is used to search the CM slots for the first available slot to

book the Nslots slots of the chain. The search starts from the slot corresponding to the

ETA of the incoming chain whose index (nETA) is given -in O(1)- by Equation 4.13.

nETA =
⌈
(t(0,0) + ETA)

⌉
mod (FB ∗NFB) (4.13)

Step 5

Once a suitable slot is found, the CM is scanned horizontally (mod TD), starting

from this slot, to check if the (Nslots − 1) subsequent slots needed to book the chain

are also suitable. If all slots are suitable, that is, none of the (new) Nslots cells col-

lide with other cells on the CM columns corresponding to previously booked chains,

the Buffering Time (BT) is computed according to Equation 4.4, and the Nslots cells

are added orderly to each of the suitable CM columns. The incoming chain is now

booked. The ETA field of the CP is updated with the BT (Equation 4.5) and the CP

is forwarded to the next node. If not all the slots scanned are suitable, that is, one of

the columns turns out to be already booked, the search continues column by column

until a suitable set of columns is found or a pre-set limit is reached (determined by

the maximum buffering time allowed in the system). If no suitable set of columns is

found, the CP is blocked, turned into a NACK (by adding, e.g., a CP type field to

the CP), source and destination addresses are swapped, and the NACK is sent over

the reverse path to free previously booked resources node-by-node.

Roll-over: If the rollover point is reached somewhere in the middle of a cell

interval, the cell is split into two cells: one from the beginning of the scheduling
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interval to the roll-over point (row NFB − 1), and another from the beginning of the

CM (row 0) to the ending point of the scheduling interval.

Algorithmic complexity: All above steps are executed in O(1), except for

Step 3, which is executed in O(n), and Step 5, also executed in O(n). The effective

computational load of Step 3 is determined by the value of Nslot, while that of Step

5 is determined by the maximum amount of buffering allowed at each node.

4.2.4 Bitrate upshift/downshift

As a chain passes from a channel at bitrate B1 to another with bitrate B2, its config-

uration naturally changes as its TD and frame duration change. The following two

cases may occur:

Case 1: B1 < B2 (upshift): The frame duration (fs) shrinks while the incoming

TD (TDB1) expands.

Case 1: B1 > B2 (downshift): The frame duration (fs) expands while the

incoming TD (TDB1) shrinks

The resulting TDB2 for both cases is given by Equation 4.14.

TDB2 = TDB1 ∗
B2

B1

(4.14)

where:

B1 < B2 for upshift

B1 > B2 for downshift

Note also that the bitrates used in current networks are all (nominally) multiples

of each other, e.g., an ODU2 signal rate is 4×ODU1 signal rate. Likewise a 10GbE

Ethernet signal is nominally 10 times the rate of a 1GbE signal. Similar rate rela-

tionships exist between all other OTN or Ethernet signal rates. This avoids having

TD become some fractional value when upshifting or downshifting. Small deviations

will obviously be present, but they will be accommodated for during the mapping

procedure of a chain on to a channel with a different bitrate, and should not influence

the functioning of BFP in any way.
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4.3 Packet Processing: BFP vs IP

One of the main advantages of BFP is the reduction of the computational load placed

on the network hardware by large transactions. Aside from the advantages in terms

of power consumption (See Section 2.2.2), reducing the computational load placed

on routers, will also enable using cheaper, less powerful hardware to perform the

same tasks. Furthermore, reducing the computational load of currently deployed

hardware may result in spare computing power that can be used to support unforeseen

applications that may come in the future, thereby extending the life cycle of the

current network hardware.

In order to have a better idea of the potential savings achievable using BFP,

consider the following. IP packet processing functions, such as IP header and MAC

table lookups (often implemented with power-hungry TCAM components), header

parsing, and packet classification are executed on a per-packet basis. Similar functions

are likely to be executed for BFP, but in the BFP case these functions are only

executed once per transaction, as the relative CP is processed. A graph showing the

difference in number of packets processed per offered load between standard UDP

and BFP can be found in Appendix A.

BFP data frames are handled at the lower network layers of the network and, and

do not require access to higher layer functionalities such as routing, header parsing

or header lookup. BFP data frames are detected and delineated using functionalities

available at the lower network layers (i.e. L1/L2). A single access to the port-map

table provides the information necessary to handle an entire data flow (e.g. Chain

ID, ETA, input port, output port, and buffering time). Once detected, each frame is

just buffered and switched onto the appropriate output port, and requires no further

processing. In other words BFP avoid all the computationally-intensive functions that

are executed on a per-packet basis by standard IP protocols, accessing such functions

only once per transaction.

Queue management functions similar to those executed on a per packet basis for

IP packets are not necessary for BFP as QoS support can be implemented on a per-

flow or per-source basis deciding, e.g., which CPs are serviced and which TD (i.e. how

much bandwidth) is assigned to each flow. The only buffer-related functions needed

by BFP boil down to computing the amount of buffer space needed by BFP based on

the maximum TD allowed, and reserving a portion of the available buffer space on a

per-flow basis.
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As is the case for IP packets, also BFP data frames have to be written and read to

and from a memory. However, the possibility for BFP to use much larger frames with

respect to legacy IP protocols such as TCP, allows writing BFP data frames in large,

contiguous memory blocks, significantly reducing the number of memory accesses per

transaction, and consequently the number of IRQs that the CPU has to handle. This

results in further power savings for data storage systems when using BFP.

4.4 OTN and Ethernet Extensions for BFP Sup-

port

Various options exist to integrate BFP within currently deployed Ethernet or OTN

transport architectures. Details on how to integrate BFP onto Ethernet and OTN

are provided in the appendices (C and D). Here we will limit our discussion on a

general overview of the extensions necessary to both OTN and Ethernet transport

systems to support BFP.

Mapping, framing, and switching functionalities in both OTN and Ethernet are

virtually unchanged as BFP is designed to seamlessly integrate with whatever trans-

port technology is available. The ability to establish dedicated bandwidth pipes for

BFP traffic (i.e. a BFP overlay network), are already implemented in current trans-

port networks at the OTN layer.

Both OTN and Ethernet need to interact with the port-map table to gather in-

formation on the data frame size (i.e. number of BPFs per data frame) and on the

output port where the BFP data frames are to be forwarded.

The BFP control plane needs to interact with the OTN or Ethernet layer and

provide buffer management functions for BFP data frames. The control plane needs

to handle the buffering of data frames according to the value of the buffering time

stored in the port-map table. A shim layer interfacing the BFP control plane with

functionalities available at the transport layer (e.g. mapping, framing, switching, etc.)

can be implemented as a software or firmware upgrade of currently deployed OTN or

Ethernet hardware. The form of such shim layer is reminiscent of SDN approaches

where some lower layer functionalities are abstracted and made available to higher

layers (the BFP control layer in this case). The implementation details of the shim

layer depend on the hardware at hand, but the functionalities needed to support BFP
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boil down to the ability to intercept BFP control packets and data frames and control

the buffering of BFP data frames (See Appendix D).
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Chapter 5

Periodic Data Structures For

Bandwidth-Intensive Applications

Issues relative to current network protocols and architectures in both IP and data

center networks, as well as some of the proposed approaches to solve such issues

(e.g. power consumption in IP networks and performance stability and predictability

in DCNs), were discussed in previous chapters. In this chapter we will address the

issues of current and proposed networking solutions for both IP networks and DCNs,

and present the results obtained by the proposed approach, comparing them with

current and other proposed approaches.

5.1 Media Frames Networking: an Electronic Burst

Switching approach for energy-efficient trans-

port of large files (Appendix A)

As discussed in Section 2.2.2, a significant amount of power in current IP networks

is used by header-related processing functions. In current IP network architecture,

these functions have to be executed for each packet. The use of small IP packets

(e.g. 1500B), combined with the significant increase in the average file size traveling

through the network, generates a large number of small packets that are to be pro-

cessed individually, pushing the power consumption of the current IP infrastructure to

levels that may soon become unmanageable, ultimately limiting the expansion of the

network itself. In this paper, we explore the potential advantages of using large data
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frames (e.g. ≥ 1Mb), buffered and processed electronically, to handle large transac-

tions. We refer to these frames as Media Frames or MF. MFs are handled as oversize

UDP packets, and no reservation procedure is employed, avoiding control plane con-

gestion; we refer to this approach as MF-UDP. The aim of this approach is to reduce

header-related power consumption. Simple hardware considerations suggest that us-

ing large data frames reduces header-related power consumption. Furthermore, some

of the requirements placed on standard IP switch fabrics, such as the need for highly

dynamic switch fabrics, are relaxed. The drawback of the MF-UDP approach is that

a significant amount of buffer space is needed in order to handle the large MFs and to

keep frame dropping rates acceptable. To reduce the amount of buffer space needed

by MF-UDP, MFs were concatenated into a periodic set of data frames (referred to

as Media Frame Chain or MFC), and a resource reservation protocol was used to

schedule transmission of MFCs. Our simulation study showed that using periodic

concatenations of data frames leads to a significant reduction in the amount of buffer

space needed with respect to both standard UDP and MF-UDP. The reduction mea-

sured in occupied buffer size was between 2 to 5 times that of both other approaches.

Better performance of concatenated MF-UDP frames was also achieved in terms of

link Utilization and delay per transaction in the high traffic load range (∼ 9% higher

than both UDP and MF-UDP for traffic loads above 74%). The potential advantages

of the use of MFCs in terms of power consumption were evaluated, and the schematic

of a router able to support MFCs was studied, showing the potential of an ∼ 80%

reduction in power consumption with respect to a commercial IP router.

5.2 Advantages of Concatenated Electronic Burst

switching over OFS/OBS transport systems

(Appendix B)

Many interesting proposals are being researched to solve the energy efficiency and

scalability issues of current IP networks. Among the many proposals for next gen-

eration networks (NGN), two seem particularly promising: Optical Burst switching

(OBS) and Optical Flow Switching (OFS). Both these approaches, and in particu-

lar OBS, attracted a significant interest and was the focus of many research efforts.

Details of OBS and OFS are discussed in Chapter 3. In spite of their potential advan-

tages in terms of energy efficiency, neither OBS nor OFS were commercially deployed
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in large scale networks. This is mostly due to the significant changes to the network

architecture required by such approaches as well as to their use (in OBS in particu-

lar) of all-optical components, such as optical buffers and all-optical switches, whose

commercial viability and advantages in terms of energy efficiency and scalability are

still subject to debate. In this paper we attempt to design a networking approach

that retains the advantages of OFS and OBS systems (e.g. energy efficiency, low de-

lay, and high link utilization), while avoiding the shortcomings such as extensive use

of optical buffers or inefficient burst assembly techniques at the edge of the network

(OBS), or the need for end users to install costly long-haul transmission equipment at

their premises (OFS). We refer to our approach as Media Frame Networking (MFN)

and compare it with TaG-OBS by means of simulation, showing that MFN is able

to provide higher link utilization, lower delays, smaller call blocking probability, and

functions with smaller buffer sizes with respect to TaG-OBS, while avoiding the use of

optical buffers and keeping control plane traffic limited. Using simple mathematical

passages, we also show that MFN is inherently better than OFS in terms of bandwidth

efficiency. Advantages of MFN in terms of power consumption are also discussed.

5.3 Big File Protocol (BFP) for efficient handling

of bandwidth-intensive transactions over cur-

rent transport architectures (Appendix C)

The current networking scenario is undergoing some significant changes. On one

end, bandwidth demand is growing rapidly, while on the other end, the cost per bit

transported is decreasing almost at the same pace. This situation will soon lead to a

point in which the cost of operating a network will surpass the revenue. In order to

cope with this situation, network operators must reduce the cost per bit transported

while at the same time increasing the capacity of their networks to meet the increasing

bandwidth demand in an economically viable manner. Increasing network capacity

is costly, while researching ways to make better use of the deployed capacity is an

effort worth taking. Realizing that it is highly unlikely that network operators will

be willing to undertake any major hardware redeployment, we designed a method,

based on traffic shaping, which is able to better utilize the deployed capacity while at

the same time avoiding any major hardware redeployment. The proposed approach,

referred to as Big File Protocol or BFP, leverages functionalities made available by
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the recently standardized ITU-T G.709 (Optical Transport Network), and enables

handling bandwidth-intensive transactions at lower network layers (e.g. L1) where

the cost per bit is lower. Higher layer functionalities are accessed only when strictly

necessary (e.g. to gather routing information or to process control traffic), while the

single data frames are handled with minimal or no processing. This approach is able

to reduce significantly the computational load placed on current network hardware,

while achieving goodput values close to 100%. A simulation study comparing BFP

to TCP showed that BFP can offer significant advantages, namely: (1) BFP can

handle over 40% more traffic with respect to TCP without incurring congestion or

throughput collapse (e.g. TCP Incast); (2) BFP can achieve delay per transaction

over 30 times smaller in the same load conditions and topology, with delay variation

(especially important in data center networks) much smaller with respect to TCP

in all load conditions. (3) Although for light network loads BFP occupies slightly

more buffer space with respect to TCP, as the traffic load increases, the buffer space

occupied by BFP remains limited within well defined values, while for TCP it jumps

up to values several times larger than in those achieved by BFP worst case scenario.

Lastly, (4) BFP showed a relative insensitivity to the statistical properties of the

traffic. A methodology to integrate BFP within the current architecture and machine

OSs is also discussed in some detail, showing that BFP can be deployed potentially

without requiring any hardware redeployment.

5.4 Integration of BFP over OTN and Ethernet

transport technologies: an easy to integrate

approach for bandwidth-intensive transactions

(Appendix D)

Extending the work presented in Appendix C, this paper presents a detailed discussion

of how the proposed Big File Protocol can be integrated within the underlying OTN

and Ethernet layers. With specific focus on OTN integration, details about framing

and mapping procedures of BFP onto OTN are provided and discussed. Integration

of BFP onto OTN-enabled hardware (e.g. Packet-Optical Transport Platforms) is

also discussed, and a possible integration strategy of BFP within currently deployed

network architectures that do not require any costly hardware redeployment is ex-
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plored. This approach minimizes the deployment impact and offers a more gradual

evolutionary path for both IP and data center networks.

5.5 Data Center BFP: a quasi-deterministic data

transfer protocol for stable, predictable net-

work performance in Data Center Networks

(Appendix E)

Data Centers (DCs) are rapidly becoming an important player in the support and

development of Internet-based applications. Although responsible only for a small

portion of the overall cost of a DC, the data center network (DCN) plays a key role in

determining the overall performance. DCNs are different from Wide-Area Networks

in many respects, and protocols that may work in one environment may not work as

well in the other. Also issues faced by DCNs are different from those faced in WANs.

This is due to the different functionality and performance requirements of the two

systems. Key issues in DCNs are performance stability and predictability (these issue

are also present in WAN networks but are somehow less pressing), isolation of the

tenants performances (in that the presence of a misbehaving tenant would not influ-

ence the other tenant’s performance), and the possibility to (re)assign any service to

any machine in a DC (Agility), which is also an important requirement in DCNs. All

these factors heavily influence the DC user experience and are important issues in

DCNs. A sizable volume of research is trying to address such issues. Current DCN

architectures, however, still struggle to achieve acceptable performance for all these

parameters simultaneously and in a topology-independent manner. In this paper we

modify BFP to work in a DC environment (DC-BFP) and show that it is able to pro-

vide a wide range of DCN architectures (both proposed and deployed) with the means

to manage the available bandwidth more efficiently while providing stable and pre-

dictable performance and uniform high-bandwidth between servers, which improves

agility and performance isolation in a topology independent manner. DC-BFP does

not aim at redesigning the DCN architecture or at making disruptive changes, but

is designed to minimize the deployment impact, and is able to integrate with many

routing, load balancing and DCN management approaches, substituting traditional

IP protocols where they fall short (e.g. bandwidth-intensive applications). In this
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paper, we run a BFP simulation in a data center environment over various topologies

and compare the results with many popular architectures, showing significant perfor-

mance advantages of BFP in all cases. An integration strategy of DC-BFP is also

discussed. In this case we do require some hardware modification together with a soft-

ware/firmware upgrade. This, however, is more acceptable in a DCN which is likely to

be under the same administrative control and much smaller in size than a WAN. The

hardware required to integrate DC-BFP onto current DCNs is commercially available

today.
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Chapter 6

Conclusions

In this dissertation we considered the application of periodic data structures as a

means to handle efficiently bandwidth-intensive transactions. Our first step was to

design a standalone system that could work in parallel with the currently deployed

communication infrastructure, providing data transport services for large transac-

tions, offloading the current network hardware from transactions it was not designed

to handle, resulting potentially in significant energy savings for the network hard-

ware. We compared our approach to both OBS and OFS, showing we can provide

similar advantages in terms of energy efficiency, resource utilization, and network

performances using commercially available devices.

We then adapted our approach (BFP) to work within the currently deployed

communication infrastructure, reusing most of the hardware and protocols deployed,

thereby minimizing the deployment impact (a significant hindrance to the adoption of

NGN technologies). We provided an integration strategy of our approach within the

recently standardized ITU-T G.709 OTN, enabling BFP to use currently available

OTN functionalities to handle large transactions at the lower layers of the network,

skipping most of the processing required by legacy protocols such as TCP/IP, while

still achieving goodput values close to 100% of the available capacity, superior delay

performances, and efficient and predictable utilization of network resources. The

proposed integration strategy showed that BFP can integrate with currently deployed

network architectures using a software/firmware update, significantly limiting the

deployment costs associated with other approaches (e.g. OBS, OFS, etc.).

In the last phase of this research we considered applying BFP to DCN to solve

some current DCN issues (e.g. performance stability and predictability, performance

isolation, agility, efficient usage of the available resources). When adapted to work in a
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DC environment, BFP showed significant advantages over popular DCN approaches.

BFP was able to achieve quasi-deterministic network performances, perfect fairness,

goodput values close to 100% of the available bandwidth, and much smaller delays

with respect to other approaches using legacy IP protocols (e.g. TCP). BFP also

showed insensitivity to the particular DCN topology, offering all the aforementioned

advantages in a topology-independent manner, and easing its integration within many

proposed and implemented DCN architectures.

6.1 Future Work

In this work we have demonstrated the potential of BFP to efficiently handle bandwidth-

intensive applications. However, BFP is still in its infancy and there are some impor-

tant steps that need to be taken before a fully functional system can be deployed.

The first step towards a real-world deployment is the implementation of a hardware

testbed. Two approaches are available, namely: (1) using existing hardware [112] to

implement BFP as a firmware upgrade and integrate it with existing IPs (Intellec-

tual Properties) implementing Ethernet or OTN, or (2) by implementing BFP as a

transport protocol for SDN-enabled hardware, using abstractions and functionalities

made available by software-defined networking approaches [113]. This second option

will give us less flexibility and would most likely require some compromise in terms of

performance, but it has the potential to significantly reduce the implementation costs

(software-only vs hardware/firmware), and will provide an implementation which is

entirely compatible with SDN systems, making BFP attractive for the many DC

operators and network providers currently deploying SDN-capable systems.

The size of this testbed can vary from two directly connected machines acting as

BFP nodes, in turn connected to a number of BFP sources/destinations (a similar

setup to the bottleneck topology used in Appendix C), to a DC-like topology involving

several machine interconnected according to various DCN topologies.

Having a hardware testbed will allow us to benchmark the power savings achiev-

able by BFP as well as the computational load effectively needed to handle BFP

transmission. Fault tolerance and convergence time of BFP in case of failures can

also be determined using a hardware testbed, helping to derive other important per-

formance benchmarks.

Another interesting aspect of BFP in need of further attention is the development

of routing and load balancing protocols specifically targeted to handle BFP traffic.
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Such approaches are likely to be simpler than those already deployed for non-BFP

traffic as routing and load balancing decisions for BFP traffic can rely on the quasi-

deterministic behavior of BFP.

The ability to adapt the TD of chains to the available bandwidth and the possi-

bility to change the configuration of a chain while in flight are desirable properties

for BFP, extending the current implementation with such capabilities would greatly

improve BFP flexibility. Studying the potential impact on buffer space, network

goodput and delay performance is an important part of our future work.

Lastly, a BFP network management system should be developed and integrated

with current network management systems. This will provide BFP with fault recovery

procedures, QoS support, and the means to enforce traffic policies in both data center

and transport scenarios.
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List of Acronyms

AMP – Asynchronous Mapping Procedure

APS – Automatic Protection Switching

AS – Access Station

ASON – Automatically Switched Optical Network

BFP – Big File Protocol

BGP – Border Gateway Protocol

BHC – Burst Header Cell

BMP – Bit-synchronous Mapping Procedure

BPF – Basic Payload Frame

BNG – Broadband Network Gateway

BT – Buffering Time

BVF – Basic Void Frame

CBR – Constant Bit-Rate

CESR – Carrier Ethernet Switching Router

COTS – Commodity-Off-The-Shelf

CP – Control Packet

DAS – Directly Attached Storage

DC – Data Center

DC-BFP – Data Center BFP

DCN – Data Center Network

DPI – Deep Packet Inspection

EPS – Electronic Packet Switching

ETA – Expected Time of Arrival

EXP – Experimental

FAS – Frame Alignment Signal

FB – Fundamental Block

FDL – Fiber Delay Line

FF – First Fit

FEC – Forward Error Correction

GCC – Generic Communication Channel

GFP – Generic Framing Procedure

GMP – Generic Mapping Procedure

GMPLS – Generalized Multi-Protocol Label Switching
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HI – High Order

IETF – Internet Engineering Task Force

IP – Internet Protocol

ISO – International Standard Organization

ISPF – Incremental Shortest Path First

ITU-T – International Telecommunication Union - Telecom. Standardization Sec.

JET – Just Enough Time

JIT – Just In Time

LAUC – Latest Available Unused Channel

LAUC-VF – Latest Available Unused Channel with Void Filling

LLC – Logical Link Control

LO – Low Order

MAC – Media Access Control

MAN – Metropolitan Area Network

MEMS – Micro-Electro-Mechanical Systems

MFAS – Multi-Frame Alignment Signal

MPLS – Multi-Protocol Label Switching

µ-OTP – Micro-Optical Transport Platform

MUX – Multiplexer

NAS – Network Attached Storage

NC&M – Network Control and Management

NE – Network Element

NNI – Network-to-Network Interface

NP-MOC – Non-Preemptive Minimum Overlap Channel

NUI – Network-to-User Interface

OADM – Optical Add/Drop Multiplexer

OAM – Operations, Administration, Maintenance

OAM&P – Operations, Administration, Maintenance, and Provisioning.

OBS – Optical Burst Switching

OCDM – Optical Code Division Multiplexing

OCh – Optical Channel

ODU – Optical Data Unit

OFS – Optical Flow Switching

OH – Overhead

OMS – Optical Multiplexing Section
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OPEX – OPerational EXpenses

OPU – Optical Payload UnitAS – Frame Alignment Signal

OSI – Open System Interconnection

OTDM – Optical Time Division Multiplexing

OTN – Optical Transport Network

OTS – Optical Transport Section

OTU – Optical Transport Unit

OXC – Optical Cross Connect

P2P – Peer-to-Peer

PCC – Protection Communication Channel

PM – Path Monitoring

P-OTP – Packet-Optical Transport Platform

PSI – Payload Structure Identifier

PT – Payload Type

ROADM – Reconfigurable Optical Add/Drop Multiplexer

RTT – Round Trip Time

RWA – Routing and Wavelength Assignment

SDH – Synchronous Digital Hierarchy

SM – Section Monitoring

SONET – Synchronous Optical NETwork

TCAM – Ternary Content-Addressable Memory

TCM – Tandem Connection Monitoring

TCP – Transmission Control Protocol

TD – Transparency Degree

TDM – Time Division Multiplexing

UDP – User Datagram Protocol

UNI – User-to-Network Interface

VC – Virtual Concatenation

WAN – Wide Area Network

WDM – Wavelength Division Multiplexing

WRS – Wavelength Routing Switch
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Appendix A

Power-efficient Electronic Burst

Switching for Large File

Transactions

[Published in: 2nd International Conference on Smart Grids and Green IT Systems

(SMARTGREENS 2013)]

Abstract:

Much of the growth in bandwidth demand and power consumption in todays Inter-

net is driven by the transport of large media files. This work presents a power-efficient

overlay network specifically designed using electronic burst switching for these large

files. The two approaches are presented in which electronic bursts or media frames

(MF) containing > 1Mb are routed in a manner similar to UDP or concatenated into

periodic semi-transparent chains and routed using a two-way reservation protocol.

Utilization, blocking, delay and buffer size are compared to UDP/IP by means of

simulation. Both approaches dramatically reduce header-related power consumption.

Concatenation also reduces significantly the amount of buffer space required. A rep-

resentative router design is evaluated showing a potential energy saving of roughly

80% relative to standard IP routers.
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I. INTRODUCTION

Internet routing techniques have enabled the unprecedented growth of a rich diver-

sity of data applications, applications that have become an essential part of business,

entertainment and social interaction. Rapid compounded growth in demand for these

applications has driven strong advances in router and optical transmission technolo-

gies. But despite ongoing improvements in bandwidth capacity and power efficiency,

power consumption in router networks continues to be a concern. Estimates suggest

that Internet-based communication technologies consume between 2 − 3% of power

generated globally and that this number is increasing at a rate of 16− 20% per year

[1]. As a result, extensive effort is ongoing to develop new techniques for minimizing

power consumption in future Internet technologies.

Of particular interest is power consumed in electronic routers. Numerous studies

have dissected the operation of Internet Protocol (IP) routers and shown that a

significant portion of power consumed can be attributed to header processing on each

packet. With the increasing popularity of bandwidth intensive applications such as

streaming video and the sharing of large files, studies support the general observation

that file sizes are growing rapidly. Given the large number of IP packets required

for these transactions, header related power consumption is a key contributor to the

rapid growth of power consumption in routers.

Obviously, energy efficiency improves if larger packets are used for large file trans-

fers. In response, the maximum IP packet size was extended from 1500 bytes (B)

using Jumbo and Super Jumbo frames pushing packet sizes to 64KB. However,

these specifications are not in widespread use due to problems related to backwards

compatibility [2] and network latency arising from integration of very large packets

with smaller packets within the same links. Integration of large (up to 19.5KB) and

standard packets within the same network was considered [3] showing that the use of

larger packets may reduce power consumption and computational load required from

the network hardware. However, coexistence of large and small packets in the same

links results in unfairness and higher drop rates for both types of packets, leading to

inefficient bandwidth and computing power utilization.

This raises the question as to the potential value of using a separate overlay

network for the traffic associated with large file transfers. Overlay networks have been

a fundamental component of the evolution of telecommunications networks wherein

generations of switching and routing technologies (voice, Frame Relay, ATM, IP)

have evolved on top of a common optical transport layer. SONET and more recently
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optical add/drop multiplexers allow convenient partitioning with wavelength or sub-

wavelength granularity of provisioned, managed, and restored transmission capacity

to whatever service layer intelligence is required. While clearly the introduction of a

new overlay network would have to be predicated on compelling value, it would be

unwise to suggest that, given power consumption and scaling considerations of IP, a

next generation non-IP switching/routing approach cannot exist.

What might be the form of this new overlay network? On one extreme, numerous

optical networking approaches offer up to an entire wavelength for some time, through

which GigaByte (GB) files can be delivered. Optical burst (OBS) [4] or flow switching

(OFS) [5], or user-controlled end-to-end lightpaths (e.g. CAnet4, MONET, CORO-

NET and GRIPhoN[6]) have been explored fully. For example, an OBS approach [7]

uses concatenated data bursts where the data units are organized as non-contiguous

and non-periodic series of concatenated timeslots (bursts), which are then handled

as a whole in an all-optical network infrastructure. These optical approaches are

not embraced by industry, in part because the power efficiency of optical switching

is questionable [8],[9] and optical buffers, widely used in most OBS proposals, have

not yet offered a commercially viable alternative to electronic buffers [9]. Also, while

capable of supporting large bandwidth, targeted implementations are in the intercon-

nection of specialized nodes (i.e. campuses) rather than broadly distributed Internet

users.

Hybrid architectures have been studied in which both electronic and optical switch-

ing are combined [10] to simultaneously handle packets, bursts and TDM circuits. A

large reduction in the power consumption is achieved by selecting adaptively which

part of the node to activate based on a per-flow evaluation of the data to be routed

while the other blocks are put in sleep or low-power mode. While potentially power-

ful, this approach requires the complex integration of disparate switching and control

elements, some of which (like OBS and optical delay lines) have not proven compelling

individually.

A more incremental overlay network approach is electronic burst switching (EBS)

[11]. Following the OBS model, bursts are assembled at edge burst switches and

switched electronically at core switches. It was concluded that using large bursts

(> 1Mb) may lead to reduction in header-related power consumption in core switches,

but the power consumed by burst assembly negates much of the advantage gained in

core switching.
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In this paper we continue along the path of EBS. Users share the bandwidth of

an overlay network, which we presume to be statically provisioned, using electronic

switches or routers specifically designed to handle large file transactions. Unlike [11],

we eliminate burst assembly at edge switches and consider direct end-to-end delivery

of large “media” frames (MF) (roughly 1−10Mb) to users through an overlay to next-

generation optical access networks. Free from the constraints of coexisting with highly

granular and dynamic IP traffic, this EBS overlay network can be designed specifically

for the efficient delivery of the large data transactions that did not exist when the

Internet was conceived. Compared to traditional IP routers, switch reconfiguration

can be far less dynamic since only very large packets are supported. Unlike proposed

optical alternatives, this can be accomplished using available electronic buffers in a

form that is entirely compatible with todays highly efficient cross-point switch arrays.

Our objective is to enable a significant reduction in power consumption of net-

work hardware while optimizing the use of resources. We first explore routing MFs

using a standard UDP protocol (MF-UDP). UDP is selected for this study, rather

than TCP, as this avoids numerous complexities that add little insight to a compar-

ison with conventional IP and, as discussed later, gives the best case scenario for

IP. Based on simple hardware considerations, network performance simulations and

comparison with traditional UDP, we arrive at the anticipated conclusion that router

power consumption is reduced dramatically, but performance is otherwise unaffected

and larger buffers are needed.

We then consider using concatenations of MFs into periodic semi-transparent

chains (MFCs) and the scheduled transmission of these MFCs using a two-way reser-

vation mechanism. While such a scheduling mechanism would be inappropriate for

traditional IP traffic, the large size of each MFC (e.g. 1GB) makes scheduling both

manageable and worthwhile. Also, the structure of an MFC makes it easy to condense

information on its configuration with minimal control plane information, minimizing

the amount of information to be processed at each node to schedule the chain and

reducing the probability of control plane collisions. Simulation results show increased

utilization efficiency and decreasing buffer requirements in comparison to MF-UDP as

well as standard UDP. An MFC router is designed based on a commercially available

cross-point switch array and power consumption is estimated to be roughly 20% of

that of a standard IP router.

The paper is organized as follows: Section II provides an overview of the refer-

ence network architecture in the context of transactions of large files. Section III
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compares, using OMNeT++ simulation, traditional UDP to MF-UDP in supporting

representative large transactions. In Section IV, chains of media frames (MFCs) are

introduced, along with exemplary admission control and scheduling algorithms, and

compared to UDP and MF-UDP. Router implementation is discussed in Section V,

where implications on power consumption are considered and a representative MFC

router is evaluated.

II. NETWORK TOPOLOGY AND LARGE FILE FLOWS

Our discussion is framed by the reference network architectures shown in Fig-

ures A.1 and A.2. Figure A.1 shows a hierarchical network representative of the

current state-of-the-art comprising various sizes of routers (access, edge, and core)

connected to a transport network through various sizes of add-drop multiplexers.

In present implementations the add-drop multiplexers would use SONET, but this

reference architecture also supports optical add-drop technologies. An important

component is interconnection between various carrier networks through peering ar-

rangements, typically facilitated through regional or Metro-area exchange points.

Figure A.1: Reference Architecture
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Figure A.2: Media Frame Overlay Architecture

Primary examples of large-file transactions can be super- imposed onto this refer-

ence architecture. These examples include: 1) Regionally-cached download: In this

case large media files are downloaded from regional cached distribution servers at the

end points of Content Delivery Networks (CDN), through Metro and access to end-

users. Driven by rapid proliferation of video-related download applications and as

evidenced by the popularity of CDN, these downloads represent a significant fraction

of traffic growth, and therefore are the focus of this study. Other important transac-

tions include: 2) Source-to-cache distribution: To deliver and update content to CDN

servers, large files must be distributed from sources, typically across a core network,

to the regional cache; 3) End-to-end file transfers: For peer-to-peer applications, or

for files for which widespread distribution is not anticipated, the regional cache is

bypassed and files are transacted through Metro and access, possibly across the core

network, directly to an end-user.

An overlay network designed specifically for large file transactions might look like

Figure A.2. Each of the “media” boxes parallels a present-day IP counterpart and

supports the origination or termination (media client interface (MCI)), access bypass

(media access bypass (MAB)), admission (media access router (MAR)), and efficient

end-to-end routing (media backbone router (MBR)), in accordance with the principles

described below for MFs. In addition, it is convenient to consider regional storage of

MFs in a media frame cache (MCa).
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An obvious challenge to any new overlay network is traversing access, where the

large embedded base consisting of a diverse array of existing systems is in place and

costly to replace. Since our intention is not to restrict application to specialized

nodes (e.g., campuses), but rather to reach broadly distributed consumers, methods

must be established to transport MFs through access. Present broadband access

systems, including Passive Optical Network (PON) and Hybrid Fiber Coax (HFC),

share bandwidth using IP-centric protocols that would require significant change.

Two alternative solutions are represented in Figure A.2. A conservative approach

involves an application operable between the MCI and the MAR such that using

traditional broadband access alone, MFs and MFCs are assembled or disassembled

at the MAR. This functionally is parallel to the burst assembly routers proposed for

use in OBS and EBS. A preferred approach involves engaging the evolution of optical

access standards, where standards for 10Gb/s PON have emerged recently, to enable

higher dedicated bandwidths perhaps through wavelength overlays. MFs and MFCs

would then be assembled at the user end point or client directly.

III. MEDIA FRAMES VERSUS CONVENTIONAL IP

We first explore the issues associated with migrating very large file transfers to a

separate overlay network in which the standard unit of bandwidth is a media frame

(MF) containing roughly 1−10Mb of data plus overhead. In [11] it was concluded that

although using large packets would lead to considerable power savings, increasing the

frame size beyond 1Mb would only marginally increase the energy efficiency of an EBS

node. However, using larger frames also reduces the required reconfiguration speed

of the switch fabric, minimizing requirements on switching speed and inefficiency

introduced during transitions.

Overhead may include address, priority, concatenation details (specifying MFCs,

as discussed later), coding, guard time and management information. Given the very

large capacity within each MF, considerable header information (e.g. 10KB) can be

included with minimal impact on throughput. Structure may be defined to facilitate

error correction, segmentation, security, file compression, and easy assembly from a

large numbers of smaller IP packets.

An obvious method for networking with MFs is to adopt the same concepts as

used with TCP/UDP, allowing each MF to be routed in accordance with predefined

routing tables through a connectionless queuing network. While the dynamics are

considerably different than with < 1500B UDP packets, the underlying issues are the

same.
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To explore this in detail, both UDP and MF-UDP network simulators were built

using OMNeT++ [12] and the performances compared in terms of link utilization,

buffer space occupied and delay per GB of data transferred. UDP was simulated

using 1500B packets and MF-UDP using 1Mb packets. Droptail queues were used

for both 1Mb and 1500B UDP packets. For standard UDP packets the maximum

buffer size was set to 1000 packets, corresponding to roughly 1.5MB. Buffers of the

same size were used for MF-UDP.

A dumbbell topology was considered for the simulations (Figure A.3). While

more complex topologies could be simulated, this represents the case of our reference

network (Figure A.2) with a congested link between multiple source servers and end

users.

The capacity of each link is set to 10 Gib/s (i.e. 10 ∗ 230 Gb/s according to IEC

standard) and each source is offering the network an average load of roughly 1.33Gb/s.

Various load conditions were tested by activating more source-destination pairs and

the offered load was made to vary from 25% to 150% of the bottleneck link capacity

(corresponding to from 2 to 12 source-destination pairs). Each source transmits data

to one destination only and all sources compete for the same bottleneck link.

Results below show that link utilization (Figure A.5), blocking (Figure A.6),

and delay (Figure A.7) versus offered load are very similar despite the 3 orders-

of-magnitude change in packet size. However, obviously and importantly, the number

of headers processed is reduced by the same factor.

Compared to UDP, the router switch fabric becomes far less dynamic. Recon-

figuration occurs far less frequently (by 3 orders of magnitude). It remains to be

seen if an MF-router can be designed to exploit this less dynamic reconfiguration and

negligible header processing with a sufficiently large net increase in power efficiency

to justify a separate overlay network. This is addressed further in Section V.

Figure A.3: Topology Used for Simulations
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IV. CONCATENATED MEDIA FRAMES

While UDP-like MF routing dramatically eases processing (header and switch re-

configuration) over traditional IP, performance is otherwise essentially the same. We

now consider the potential impact of concatenation of MFs into larger structured

chains (MFCs). Concatenation creates single entities that would contain an entire

large transaction, for example a multi-GB movie download. Discussion centers on two

key considerations: scheduling and transparency. Scheduling and admission control

become worthwhile for such large transactions and these can be used to increase re-

source utilization and minimize buffer size. However, serving such large transactions

continuously in time introduces significant latency for waiting transactions and is in-

compatible with the lower end-user client and access network throughputs. Making

each MFC partially transparent overcomes both problems. We limit our discussion

here to a simple functional description of a representative methodology, including

MFC structure, transparency, signaling and scheduling algorithm, then compare per-

formance to conventional UDP and the MF-UDP described in Section III.

IV-A Media Chain Transparency

A MFC with transparency degree 3 (defined as the number of interstices between

two consecutive MFs in a chain plus 1) is illustrated in Figure A.4.

Using periodic semi-transparent chained data structures provides five primary

functions. First, given the large size of each MF, concatenations of multiple MFs

without transparency would introduce substantial latency by occupying network re-

sources for substantial durations (8000MF = 1GB = 200ms @ 40Gb/s OC768 trans-

mission). The use of transparency allows servicing multiple MFCs without introduc-

ing long delays, albeit at a slower data rate. Secondly, a fixed transparency simplifies

scheduling of large amount of data with minimal computational load. Third, the

semi-transparent structure of each MFC allows the use of buffering as a means to

affect the relative timing of an MFC with respect another in order to interleave MCs

competing for the same link, but without buffering entire chains. Our hope is that

this use of the buffer will enable significant savings in buffer space occupied relative

to the UDP and MF-UDP of Section III.

Fourth, we anticipate bit rates of 10Gb/s in access networks at a time when

bandwidths in core networks will be 100Gb/s. Transmission from access must then

be up-shifted in rate, resulting in, for this case, 10% time occupancy. This would

be accommodated naturally by a core transparency degree 10 times higher than that

used in the access. Finally, for file transfer applications one desires to send as much
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information as fast as possible. For this transparency is a disadvantage. However,

streaming applications have evolved to deliver segments of large files spread out over

long time periods. A large transparency degree can be used to emulate streaming

delivery while retaining the other worthwhile attributes described above.

Figure A.4: An Example of how two MFCs, MF-UDP Frames and Voids Fit in a
Channel

IV-B Signaling and Control

Signaling is needed to establish and update the network state, schedule MFC

transmission, acknowledge receipt, and many other functions. Information about an

entire MFC, including length, scheduling information, priority, etc. can be easily con-

tained within each MFC, MF in an MFC, or a small separate control packet. Signaling

could be “in-band” using periodic time slots within the MF transport structure, or

“out-of-band”. Our preference is to exploit the ubiquitous availability of traditional

IP networks for out-of-band signaling. In what follows, we assume that each of our

media access and backbone routers (MAR, MBR in Figure A.2) are able to signal

through a suitable IP network.

Global Control : Since each signaling event corresponds to 1GB of data, the num-

ber of signaling events is small. It is then reasonable to use a centralized state server

to provide each router with global path, timing, and occupancy information. Each

router updates status to the state server regularly, and the state server is able to

calculate paths and approve initiation of a request for MFC scheduling, as discussed

below. The state server must know the topology and is then able to make globally

informed decisions to queries from routers. It is also useful to know the propagation

time between nodes for efficient scheduling. Numerous methods can be implemented,

like the ranging protocol used in PON, to estimate these times and report them to

the scheduling server.
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Distributed Control : Each router communicates directly with its neighbors and the

state server. Each router continually updates the state server of status and load, and

MARs request path and approval for MFCs from the state server. Approval does not

guarantee success, but suggests high probability. Communication between routers

along the path determines ultimate success, as described below. This minimizes

latency in each MFC request-grant negotiation.

IV-C Scheduling

The objectives of scheduling are to organize transmission of concatenated chains in

such a way as to minimize hardware complexity and power consumption, to maximize

link utilization and to minimize buffer requirements. All of these objectives can be

addressed through the use of an Expected Arrival Time (EATi) of the MFC to the

next node in its path. This is computed based on the physical distance between the

nodes, which is assumed to be known by each scheduling node, and included in a

control packet CP (< 1Kb). The CP is used to reserve resources for its associated

MFC along its path.

1. MAR queries state server for path, propagation time associated with each hop

in path

2. MAR estimates a Time-to-Transmit (TT) parameter. All routers along path use

TT to search for available time slots. TT is determined based on transmission

and propagation delay from user to the MAR, hop distances along path and

processing time for control packets at each node.

3. MAR generates control packet (CP) and sends it to next node along path.

CP contains sender/destination address, length of MFC, transparency degree,

expected arrival time (EAT [Ni]), and ID that associates each CP to an MFC.

EAT [Ni] indicates to the node receiving the CP the amount of time, after the

reception of the control packet, before the arrival of first bit of the MFC

4. EAT field in CP is updated before forwarding CP to next hop node, in order

to account for the additional transmission, buffering and processing delays at

each node. This continues until destination (egress MAR) is reached or until

the reservation process fails.

5. If reservation succeeds, confirmation packet is sent over IP network directly to

source node which starts transmission of MFC. If reservation fails, a NACK
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packet is sent over reverse path to free resources and source will retry after

random back-off time.

Since the estimated EAT for the MFC is computed using the physical hop delay

(known globally) and the expected arrival time is carried in the CP, there is no need

for network-wide synchronization. A local timer at each node keeps track of the

time differences between the reception of the CP and the expected arrival time of its

relative MFC. The guard time in each MF compensates for the time uncertainties

in this estimation process while buffering is used to align incoming MFCs within the

interstices of already scheduled MFCs. Therefore, there is no need to buffer an entire

MFC.

IV-D Simulation

The scheduling algorithm was implemented (details to be published) using OM-

NeT++ and the same topology used in Section III. Each MF is assumed to contain

1Mb of data and each MFC is defined as the concatenation of 8000MF (i.e. 1GB of

data). A fixed transparency degree of 8 was chosen for all MFC simulations. The

performances of the MFC-based transport are then compared to those of UDP sources

using MF (1Mb) and standard UDP packets (1500B).

Given the functioning of the algorithm presented in Section IV-C, the payload bits

arrive at the node only if the reservation process was successful. In order to compare

this to a connectionless protocol as in Section III (UDP) it was assumed that each

source-destination pair would attempt to transmit on average the same amount of

data. Hence for the UDP cases (both standard and MF-UDP) the offered load is the

load physically reaching the bottleneck node. For the MFC case, the offered load is

computed based on the number of reservation attempts per second. The maximum

buffer size allowed for the bottleneck router (router 1 of Figure A.3) was set to be

1.5MB for all cases.

IV-E Simulation Results

Link Utilization : As can be seen in Figure A.5 the link utilization is very close

for all 3 approaches tested for load conditions up to 74%. Beyond this point the

higher cost of dropping larger frames comes into play and the bandwidth efficiency

of MF-UDP is reduced. For load greater than 90% load packet dropping also affects

standard UDP and its utilization drops below that of MFC. MFC utilization is 9%

higher for higher loads. The highly structured MFC and the scheduling algorithm

allow interleaving large amounts of data with link utilization similar to that of time
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division multiplexed systems and performance consistently better than both other

cases under high load conditions.

Figure A.5: Link Utilization Vs Offered Load

Packet Dropping and Blocking : Packet dropping (two UDP cases) and block-

ing (MFC) are presented Figure A.6. The random nature of the arrival for UDP

packets allows for the possibility of filling the queue at the bottleneck node even if

maximum load has not yet been reached. In the reservation-oriented MFC system call

blocking only occur after the maximum bottleneck link capacity has been effectively

reached.

It is important to note that when a packet is dropped, payload bits are discarded

and these may have already used resources along their path (buffer space, switching

power, bandwidth, etc.). When an MFC request is blocked, we are simply rejecting

an attempt to transfer the data and not the data itself. This advantage of reservation-

based mechanisms in terms of efficiency of resource usage is well known.

Delay : To compare the delay performance a 1GB transaction was taken as a

reference quantity. For MFCs, upon failing a resource reservation attempt, the source

simply backs off for a random amount of time before re-attempting the reservation

procedure. The back-off time is exponentially distributed with an average equal to the

duration of an entire chain. Re-transmission attempts were also taken into account

in the delay performance measurement, as shown in Figure A.7. Up until 75% load,

the delay experienced by the MFC system is virtually identical to that of both UDP

cases. Beyond this point using MFCs reduces delay. Besides offering equal delay

performances to UDP for the majority of the range of operation of the network, MFC
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Figure A.6: Packet Dropping and Call Blocking Vs Offered Load

also provides reliable data transfer, which cannot be achieved by UDP due to the

statistical nature of arriving packets.

Figure A.7: Delay(per GB of data transferred) Vs Offered Load

Buffer size : As shown in Figure A.8, the buffer size required at low load for

MFC and MF-UDP is higher than that occupied by standard UDP (with MF-UDP

occupying the largest buffer space). As the load increases (> 88%) MFC requires

considerably less buffer space than both MF-UDP and standard UDP, which beyond

a certain load quickly start to fill buffers up to the maximum capacity. The periodic

data structure of the MFC and the scheduling algorithm bound the required buffer

space to about 2 − 5 times less than that of both UDP approaches. For both UDP



123

and MF-UDP the buffers are required to avoid dropped packets, while for MFC the

buffers are used to align MFCs in time with scheduled slots. This results in a buffer

size that depends much more on the size of the MF within the MFC than on the

offered load. This dependency is shown in Figure A.9 where various media frame sizes

were tested for MFC. Varying frame size results in virtually identical performances in

terms of blocking probability and utilization but a significant increase of the required

buffer space. Similarly, reducing the MF size for each MFC can reduce the buffer

space. Increasing the frame size for the MF-UDP case would result in buffer sizes

that would simply become impractical. In the MFC case using frames larger than

1Mb may enable a relaxation of the reconfiguration speed for the switch fabric as well

as a reduction of the CPU utilization (see section V-A) while keeping the buffer size

limited.

Figure A.8: Buffer Occupancy Vs Offered Load

Packet Processing : The graph in Figure 10 shows the number of packets pro-

cessed per second for the 3 approaches. Obviously, either approach using MFs dra-

matically reduces the power consumption of header-related functions in routers to

negligible levels.

V. DISCUSSION AND ANTICIPATED BENEFITS

Results for MFC indicate a considerable advantage in terms of buffer size as well

as a large reduction in processing power with respect to UDP. A comparison with

TCP would have been useful in that, unlike UDP and more like MFC, TCP can

guarantee the correct delivery of the file transferred. TCP acknowledgements and

retransmissions would have made the delay per GB much higher and bandwidth uti-
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Figure A.9: Buffer Occupancy Vs Offered Load for Various Frame Sizes for MFC

Figure A.10: Packed Processed per Second Vs Offered Load

lization much lower than that achieved with UDP. In other words, for our simulation

study UDP is the best-case scenario for IP networking.

V-A Impact on Router Power Consumption

Several studies have described scaling difficulties in IP routers and broken down

power consumption into the constituent functional processes. In [13] the issue of power

consumption in large scale networks is addressed concluding that power consumption

of header related functions is far larger than that consumed by the switching fabric.

Apparently, most power is consumed in data processing functions (i.e. header parsing,

address lookup, etc.), which must be carried out for each packet traversing a router.
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MF-UDP and MFC offer significant reductions in the number of packets to be

processed. Consider a state-of-the-art router working at 1Tb/s. Depending on the

manufacturer such a router can consume about 4KW [14][15], or an overall energy

per bit of roughly 4nJ/b.

Estimates of the power consumption of the various functional blocks of a similar

IP router can be found in [8]. From this study it is clear that, other than power

supply and cooling blocks, which are largely dependent on the energy needed by the

other blocks, the forwarding engine consumes the most power, using about 32% of

the energy supplied to the router.

Assuming an average packet size of 10Kb [16] means that a 1Tb/s router will

have to perform header related operations approximately 108 times per second [14].

Organizing data in MFCs carrying roughly 1GB of payload can reduce this by many

orders of magnitude.

In addition, the required processing speed is reduced so that a much slower pro-

cessing unit can handle the same data throughput. From the study presented in [17]

it is also reasonable to say that the use of large frames, together with organizing the

data within the sources in large blocks (i.e. MFs) will allow a significant reduction

in CPU utilization in terms of number of memory accesses and IRQs that the CPU

has to handle. This may lead to additional power savings in data storage servers.

Given the large size of the MFs, requirements on the reconfiguration speed are

significantly relaxed, as well as the amount of control information needed to drive the

switch fabric, with further impact on the power consumption. Further reduction in

the amount of control information is achieved when using MFCs, as a result of the

predictability of the periodic payload.

V-B Power Consumption of Example MFC Router

A schematic of an MFC-based router based on a commercially available cross-point

switch array is shown in Figure A.11.

Input data is converted into the electrical domain and data streams from each

channel are de-multiplexed into their constituent MFCs. Each MFC is then delayed

by the amount indicated in its associated CP. The number of buffer queues needed

depends on the number of chains the device is able to handle and is given by # of

dedicated buffer queues = # of input channels * # of MFCs per channel. The total

buffer size also depends on the number of simultaneous flows the device must handle

and the transparency degrees of the chains.
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At the output of the buffer stage, chains competing for the same output channels

are synchronized in order to allow interleaving. MFCs are then passed to the switch

fabric, which simply routes each MFC to the appropriate output with no further

buffering or processing.

In order to estimate the power consumed by our proposed router shown in Fig-

ure A.11, the VSC3144-12 has a switching capacity of 1.2Tb/s with a power consump-

tion of about 20W [18]. Regarding the buffer stage, values for the power consumption

of electronic memories are largely dependent on implementation and size. If we as-

sume our MFC router would use a memory with similar size and structure to that

used in [14], using the data on power consumption for a router from [8] gives roughly

200W for the buffer stage power consumption. Similarly we can estimate the power

consumption of O/E/O blocks (including Tx/Rx equipment) to be about 280W .

The forwarding and routing engine, using about 32% and 11% of the total energy

consumed by a standard IP router, respectively [8] (i.e. a total of ∼ 720W [14]), are

grouped in the control block of Figure A.11 and, as a result of the drastic reduction

in the number packet processed (See Figure A.10) will be most likely reduced to

negligible levels.

Figure A.11: Concatenated Media Frame Router

The input de-multiplexing stage, which de-multiplexes MFCs from each channel,

can be modeled by [19]:

EDeMUX = E0 ∗ Log2(k) (A.1)

Where E0 is the energy per bit for a 1 : 2 de-multiplexer and k is the number of

output ports. Assuming 2010 technology, E0 = 10pJ [18]. We can set k = 144 in

Equation A.1 obtaining a total energy for the input stage of about 71W or 71pJ/b.
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Aside from power supply and cooling equipment, the power consumed by the MFR

would be roughly 571W . Power supply and cooling would consume about 33% of the

power consumed by the rest of the device [11], leading to total power consumption for

the MFR of roughly 759W . This is roughly 19% that of a state-of-the-art IP router

working in the same throughput range and load conditions [14]. This is dominated

by the power consumed by the buffer stage. Recognizing that these buffers function

more like slowly reconfigurable delay lines than the buffers used in typical IP routers,

further study may reveal even more significant reductions in power consumed.

VI. CONCLUSIONS

In this paper we study the potential advantages of using an overlay network in

which only large media frames (MFs) (1 − 10Mb) or concatenated frames (MFCs)

are used to efficiently transfer large files. Numerical simulation is used to compare

the use of MFs using a traditional UDP routing protocol (MF-UDP) to traditional

UDP. Little difference is observed in delay, utilization and throughput, while the large

packets dramatically reduce header-related processing load.

In an effort to reduce buffer size and improve resource utilization, a reservation-

based networking approach is developed using MFCs and compared to MF-UDP

and UDP through simulation. A reservation system is defined for scheduling MFC

transmission, eliminating wasted network resources since data leaves the source only if

service is guaranteed. Results show that buffer size can be reduced by at least a factor

of 2 under high load conditions and the scheduling of large transactions can increase

efficiency to close to 100%. Further advantages of using periodic, semi-transparent

MFCs is the ability to schedule large amount of data with minimal header processing

and to reduce the reconfiguration speed requirements of the switch fabric, ultimately

reducing power consumption.

A representative MFC router is designed and power consumption is estimated,

under conservative assumptions, to be roughly 20% that of a traditional IP router.

Other ongoing studies include methods to allow coexistence of scheduled MFCs

and directly routed MF-UDP within the same routers and links, and extension of the

simulations to other network topologies. Our objective is to more definitively artic-

ulate the cost-benefit trade-off, where the cost is the rather large barrier associated

with the creation of a new overlay network.

In summary, the use of very large packets (MFs) and concatenations of these

(MFCs) offers an interesting path to more power-efficient networking for the dominant
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and rapidly growing portion of Internet traffic that comprises very large (i.e. 1GB)

transactions.
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Optical Burst Switching

Techniques

[Published in: Proceedings SPIE 8915, Photonics North 2013 (October 11, 2013)]

Abstract :

Extensive research effort is ongoing in energy-efficient Internet-based communi-

cations. Optical Flow Switching (OFS) and Optical Burst Switching (OBS) offer

potentially efficient alternatives to IP-router-based networks for large data transac-

tions, but significant challenges remain. OFS requires each user to install expensive

core network technology, limiting application to highly specialized nodes. OBS can

achieve higher scalability but burst assembly/disassembly procedures reduce power

efficiency. Finally both OFS and OBS use all-optical switching technologies for which

energy efficiency and flexibility remain subject to debate.

Our study aims at combining the advantages of both OBS and OFS while avoid-

ing their shortcomings. We consider using a two-way resource reservation protocol

for periodic concatenations of large (e.g. 1 Mb) packets or Media Frames (MFs).

These chains of MFs (MFCs) are semi-transparent with a periodicity referred to as

the transparency degree. Each MFC is assembled and stored at an end-user machine
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during the resource reservation procedure and is then switched and buffered electron-

ically along its path. The periodic configuration of each MFC enables interleaving

of several chains using buffering only to align the MFs in each MFC in time, largely

reducing the buffer requirements with respect to OBS. This periodicity also enables a

simple scheduling algorithm to schedule large transactions with minimal control plane

processing, achieving link utilization approaching 99.9%. In summary, results indi-

cate that implementing optical burst switching techniques in the electronic domain

is a compelling path forward to high-throughput power-efficient networking.

I. INTRODUCTION

Current network architecture is facing a massive increase in the volume of traffic

as well as a change in the kind of traffic routed through the network [1]. The pace of

this growth, roughly 16−20% per year [2], as well as the characteristics of the traffic,

are putting under pressure the current network infrastructure which has to cope

with much larger traffic volumes and satisfy new requirements in terms of bandwidth

guarantees, delay, availability and Quality of Service (QoS). Much of this growth

in bandwidth demand is driven by the rapid proliferation of bandwidth intensive

applications such as IPTV, Video On Demand (VoD), Content Delivery Networks

(CDN), peer-to-peer file transfer and real-time services, which often involve large

transactions. In addition to this, the power consumption of the current network

infrastructure is a serious concern and will ultimately undermine the future expansion

of the Internet itself if nothing is done to improve its energy efficiency [3,4].

Our focus is the power consumed in electronic routers [5]. Several studies have

explored the power consumption of IP routers and showed that a key contributor to

the overall power consumption of IP routers is that related to packet header processing

which alone accounts for over 32% of the power consumed by a standard IP router

[6]. Assuming that the average packet size in current Internet is about 10Kb [7]

this means that large files (> 1GB) would require each IP router to process a large

number of packet headers anytime one of such files is routed through the network. It

is our belief that more efficient framing structures and protocols should be used to

handle such transactions, leading to a dramatic reduction in the power consumed by

the network infrastructure and securing the continued growth of bandwidth intensive

applications.

Header processing is more efficient if larger packets are used, as a result the maxi-

mum IP packet size was extended from 1500 bytes (Jumbo Frames) to 64KB (Super

Jumbo Frames). However, these specifications are not widely used mainly due to
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backwards compatibility with legacy equipment [8] still massively deployed in the cur-

rent infrastructure. Furthermore, besides compatibility issues, integration of packets

whose size may differ by orders of magnitude over the same links is not straightfor-

ward. A study of the possibility to integrate, over the same links, variously sized

packets (from standard IP packets up to 19.5KB per packet) was conducted in [9]

showing that although using a combination of standard and extra-large frames will

enable a reduction of the header related power consumption and of the computational

load placed on the network, it will also lead to unfairness between flows using different

packet sizes, higher drop rates for both types of packets as well as inefficient use of

the bandwidth.

This result about the coexistence of different packet sizes over the same links

raise the question of the potential advantage of a separate overlay network, where

only large containers are used, and over which large file transfers can be efficiently

handled, offloading from the IP network cumbersome transactions it is not optimized

to handle.

Many research efforts are being undertaken worldwide to find a suitable evolu-

tionary path for the current network architecture. Some consider providing to the

end-user up to an entire wavelength through which large files can be transferred with-

out segmenting them into small IP packets. Approaches like Optical Burst Switching

(OBS)[10,11], Optical Flow Switching (OFS)[12] or User Controlled Light Path (e.g.

UCLP[13], CAnet4[14,15], CORONET[16] and GRIPhoN[17]) have been explored ex-

tensively.

Most of these approaches advocate for a major redesign of the infrastructure in

favor of an all-optical transport network where data are transparently transported and

processed entirely in the optical domain. Due to the fact that the power efficiency of

optical components is still questionable [18] and that such approaches make extensive

use of optical buffers, which have not yet offered a commercially viable alternative

to their electronic counterparts [18], these optical approaches have not captured the

attention of the industry. Furthermore, the capital investment (CAPEX) required to

deploy such technologies on a large scale is high and large investments have already

been made to deploy the current infrastructure. This makes the economics of an

all-optical redesign of the current infrastructure highly challenging.

In this paper we focus on two of such technologies proposed for the future network

architecture: OFS and OBS. OFS offers access to backbone capacity to end-users for

short time durations; optical flows are scheduled over a dedicated end-to-end path,
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which is reserved for the entire duration of the transaction (path setup included).

Optical flows are then routed all-optically from end-to-end without core buffering.

This approach has two main drawbacks: one is the necessity for the end-users to

install long-haul transmission equipment, limiting the access to OFS services to few

specialized nodes. The other drawback has to do with the integration of OFS services

within the current infrastructure. Each OFS flow is a continuous flow of data trans-

mitted from end-to-end without core buffering, this presents various problems. First

the current access rate is completely incompatible with the OFS rate and second, in

order to allow end-to-end delivery of OFS flows, the present infrastructure (including

access and metro networks) has to be completely redesigned [12] requiring massive

investments that most ISP are not ready to make. The absence of commercial OFS

systems is a clear sign of this unwillingness by the ISPs.

In OBS data bursts are assembled at the edge of the network and then routed

through the network after a Control Packet (CP) is sent to reserve resources for each

burst. Tell-and-Go OBS (TaG-OBS), which limits the amount of control information

to be processed in the OBS control plane, is limited by its random access nature

leading to high burst drop rates and bandwidth inefficiencies unacceptable for long

haul transmission. The throughput of TaG-OBS is in fact limited to 0.5/e (the same

throughput performance of pure ALOHA). Two-way reservation can be used for OBS

but this would lead to control plane congestion if bursts are too small or load is too

high. Another issue is the amount of buffering needed to handle OBS bursts, which

due to the bursts size is either too high to be practical or, if kept small will result in

high burst drop probability and low link utilization.

An interesting and more incremental approach is Electronic Burst Switching (EBS)

[19]. Along the lines of OBS, in EBS data bursts are assembled at the network edge

and electronically processed and switched at each node. In [19] it was concluded that

using large bursts (> 1Mb) may lead to reduction in header-related power consump-

tion in core switches, but the power consumed by burst assembly at the network edge

negates much of the advantage gained in the core.

The aim of our approach is to combine the advantages of OFS and OBS/EBS

while avoiding their shortcomings, providing an attractive evolutionary path able to

improve energy efficiency relative to the current infrastructure. In our previous work

[20] we demonstrated that the use of periodic concatenations of data bursts or Media

Frames (MF) into periodic semi-transparent data Media Frame Chains (MFCs) can

achieve equal or better performance with respect to
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standard IP protocols in terms of delay, throughput and buffer size. Simulations

showed that this approach reduces the amount of header-related power consumption

to negligible levels and consistently outperforms IP in high-load conditions in terms

of delay and bandwidth utilization. An order-of-magnitude estimate of a MFC router

was also presented in [20] showing a potential energy savings of roughly 80% with

respect to standard IP routers operating in the same range.

We define Transparency Degree (TD) as the number of interstices plus 1 between

two consecutive MFs in an MFC. The introduction of transparency makes each MFC

easier to push through the access network. The TD of each MFC can adapt to the

link rate increasing or decreasing to accommodate rate shifts from one segment of the

network to another. It also allows servicing multiple users by interleaving the respec-

tive MFCs with one another. Each MFC can transport enough data to justify using

a two-way reservation protocol on a per-flow basis. Our scheduling algorithm takes

advantage of the highly predictable structure of each MFC to implement a lightweight

scheduling protocol which uses buffering only to align in time MFCs competing for

the same resources, significantly reducing the amount of buffer needed with respect

to standard OBS/EBS.

The paper is organized as follows. Section II provides an overview of the proposed

approach and puts it into the context of a modern communication infrastructure. In

section III a simple simulation study is presented comparing Tell-and-Go OBS (TaG-

OBS) with the reservation-based transfer of MFCs, and performance boundaries of

OFS are inferred. Section IV provides a discussion of the simulation results as well

as an overview of the potential benefits of the proposed approach with respect to

OFS and OBS-based techniques. Section 5 concludes the paper and discusses future

studies.

II. MEDIA FRAME NETWORKING

II-A Reference Network

The figure on the left side of Figure 1 (i.e. figure B.1 (A)) shows a hierarchical

network representative of a the current state-of-the-art comprising various sizes of

routers (access, metro and core) connected to a transport network through various

sizes of add-drop multiplexers. We assume this to be our reference architecture for

the purpose of this paper.

An overlay network designed specifically for large file transactions might look like

the picture of Fig. 1-B). Each of the “overlay” box parallels a present-day IP coun-

terpart and supports the origination or termination of data flows (overlay client inter-
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Figure B.1: Reference Architecture (A) and Media Frame Overlay Network (B).

face (OCI)), access bypass (overlay access bypass (OAB)), admission (overlay access

router (OAR)), and efficient end-to-end routing (overlay backbone router (OBR)).

This simple conceptual architecture may theoretically apply to any overlay network

including OFS and OBS/EBS although each particular approach would deploy its

own hardware and may use various topologies. Note that figure 1 does not limit

the discussion to any specific topology. Topology-dependent aspects of the various

approaches considered are beyond the scope of this paper.

An obvious challenge to any new overlay network is traversing access, where the

large embedded base consisting of a diverse array of existing systems is in place and

costly to replace. Two alternative solutions are represented in the Overlay Archi-

tecture presented in Fig. 1-B. A conservative approach may involve an application

operable between the OCI and the OAR such that using traditional broadband ac-

cess alone, data flows (from OBS/EBS, OFS or MFCs) are assembled or disassem-

bled at the OAR. Another approach involves engaging the evolution of optical access

standards, where commercially available standards for 10 Gb/s PON enable higher

dedicated bandwidths perhaps through wavelength overlays. In this case data flows

may be assembled directly at the user end point.

II-B Media Frame Chains And Transparency

Concatenation creates single entities that would contain an entire transaction (e.g.

a content update onto a CDN server or a multi-GB movie download, just to name

a few). Unlike the case of single data bursts (OBS/EBS) scheduling and admission

control is both manageable and worthwhile for large transport entities even if done

on a per-flow basis.
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When large transactions are serviced continuously in time (this is the case of

OFS data flows), channel resources are fully utilized for the service time. For very

low network load a continuous stream of data will exhibit the lowest possible la-

tency. However, when the load starts to increase continuous data flows may result

in a significant difference in the latency experienced by those flows that are serviced

immediately and those waiting in queues to be serviced. Transparency helps here

in allowing multiple flows to be serviced simultaneously. Another issue of servicing

data transactions continuously in time is the fact that such continuous flows would

be completely incompatible with the data rates available in most access networks.

Making the flows semi-transparent will enable start servicing several users (i.e. TD

users) roughly simultaneously and provides data rates that are compatible with those

of the end-users access network.

Latency and fairness are not the only advantages of periodic, semi-transparent

data structures. Another advantage of transparency and the TD parameter is that it

also implicitly conveys the information about how many MFCs can be serviced in a

certain time interval, avoiding unnecessary control packet (CP) processing or queuing

(CPs are in fact either serviced immediately or rejected) enabling a quick start of the

resource release procedure and avoiding unnecessary occupation of precious network

resources. In contrast, in the OFS case, CPs are queued until resources become

available (when the queue is full the incoming calls are blocked) leaving previously

booked resources booked for longer times without being actually used, reducing the

overall bandwidth efficiency. Using a fixed TD also simplifies scheduling of large

amount of data with minimal computational load and allows the use of buffering as

a means to affect the relative timing of an MFC with respect another in order to

interleave MFCs competing for the same link, without buffering entire chains. This

reduces dramatically the buffer size needed with respect to OBS/EBS and allows the

use of a lightweight scheduling protocol [20] able to achieve, over a packet-switched

network, bandwidth efficiencies close to that of TDM systems. From the point of

view of file transfer applications, transparency will increase the delay if the network

load is low and a high TD is used. To reduce the TD-dependent delay the TD

can be changed according to the amount of bandwidth available. When it comes to

streaming applications, delay for the entire transaction is less important. Streaming

quality requires only that end users receive regular delivery of data frames, and this

is accommodated naturally using the appropriate TD.

III. PERFORMANCE STUDY
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A simple simulation study was done using a dumbbell topology (Figure B.2) and a

network simulator for MFC and TaG-OBS built using Omnet++[21]. This topology

offers good insight into the performance of any network operating with performance

limited by one congested link.

Figure B.2: Topology used for simulation.

The aim of the simulation is to directly compare MFC with OBS/EBS and to

infer some performance bounds relative to OFS. An extensive comparison between

MFC and OFS is under investigation and will be included in our future work. For

the MFC case each MF is assumed to contain 1Mb of data and each MFC is defined

as the concatenation of 8000MF (i.e. 1GB of data). A fixed transparency degree of

8 was chosen for all MFC and the maximum buffer size allowed for each node was

fixed to 1.5MB, the same value was used for the TaG-OBS buffer. Each OBS/EBS

data burst was assumed to bare 1Mb of payload (i.e. equivalent to 1 MF). The data

assembly delay is ignored for all approaches. For the comparison with OFS we rely

on the following simplifying hypotheses (hp).

1. Both a MFC and an OFS flow carry the same payload (e.g. 1GB).

2. An MFC with TD = 1 (i.e. no interstices between two consecutive MFs) is

logically equivalent to an OFS flow.

3. OFS flows are not buffered, and reservation requests (CP) are queued until the

necessary resources become available (i.e. basic OFS service [12] ) or the queue

is full. In the latter case incoming calls will be blocked.

4. Each source offers the same average load to the network regardless of the type

of source (OFS, EBS/OBS or MFC).

5. Path setup and release times for MFC and OFS are the same.
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6. Given n sources, the average delay experienced by the OFS end-users to com-

plete each transaction is roughly TD times smaller than that experienced by

MFC end-users for low load conditions, but tends linearly to the same average

value experienced by MFC users as the average offered load increases.

7. When channel capacity is reached both MFC and OFS experience the same

average delay.

III-A Link Utilization

As shown in Figure B.3, since all sources are offering the same load to the network

(hp 4), link utilization is virtually identical for all approaches up until ∼ 74% load.

Beyond this point burst dropping starts to degrade the performances of TaG-OBS,

which remains consistently lower than that of MFC. As for the OFS case, link uti-

lization is always higher than that of TaG-OBS, as a result of the scheduled nature of

OFS, and always lower than that of the MFC case due to the less efficient reservation

mechanism of OFS with respect to MFC (further details about bandwidth efficiency

of MFC and OFS are discussed in section IV-A)

Figure B.3: Link Utilization Vs Offered Load.

III-B Burst Dropping and Call Blocking

The random access of TaG-OBS results in the worst performance in terms of data

being dropped, as shown in Figure B.4. Both OFS and MFC are reservation-based
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approaches and perform consistently better than OBS. However, due the less efficient

reservation mechanism of OFS more resources will be occupied for each transaction

with respect to MFC (due to hp 1 both OFS flows and MFC bare the same payload

per each transaction) resulting in higher blocking probability with respect to MFC

(see also section IV-A). Note that for the purpose of this paper only a single channel

was considered in the dumbbell topology used for the simulations. In such a scenario,

where no Routing and Wavelength Assignment (RWA) or load balancing algorithm

was considered using multiple wavelengths per link would not have added further

insights to the study.

Figure B.4: Link Utilization Vs Offered Load.

III-C Delay

Delay performance of the OFS approach is better than both MFC and TaG-OBS

up to almost 100% of the offered load, as seen in Figure B.5. For this preliminary

study we assume (hp 6) that delay for OFS increases linearly with the offered load

up to the point in which the full capacity is reached, where OFS performances are

roughly the same of the MFC approach. This is due to the fact that, assuming the

same offered load (hp 4), as the load increases OFS reservations will be queued up and

will have to wait until resource become available on the output link. The resulting

effect is similar to that of the higher buffering time experienced by MFCs as the load

increases (see figure B.6). We are aware that this is just a very rough estimate of the
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delay performances of OFS and that many other factors should be considered (e.g.

routing algorithm, load balancing, resource reservation protocol, etc.), a more precise

comparison of the delay performances of MFC and OFS will be part of our future

work.

Figure B.5: Delay (per GB of data successfully delivered) Vs Offered Load.

III-D Buffer Size

As shown in Figure B.6, the average buffer space occupied by TaG-OBS is always

higher than that occupied in the MFC case. This is due to the efficient buffering

technique used for MFC, which uses buffering only to align in time various MFCs.

As shown by the simulation result (Figure B.6) this will allow for a large reduction of

the amount of buffer space occupied by MFCs (2 to 5 times less than the OBS case)

as well as making it tightly controllable. The maximum buffer size occupied with the

MFC approach is bounded to TD∗(size of one MF ) bytes for each channel and will

never exceed this quantity. OFS requires no core buffering so we consider its buffer

occupancy as 0 in all load conditions.

IV. DISCUSSION AND ANTICIPATED BENEFITS

Simulation results provide many insights about how MFC performs in comparison

with OFS and OBS approaches. An MFC is a transport entity that can be thought

of as a hybrid between an optical flow (OFS) and an optical burst (OBS). A MFC

with a TD of 1 closely resembles an optical flow, while an MFC with length equal to
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Figure B.6: Buffer Occupancy Vs Offered Load.

1 MF would be logically equivalent to an optical burst the differences being in the

scheduling protocol, in the hardware used to handle the data and in data aggrega-

tion procedures. Most importantly, each MFC makes use of the electronic buffering

and processing capabilities instead of relying on a fully transparent optical network.

The scheduling protocols used for all OFS services (i.e. basic per-flow services and

ultrafast services) reserve the necessary resources for each flow immediately after ac-

cepting each reservation request and such resources are kept booked until the flow

actually uses them [12]. This increases the delay in the system by keeping previously

booked resources occupied for longer time spans without using them. Furthermore,

in OFS the queuing delay for the reservation requests starts increasing much before

the 99.9% wavelength utilization is reached [12], while in the MFC approach any

eventual queuing delay for the control packets will only start when 99.9% utilization

has been reached. For ultrafast OFS services multiple requests are sent over multiple

paths and resources are booked in all such paths before the destination node chooses

a path and release the resources on discarded paths. Although the path setup and

reservation may be faster in this case than when probing only one path at a time, the

problem of the sub-optimal timing for the resource booking is worsened with respect

to the case of basic OFS services and the overall blocking probability will increase.

In our approach [20], the scheduling algorithm books resources using precise timing
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information about the expected arrival time and configuration of each MFC. As a

result resources are only booked for the time necessary to handle the transaction

optimizing resource usage, lowering call blocking probability and reaching very high

link utilization ( 99.9%) before starting to block call reservations. This results in

superior performance of MFC with respect to OFS in terms of link utilization and

call blocking probability, as discussed in detail in section IV-A. Another advantage of

MFC with respect to OFS is that, according to the model presented in [22], MFC net-

works would have a larger capacity region with respect to both OFS and OBS due to

the combined use of core buffering, scheduling and wavelength-continuity [12,22]. The

OBS/EBS approach, besides having the smallest capacity region of all [22], also suffers

from inefficiencies. These include limitations from random access (e.g. TaG-OBS) or

control plane congestion [23], when more complex reservation mechanisms are used.

Another issue with OBS/EBS is the tradeoff between the amount of buffering needed

to guarantee high bandwidth utilization and the high burst blocking probability in

the case of bufferless OBS or if buffers are too small. Using MFC and the particular

buffering technique used for MFCs it is possible to transfer the same amount of data

using concatenations of smaller bursts (or MF) hence reducing the amount of buffer

necessary as well as making it tightly controllable. Hence we retain roughly the same

performance in terms of delay, blocking probability and link utilization. Figure B.7

show the amount of buffer space occupied when the size of each MF is changed. The

amount of buffer is limited to (TD − 1) ∗ (size of one MF ). It is then possible to

limit maximum buffer size by tuning these two parameters.

IV-A Media Frame Chains and OFS Flows

In this section we will discuss the implications the hypotheses made in Section

III. Our goal is to show that regardless of the outcome of a reservation attempt, link

utilization of MFC will always be higher than that of OFS and, as a consequence the

call blocking probability for MFC will always be lower.

Lets first consider the case of a successful reservation. In this case it is trivial to

show that, given both a MFC and an OFS flow bare the same payload (hypothesis 1

of section III) the channel holding time for OFS flows is higher than that of MFCs.

This is due to the fact that resources for OFS flows are reserved immediately after

the CP is processed as shown in figure B.8 (below).

The grey area in figure B.8 (A) is added to the channel holding time for OFS as a

result of the OFS scheduling algorithm [12] hence, if both OFS flows and MFCs carry

the same payload, OFS channel holding time will necessarily be longer than MFC for
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Figure B.7: Buffer Occupancy Vs Offered Load for Various MF sizes.

Figure B.8: Channel Holding Times for MFC and OFS for successful reservation.

the successful reservation case (i.e. ∆H
OFS > ∆H

MFC). For the failed reservation

case we refer to Figure 10. The shaded areas represent the portion of channel being

held for each data flow (OFS or MFC) before a NACK comes to free the resources.

The time between arrival of the CP and arrival of the resource release message

is indicated with ∆N
OFS/MFC for the OFS case (Figure B.9-(A)) the total channel

holding time is:
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Figure B.9: Channel Holding Times for MFC and OFS for failed reservation.

∆H
OFS =

BOFS

B
∗∆N

OFS (B.1)

where B is the channel bitrate and BOFS is the bandwidth occupied by the OFS

flow. For the MFC case the total channel holding time is:

∆H
MFC =

BMFC

B
∗∆N

MFC (B.2)

Since OFS reserves the entire channel bandwidth [12] it is always true that:

BOFS

B
= 1 (B.3)

while for the MFC case, due to the transparency property of the MFCs, we always

have that:

BMFC

B
< 1 (B.4)

For the ∆N
OFS/MFC parameter, hypothesis 5 guarantees that ∆N

OFS ≡ ∆N
MFC .

Therefore, given Equations B.3 and B.4, failed reservation case, the following will

always be true (inequality B.5):

∆H
OFS > ∆H

MFC (B.5)

It is therefore shown that channel holding time for OFS is always larger than that

of the MFC case under hypotheses 1 and 5 of section III. Consequently link utilization
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for OFS will necessarily be lower and call blocking probability due to lack of available

resources will always be higher for OFS.

Lastly, note that both the time interval between the start of the reservation and

the arrival of the OFS flow (i.e. ∆A
OFS in Figure B.8-(A)) and ∆N

OFS depend

on the path length. The same is true for MFC (∆A
MFC and ∆N

MFC) with the

difference that only a fixed amount of resources (i.e. BMFC) are booked in the MFC

case during these time intervals. This may result in further degradation of the link

utilization and blocking probability for OFS as longer data paths are chosen as the

amount of reserved resources will grow with both ∆A
OFS or ∆N

OFS (i.e. successful

or failed reservation, respectively). This is not true for the MFC case where only a

fixed amount of resources is reserved for each transaction and they are either kept

for ∆N
MFC if reservation fails or fully used without any waste if the reservation is

successful.

IV-B Impact on Router Power Consumption and Example MFC Router

Extensive literature exists about power consumption of IP routers and the con-

tributing functional processes [3,5,6,24]. Among these studies there is general agree-

ment that a major contribution to the overall power consumption of IP routers is

due to header related functions which in the current infrastructure are to be carried

out for each packet traversing a node. Organizing large transactions into MFC will

enable handling each transaction (e.g. video streaming, CDN content update and dis-

tribution, etc.) by processing only one packet per transaction. This will dramatically

reduce header-related power consumption as well as the amount of computational

load for each router. Besides the periodic structure of the MFCs, the use of large MF

to assemble a MFC brings its own set of advantages: storing large files at the source

(e.g. a CDN server) in large memory blocks will allow a significant reduction in CPU

utilization by reducing the frequency of memory accesses and IRQs that the CPU has

to handle [25]. This feature will enable further power savings in data storage servers.

Another advantage of using large frames is represented by the tradeoff between the

requirements on the switch reconfiguration speed and the buffer size of the same de-

vice. Faster reconfiguration speeds are required for switch fabrics handling smaller

packets or cells, but this requirements can be relaxed at the cost of an increase in size

of the buffer used to synchronize the MFCs in order to support MFCs using larger

MFs (see figure 8). A simple schematic of a MFC router (MFR) was presented and

analyzed in [20] and is reported here for clarity (Figure B.10).
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Figure B.10: Concatenated Media Frame Router (MFR).

This device is able to switch data in the Terabits/s range and exhibits a power

consumption in the order of 760W which is roughly 20% that of a standard IP router

operating in a similar range [26,27]. Input data is converted into the electrical domain

and data streams from each channel are de-multiplexed into their constituent MFCs.

Each MFC is then delayed by the amount indicated in its associated CP. The number

of buffer queues needed depends on the number of chains the device is able to handle

and is given by # of dedicated buffer queues = # of input channels * # of MFCs

per channel. The total buffer size also depends on the number of simultaneous flows

the device must handle and the transparency degrees of the chains. At the output of

the buffer stage, chains competing for the same output channels are synchronized in

order to allow interleaving. MFCs are then passed to the switch fabric, which simply

routes each MFC to the appropriate output with no further buffering or processing.

This particular architecture, which can be implemented with off-the-shelf components,

implements all the functionalities necessary to support MF-based transport (including

MFC and unscheduled data bursts). It does not need any internal scheduling or flow

control protocol to interface with the switch fabric: once the MFCs are demultiplexed

and pass through the buffer stage they are perfectly synchronized with one another

and chains directed towards the same output port will interleave naturally without

any possibility of collision or contention within the switch fabric. This additional

feature will further reduce the complexity and the computational load of the device.

V. CONCLUSIONS AND FUTURE WORK

In this work we compare three different future networking approaches, Optical

Burst Switching, Optical Flow Switching, and Media Frame Concatenation, and

study their performances in terms of bandwidth efficiency, latency, energy efficiency
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and practical feasibility using both computer simulations and simple theoretical and

practical considerations. Link utilization achieved by MFC is higher than both OBS

and OFS, which are limited mainly by the resource reservation protocol used (OFS)

and by random access (TaG-OBS). OFS performs better that both MFC and OBS in

terms of latency for the majority of the range of operation of the test network con-

sidered, but at the cost of fairness with respect to the MFC approach. Due to lower

bandwidth efficiency OFS with respect to MFC, OFS call blocking probability will

be higher with respect to that of MFC. A detailed comparison of the delay, utiliza-

tion and call blocking performance of OFS and MFC, including topology-dependent

aspects, will be part of our future studies. Compatibility of OFS and OBS with the

current network infrastructure is a critical issue, with key challenges in achieving op-

tical transparency across the network hierarchy (access metro core) and realizing

the required optical buffers. The lack of widely deployed commercial systems based

on such technologies is evidence of these challenges. We conclude that while OFS

and OBS may be attractive technologies for future all-optical networking, their prac-

tical feasibility still faces significant challenges. MFC offers similar performance, but

with a far more incremental approach.MFC can be implemented with off-the-shelf

components and is potentially able to integrate with the current network transport

infrastructure with only minor modifications while offering considerable energy sav-

ings with respect to currently deployed IP routers ( 80% less power consumption for

MFC routers).
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Appendix C

Big file protocol (BFP): A traffic

shaping approach for efficient

transport of large files

[Published in: Proceedings of IEEE 15th International Conference on High Per-

formance Switching and Routing (HPSR), 2014 ]

Abstract : Telecommunication networks are under stress due to rapid traffic in-

crease. Since most of this traffic increase is due to large file transfers, this paper

proposes a cross-layer transport protocol specifically designed to efficiently handle

large transactions. Traffic generated from large transactions is shaped into a periodic

succession of fixed-size data frames. Each transaction is then scheduled for transmis-

sion using a two-way reservation protocol. Simulation results show that the proposed

approach is capable of significantly improving goodput and end-to-end delay relative

to TCP, improving efficiency of bandwidth utilization by over 40%.

I. INTRODUCTION

Telecommunication networks are experiencing continued rapid traffic increase mostly

driven by the proliferation of bandwidth-intensive applications. Unfortunately, the

revenues for network operators are not growing at the same pace [1]. In order to con-

tinue supporting the growth of Internet-based applications in an economically viable

manner, the industry must reduce the cost per bit transported and increase capacity.
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While increasing the deployed capacity is costly, improving traffic grooming and shap-

ing becomes important to better utilize the capacity provided [2,3]. Traffic shaping

policies are often used by ISPs to limit bandwidth costs especially when it comes to

bulk data transfers. Such policies often lead to significant end-to-end performance

losses [3]. Furthermore, constrained by traditional protocols such as TCP and UDP,

the increasing proportion of large file transactions (e.g. VoD, IPTV, CDN content

update and distribution and so on [4]), places an increasing burden on the network

hardware and capacity of current IP networks.

In the increasingly important Data Center (DC) environment, efficient intra-DC

and inter-DC networks play a crucial role in minimizing congestion and conserving

computational resources. These networks must provide predictable aggregate per-

formance for diverse and unpredictable load conditions [5,6]. Managing this unpre-

dictability generally translates into inefficiency in the use of transport resources such

that associated transport costs become appreciable, particularly for wide-area inter-

DC networks. In this context, a network that is able to provide predictable network

performance for random traffic patterns would be a desirable feature [5,6].

In parallel, recent standardization of transport architectures such as ITU-T G.709

/ G.872 Optical Transport Network (OTN) [7,8,9] has provided a key step towards a

more flexible and efficient transport infrastructure layer, enabling protocol agnostic

transport services, allowing a more efficient use of deployed capacity and simplifying

management operations [10,11]. This widely deployed standard provides well-defined

mappings of most existing and future higher layer formats into a common underlying

transport layer.

In this work, we exploit the observation that bandwidth demand is increasingly

dominated by large transactions [4] and propose a networking approach wherein large

file transactions are handled separately from the large number of smaller transactions.

Traffic shaping can then be used to improve link utilization and reduce the compu-

tational load placed on the network. Traffic shaping for the corresponding long hold

times can benefit from a far less dynamic traffic mix. In what follows, large transac-

tions are shaped into periodic concatenations of data frames which are scheduled for

transmission over an end-to-end path using a lightweight scheduling protocol. This

Big File Protocol (BFP) shapes each transaction prior to transmission and executes

the scheduling procedure on a per-flow basis. BFP creates a tighter linkage (than

TCP/UDP) between the application layer and resource availability at the physical

layer (either Ethernet or OTN), made possible by the long push times of long file
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transfers. This approach, although reminiscent of TDM systems, (1) does not re-

quire network-wide coordination, (2) can be implemented over any packet switched

network, and (3) is entirely compatible with the current OTN infrastructure as well

as with Ethernet-based networks, commonly used in data-center environments [6].

Similar considerations also apply to pipeline forwarding [12]. In contrast, (1) BFP

is designed to handle large files only, and scheduling acts on complete transactions

not on individual packets. (2) BFP traffic does not coexist with standard TCP/UDP

traffic, and (3) BFP data synchronization is orchestrated locally at each node by

control plane operations, without requiring router synchronization or a shared time

reference. Our approach is able to overcome the limitations of traffic shaping on

end-to-end performance of the network while allowing a more efficient utilization of

network resources, and a significant increase in goodput (> 40%), potentially reducing

the cost per bit.

Section II provides an overview of BFP. Details of implementation, the underlying

processes of scheduling, admission control and mapping are discussed in Section II.

Simulation results are presented in Section III.

II. BIG FILE PROTOCOL

BFP is a cross-layer transport protocol designed to handle large transactions (e.g.

≥ 100MB) in a more efficient manner by shaping traffic and leveraging currently

available transport layer functionalities to enable a better use of the deployed capac-

ity and reduce the computational load. The nodes implementing BFP shape traffic

from each transaction into periodic, semi-transparent concatenations of fixed-size data

frames, referred to as chains henceforth.

Periodicity of each chain is obtained by modeling access to the transport resource

as a periodic succession of fixed-length timeslots in which a transaction is allowed ac-

cess to an output channel at full capacity. Periodicity simplifies scheduling and stabi-

lizes traffic variations resulting in stable network performance. The semi-transparency

of each chain, resulting from periodic access to the channel, allows interleaving sev-

eral flows using buffers to align the flows in time. With reference to Figure C.1, the

transparency transparency degree (TD) of a chain is defined as the period (expressed

in number of timeslots) of the occupied slots in a periodic frame structure that rep-

resents capacity on a transport resource. Note that TD can be dynamically adapted

based on the available BW, thus requiring a cross-layer approach. Furthermore, BFP

differs from TDM systems in that timeslots are only used to model transport resources

and regulate access on a per-flow basis, and need not to be physically implemented in
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Figure C.1: Data transaction organized into a chain with TD = 4.

the underlying hardware. Another difference with TDM systems is that the timeslots

in TDM are somehow rigid and each TDM channel occupies a fixed amount of the

available bandwidth. In BFP the amount of bandwidth occupied is decided on a

per-transaction basis, resulting in a more flexible bandwidth usage. Lastly, the size

of the BFP timeslots can be adjusted by varying the size of the data frames. In each

chain, the fixed-size data frames are comprised of an integer number of Basic Payload

Frames (BPF) as shown in Figure C.2. Once a receiving node delineates a data frame

consisting of one or more BPFs, it handles it as a single frame. This allows for the use

of data frames of virtually any size. Basic Void Frames (BVF) are also defined. BVF

are equal in size to BPFs but carry only stuffing bits and are added at transmission

time to fill the gaps between data frames according to the selected TD. Using BPF

and BVF effectively allows setting up a TDM-like channel on the fly, targeted to the

specific requirements of each transaction, which is automatically released when the

transaction is completed.

A network of fixed capacity links is presumed to have been provisioned intercon-

necting widely separated data centers and this capacity is accessed only by BFP. This

deployed capacity may be in the form of dedicated transport capacity, whether this

is Ethernet, Ethernet over OTN, or a mapping of BFP directly onto the OTN layer.

Frames are selected to fit naturally within the underlying transport capacity.

BFP exploits a tight linkage between application and physical-layer resources, as

per Figure C.3. Application programmers would see BFP as just another variant of

well-known socket-related actions, like TCP and UDP, as discussed later. But whereas

TCP and UDP pass through IP before transport, BFP passes through a parallel path

directly to the transport layer. This path manages admission control, scheduling, and

mapping into physical-layer resources, functions that may exploit information passed

between nodes by TCP/IP.

II-A Admission Control And Scheduling
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Figure C.2: Data frame assembled by multiple BPF.

Figure C.3: Integration of the proposed protocol in the current layered architecture.

When a source is ready to transmit a chain, it is associated with a control packet

(CP), which is sent over the data path whose propagation time we assume to be

known by the source node to reserve resources, such as bandwidth and buffer space,

using a two-way reservation protocol. Due to the periodic configuration of the data

frames in a chain, a small CP can convey full information on the chain configura-

tion and timing regardless of the amount of data transported by the chain. During

the resource reservation phase the data sits at the source machine until confirma-

tion (ACK) of successful reservation is received, avoiding unnecessary occupation of

network resources. Many alternative approaches to scheduling are possible. In what

follows we describe a representative approach that can be used to schedule chained

data structures over an end-to-end path.

When a CP for the selected configuration (i.e. frame size, TD and number of data

frames per file) is generated at the source node, an Expected Time of Arrival (ETAsrc)

parameter is computed according to the following Equation C.1 and included in the

CP .
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ETAsrc =
N∑
i=1

(τi + pi) + τACK (C.1)

where:

N number of nodes in the path

τi propagation time to reach node i

pi estimated CP processing time for node i

τACK time for the ACK to reach the source node

The ETA parameter communicates to each node in the path the delay between

the reception of the CP and the arrival of the first bit of its relative chain. Each node

uses ETA and chain configuration information to compute the necessary buffering

time (BT ) to interleave an incoming chain with previously scheduled chains on the

output channel, according to Equation C.2. Before being forwarded to the next node,

CP is updated with a new ETA information, computed according to Equation C.3.

This updated ETA value will be used by the next node in the path to schedule the

chain.

BTi = te,1 − ETAi (C.2)

ETAi+1 = ETAi +BTi − pi (C.3)

where:

te,1 is the ending time of the first available timeslot on the outgoing link (Figure 4.3).

Once the CP reaches the destination node, an acknowledgement (ACK) is gen-

erated and sent over the reverse path to the source node. Upon receiving the ACK,

the source node is assured that resources are available to support the transaction and

starts transmitting the data frames separated by a number of void frames (BVF) con-

sistent with the selected TD. Using this procedure, each node in the path can reserve

resources only for the time necessary for the chain to traverse it, optimizing resource

utilization. We rely on buffering to align frames in time and to overcome any tim-

ing uncertainties. Therefore, timing precision required by the scheduling procedure

should be manageable using standard ranging procedures.
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II-B Mapping Onto Transport Layer

We now describe the mapping of the proposed protocol onto the transport layer

after a brief review of Ethernet and OTN framing.

1) Mapping BFP Onto Ethernet : Standard Ethernet frames [13] bare a payload

varying from a minimum of 42 bytes to 1500 bytes. This limitation is removed when

jumbo frames are used, allowing up to 9000 bytes of payload. Each Ethernet frame has

a preamble of 7 bytes, 1 byte of Start Frame Delimiter (SFD), 6 bytes for source MAC

address and 6 for destination MAC address, a 4 bytes Frame Check Sequence is also

appended to the Ethernet frame. Furthermore, after each frame is sent, transmitters

are required to transmit a minimum of 12 bytes of Inter Frame Gap (IFG).

BPF and BVF can be mapped directly onto Ethernet frames by setting the size

of BPF and BVF equal to the Ethernet frame payload size (e.g.: 9000 B), allowing

the proposed protocol to be mapped onto the Ethernet transport layer. In this case,

frame delineation is performed by the Ethernet frames and preamble or Inter Frame

Gap (IFG) bits can be used to code frame-related information (e.g. frame number,

frame type -BPF, BVF or CP- and data frame size). Note that in the 10GE case, only

full-duplex mode is allowed, making the preamble bits unnecessary (10GE receivers

ignore preamble bits) and allowing the use of these bits for other purposes, e.g. as

proprietary OAM channels [9].

2) Mapping BFP Onto OTN : ITU-T G.709 (OTN) [7,9] provides bit and timing

transparent transport services. Standard containers for any client signal available

today and their relative mapping procedures are defined [7,9]. Furthermore, flexible

containers (i.e. ODUflex) are also defined to support packet-based clients with a wide

range of bitrates. Each OTN frame bares a payload of 15232 bytes over which one or

more client signals are mapped. For cell or packet based clients OTN uses GFP [14]

to encapsulate data packets and generate a continuous stream of GFP frames which

is then mapped in an octet-aligned manner directly onto the OPU payload area. Rate

adaptation is done using GFP idle frames, which are transmitted anytime there is no

data to send.

For implementation of BFP over OTN, the general idea is to reserve an ODU

channel over each link of a network to build an overlay network which is then used

exclusively to handle BFP transactions. In certain scenarios it maybe important that

the portion of dedicated bandwidth is flexible. In order to achieve this flexibility

without using cumbersome control plane operations, setting up ODUflex channels for

each link of the overlay network seems the best option as these channels can be resized
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without tearing down and re-establishing the connection via the Hitless Adjustment

of ODUflex protocol [15]. The configuration of the overlay network (topology and

capacities of each link) should be relatively stable (time-wise) and only occasional

changes will be needed. Such changes can be planned offline over coarse timescales.

Once the overlay has been established, each chain is built by mapping BPF and

BVF onto GFP frames, and GFP Extension Header [14] is used to code frame-related

information. The resulting stream of GFP frames is then mapped onto the payload

area of the ODUflex (i.e. ODUflex(GFP) ) signal. Frame delineation is left to GFP

and any eventual rate adaptation is performed using GFP idle frames [7,9,14].

II-C Routing

Since the proposed approach provides a methodology separate from IP for end-to-

end data transmission, a way to route chains from source to destination is required.

Although routing and load balancing algorithms can be specifically designed, taking

into account the periodic configuration of BFP chains, it is also possible to simply

re-use protocols that are already in place. In the following a method to reuse deployed

routing protocols is discussed.

As the CP travels through each node an association between input port and output

port traversed by the CP is built and stored locally in a table at each node. The

assumption here is that both CP and data chain will go through the same ports in both

the forward and backward direction. This port mapping is based on the particular

routing protocol implemented at each specific node and the routing information is

only accessed when the CP is processed avoiding any header lookup operations on

the data frames of each chain. Data frames of each chain are easily identified using

the TD information (periodicity) combined with the ETA parameter carried by the

relative CP, and are simply delayed by an amount of time equal to the Buffering

Time (which is the same for each frame of the same chain) before being switched to

the output port indicated by the aforementioned table without further processing. In

this respect the periodicity of each chain can be thought as an “embedded Forwarding

Equivalence Class” (e-FEC) relative to all the frames in a chain. Each table entry

is relative to a specific chain and is stored in the table until the chain traverses the

node. The size of this table depends on both on the number of transactions each

node is able to handle and on the average duration of each reservation procedure.

Although the size of the table may become cumbersome the assumption here is that

large transactions are relatively long lived and the reservation procedure is fast enough

to keep the size manageable.
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II-D Application Programmer Interface

Usability and deployability of the proposed protocol requires certain important

points to be taken into account. First, it is necessary to install the protocol in the

network stack in a way that ensures a certain level of familiarity for the application

developers. That is, an application developer, should be able to undertake the well-

known and common socket related actions such as creating, connecting, listening,

sending, receiving, etc. in a way that is not much different from the actions that are

involved in programming with TCP or UDP sockets. This requires that the proposed

protocol is registered with the OS socket layer, can be easily accessed by just using an

indicator that will point to the newly registered protocol upon socket creation, and

the necessary functionality is provided with identical function headers. In the same

sense, the structural similarities will also have a positive impact on incorporating the

proposed protocol with software packages that abstract the socket layer.

Fortunately, the necessary installation options already exist in the Linux Kernel.

The proposed BFP can be registered with the socket layer as a new transport layer

protocol making it appear to the application developers and the abstraction packages

as just another protocol like TCP and UDP, hence, hiding the cross-layer behavior

of the proposed protocol at the lower layers (See Figure C.3). Furthermore, imple-

mentation of the proposed protocol in the form of a loadable kernel module (LKM)

will ensure that the kernel patches, hence possible regressions, are avoided, and the

new protocol can be unloaded upon request. This approach also ensures that the

deployment is relatively easy from the network administrators point of view. Similar

approaches could also be taken with other OSs.

II-E Hardware Implementation

A detailed hardware design of a BFP-enabled router or OTN switch is beyond

the scope of this paper. However, preliminary considerations suggest that whether

we consider incorporating BFP into a router (BFP over Ethernet) or within OTN

directly, the hardware required to extract chains from the optical transport layer,

frame, map, buffer, forward, switch through a switch fabric and repackage into an

outgoing transport stream does not change substantially. One logical change in func-

tion is that buffers that may be associated with ports in a conventional router become

associated with specific chains in BFP, but this does not impact hardware. Significant

changes do occur however in the control plane with the introduction of scheduling

and for BFP over OTN a potentially more dynamic provisioning requirement than

for traditional OTN.
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III. SIMULATION STUDY

In our simulation study we compare the ability to efficiently handle bulk data

transfers of our approach with that of TCP Westwood [16], a high-speed version

of TCP currently implemented in the Linux kernel. All simulations were run using

Omnet++ [17,18]. The two approaches are compared in terms of goodput, end-to-end

delay and average buffer size. A dumbbell topology (See Figure C.4) was selected for

our simulation study. More complex topologies and routing-related aspects are out of

the scope of this paper and will be part of our future studies. The propagation delay

for each link is set to 1mS giving a RTT of roughly 6mS. Bitrate was set to 10Gb/s

for all links.The size of each data frame (Figure C.2) is set to be one BPF, and the

same size is selected for the voids (i.e. one void is comprised of a single BVF) for all

BFP cases. We consider transactions varying in size from 500kB to 1GB and repeat

each transmission until statistical stability is reached.

Figure C.4: Simulation topology.

The time interval between two consecutive transactions (for both TCP and BFP)

was modeled using both an exponential distribution with mean µ = 1mS and a

generalized Pareto distribution with scale parameter σ = 0.0003 and shape parameter

ξ = 2. The latter case was selected to test the protocols with more realistic traffic

patterns. However, simulation results did not show significant differences between the

two distributions for the performance parameters considered (due to space constraints

only results for exponential inter-arrival times are reported).

For the BFP over OTN case, each OTN frame carries 15222B of payload, corre-

sponding to the payload area of the OTN frame minus the GFP overhead including

core, payload header, and two bytes of the extended header used as a binary counter

to number each frame in a chain, allowing a maximum transaction size of roughly

1GB per chain. An Ethernet jumbo frame with 9000B of payload was selected as the

basic payload frame for the BFP over Ethernet case. A TD of 8 was used for all BFP

cases and a maximum buffer size of 12 frames (TD + 4) was selected for both BFP
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cases. This is not a strict requirement and can be relaxed if we are willing to trade

buffer space for higher utilization and lower CP blocking probability. For the TCP

simulation a MSS of 8960B was selected and the layer 2 MTU was set to 9000B (Eth-

ernet jumbo frame). A RED queuing discipline [19] was used in each router, with:

queue weight qw = 0.002, minimum threshold minth = 5 packets, maximum threshold

maxth = 50 packets and maximum packet marking probability maxpb = 0.02.

III-A Goodput

Instead of considering link utilization (which could be misleading, especially in

the TCP case) we consider the goodput normalized to the maximum link capacity.

Protocol overhead was excluded since this is not part of the payload. Figures C.5

and C.6 show the average normalized goodput for BFP over Ethernet and TCP

respectively. Performance of BFP over OTN were also studied. Results show nearly

identical performance of BFP over OTN and over Ethernet. Due to space constraints

only the latter is shown here.

We found that for transaction sizes > 10MB, in both BFP cases goodput increases

linearly up to roughly 99% (reached when the number of sources equals the TD). This

is the result of scheduled interleaving of chained data with CP blocking occurring

only when normalized goodput is close to its maximum. Beyond this point goodput

remains above 70% for both the BFP cases and all transaction sizes considered. Note

that with BFP, small transactions (≤ 10MB) can achieve high link utilization due

to interleaving of flows coming from different sources.

In the TCP case, each source tends to fill the entire bandwidth of their link to

the bottleneck router which gives higher goodput with respect to the BFP case for

long lived TCP flows (≥ 300MB) as long as the number of sources remains limited

(≥ 3). For shorter flows (≥ 100MB) TCP either does not ramp up fast enough to

fill the available bandwidth or, as the number of sources increases, TCP is prone

to packet drops which trigger the TCP backoff algorithm, reducing the offered load

from the TCP sources and resulting in poor link utilization. Another issue with

multiple TCP sources competing for the same resources, common in data center

environments, is TCP incast [20], which leads to throughput collapse. While this

phenomenon was observed in our simulations for the TCP case it did not occur in

the BFP case. Figure C.7 shows a comparison of normalized goodput between BFP

and TCP for transaction sizes ≥ 100MB. The rapid goodput collapse observed for

large transactions (≥ 100MB) in TCP as the number of sources increase suggest

a significant advantage relative to the amount of offered load that BFP can handle
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with respect to TCP. BFP can accomodate over 40% more load with respect to TCP

without incurring goodput collapse.
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Figure C.5: Normalized Goodput for BFP over Ethernet.
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Figure C.6: Normalized Goodput for TCP.
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Figure C.7: Normalized Goodput for transactions ≥ 100MB.

III-B Delay

As a measure of the delay performance we selected the average time needed to suc-

cessfully complete one transaction, including the time needed to setup the connection

and any data retransmission. A new connection is setup for each new transaction. A

comparison of the end-to-end delay performance for transactions ≥ 100MB is shown

in Figure C.8. For transactions ≥ 500MB and up to 2 sources TCP tends to fill the

available bandwidth and achieves smaller delays. As the number of sources increase,

TCP goodput collapses (see Figure C.6) and end-to-end delay rapidly increases to

values up to over 30 times larger than BFP. Similar performance can be seen for

all other transaction sizes (e.g. 300MB and 100MB), although in these cases BFP

achieves better delay performances over the entire range considered. The rapid degra-

dation of delay performance of TCP is due to the high packet drop rate occurring

when multiple sources compete for the same resources as well as to the large num-

ber of acknowledgements (ACK) used by TCP. Although in the topology studied

the Round Trip Time (RTT ) is relatively small, the effect of ACKs transmission

has a heavy influence on TCP delay performance (each ACK will add to the overall

delay an amount proportional to RTT/2). Delay will further degrade in the TCP

case as the network diameter increases. This would also happen in the BFP case
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but to a much smaller degree due to the much smaller amount of control information

exchanged between source and destination.
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The particular buffering technique used by BFP also improves delay performance

with respect to TCP by reducing the queuing delays when the network is congested

(See Figure C.9). Lastly, due to the periodic configuration of data frames in each BFP

transaction, the variation of the end-to-end delay over the entire range considered is

much smaller for BFP, resulting in more stable delay performance of BFP over TCP.

III-C Buffer Size

Figure C.9 shows a comparison of the average buffer space utilized by BFP and

TCP for transactions ≥ 100MB. Average buffer size for BFP is proportional to

the BFP frame size and the selected TD, resulting in stable and predictable buffer

occupancy in any load condition. The random nature of TCP packet arrival will

tend to fill the buffer quickly as congestion approaches. Figure C.9 shows that for a

transaction size of 1GB, buffer size grows rapidly to values several times larger than

in the BFP case when more than 2 TCP sources compete for the same bottleneck link.

Similar performance is observed for other transaction sizes. Lastly, since BFP uses its

buffers to delay each incoming chain in order to interleave it with previously booked

chains, the maximum buffer size for BFP is a function of the chains configuration

rather than of the network load, and can therefore be tightly controlled.

IV. CONCLUSION

This paper presents BFP, a network protocol designed to efficiently handle large

transactions over the existing network infrastructure. Using BFP, large file transac-

tions are handled at lower layers (e.g.L1 and L2). Higher layers are accessed only

when needed with routing functionalities that are only used during connection setup

and not for every single data frame as in TCP. Scheduling allows BFP to accommo-

date network loads over 40% higher with respect to TCP without incurring goodput

collapse and achieving goodput values close to 100%. Stable end-to-end delay perfor-

mance is also achieved, with values over 30 times smaller with respect to TCP. Buffer

occupancy of BFP in congested scenarios is predictable and much smaller relative

to TCP. The results presented show the potential of BFP to achieve better use of

the deployed capacity, potentially resulting in significant cost savings for the network

operators in both transport and data center environments.
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Appendix D

Big File Protocol (BFP) for OTN

and Ethernet Transport Systems

[IEEE/OSA Journal of Optical Communications and Networking (JOCN). Ac-

cepted for publication.]

Abstract :

Demand for high-bandwidth services is rapidly increasing, placing current network

infrastructure under significant stress. Many interesting approaches have been studied

in order to cope with this growth, but most require major redesigns of current network

architectures as well as large-scale hardware redeployments.

Recently Big File Protocol (BFP), a network protocol designed to efficiently han-

dle large file transactions, was proposed to provide improvements over traditional IP

protocols (TCP/UDP) in terms of bandwidth utilization and end-to-end delay. This

paper presents an integration strategy for BFP within the currently deployed OTN

transport infrastructure relying as much as possible on current hardware and func-

tions, thereby minimizing the deployment impact. Simulation results show capacity

utilization improvement of over 40% relative to TCP.

I. INTRODUCTION

The rapid traffic increases experienced by the current network infrastructure place

it under considerable stress, leading to a significant increase in computational re-

quirements and power consumption. Most of this traffic increase is due to the rapid
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proliferation of bandwidth-intensive applications that often involve large transactions

with stringent delay requirements (e.g. VoD, CDN content update)[1]

Traditional IP protocols such as TCP or UDP handle large transactions by frag-

menting them into a large number of small packets which are routed and processed

individually. This approach, so successfully applied to historical traffic, results in

a highly dynamic, unpredictable traffic mix and places a significant computational

load on current routers, increasing power requirements[2], and ultimately becoming

a constraint to IP router evolution. However, as traffic mix shifts to include an in-

creasing number of large transactions, which are more predictable and less dynamic,

new protocols may perform better.

Many all-optical solutions to these issues have been proposed [3,4,5,6,7,8,9,10] but

their potential value remains limited to specific applications. Most of these approaches

advocate for a major architectural redesign of the current infrastructure, requiring

large-scale deployment of, for example, optical switches.

Exploring more efficient methods to handle the new traffic mix over the existing

infrastructure can provide a more attractive evolutionary path [11]. The Big File

Protocol (BFP) approach proposed recently [12] offers advantages similar to those

promised by all-optical approaches but without requiring large scale hardware rede-

ployment. BFP can achieve goodput values close to 100% without incurring through-

put collapse, and offer much smaller and stable delay performance while using only a

fraction of the buffer resources used by TCP [12].

On the transport side, recent standardization of ITU-T G.709/G.872 Optical

Transport Network (OTN) [13,14,15] provides a flexible and efficient transport in-

frastructure supporting protocol agnostic transport services, simplified management

operation, and a more efficient use of the deployed capacity [16,17] OTN is currently

supported by most of the commercially available transport equipment and provides

mappings onto a common underlying transport layer for most existing and future

higher layer protocols (e.g. 10GE, 40GE, and so on).

This work explores the integration of BFP within the current OTN transport

infrastructure. By handling large transactions at lower layers, and accessing higher

layers only when strictly necessary, BFP avoids most of the computations required

by higher layer transport protocols (e.g. TCP), and provides most of the benefits

promised by all-optical solutions, in terms of bandwidth efficiency and cost per bit

transported, while attempting to reuse most of the hardware and protocols already

available. Mapping of BFP onto Ethernet is also considered.
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The rest of the paper is organized as follows. Section II provides an overview

of the proposed approach. Section III provides an overview of the transport layer

and BFP mapping and integration procedures. Section IV provides an example of

BFP integration within currently available hardware. Section V presents simulations

results comparing BFP to TCP. Section VI discusses the benefits of BFP and future

research directions are addressed in Section VII.

II. BIG FILE PROTOCOL

BFP [12] is a cross-layer transport protocol designed to handle large transactions

(e.g. ≥ 100MB) by shaping traffic to leverage currently available transport layer

functionalities. This enables better use of the deployed capacity and reduces the

computational load placed on the network by bandwidth-intensive applications. Here

we briefly summarize the approach.

Nodes implementing BFP shape traffic from large transaction into periodic, semi-

transparent concatenations of fixed-size data frames. Henceforth such concatenations

are referred to as chains, while their period is referred to as the Transparency De-

gree (TD) (Figure D.1). In order to provide flexibility in selecting the portions of

available bandwidth occupied by each chain, and to minimize the impact of frame

retransmissions in case of transmission errors, data frames are assembled using one or

more Basic Payload Frames (BPF) constituting the atomic data container for BFP,

as shown in Figure D.2.

Regardless of the number of BPF, each data frame is managed and switched as

a single entity. A lightweight, distributed scheduling protocol specifically designed

for BFP chains is used to perform end-to-end resource reservation on a per-chain

basis. Since BFP aims at providing end-to-end transport services, a routing strategy

must be devised. As discussed in detail in Section II-B, BFP can reuse any available

routing protocol.

In the remainder of this work we assume that an overlay network of fixed-capacity

logical links is provisioned within the OTN network for BFP traffic only, such that

BFP traffic is completely separate from non-BFP traffic.

Figure D.1: Data transaction organized into a chain with TD = 4.
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Figure D.2: Data frame assembled by multiple BPF.

II-A Admission Control And Scheduling

Our BFP resource reservation protocol uses a Control Packet (CP) to perform

reservation for the BFP chains over an end to end path (Figure D.3). The periodic

structure of each chain allows for the tight interleaving of the chains, where buffers

are used to align data frames in time and to overcome timing uncertainties.

A BFP source associates each chain (e.g. chain “i”) to a CP (CPi) for each

data transaction. The size of each transaction is assumed to be known in advance.

As a result, the configuration and timing of each chain are also known in advance,

allowing for automatic resource release once the last bit of the chain passes through

each intermediate node.

If a reservation fails, i.e. the CP request cannot be accommodated by some node

along the path, a NACK is sent from the blocking node over the reverse path to free

previously booked resources. Upon receiving a NACK the original source node waits

for a random amount of time before retrying.

If reservation is successful, the destination node sends an ACK to the source node

(over the reverse path) to inform the source node that the network is ready to handle

the BFP transaction. Upon receiving the ACK, the source node starts transmitting

the BFP chain.

Based on the Round Trip Time (RTT) for each data path, the source node com-

putes for each chain an Expected Time of Arrival (ETA) according to Equation D.1,

and includes it in the CP together with chain configuration and routing information.

This includes: (1) source and destination addresses, (2) the chain Expected Time of

Arrival (ETAi), (3) data frame size, i.e. the number of BPF in each data frame,

(4) the number of data frames per chain, and (5) chain periodicity (or Transparency

Degree -TDi-).
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The CPi is then sent over the data path to reserve necessary switching and buffer

resources for a BFP chain (with reservation starting at the time indicated by the

ETAi).

ETAsrc =
N∑
i=1

(τi + pi) + τACK (D.1)

where:

N number of nodes in the path

τi propagation time to reach node i

pi estimated CP processing time for node i

τACK time for the ACK to reach the source node

At each node the CPi is processed, Buffering Time (BTi) for the chain is computed

(Equation D.2) and included in the ETAi parameter of the CPi together with the

CP processing time (pi) according to Equation D.3 before routing it towards the next

node.

BTi = te,1 − ETAi (D.2)

ETAi+1 = ETAi +BTi − pi (D.3)

where:

te,1 is the ending time of the first available timeslot on the outgoing channel.

A time diagram illustrating the path reservation and transmission procedures for

a BFP transaction is shown in Figure D.3.

II-B Routing

Since the proposed BFP approach provides a methodology separate from IP for

end-to-end data transmission, a way to route chains from source to destination is re-

quired. Although routing and load balancing algorithms can be specifically designed,

taking into account the periodic configuration of the BFP transport structure, it is

also possible to simply re-use protocols already in place as discussed below. In what

follows, we assume that at each node control and data traffic traverses the same ports

in both the forward and backward directions.
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Figure D.3: BFP Path Reservation and Transmission Sequencing.

As a CP reaches a node, information about the source and destination address for

its relative chain is passed on to whatever routing protocol is available at that node.

The routing layer should provide an output port relative to the chain destination

address. Virtually any protocol can be used and there is no requirement for it to be

the same at each node in the path.

Routing information received from the routing layer is translated into the following

ordered pair < Input port, Output port > and stored in a locally held table referred

to as port-map table as illustrated in Table D.1. This table simply binds at each node

the input port on which the BFP chain will arrive with its relative output port.

Based on each chain input port, ETA, TD, and ID incoming chains are delineated.

The port-map table is accessed and all data frames associated with the incoming chain

are buffered according to the BT value for the chain as stored in the port-map. After

a chain traverses the node its relative table entry is deleted.

The use of a port-map table avoids having to perform address lookup and routing

decisions for each data frame in a chain, significantly reducing the amount of com-

putational load placed on the node and allowing for potentially significant energy

savings [18].

The size of the port-map table depends on both on the number of BFP transactions

each node is able to handle and on the average duration of each reservation and



174

Table D.1: port-map table.
Chain ID TD ETA Input Port BT Output Port
64 8 6.2 mS 7 0.043 mS 18

transmission procedure. Although the size of the table may become cumbersome, the

assumption is that BFP transactions are sufficiently long-lived, i.e. large, such that

the reservation procedure constitutes an acceptably small overhead.

III. TRANSPORT LAYER

The shift towards data-centric, packet-based traffic exposed the limitations of the

prior SONET/SDH infrastructures in terms of scalability, flexibility and OAM&P

capabilities. In order to overcome such limitations new transport layer technologies

were developed.

OTN and Ethernet-based transport architectures are currently the deployments

of choice, and are widely supported by most of the available hardware in both IP

networks and Data Center (DC) environments.

BFP can be mapped onto both OTN and Ethernet-based transport technologies.

Its integration within the current transport layer can take the form of a control plane

(software) update, enabling the easy integration of BFP capabilities within widely

deployed OTN and Ethernet transport architectures.

In what follows we will give a brief overview of both OTN and Ethernet based

transport technologies and discuss how BFP maps onto and integrates with these.

III-A OTN Overview

ITU-T G.709 (OTN) [13,15] is a widely supported, standardized transport ar-

chitecture providing protocol-agnostic transport services for both CBR and packet-

oriented protocols.

Standard containers for any client signal available today are defined together with

their relative mapping procedures [13,15]. Flexible containers (i.e. ODUflex) are

also defined in order to support CBR and packet-based clients over a wide range of

bitrates.

With respect to legacy SONET/SDH architectures, G.709 offers less complex and

more flexible OAM&P procedures, more efficient data aggregation for enhanced chan-

nel utilization and stronger Forward Error Correction capabilities [13].

Each OTN frame carries a payload of 15232 bytes over which one or more client

signals are mapped. For cell or packet based clients, OTN uses GFP [21] to encap-

sulate data packets and generate a continuous stream of GFP frames which is then
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mapped in an octet-aligned manner directly onto the OPU payload area. Rate adap-

tation is done using GFP idle frames, which are transmitted anytime there is no data

to send.

For a complete description of the mapping procedures defined for OTN the inter-

ested reader can refer to [13].

III-B BFP Overlay Network

Coexistence of various protocols and packet sizes over the same logical links can

be problematic as it can lead to unfairness among data flows and inefficient resource

usage [19]. In order to avoid problems deriving from coexistence of BFP with other

protocols and to allow BFP to use frames of virtually any size without negatively

impacting non-BFP traffic, we leverage the ability of OTN infrastructures to establish

flexible data channels (ODUflex [13]). In the rest of this work we assume such link

to be provided for BFP-only use.

Without disrupting the service, ODUflex channels can be easily resized [20] to

match the particular bandwidth demands. The capacity of the BFP overlay networks

can be planned offline over coarse timescales, while Hitless Adjustment of ODUflex

[20] can be used to perform online adjustment of the BFP overlay networks.

III-C Ethernet Overview

Another widely supported technology which has become increasingly important at

the transport layer is Ethernet [22]. Commonly used for Data Center (DC) networks

[23], it is also being deployed as a transport technology [24,25,26,27]. Ethernet-based

networks provide a cost-efficient interconnection technology and lower complexity of

OAM&P procedures with respect to SONET/SDH. Furthermore, Ethernet signals

can be mapped onto the OTN transport layer.

Standard Ethernet frames [22] carry a payload varying from a minimum of 42

bytes to 1500 bytes. This limitation can be removed when jumbo frames are used,

allowing up to 9000 byte payloads. Each Ethernet frame has a preamble of 7 bytes:

1 byte of Start Frame Delimiter (SFD), 6 bytes for source MAC address and 6 for

destination MAC address, a 4 byte Frame Check Sequence is also appended to the

Ethernet frame. Furthermore, after each frame is sent, transmitters are required to

transmit a minimum of 12 bytes of Inter Frame Gap (IFG). As BFP focuses on large

data transmissions, Ethernet with jumbo frames will be assumed in the discussion

below.
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III-D Generic Framing Procedure (GFP) Overview

GFP provides a mechanism to adapt higher layer traffic from a client to an un-

derlying transport layer. GFP was originally developed to allow packet traffic to be

transported over the SONET/SDH backbone in a more efficient way, and now it al-

lows packet traffic to be carried over the OTN infrastructure in much the same way.

GFP can perform adaptation for both Protocol Data Unit (PDU)-oriented clients (i.e.

GFP-frame mapped or GFP-F) and block-code-oriented clients (i.e. GFP-transparent

or GFP-T). When using GFP-F client packets are mapped directly onto the payload

area of the GFP-F frame after all unnecessary header information (e.g. preamble bits

for Ethernet frames) is removed.

The issue with this approach is that some protocols (often proprietary implemen-

tations of standardized protocols such as Ethernet) may use the bits discarded by

the GFP-F mapping procedure to code control information [15]. In this case, using

GFP-F will result in loss of important control data.

Another issue to consider is that in order to assemble the GFP-F frame the pay-

load length must be known in order to assign the correct value to the PLI field in the

GFP core header (See Figure D.4). This forces the transmitting node to buffer the

entire data frame prior to transmission of the GFP-F frame, deteriorating the delay

performance of the client protocol and causing problems for delay-sensitive protocols

such as Storage Area Networks protocols. In order to remove this drawback a vari-

ation of the GFP protocol was developed to assure stable latency and control code

transparency for the client signal, namely GFP-T [21].

In GFP-T the client data is transcoded into a new block code (termed “su-

perblock”), which includes all the client signal control information as well as an

error check appended to each superblock. An integer number of superblocks is then

mapped onto the GFP frame. How many superblocks are mapped into each GPF-T

frame depends on the difference between the client data rate and the server layer data

rate. As the number of required superblocks is known at transmission time, the need

to buffer entire client data frames is removed.

The GFP frame format is shown in Figure D.4 [21]. All GFP frames share the

same basic structure comprised of a core header and a payload area. The core header

contains a 16-bit Payload Length Indicator (PLI), used to encode the length of the

GFP frame plus a CRC-16 (cHEC bytes in Figure D.4) to protect the PLI field. The

GFP receiver correlates the bit sequences of the PLI and cHEC fields to identify the
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beginning of each GFP frame and uses the PLI information to complete the frame

delineation process allowing it to lock on to each stream of GFP frames.

The payload area has its own header, which is divided into a two byte Type header

and an optional Extension header (area C of Figure D.4), which varies in size from

zero (no Extension header) to 60 bytes. This field is also protected by a CRC-16

error control code (eHEC, area D of Figure D.4). The Type header has the following

subfield:

• Payload Type Identifier (PTI, 3-bits): Identifies which type of client signal

is mapped onto the GFP frame. Currently only 3 types of GFP frames are

specified in the standard, namely user data frames, client management frames

and management communication frames.

• Payload FCS Indicator (PFI, 1-bit): Indicates if the optional payload FCS is

appended at the end of the GFP frame (PFI = 1) or not (PFI = 0).

• Extension Header Identifier (EXI, 4-bits): Identifies the type of Extension

header used, including the limit case in which no extension header is present

(EXI = 0000).

• User Payload Identifier (UPI, 8 bits): Identifies the type of payload carried by

the GFP payload information field.

The two bytes of the Type header are also protected with a CRC-16 (tHEC, See

Figure D.4).

Note also that not all the possible code points for PTI, EXI and UPI are stan-

dardized. In fact, at present most of the available codes are reserved for future use.

We leverage this to implement our own BFP code points in order to support our

approach (See Sec. D).

Once mapped onto the OTN layer, there is no distinction between GFP-F and

GFP-T, and the OTN layer handles both GFP frame types in the same manner [63].

This, together with the use of fixed frame size for BFP data and control traffic,

opens the possibility to define a third option for the GFP procedure (referred to as

Modified GFP or GFP-M) that can be used as an alternative to GFP-T or GFP-F

when adapting BFP traffic to the OTN transport layer. This third option combines

the advantages of both GFP-F and GFP-T and is discussed in Section III-E.
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Figure D.4: GFP Frame Structure [21].

III-E Mapping Onto OTN

Many possible variations are possible for implementing BFP. One representative

approach defines five different frame types, namely: BPF , CP , ACK, NACK and

Basic Void Frames (BV F ). This last frame type is used when mapping BFP onto

OTN. It is equivalent in size to BPF but carries only stuffing bits. BV F are used to

separate the BPF of a chain and give the chain its transparency. They are always

preempted by data frames of other chains and discarded by the receiving node.

Each type of BFP frame is mapped directly onto the payload area of a GFP frame

(area E of Figure D.4) as shown in Figure D.5 for the case of data frames (i.e. a set

of BPF ). Frame delineation is left to the GFP layer. BFP traffic is assigned one of

the unused code points of the PTI field of the GFP frame Type header (area A of

Figure D.4) so the receiving node can distinguish between BFP and non-BFP traffic.

Each BFP frame type is then assigned one of the unused code points of the UPI field

(GFP Type header, area B of Figure D.4), which is used by the receiving node to

distinguish between the various types of BFP frames.

A portion of the GFP Extension header (area C of Figure D.4), with a size de-

pending on both the maximum number of data frames per chain and the maximum

size of the data frame allowed in a chain. GFP Extension header is used to number

both data frames and the basic payload frames (BPF ) of which it is comprised (See

Figure D.2). This way the receiving node can identify the data frames and the BPF s

of each chain allowing, in case of transmission errors or frame loss, identification and

retransmission of single BPFs.

Although BFP can be adapted to the OTN transport infrastructure using either

GFP-T or GFP-F, both GFP flavors have their own drawbacks, namely: GFP-F
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Figure D.5: Mapping of data frames onto GFP frames. Voids have the same structure
but only carry stuffing bits in the GFP-Payload area.

needs to buffer the entire frame in order to correctly set the PLI field in the core

header, while GFP-T needs to transcode the client signal.

In the BFP case, the sizes of the data and control frames are known in advance and

therefore the PLI field of the GFP frame core header can be determined before the

GFP frame is fully formed. This frees transmitting nodes from the need to buffer each

frame for mapping purposes (GFP-F) or from having to transcode the client signal

(GFP-T). BFP frames can then be mapped directly onto GFP-F frames without the

need to buffer each frame prior to mapping it onto a GFP frame (note that frame

buffering for mapping purposes can negatively impact delay-sensitive applications).

We will refer to this use of the GFP as ”Modified Generic Framing Procedure” or

GFP-M meaning a GFP-F mapping where the PLI field for each frame is known in

advance. The use of GFP-M would make no difference for the OTN layer since it does

not distinguish between various kinds of GFP frames and the structure of a GFP-M

frame is exactly the same of that of GFP-T or GFP-F frames, the only difference

being in the way GFP-M frames are assembled.

GFP frames containing BFP data or control traffic are then mapped directly onto

the payload area of OTN containers. The OTN layer will handle BFP traffic as a

stream of standard GFP frames.

If required, BFP control traffic can also travel on its own dedicated control channel

or over a standard IP network, while leaving the functioning of BFP unchanged.

III-F Mapping Onto Ethernet

Alternatively, BFP data and control frames can be mapped directly onto Ethernet

frames by setting the size of BPF and BVF equal to the Ethernet frame payload

size (e.g.: 9000 B), allowing the proposed protocol to be mapped onto the Ethernet

transport layer. In this case, frame delineation is performed by the Ethernet frames
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and preamble or Inter Frame Gap (IFG) bits can be used to code frame-related

information (e.g. frame number, frame type and data frame size).

BFP admission control and scheduling procedures are implemented in the control

plane, and handle data frame buffering and switching by performing delayed reserva-

tion of resources (i.e. buffer space and switching resources) and translating routing

information into input-port-to-output-port bindings for the chains (See Section II-B).

For the Ethernet layer, BFP traffic looks just like standard Ethernet traffic, the only

difference being in how long each frame is buffered, which is determined by the BFP

functionalities integrated within the control plane. Lastly, note that in the 10GE

case, only full-duplex mode is allowed, making the preamble bits unnecessary (10GE

receivers ignore preamble bits) and allowing the use of these bits for other purposes,

e.g. as proprietary OAM channels [15] (where this also applies to 40GE and to any

carrier-grade Ethernet architecture).

IV. IMPLEMENTATION

IV-A Hardware

A detailed hardware design of a BFP-enabled router or OTN switch is beyond

the scope of this paper. However, preliminary considerations suggest that whether

we consider incorporating BFP into a router (BFP over Ethernet) or within OTN di-

rectly, the hardware required to extract chains from the optical transport layer, frame,

map, buffer, forward, switch through a switch fabric and repackage into an outgoing

transport stream does not change substantially. One logical change in function is that

buffers that may be associated with ports in a conventional router become associated

with specific chains in BFP, but this does not impact hardware. Significant changes

do occur however in the control plane with the introduction of scheduling and for

BFP over OTN a potentially more dynamic provisioning requirement than exists for

traditional OTN.

BFP functionalities can potentially integrate with a wide variety of existing rout-

ing and switching devices. Any device able to perform store and forward of frames and

execute the proposed scheduling algorithm can support BFP, given that their control

plane can be modified to support the functions required by the proposed protocol.

In order to provide an example of how BFP can integrate with currently available

hardware we consider an integrated platform combining OTN and packet switching

capabilities in a single platform. Such a device is known as Packet Optical Transport

Platform (P-OTP) [28,29,30,31,32] (Figure D.6).
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A P-OTP integrates in a single platform functionalities such as: (1) TDM-based

traffic (e.g. ODUk), (2) aggregation and switching of system-wide L2 traffic (e.g. Car-

rier Ethernet [27,25]), and (3) ROADM functionalities. P-OTP are equipped with

electrical switch fabrics able to switch packet traffic as well as OTN traffic, enabling

P-OTP platforms to multiplex any type of incoming traffic (i.e. any service) onto

any wavelength. A schematic of the system-level architecture of a P-OTP is shown

in Figure D.6. The Network Processor (NP, block (A)) represents an OTN processor

with integrated framing and mapping capabilities for TDM-based and Carrier Eth-

ernet (CE) transport [29]. The Fabric Interface Chip (FIC, block (B)) serves as an

interface between the switch fabric and a network processor, and between a traffic

manager and route processor (not shown). A converged ODUk and packet switch

fabric (block (C)) as well as a ROADM (block (D)) are also included in the P-OTP

system architecture. A schematic showing how BFP functionalities can be integrated

in a P-OTP platform is shown in Figure D.7.

With reference to Figure D.7, incoming optical signals (e.g. OTUk) are converted

into electronic format and processed by the OTN processor (block (A)), which extracts

the ODUk signal and packetizes it before passing it to the Traffic Manager ( block

(B)) as packets. Here BFP traffic is separated from non-BFP traffic. BFP Control

Packets (CP) are processed and information about configuration and timing of their

relative chains is used to schedule buffer space and switching resources for the data

chains. CP source and destination addresses are passed to the routing layer through

the Routing Layer Interface (block (C)) which communicates with whichever routing

protocol is available and presents the FIC with an input-port-to-output-port mapping

relative to the addresses provided. This information is used by the Traffic Manager

(TM) to populate a table (i.e. the port-map table, see Table I in Section II-B), which

contains the bindings of input-to-output ports for each chain. Devices integrating

FIC, TM and packet processor (PP) in one single chip are currently available on

the market [33]. Data frames from each chain are routed through a buffering stage

(block (D)) to be delayed by an amount of time consistent with the buffering time

(BT) computed for each chain. At the output of the buffering stage, data frames are

routed to the FIC where they are adapted to the format required from the Switch

Fabric (Block (F)) before being switched to their respective output ports by switch

fabric without further processing. Chains going through the same ports will naturally

interleave with one another. A description of the functional blocks of the input NIC

(block (G) of Figure D.7) is provided below:
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• OTN Processor, block (A): The OTN processor extracts ODUk signals from the

input OTUk, packetizes the ODUk and passes the packetized signal to the FIC

(block (B)).

• Traffic Manager (TM) + Packet Processor (PP), block (B): The Traffic Man-

ager separates BFP traffic (control and data) from standard traffic (i.e. non-

BFP traffic). Control packets (CP) are processed in this block and BT is com-

puted for each incoming chain in advance. Based on the source and destination

addresses carried by the CP, this block requests routing information to the

routing layer through the Routing Layer Interface (block (C)). Upon receiving

routing information, the TM schedules switching resources and reserve buffer

space (in advance) for incoming chains. The TM also populates/updates the

port-map table (See Section II-B) with the newly obtained routing information.

When BFP data frames (i.e. chains) arrive at the TM, these are routed to the

buffer stage (block (D)) where each data frame is delayed by an amount of time

consistent with its relative BT before being routed towards the FIC (block (E)).

• Fabric Interface Chip (FIC), block (E):

This block performs standard FIC functions (i.e. traffic adaptation and conges-

tion control) for both BFP and non-BFP traffic.

• Routing Layer Interface, block (C): The Routing Layer Interface can be thought

as a universal translator of routing information. It interfaces with various rout-

ing protocols and provides the TM with the information necessary to build and

update the port-map table.

• BFP Buffering Stage, block (D): This stage is controlled by the TM and sim-

ply delays frames of an incoming chain by the amount indicated by the BT

before passing them to the FIC (block (E)). Note that, although this block is

represented as a separate entity, the buffer space needed to support BFP can

be implemented by using the buffers already available on the P-OTP, the only

difference being in the way this (reserved) portion of the system memory is

accessed.

• Switch Fabric, block (F): This block is functionally equivalent to blocks (C)

and (D) of Figure D.6. It performs switching operations for BFP traffic and

non-BFP traffic.
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Figure D.6: P-OTP, System Architecture.
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• Output NIC, block (H): This block is functionally equivalent to the Input NIC

(block (G)) and is comprised of the same hardware (for graphical simplicity

we indicate it with a grey block). It is in charge of mapping outgoing packets,

frames and any other eventual client signal onto OTUk signals for transmission

onto the optical mesh.

IV-B Application Programmer Interface

In order to deploy and use BFP services, the proposed protocol needs to be in-

stalled in the network stack in a way that ensures a certain level of familiarity for the

clients while masking its cross-layer behavior. Any client willing to use BFP services

should be able to access them by undertaking the well-known and common socket

related actions – such as creating, connecting, listening, sending, receiving, etc.– in

a way that is not much different from the actions that are involved in programming

with TCP or UDP sockets. This way applications and application developers will see

BFP just as another protocol such as TCP or UDP.
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Figure D.8: Integration of the proposed protocol in the current layered architecture.

Registering BFP with the OS socket layer allows easy access to BFP services by

just using an indicator pointing to the newly registered protocol upon socket creation;

the necessary functionality is provided with identical function headers. In the same

sense, the structural similarities will also have a positive impact on incorporating the

proposed protocol with software packages that abstract the socket layer.

Fortunately, the necessary installation options already exist in the Linux Kernel.

The proposed BFP can be registered with the socket layer as a new transport layer

protocol making it appear to the application developers and the abstraction packages

as just another protocol like TCP and UDP, hence, hiding the cross-layer behavior of

the proposed protocol at the lower layers (See Figure D.8).

Furthermore, implementation of the proposed protocol in the form of a loadable

kernel module (LKM) will ensure that the kernel patches, hence possible regressions,

are avoided, and the new protocol can be unloaded upon request. This approach also

ensures that the deployment is relatively easy from the network administrators’ point

of view.

A similar approach can used to integrate BFP functionalities within other OSs.

V. SIMULATION STUDY

Using Omnet++ [35], our simulation study aims at comparing the ability to ef-

ficiently handle bulk transfers of BFP versus that of a high-speed version of TCP

(TCPWestwood [34]), currently implemented in both the linux kernel and in the

simulation software used for this study [36].

A simple dumbbell topology (Figure D.9) was chosen in order to isolate the per-

formance measures of interest (i.e. normalized goodput and delay per transaction)

from topology and routing-related aspects, which will be part of our future work.
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Figure D.9: Simulation Topology.

With reference to Figure D.9, the propagation delay for each link is set to 1mS

giving a round-trip time (RTT) of roughly 6mS. Link capacity was set to 10Gb/s for

all links.

Transaction sizes varying from 500kB to 1GB were tested, and for each transaction

size the connection setup and transmission procedure was repeated until statistical

stability for the parameters under study was reached. The size of each data frame

(See Figure D.2) was set to one BPF, the same setting was used for the voids (i.e.

each void is comprised of a single BVF).

For the BFP over OTN case, the size of each BPF was set to 15222B, correspond-

ing to the payload area of the OTN frame minus the GFP overhead including core,

payload header, and two bytes of the extended header which are used as a binary

counter to number each frame in a chain. This two-byte counter allows up to 216

frames per chain, corresponding to a maximum size for the bulk data carried in a

chain of roughly 1GB.

For the BFP over Ethernet case the BPF size was set to be equal to the payload

area of an Ethernet jumbo frame, corresponding to 9000B of payload per frame.

A TD of 8 was used for all BFP cases and a maximum buffer size of 12 frames

(TD + 4) was selected for both BFP cases. This is not a strict requirement and can

be relaxed if we are willing to trade buffer space for higher utilization and lower CP

blocking probability.

For the TCP simulation a MSS of 8960B was selected and the layer 2 MTU was

set to 9000B (Ethernet jumbo frame). A RED queuing discipline [37] was used in

each router, with: queue weight qw = 0.002, minimum threshold minth = 5 packets,

maximum threshold maxth = 50 packets and maximum packet marking probability

maxpb = 0.02.

The time interval between two consecutive transactions was modeled using an

exponential distribution with mean µ = 1mS for both BFP and TCP. In order to

study the behavior of the proposed protocol under more realistic traffic patterns,
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the study was repeated using a generalized Pareto distribution with scale parameter

σ = 0.0003 and shape parameter ξ = 2. However, no significant differences were

noticed between Exponentially distributed and Pareto distributed traffic, showing

the insensitivity of BFP to the statistical properties of traffic. In the following only

results for BFP over OTN with Pareto traffic distribution are shown, performances

for BFP over Ethernet show little difference between the two mappings, and can be

found in [12].

V-A Goodput

In order to compare the payload delivery capability of BFP and TCP Westwood,

we consider the normalized goodput as defined in Equation D.4 below for the purpose

of evaluating the portion of the available bandwidth effectively used to deliver payload.

Link utilization may be misleading as protocol overhead would be included in its

computation. Depending on which protocol is used, protocol overhead may take up

a non-negligible portion of the available bandwidth without actually delivering any

payload, hence we excluded it from our computations for both TCP and BFP.

Figures D.10 and D.11 show the average normalized goodput for BFP over OTN

and TCP respectively.

G =
P

C
∗ 100 (D.4)

where:

P Payload bits successfully delivered / Second

C Link Capacity

When using BFP, transaction sizes > 10MB progressively fills the available band-

width, and goodput increases linearly up to roughly 99% (reached when the number

of sources equals the TD). This is the result of scheduled interleaving of chained data,

with CP blocking occurring only when normalized goodput is close to its maximum.

Beyond this point, goodput remains above 70% for all transaction sizes considered,

showing the capability of BFP to provide high goodput even when the requested band-

width exceed the link capacity and transmission requests (CP) start being blocked.

Note that with BFP, small transactions (≤ 10MB) can achieve high link uti-

lization due to interleaving of flows coming from different sources. However, given

the increased load on the BFP control plane, we do not advocate BFP for small

transactions (e.g. < 500kB).



187

Figure D.11 shows how TCP sources fill the required bandwidth to the bottleneck

router, resulting in higher goodput with respect to BFP for long lived TCP flows

(≥ 300MB) as long as the number of sources remains limited (≤ 3). Beyond this

point, TCP is prone to packet drops which trigger the TCP backoff algorithm, dra-

matically reducing the offered load and resulting in poor link utilization. For shorter

flows (≤ 100MB), TCP either does not ramp up fast enough to fill the available

bandwidth or, as the number of sources increases, the random backoff mechanism

kicks in, significantly reducing the goodput, as in the case of longer lived flows.

An issue occurring when multiple TCP sources compete for the same resources

is known as TCP incast [38,39], common in data center scenarios, and it leads to

throughput collapse. While the collapse of the throughput was observed in the TCP

case for all transaction sizes ≥ 100MB (See Figure D.11), it did not occur in the

BFP case.

Figure D.12 shows how BFP compares with TCP Westwood in terms of good-

put. Transactions varying in size from 100MB to 1GB using both BFP and TCP

Westwood are shown. The rapid goodput collapse observed in TCP as the number

of sources increase suggests a significant advantage relative to the amount of offered

load that BFP can handle with respect to TCP. BFP can accommodate over 40%

more load with respect to TCP without incurring goodput collapse (See shaded area

of Figure D.12).

V-B Delay

Figures D.13 and D.14 show the delay performances of BFP and TCP, as the

average time needed to successfully complete one transaction, including connection

setup and any additional delay coming from data retransmission (i.e. BFP retrials due

to CP blocking -including connection (re)setup- and TCP packet retransmissions). A

new connection is setup for each new transaction in both the TCP and BFP case.

Figure D.14 shows that, for transactions≥ 500MB and up to 2 sources, TCP tends

to fill the available bandwidth achieving smaller delays. As the number of sources in-

creases, TCP goodput collapses (Figure D.11) and end-to-end delay rapidly increases

to values up to over 30 times larger than BFP, as can be seen from Figure D.15. Sim-

ilar TCP performance is observed for all other transaction sizes (smaller). In these

cases BFP achieves better delay performance regardless of the number of competing

sources.

The rapid degradation of the delay performance of TCP is due to the high packet

drop rate (triggering the random backoff algorithm) occurring when multiple sources
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Figure D.10: Normalized Goodput for BFP over OTN (Pareto).
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Figure D.11: Normalized Goodput for TCP (Pareto).

compete for the same resources. Another factor negatively affecting TCP delay per-

formance, is the large number of acknowledgments (ACK) used by TCP. Although

for the topology studied the Round Trip Time (RTT ) is relatively small, the effect of
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Figure D.12: Normalized Goodput Comparison for Transaction Size ≤ 100MB.

ACKs transmission has a heavy influence on TCP delay (each ACK will add to the

overall delay an amount roughly proportional to RTT/2). Obviously this will further

degrade TCP delay performance when larger network diameters are considered. Sim-

ilar considerations also apply to BFP; however, due to the smaller amount of control

information exchanged between source and destination, the resulting increase in delay

would be much smaller.

The periodic configuration of data frames in each BFP transaction ensures that

once a connection setup is successful the delay between the first and last bit of an

entire transaction is constant. This result in a much smaller variation of the end-to-

end delay (See Figure D.15) of BFP with respect to TCP, making BFP particularly

suited for delay-sensitive applications (e.g. video streaming).

VI. DISCUSSION

Delayed periodic reservation is not a new idea [40,41,42,43]. However, to our

knowledge, the BFP resource reservation algorithm and its relative buffering tech-

nique have not been proposed before in this context.

The particular resource reservation algorithm also differentiates BFP from OFS

[5], which can be seen as a particular case of BFP where only chains with TD = 0

are used, and the underlying infrastructure is all-optical. In [44] the higher efficiency
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in terms of link utilization of the BFP resource reservation algorithm with respect to

that used in OFS was demonstrated.
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Another key difference between BFP and the aforementioned approaches employ-

ing delayed periodic reservation is that [40,41,42,43] are all variations of OBS, and

require some form of replacement/redesign of the currently deployed transport archi-

tecture.

BFP targets large file transfers specifically and does not aim at replacing any of the

protocols or architectures currently in place. Our intent is to complement the current

infrastructure with a method able to more efficiently handle large file transactions,

leveraging currently available functions and minimizing deployment impact.

Another potential weakness of OBS-based approaches in terms of their overall

energy efficiency is that burst assembly procedures at the edge of the network may

nullify the advantages gained in the core by using large frames [45]. In contrast,

BFP does not perform any burst assembly; large files at a source location are simply

sliced and packaged, using whichever frame size is available, into chains that are then

scheduled for transmission and handled by the current architecture as a standard data

flow with particular buffering requirements.

BFP also shares some similarities with pipeline forwarding (PF) [46], however

most of the above considerations on OBS/OFS also apply to PF. In addition: (1)

BFP scheduling acts on complete transactions, not on individual packets. (2) BFP

traffic does not coexist with standard TCP/UDP traffic, so no preemption mechanism
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of BFP over standard traffic is needed and (3) similarly to PF, in BFP switching is also

based on timing. However, in contrast with BFP, the time ”reference” (i.e. CP arrival

time) is different for each node and has only a local significance, freeing the nodes from

the need to coordinate and synchronize with each other. Data synchronization for

BFP is achieved by control plane operations and not derived from a common source

nor through the use of distributed synchronization protocols. Lastly, (4) partial packet

buffering is allowed in BFP resulting in lower queuing delays.

BFP was designed to provide most of the advantages offered by optical layer so-

lutions (high link utilization, low power consumption and efficient resource usage)

without requiring major hardware redeployment or architectural redesign of the cur-

rently deployed infrastructure. In order to provide ease of integration within the

current architecture of BFP functionalities we aim at reusing as much as possible

currently available functions, from routing protocols to framing procedures.

Basic functions required to support BFP are extremely simple and ultimately

boil down to the ability to store and forward data frames and execute the proposed

scheduling algorithm. Thus the only major change required is within the control

plane. Given the plethora of protocols and functions currently defined within the

network infrastructure, this update can be risky. In this respect, integrating BFP as

a LKM will minimize the risks and allow easy evolution of BFP.

Simulations showed that BFP can achieve significantly better performance than

TCP in terms of Goodput, Delay and average buffer space. For our specific simulation

parameters, BFP can accommodate over 40% more load than TCP without incurring

throughput collapse (TCP incast), and delay per transaction can be over 30 times

smaller while only using a fraction of the buffer space used by TCP [12].

Although BFP can reuse any available routing protocol (See Section II-B), routing

and load balancing protocols specifically designed for BFP traffic can be designed

using information about each chain to make load-balancing and routing decisions that

take into account the configuration of each chain, expressed as its average bandwidth

occupancy (Equation D.5).

Bc =
fb ∗ n

fs ∗ [TD ∗ (n− 1) + 1]
(D.5)

where:

fb size (in bits) of a data frame
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n number of data frames per chain

fs duration (in seconds) of a data frame at the (output) line rate

TD Transparency Degreee of the chain

VII. CONCLUSION

While traditional protocols such as TCP or UDP may struggle to scale in the

new networking scenario dominated by large transactions (often with stringent de-

lay requirements), BFP proposes an alternative method, improving on known traffic

shaping [47] and pacing [48] techniques.

Most BFP traffic is handled at lower layers, where the cost per bit is lower, while

higher layers are accessed only when strictly necessary (e.g. for routing purposes).

As a result, most of the computations performed by TCP on a per-packet basis (e.g.

header processing, address lookup, etc.) are performed on a per-flow basis by BFP,

significantly reducing the computational load placed on the network hardware by

large transactions.

While many optical layer approaches have been studied and show the potential

to significantly improve performance with respect to current networks, most require

major architectural redesign, hardware redeployment, and have not been embraced

by industry.

BFP offers similar advantages of optical layer solutions in terms of performance

(high goodput, low latency and efficient resource usage) leveraging on currently avail-

able network functionalities, potentially offering a less disruptive evolutionary path

for both IP and DC networks.

An in-depth study of the topology and routing-related aspects of BFP, considering

more complex simulation scenarios for both IP and DC networks is currently under

way and will be included in our future work. The tolerance of BFP to errors in the

timing estimates will also be addressed. Lastly, using OpenFlow-enabled hardware

[49,50] it will be possible to run BFP tests over real-world networks.
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Appendix E

Big File Protocol (BFP) for

efficient quasi-deterministic data

transfer in data centers

[Submitted to IEEE Transactios on Cloud Computing on November 24 2014.

Pending Review.]

Abstract : Performance variability in data center networks is a major concern,

affecting both tenants and operators. Although TCP and its variants are extensively

used in data center environments, they nonetheless still suffer from high performance

variability and sub-optimal network goodput.

Recently proposed Big File Protocol (BFP) offered significant advantages over

legacy data transfer protocols. In this paper we adapt BFP for data center envi-

ronments and show its ability to deliver superior performance in terms of network

variability, goodput, and delay. BFP is largely independent of the underlying net-

work topology and can deliver the same performance over a wide variety of data

center topologies and architectures. BFP can integrate with many existing routing

and load balancing approaches, offering a versatile, highly-efficient mean to handle

bandwidth-intensive applications in data centers.
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BFP is able to achieve goodput efficiency within 0.1% of the maximum capacity

achievable, with fairness index equal to the theoretical maximum (Jain’s fairness

index, J = 1), and standard deviations below 0.0002Mb/s

I. INTRODUCTION

In recent years significant investments have gone into expanding and improving

data center architectures in order to continue supporting a plethora of hosted services

(e.g. web search, scientific computation, distributed file systems, map-reduce and so

forth). Data Centers (DC) play increasingly important roles in many sectors of the

economy. And as their size and complexity grow, issues related to their sustainability,

performance and profitability become more critical [1].

Although only responsible for a small portion of the overall cost of a DC [1],

the data center network (DCN) plays a key role in determining the DC performance

[2,3]. Many services offered by DCs (e.g. map-reduce [4]) exhibit a high degree of

thread-level parallelism, and rely heavily on the network infrastructure. The network

infrastructure of the data center can become a serious DC performance bottleneck,

significantly impacting both tenants and service providers [2,3,5,6,7].

In order to improve user experience and keep DCs profitable for providers, a data

center needs to be able to provide stable and predictable network performance for

unpredictable traffic patterns and workloads [2,5,8,9].

Many of the solutions proposed for DCNs [10,11] redesign the DC architecture,

creating topology or applications-specific solutions, or requiring some form of hard-

ware modification. In contrast, the aim of this paper is to provide DCNs with a

data transmission protocol which is largely insensitive to the underlying network

topologies, requires no hardware redeployment, is able to provide quasi-deterministic

network performance with goodput efficiency [8] within 0.1% of the maximum ca-

pacity, and is able to achieve ideal fairness. Our approach is to overlay an efficient

data transfer protocol onto existing DCN architectures to support data-intensive ap-

plications (e.g. map-reduce or CDN content update/distribution), giving the DC the

means to efficiently utilize the available bandwidth. Our approach is therefore able to

work in concert with a wide range of proposed DC architectures, as well as existing

routing and load balancing solutions (e.g. [5,8,12,13]).

The rest of this paper is organized as follows: Section II provides a quick overview

of the current issues and state-of-the-art in DCNs, Section III describes the proposed

approach, and addresses questions relative to its integration within a DCN; Section

IV presents the performance of BFP over various DCN topologies. Advantages of
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using BFP in a DC, and potential usage scenarios for BFP are discussed in Section

V.

II. BACKGROUND

A DC is usually built using a large number of commodity-off-the-shelf (COTS)

components interconnected by a high-capacity network providing communications

services between servers, which constitute the compute resources of the DC [14,15].

Servers are packaged into racks containing typically between 20 and 40 servers each

[8]. Each rack is equipped with a top-of-rack switch (ToR) connecting all the servers

to the aggregation layer of the DCN. Typical DCNs, such as that described in [15],

implement a two- or three- tier DCN infrastructure depending on the size of the DC.

Smaller DCs usually opt for a two-tier infrastructure (capable of supporting several

thousands of hosts). Larger data centers, hosting hundreds of thousands of machines,

tend to use three-tier architectures [16,17].

There are several different popular DC architectures depending on the size and

purpose of the DC. We refer to [10] and [11] for a more complete overview of deployed

and proposed DC architectures.

As mentioned in Section I, the DC network infrastructure should provide stable

and predictable performance in order to guarantee good user experience. Studies on

DC traffic characteristics [8,18] show that DC traffic is unpredictable, and it is strongly

dependent on the type of DC. For example, cloud DC, map-reduce clusters, produc-

tion DC, and so forth, are known to exhibit different workloads and traffic patterns.

In this scenario it can be challenging to provide predictable network performance if

the underlying data transfer dynamics remain unchanged [2]. A sizable number of

research efforts have focused exactly on this aspect [19,20,21,22,23,24,25,26].1

In terms of the flow distributions in DCs, several studies seem to agree on the fact

that although most flows are small, the vast majority of bits belong to large flows

[2,8,18] . TCP [27], which in some DCs handles over 99% of traffic [19] was simply

not designed to handle these kind of transactions [28].

Another key issue in DCNs is the variability of network performance [9]. This vari-

ability can have severe consequences on the overall performance of the DC [3,5,6,7].

As an example, consider a typical DC application such as map-reduce, which relies

heavily on the network to distribute jobs among servers. The servers then carry

1Clearly, a limited number of DC scenarios also exists where by all of the incoming workloads are
themselves highly predictable and stable. Such DCs do not represent the typical or common case.
This work focused on the more typical scenarios whereby well-behaved DCN traffic does not simply
arise by default.
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out their computations and return a response to the dispatching entity. The overall

response time, therefore depends on the job completion time for each machine, as

well as the time taken by the slowest server to deliver its results. Even if just one

machine experiences network congestion, the whole computation can be slowed or

generate less precise results (e.g. web-indexing, web-search). Since DC tenants are

often billed based on the time they occupy the DC resources, high variability in DCN

performance can result in “hidden costs” for the tenants [5], who may then elect to

change providers resulting in revenue losses for the DC operator [29,30].

The ability to assign any service to any server in a DC is referred to as agility

[2,8]. This key characteristic plays an important role in achieving high utilization

of the computational resources, allowing DC operators to meet unexpected workload

demands. Agility also eases VM migration, an important feature when it comes

to consolidating workloads, avoiding resource fragmentation, and efficiently utilizing

DC resources [31]. The lack of agility in current DCNs is due to multiple factors

[8] including: (1) the limited server-to-server bandwidth available in common DCN

architectures, (2) the high oversubscription ratio often found in DCNs, and (3) the

inability of VMs to migrate without changing their current IP address, which may

result in the breaking of active connections if the VM is migrated to a different

physical machine. Another important problem in DCNs is TCP incast [21], as it can

lead to throughput collapse which further degrades the DC network performance and

variability [32].

In order to improve DC network performance a wide range of architectures have

been proposed and investigated [10,11]. Among them, VL2 [8] was proposed as a

solution to improve fault tolerance, oversubsrciption, and DCN agility while providing

stable network performance and high bandwidth between servers. VL2 exploits a

topology similar to the 3-tier DCN architecture presented in [15] but with a Clos

topology between core and aggregation layers, ensuring a rich connectivity at the

higher layers and improving path diversity with respect to [15]. A load balancing

algorithm based on Valiant Load Balancing (VLB) [33] is used to evenly balance traffic

flows over a richly connected network topology. VL2 also uses a flat addressing scheme

that separates server names from their physical location, providing agility without

the drawback of interrupting ongoing connections during migrations. The mapping

between the servers names and their physical location is handled by a centralized

directory server. A drawback of VL2 is its reliance on a richly connected topology

[12], with associated potential costs and operating issues.
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SPAIN is a topology-independent approach presented in [12]. This approach only

requires minor software modifications at the end-hosts and, like VL2, can be imple-

mented using COTS components. In SPAIN, an offline network controller precom-

putes a set of paths which are merged into a set of trees, covering the entire DCN

physical topology. SPAIN then exploits the VLAN support of COTS switches to map

each tree onto a separate VLAN, achieving multipath forwarding without being tied to

a specific physical DCN topology. The SPAIN control and data plane functionalities

are implemented on linux end-hosts via a Loadable Kernel Module (i.e. a driver) and a

user-level controller. The driver is in charge of host initialization and re-initialization

whenever the host migrates to a new ToR as well as being in charge of sending and

receiving packets according to the SPAIN algorithm. The user-level controller is in

charge of determining the MAC address of the network interface, the ID of the edge

switch, as well as contacting a centralized repository with all the precomputed paths

and downloading the DCN map (precomputed offline). A “SPAIN virtual Ethernet

device” is created and configured by the controller. This virtual device position it-

self as a master with respect to the physical Ethernet device, intercepts all incoming

packets and routes them toward the SPAIN virtual device. Although SPAIN brings

the advantage of implementing multipath forwarding for arbitrary topologies using

currently deployed hardware, it does not address the network performance variabil-

ity issue. Furthermore, it assumes that all sources get a fair share of the available

bandwidth, which may not be straightforward to achieve in practice [8,19].

As discussed later in more detail, the Big File Protocol (BFP) [28] was developed

as an efficient transport protocol for bandwidth-intensive applications. BFP can out-

perform standard TCP in terms of delay, goodput, buffer space, and delay variation

for such high volume traffic.

In this work we adapt BFP [28] to work in data center environments as a generic

data transfer protocol for network-intensive applications, and show how BFP is able to

work in concert with different DCN architectures (e.g. [5,8,12,13,15]), providing them

with a simple data transfer protocol,that is able to provide superior performance in

terms of transmission delay and goodput, while also providing stable and predictable

network performance2.

III. DATA CENTER BFP

BFP [28] is a cross-layer transport protocol designed to handle data-intensive

transactions through preferentially exploiting lower layer services.

2By which we mean that BFP is a (statistically) well-behaved system.
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Figure E.1: Data frame assembled with multiple atomic data frames (BPF)

Figure E.2: BFP chain with length LCh = 3 and TD = 4

BFP-enabled sources shape traffic coming from large transactions into a set of

concatenated fixed-size data frames. These data frames can be sized to fit the frame

structure of the underlying lower layer transport technology (e.g. OTN [34] or Eth-

ernet [35]), simplifying the mapping of BFP onto the available underlying transport

architecture [28,36]. The data frame assembly mechanism [28] allows for the use of

frames of virtually any size by assembling each data frame as a sequence of atomic

data frames transmitted back to back (Figure E.1). Such atomic data frames are

referred to as Basic Payload Frames (BPF), their size depends on the underlying

transport technology.

In BFP, the available bandwidth of each link is modeled as series of data frame

sized timeslots. The underlying hardware is not required to implement/support TDM,

as the timeslots are only used by the control plane to model the available bandwidth

and schedule network resources for incoming transactions [28]. At transmission time,

data frames are interspersed with a fixed number of void frames, which have the

same size and structure of data frames but only carry stuffing bits. Void frames are

always preempted by data frames and are never processed, as they are only used to

intersperse BFP data frames. Combining data and void frames, large transactions are

transmitted as periodical, semi-transparent transport entities referred to as chains.

Using chains, the configuration of which is stable and well defined, enables the

handling of large transactions at the lowest possible network layer (e.g. L1 for OTN-
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mapped BFP or L2 for Ethernet-mapped BFP), skipping most of the per-packet/per-

frame processing required by other data transfer protocols (such as TCP, where each

packet must be processed individually, as it crosses several layers of the network stack

at each node), significantly reducing the computational load placed on the network

hardware by bandwidth-intensive transactions [28]. The configuration of each chain

is completely defined by: (1) its frame size, i.e. the number of BPFs in each data

frame, (2) its period, referred to as the Transparency Degree (or TD) of the chain,

and (3) its length (LCh) in terms of number of data frames per chain. A BPF chain

with TD = 4 and LCh = 3 is shown in Figure E.2. A Control Packet (CP) travels

node by node and performs delayed, end-to-end resource reservation for each chain.

For a generic node “i” in the data path, the reservation starts at the expected time

of arrival (relative to that node, ETAi) of the first bit of the chain [28].

If the BFP resource reservation procedure (Section III-B) is successful the source

is notified and chain transmission can start. At each node, buffering is used to align in

time the frames of incoming chains and interleave chains competing for the same links,

allowing data plane collisions and frame drops to be avoided. The only entity that can

be blocked is the CP during the resource reservation phase. When a chain leaves its

source, ordered delivery of all its data frames is guaranteed. Such a reservation-based

approach is reasonable given BFP’s focus on high volume data transmissions.

The mapping of BFP chains onto the underlying transport layer is discussed in

detail in [28,36].

When organized into BFP chains, the average bandwidth occupation of each trans-

action is determined solely by the chain configuration (Equation E.1).

Bc =
fb ∗ LCh

fs ∗ [TD ∗ (LCh − 1) + 1]
(E.1)

where:

fb size (in bits) of a data frame

LCh number of data frames per chain (i.e. chain length)

fs duration (in seconds) of a data frame at the (output) line rate

TD Transparency Degree
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III-A DC-BFP Deployment Strategy

The integration of BFP in a DC environment would be consistent with the cur-

rent use of large numbers of low-cost commodity servers. Large-scale hardware re-

deployment would be impractical; Hence a BFP-enabled DC is achieved via software

modifications at the control plane and OS level are required. As a sample integration

strategy, we consider a network where a BFP network module residing at the ToR is

in charge of coordinating BFP traffic for the rack it services. We assume that from the

ToR upwards all network equipment supports OTN. Note that this is not a limitation

as BFP can also be implemented using Ethernet only [28]. Integration of BFP within

the OS network stack and mapping strategies for BFP chains onto the underlying

transport layer are discussed in [28]. Here we will discuss the various DC-specific

functions needed at each network element (i.e. end-hosts and switches/routers) in

order to support BFP. Our discussion is framed by the schematic of Figure E.3,

showing a rack unit of servers, each with a BFP software module installed (BFP

Server Software Module or BSSM) and a ToR switch with a BFP network module

(Ethernet to OTN Bridge or EOB). This module could be implemented in hardware

(e.g. a PCIe network processor [37]) or as a software/firmware upgrade to currently

deployed ToR components. An EOB is also assumed to be present in each of the

higher layers switch/router supporting BFP transmission. In what follows, the func-

tionalities required at each network element to support BFP are described in some

detail, assuming servers to be linux hosts.

1) End-hosts. To support BFP, end-hosts are in charge of the following: or-

ganize large files into BFP frames, process the BFP control traffic (i.e. CP, ACKs,

and NACKs) and provide (periodic) access to the communication channel for appli-

cations using BFP.

An application (i.e. a BSSM) can be installed at the end-host machine, providing

application-level access to BFP transport services. A BSSM provides BFP transport

services on a file by file basis (e.g. explicit user selection), automatically (e.g. for file

sizes ≥ 100MB), or by application type (i.e. given the benefits offered by BFP -See

Section IV- , applications like map-reduce may be setup to use BFP by default). A

discussion on a BFP API allowing application programmers to access BFP transport

services is described in detail in [28].

Similarly to the integration approach presented in [12] a LKM (i.e. a “driver”)

can be installed at the end-host machine to handle transmission and reception of

BFP data traffic with the required periodicity, and to process BFP control traffic.
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Figure E.3: BFP-enabled DC rack

At transmission time, the driver can intersperse data frames with frames containing

stuffing bits (i.e void frames), effectively transmitting periodic data frames sequences

(traffic shaping). Deviation from perfect periodicity will be adjusted at the ToR using

buffering, while potential data frame collisions can be avoided using guard time. The

size of this guard time depends on the achievable timing precision at the end-hosts.

In this respect note that in the case of Ethernet-mapped BFP, this guard time is

naturally provided by the Inter Frame Gap (IFG), which can be decreased as the line

rate increases.

Achieving precise periodic frame transmission for each data flow (chain) at a end-

host could be challenging in a virtualized environment where multiple VMs can coexist

in the same physical machine. Interrupt reaction times may represent a limitation

when it comes to transmitting periodic data frames with the required accuracy (i.e.

with deviations from perfect periodicity that can be recovered by buffering at the

ToR switch). This issue is mitigated in devices supporting single-root input-output

virtualization (SR-IOV) [38], and in natively shareable devices, which are becoming

more and more common [39]. In devices where SR-IOV is enabled, upgrading the

Virtual Machine Manager (VMM) software can force the Master Driver (MD) to
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assign to a VM using BFP transport services, a virtual function able to meet a

specific level of service, e.g. guaranteeing 1Gb/s Ethernet performance [39].

The MD, which is specific to a VMM and is responsible for configuring shared

resources between various VMs, has higher privileges with respect to the VM drivers

and can perform changes that have a global effect, effectively granting a specific level

of service to VMs as well as coordinating the network access of all the VMs in a

controllable fashion, giving to all the VMs the “illusion” of a dedicated NIC. Network

throughput of SR-IOV devices in a virtualized environment is very close to that of

non-virtualized ones [38].

Another functionality of the MD is to configure the L2 sorter, switch and classi-

fier, providing additional control on the transmission equipment, and helping reduce

timing uncertainties coming from the interrupt delay of the individual VMs. Further-

more, these MD functions can be used to enforce periodic transmissions of BFP data

frames coming from different VMs by selecting them in a round robin fashion and

providing periodicity to each flow by alternating data frames from different sources

and filling in the “blanks” with void frames whenever necessary (i.e. when there is no

data to send). Lastly, note that the method described above does not require changes

to server-level NICs.

Switches/Routers. Although strongly dependent on the deployed hardware,

it is likely that end-hosts do not support OTN framing and mapping. In this case

chains will reach the ToR as a set of Ethernet frames. Once at the ToR, BFP frames

can either be left as Ethernet frames or the payload can be extracted and mapped

onto OTN [28,36], if available at the ToR, for improved protocol efficiency and timing

accuracy. Programmable devices sufficient to implement the BFP resource reserva-

tion protocol and bridge between Ethernet and OTN (i.e. EOBs) are commercially

available today [37,40]. This EOB would be in charge of: (1) executing the BFP ad-

mission control and scheduling algorithm, (2) coordinating with BSSMs in the hosted

servers, and (3) cleaning up timing in transmissions coming from low cost servers, i.e.

via buffering.

Switches, including ToR switches, need to process the BFP CPs, implement the

BFP resource reservation protocol, and handle buffering of data frames accordingly.

Devices such as [37], can be used for both OTN and Ethernet-mapped BFP. Data

frames coming from end-hosts may suffer from poor synchronization and result in

chains that deviate significantly from the required periodicity. The buffer space avail-

able at the ToR switch can be used to compensate for these deviations. Once the
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ToR switch is reached and data frames of incoming chains are properly (re)timed, the

underlying network functions available at the NICs found at the higher layers of the

DCN hierarchy (i.e. aggregation and core layer) already provide the timing accuracy

required to support BFP transmissions.

If BFP is mapped onto OTN directly [36], the OTN layer can provide the timing

accuracy needed by BFP, once BFP data frames are mapped onto ODU [34] channels.

Although BFP mappings over OTN and Ethernet are both possible, Ethernet

mapping is less efficient as the BFP data frames would have to go through an addi-

tional layer of the network stack at each intermediate DCN node (i.e. L2).

Although BFP mappings over OTN and Ethernet are both possible, Ethernet

mapping is less efficient as the data frames would have to go through an additional

layer at each node (i.e. L2).

III-B DC-BFP Resource Reservation And Signaling Protocol

DC networks differ from wide-area networks (WAN) in many ways, and protocols

that may work in one environment may not perform well in the other [19]. The main

differences between DCN and WAN can be summarized in terms of DCNs as follows:

1 Much shorter round trip times (RTT)

2 Applications often need both high bandwidth and low latency

3 Lesser degree of statistical multiplexing, that is, a single flow may dominate a

particular path

4 DCN is homogeneous, under a single administrative domain and its topology is

stable and known

5 Load balancers and application proxies provide connectivity between the DCN

and external networks, making backward compatibility with legacy protocols

less of a concern

We exploit these characteristics, in particular points 1 and 4, to modify the BFP

resource reservation protocol presented in [28] to work in a DC environment.

The main modification required is the introduction of an offset time (∆R) between

the reception of confirmation of resource availability for a chain and the start time

for the chain’s transmission.

The resource reservation procedure starts when a chain is assembled at the source.

A CP is generated at the source host and associated with the chain via a “transaction
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ID” (chain ID). Since the topology of the DCN is known (point 4) we can establish

a rough maximum RTT (RTTMAX), this information is included in the CP together

with the following parameters:

• Source/Destination identifier : Source and destination points for the chain.

These could be L2, L3 addresses or VLAN tags, depending on the particular

addressing scheme deployed in the DCN.

• Frame size (Fs): number of BPFs within each data/void frame.

• Chain length (LCh): number of data frames within a chain (Equation E.2).

LCh =

⌈
T

Fs

⌉
(E.2)

where:

T Transaction size [B].

Fs Data frame size [B].

• Transparency Degree (TD): the chain’s period.

• Expected Time of Arrival (ETAi+1) [28]: time at which the first bit of the chain

will reach the next node in the path (node i + 1), expressed as the amount of

time between reception of the CP and arrival of the first bit of the chain at

that node. For DC-BFP this parameter is simply set by the source to equal

RTTMAX (Equation E.3). This groups, estimates of CP processing times, prop-

agation delays and ACK reception time (τACK) together with their relative

estimation errors, into a single, precomputed parameter whose value depends

on the particular DCN topology and the routing/load balancing algorithm in

use.

ETAsrc =
N∑
i=1

(τi + pi) + τACK
.
= RTTMAX (E.3)

where:

N Number of nodes in the path.

τi Propagation time to reach node i [s].
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pi Estimated CP processing time for node i [s].

τACK Time for the ACK to reach the source node [s].

The CP is then forwarded from the source host to the ToR switch, where it is

processed to reserve resources for the incoming chain before continuing to the next

node in the data path. Each node in the data path process the CP and performs

delayed resource reservation for the incoming chain, starting at the time indicated

by the ETA parameter of the incoming CP. Before routing the CP to the next node

(i.e. node i + 1) the ETA field is updated with the BTi computed for the chain at

the current node (node i), according to Equations E.4 and E.5. As in [28], buffering

(BT ) is used to time-align and interleave incoming chains onto outgoing links as well

as to compensate for any deviations and timing uncertainties that a chain may have

incurred travelling to its destination. Lastly, note that each node computes the ETA

value for its next node (ETAi+1).

BTi = te,1 − ETAi (E.4)

ETAi+1 = ETAi +BTi − pi (E.5)

where:

te,1 Ending time of the first available timeslot on the outgoing link.

This procedure is repeated at each node in the data path until either the destina-

tion is reached or the CP is blocked. If reservation is successful the source is notified

with an ACK. Upon ACK reception the source computes the residual time (∆R,

Figure E.4) before the scheduled transmission start time using Equation E.6, and

initiates chain transmission ∆R seconds after receiving the ACK.

∆R = RTTMAX −RTTeff (E.6)

where:

RTTeff is the (effective) RTT experienced by the CP.

If reservation is unsuccessful, the source is notified with a NACK and backs off

for a random amount of time before retransmitting. In a DC environment where the
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Figure E.4: Path reservation and chain transmission procedure for DC-BFP

topology is stable and known, the backoff time can also be selected considering topo-

logical information, chain configuration and RTTMAX . Finding an optimal backoff

time for blocked chains is an optimization problem which depends on the particular

DCN topology and routing strategy, and its solution is out of the scope of this paper.

In this work we generate backoff times using a normally distributed random variable

with a narrow standard deviation centered on the chain duration time.

The BFP chain signaling and transmission procedure is illustrated in the time-

diagram of Figure E.4. Using an offset time (∆) to establish chain transmission time

at the source, results in wasting some bandwidth per each transaction. The amount

of bandwidth wasted is directly proportional to ∆R. However this wasted bandwidth

is minimal, especially for larger files (e.g. ≥ 100MB), as it will be shown in Section

IV.

III-C DC-BFP Routing Algorithm: Weightless Link-Saturation Multi-

path (WLSM)

Although BFP can inter-operate with any available routing protocol [28], in the

present work we assessed BFP under a simple routing strategy based on Dijkstra

algorithm [41], to allow BFP flows to be spread over multiple paths, exploiting path
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diversity of the topologies studied while avoiding loops. We refer to this algorithm as

Weightless Link-Saturation Multi-path (WLSM).

An additional parameter named TTL threshold is added to the CP, representing

the maximum time a CP is allowed to travel through the network. This parameter is

setup at the source node and its value depends on the trade-off between the number of

alternative paths to explore and the overall delay per transaction that is acceptable.

At initialization (t = 0) each node in the DCN builds a routing table using Dijkstra

algorithm [41]. As a CP arrives at a node the routing table is accessed to find the

output port relative to the CP destination, the node then attempts to schedule the

chain on that port. If this reservation fails, the node then tries one by one all of its

available ports excluding the one on which the CP was received. If all the ports are

exhausted the CP is blocked and the source is notified (NACK), otherwise resources

are booked on whatever port was found to be available to service the incoming chain.

The CP is then forwarded through that port, towards the next node (original path

is now changed). If the TTL threshold is reached or if the CP reachs a node which

it has already visited, the CP is blocked and the source is notified. A flow chart for

WLSM is shown in Figure E.5.

We are fully aware that this routing strategy is simple-minded and may not work

as well as more sophisticated and computationally intensive approaches. Designing

an optimal routing protocol for BFP, in a DC environment is out of the scope of this

paper. Furthermore, although banal in its functioning, WLSM still allows BFP to

outperform other approaches (e.g. those used in [8,12]), suggesting that further im-

provements are likely achievable by integrating BFP with more sophisticated routing

and load balancing protocols.

SIMULATION STUDY

BFP performance in DC environments is evaluated by means of simulation. BFP

simulations are run over various topologies, including those presented in VL2 [8],

SPAIN [12] as well as over a standard DCN topology (adapted from [15]).

Results for BFP are compared with those obtained in [8] and [12], and show

that BFP can: (1) provide uniform high-bandwidth between the servers, (2) provide

superior network stability in terms of goodput and delay variation, (3) achieve much

shorter delays per transaction, (4) maintain its performance advantages over various

topologies, making BFP relatively insensitive to the topology, and lastly (5) provide

very high fairness values which, in some cases, reach the theoretical maximum (i.e.

Jain’s fairness index [42], J = 1).
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Figure E.5: Weightless Link-Saturation Multi-path routing (flow chart)

In all the topologies tested we use an all-to-all data shuffle stress test, repre-

sentative of map-reduce-like workloads (e.g. hadoop [43]). Common in many DC

environments, this test represents the worst-case scenario for a DCN in which every

server tries to transmit to all others simultaneously. This allows us to benchmark

BFP performances without focusing on the detail of DC traffic patterns and dynam-

ics, which are complex and may vary from DC to DC [8,18]. The all-to-all data

shuffle was also used in [8,12], allowing us to compare our results with those obtained

for VL2 and SPAIN, which use TCP as their (reliable) data-transport protocol. No

two-phase data shuffle was used in the following set of simulations.

The basic set of parameters we measured in all tested scenarios are the following:

• Shuffle completion time. The time at which the last bit of the last transaction

of the all-to-all data shuffle is delivered.

• (Mean) Delay per transaction (∆T ). Completion time for each transaction [44],

including resource setup and any eventual retrial due to failure of the resource
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reservation procedure. Mean and standard deviation of this parameter are also

studied as a measure of the stability of delay performance of BFP.

• (Mean) Goodput per flow (GFlow). Goodput achieved by each flow, together

with its standard deviation, highlight the stability of the network goodput under

BFP. If compared with Equation E.9, this parameter can give an indication on

how well-behaved BFP goodput is. Goodput and delay stability are key to work

conservation in DCs, and are important indicators of the stability of network

performance [8].

• Aggregate Goodput (GAgg). Equivalent to the goodput efficiency as defined in [8].

This parameter is the sum of the goodput achieved by all the network interfaces

(one per machine) divided by the sum of the interface capacities (Equation E.7).

GAgg =

∑N
i=1Gi∑N
i=1Ci

∗ 100 (E.7)

where:

Gi is the goodput for interface i

Ci is the capacity for interface i

N is the total number of machines engaged in the all-to-all data shuffle

In all our simulations we use data frames of 15232B with 15222B of payload,

corresponding to the payload area of an OTN frame minus GFP overhead [45] (i.e.

BFP over OTN, as described in [28,36]). Alternatively, we could have assembled data

frames of roughly the same size using approximately 10 standard Ethernet frames

assembled back to back. In this case we would have lost some protocol efficiency due

to Ethernet header and IFG, slightly degrading the performances in terms of goodput

efficiency and delay per transaction3. The maximum buffering allowed for BFP flows

was limited to 500 frames per chain for each of the 10Gb/s links, and to 100 frames

per chain for the 1Gb/s links. The average buffer space occupied was computed using

Little’s law. The maximum average buffer space occupancy was recorded for the case

of the VL2 topology with no core nodes active, yielding the following values: ∼ 9MB

for the 10Gb/s links, and ∼ 570kB for the 1Gb/s links.

3Ethernet frames carry less payload than OTN frames, yielding longer chains (Equation E.8)
and, as a result, lower goodput efficiency (Equation E.9).
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Figure E.6: VL2 Topology

IV-A BFP vs VL2

In our first experiment we compared BFP with VL2 [8] by running BFP over the

same topology and with the same configuration used in [8] (Figure E.6): all-to-all

data shuffle among 75 servers divided into 4 racks (for a total of 74 ∗ 75 = 5550

simultaneous flows). We ran the test for transaction sizes varying from a minimum of

500kiB4 per file to a maximum of 1GiB per file, corresponding to data shuffle varying

from 2.775GiB to 5.55TiB. WLSM (See Section III-C) was used for BFP instead of

VLB [33]. In [8] only one shuffle size is considered (2.7TB).

As shown in Figure E.7, BFP can shuffle roughly the same amount of data as VL2

(i.e. ∼ 2.7TB), over the same topology in about 310s, which is over 80 seconds less

than VL2 [8]. As expected, BFP shuffle completion time increases linearly with the

file size. A behavior observed in all other tests presented in this paper, irrespective

of the tested topology.

The average delay per transaction (∆T ) is shown in Figure E.8. As expected,

∆T also increases linearly with the transaction size, and exhibit a (small) standard

deviation (0.0037s) which is independent of the file size. Also for ∆T , the linear

increase with transaction size is independent of the topology.

The independence of the standard deviation of ∆T with file size is due to the fact

that all chains retain the same basic structure ( i.e. all have the same TD and data

frame size). Since, in this experiment no call is blocked (blocking probability = 0, for

all file sizes), the only variability to the transaction delay comes from how much each

chain is buffered which is a limited, well defined quantity, dependent only on chain

configuration (Equation E.4).

4IEC notation.
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Figure E.7: Shuffle completion time for BFP over the VL2 topology over a range of
shuffle sizes.
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Figure E.8: Average delay per transaction for BFP over VL2 topology.

As BFP is not tied to TCP transmission dynamics, we are able to achieve much

higher goodput efficiency with respect to [8]. As shown in Figure E.9, we achieve a

goodput efficiency which is 99.9% of the available capacity to servers, versus the 78.4%

obtained in [8], thereby showing that BFP is able to handle significantly more traffic

with respect to VL2, which uses TCP. Furthermore, in BFP the goodput is perfectly

divided among the various flows, yielding a fairness index near to its theoretical

maximum (J = 1) [42]. In all cases we get 0.999 ≤ J ≤ 1, whereas for VL2 [8]

J = 0.995 (for the 500MB files shuffle, where we get J = 1). Lastly, the goodput per

flow (Figure E.10) obtained by BFP is both higher (13.5Mb/s versus 11.4Mb/s) and
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Figure E.9: Goodput efficiency for BFP over VL2 topology.

more stable than that of [8], with a standard deviation (0.00016Mb/s) over 3 orders of

magnitude smaller than VL2 (0.75Mb/s). This small standard deviation highlights

BFP’s near-deterministic network performance. The performance stability of BFP

remains superior to that of VL2 even in the BFP worst case scenario of the smallest

shuffle size (2.775GB ). In this case, BFP still produces a standard deviation of only

0.161Mb/s, which is over 4 times smaller that that achieved by VL2 (See Figure E.10).

Note also that in this case the duration of the resource reservation procedure has the

strongest influence on the per-flow goodput, since these chains (500kiB) are much

shorter than in the 500MiB case (i.e. ∼ 2.7TiB shuffle).

The detailed simulation data including minimum and maximum values for ∆T and

goodput per flow (GFlow), as well as Jain’s fairness index (J) for the various shuffle

sizes (S) tested are shown in Table E.1. Note t hat the overall min/MAX ranges are

themselves smaller than VL2 reported standard deviation [8].

Table E.1: BFP over VL2 topology (additional data).

S[GB] GFlow(min−max)[Mb/s] ∆T (min−max) J
2.775 12.9681− 13.7422 0.298− 0.316s 0.999
5.55 13.2845− 13.6696 0.613− 0.631s 0.999
55.5 13.4817− 13.5203 6.204− 6.222s 1
555 13.5017− 13.5056 62.111− 62.129s 1
2775 13.5041− 13.5049 310.57− 310.59s 1
5550 13.5044− 13.5047 636.06− 636.08s 1
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Figure E.10: Goodput per flow for BFP over VL2 topology.

In order to asses BFP’s resiliency to failures, we re-ran the experiments by deac-

tivating one-by-one all the core nodes, while monitoring BFP’s performance over the

constructed topologies. Each deactivated core node can be thought as correspond-

ing to the worst-case scenario of a simultaneous failure of all 3 links attached to the

same core node. These tests show, that BFP still retains most of its advantages in

terms of network stability, goodput efficiency and fairness even when working in a

less connected topologies.

BFP achieves virtually identical performance if one core node is removed (Fig-

ures E.11,E.12, E.13 and E.14), showing that BFP can still outperform [8] while

using less hardware (one less core switch with its NICs and associated cabling).

BFP performance starts to degrade when two and three core nodes (Figure E.6)

are removed, as shown in Table E.2. Note that in keeping with [8], this table only

shows results for 2.7TiB shuffle. However, BFP’s behavior remains similar to that

reported in Figures E.7, E.8, E.9 and E.10 for all other tested file sizes.

Under failure conditions, besides the doubled shuffle completion time, BFP still

offers stable network performances, higher or equal fairness index, and higher goodput

(both aggregate and per flow) with respect to VL2, in all scenarios derived from the

VL2 topology.

The doubled shuffle completion time is due to retransmission of BFP chains which,

although unnecessary, still retain their configuration (i.e. their TD) when retrying.

We solve this issue for map-reduce applications by constructing a two-step data shuffle.

To our knowledge this approach was never described before in the literature, and it
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Figure E.11: Shuffle completion time for BFP over VL2 topology (two core nodes
active)
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Figure E.12: Average delay per transaction for BFP over VL2 topology (two core
nodes active)

is specifically designed for BFP in the context of map-reduce-like workloads (i.e. all-

to-all data shuffle).

During phase 1 of a two-step data shuffle all sources start their connection to all

other machines simultaneously, as per standard all-to-all data shuffles. In phase 2,

which is triggered only if some flows are blocked during the first phase of the shuffle,

we use a “centralized shuffle controller” (this could just be a application on a VM,

e.g. the dispatching entity of the shuffle jobs) in charge of collecting information on

how many BFP flows have been blocked from the applications involved in the shuffle
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Figure E.13: Goodput efficiency for BFP over VL2 topology (two core nodes active)
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Figure E.14: Goodput per flow for BFP over VL2 topology (two core nodes active)

and to provide them with a TD to be used for flow retransmission during phase 2

(i.e. TDPh2). TDPh2 is decided by the shuffle controller based on how many flows

were blocked during phase 1 of the shuffle. Due to the smaller number of flows to

be shuffled with respect to phase 1, previously blocked flows can now be transmitted,

using a smaller TD (i.e. TDPh2), yielding shorted chains which can be delivered faster

than if retransmitted using the same TD used during the first phase of the shuffle.

As an example of a two-phase data shuffle, consider performing the shuffle over the

topology shown in Figure E.6 in the case of all core nodes inactive (no core nodes).

Using the same chain configuration used for the standard VL2 case in the first phase
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Table E.2: BFP over VL2 topology with one and zero core nodes active for 2.775TB
data shuffle. (σ is computed over the 5550 flows).

core nodes active one active core node 0 active core nodes
Shuffle
completion time[s] 621.377s 621.378s
Aggregate
goodput [%] 99.5644% 99.0108%
Average delay 312.881s 316.282s
per transaction[s] (σ = 26.6s) (σ = 41.54s)
Average goodput 13.4546 Mb/s 13.3798 Mb/s
per transaction[Mb/s] (σ = 0.29) (σ = 0.90)
Flow blocking
probability[%] 0.74% 1.82%
Fairness
index (J [42]) 0.998 0.995

of the shuffle (i.e. TD = 74). Simulation shows that only ∼ 1.8% of the flows are

blocked (corresponding to roughly 100 blocked flows over a total of 5550 flows).

Considering that: (1) end-hosts are connected via 1Gb/s to their ToR, and the

ToR are connected via 10Gb/s links to the aggregation layer [8], and that (2) blocked

flows are not all directed towards a single destination, we can select TDPh2 = 10

for the second phase of the shuffle. Chains with TD = TDPh2, will be upshifted to

TD = 100 once the flows reach the 10Gb/s links, guaranteeing the interleaving of the

remaining flows regardless of their path.

Let’s now compute the two-step shuffle completion time for three simultaneous

core node failures. The duration of a chain as a function of its TD and LCh (∆Ch) is

expressed by Equation E.8:

∆Ch = fs ∗ [TD ∗ (LCh − 1) + 1] (E.8)

where:

fs Duration (in seconds) of a data frame at the (output) line rate

TD Transparency Degree

With a transaction size of 500MiB per transaction (LCh = 34443 frames), TDPh2 =

10, and fs ≈ 0.000122s (at the end-host), ∆Ch at phase 2 yields a value of roughly

40s which, added to the 310s, i.e. the time it takes to deliver the first “batch” of
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Figure E.15: Topology used in [12].

chains (simulated), gives a two-step shuffle completion time of around 350s which is

still roughly 40s less than in the VL2 best case scenario.

IV-B BFP vs SPAIN

SPAIN [12] was proposed as a COTS-based multipath forwarding approach. Un-

like VL2, SPAIN is designed to be topology-independent. We tested BFP against

SPAIN by reproducing the same network topology and conditions examined in [12]

(Figure E.15). However, instead of using the SPAIN multipath algorithm, for BFP

we use WLSM (Section III-C). As in [8], in [12] only a data shuffle with 500MB per

file is considered (i.e. ∼ 2.7TB shuffle size). In the topology used in [12] there are

80 servers distributed over 3 racks with 23, 28 and 29 machines, respectively. We

evaluated BFP on this same configuration.

The parameters measured in [12] are the mean goodput per host (GHost), aggre-

gate goodput (GAgg), the mean host completion time (∆THost
) and the total shuffle

completion time. Fairness and network stability parameters such as standard devia-

tions for goodput per flow and delay per transaction were not addressed in [12].

Performance of BFP in the conditions described in [12] is presented in Figures E.16,

E.17, E.18 and E.19, while additional simulation data is presented in Table E.3. Ta-

ble E.4 shows how BFP compares to SPAIN for the same parameters and shuffle size

considered in [12]. As it can be seen from the graphs and Table E.4, in spite of its

simple routing algorithm (WLSM), BFP still outperforms SPAIN [12] in terms of

network goodput and delay. Furthermore, also for this topology, BFP performance is

very close to those achieved over the VL2 topology, showing BFP insensitivity to the

particular topology in use. The slight variations with respect to the VL2 topology
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that arise due to the different chain configuration used in this case (TD = 79, same

data frame size), yields slightly longer chains (Equation E.2) to transport the same

payload, thereby lowering the bandwidth occupation (Equation E.1).

Table E.3: BFP over SPAIN topology (Figure E.15).

S[GB] GFlow(min−max)[Mb/s] ∆T (min−max) J
3.16 11.9663− 12.7807 0.320− 0.342s 0.999
6.32 12.3502− 12.7600 0.657− 0.679s 0.999
63.2 12.6187− 12.6602 6.625− 6.647s 1
632 12.6462− 12.6504 66.311− 66.333s 1
3160 12.6492− 12.6500 331.56− 331.58s 1
6320 12.6496− 12.6500 679.04− 679.06s 1

Table E.4: BFP vs SPAIN [12]. Parameter by parameter comparison (spanning tree
results from [12] are also reported)

Spanning Tree SPAIN BFP

Ghost[Mb/s] 449.25 834.51 999.32

GAgg[GB/s] 35.60 66.68 79.94

∆THost
[s] 744.57 397.50 331.57

Shuffle
completion time[s] 831.95 431.12 331.58

IV-C BFP Over Standard DCN Topology [15]

To further test BFP sensitivity to the topological configurations of the underlying

network, we also ran an experiment over a standard DCN architecture as described in

[12]. An all-to-all shuffle between 75 machines distributed over 4 racks (Figure E.20)

was performed. We obtained the same behavior observed in all other topologies tested,

and the results are still very close to those previously obtained (See Figures E.21, E.22,

E.23 and E.24). Additional simulation results are presented in Table E.5. Identical

behavior and similar performance are obtained when the all-to-all shuffle is increased

to involving 80 machines. The only difference was a slight decrease in the goodput

per flow and an increase in the delay per transaction and shuffle completion time as

a result of the higher TD used to match the number of machines.
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Figure E.16: Shuffle completion time for BFP over SPAIN topology
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Figure E.17: Average delay per transaction for BFP over the SPAIN topology [12].

Table E.5: BFP over standard CISCO DCN [15](additional data).
S[GB] GFlow(min−max)[Mb/s] ∆T (min−max) J
2.775 12.9681− 13.7422 0.298− 0.315s 0.999
5.55 13.2845− 13.6696 0.613− 0.631s 0.999
55.5 13.4817− 13.5203 6.204− 6.222s 1
555 13.5017− 13.5056 62.112− 62.129s 1
2775 13.5041− 13.5049 310.57− 310.59s 1
5550 13.5044− 13.5047 636.06− 636.08s 1

IV-D BFP Performance Predictability
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Figure E.18: Aggregate goodput (goodput efficiency) for BFP over SPAIN topology
[12].
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Figure E.19: Goodput per flow for BFP over SPAIN topology [12].

Offering predictable performances is an important issue in DCNs [2,5,9,46]. To

show the degree to which BFP is well-behaved, our simulation study concludes by

showing how closely measured values of goodput per flow (GFlow [Mb/s]) match the

theoretical values computed via Equation E.9.

ĜFlow =
fb ∗ LCh

fs ∗ [TD ∗ (LCh − 1) + 1] +RTTMax

(E.9)

This equation extends Equation E.1 to include the delay introduced by the reser-

vation procedure (i.e. RTTMax) . Delay due to chain buffering was not included in this
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Figure E.20: Example of a standard CISCO DCN topology [15].
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Figure E.21: Shuffle completion time for BFP over standard DCN topolgy [15]

equation, as only the maximum value of this parameter can be computed in advance.

Its precise value depends on the topology and the routing/load balancing algorithm

used. Table E.6 shows values for all the topologies tested for the 2.775TiB shuffle

size. Whenever no flow is blocked (i.e. there is enough bandwidth to accommodate

the offered load), Equation E.9 is an unbiased estimator of the average goodput per

flow (GFlow). In all other cases the goodput per flow performance of BFP are still

predictable with reasonable accuracy. A similar degree of predictability was observed

for the other shuffle sizes as well as for the delay per transaction (∆T , Equation E.2).

V. DISCUSSION

Through our simulation study we have shown that BFP offers significant advan-

tages over other proposed DC networking approaches, particularly those using TCP

as their main transport protocol (e.g. [8,12]). BFP can deliver high aggregate good-
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Figure E.22: Average delay per transaction for BFP over standard DCN topolgy [15]
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Figure E.23: Goodput efficiency for BFP over standard DCN topolgy [15]

Table E.6: Goodput per flow (GFlow[Mb/s]), 2.775TB shuffle size
Simulation Theory Bias MSE Topology
13.5045 13.5050 0 2.335 ∗ 10−7 VL2
13.5045 13.5050 0 2.335 ∗ 10−7 VL2 (2 cor.)
13.4546 13.5050 0.044 0.337085 VL2 (1 cor.)
13.3798 13.5050 0.109 0.830419 VL2 (0 cor.)
12.6497 12.6502 0 2.37363 ∗ 10−7 SPAIN
13.5045 13.5050 0 0.729901 CISCO

put (≥ 98%) as well as stable and predictable network performances irrespective of
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Figure E.24: Goodput per flow for BFP over standard DCN topolgy [15]

the physical DCN topology. By providing uniform high bandwidth between servers,

BFP is also able to significantly improve DCN agility [2,8]. The low BFP sensitivity

to the DCN topology shows BFP’s potential versatility and applicability to a wide

variety of DCN architectures.

When it comes to performance isolation, BFP relies on both the effectiveness of

the load balancing algorithm deployed in the DCN (similarly to [8]), as well as on the

periodic structure of each chain, which naturally isolates data flows, limiting their

interaction to a (buffering) delay increase, the maximum of which can be computed

in advance. Approaches such as those proposed in [5,8,13,47] used in combination

with BFP can provide even stronger performance isolation. This is mostly due to

the deterministic nature of BFP, where we can accurately compute the bandwidth

occupancy and duration of each flow in advance. This then allows the estimated

values of GFlow (ĜFlow) and ∆T to be used as a parameters for routing/load balancing

algorithms, allowing BFP to make “informed” decisions.

In [28], a strategy to integrate BFP with existing routing protocols is described.

The well-behaved nature of the BFP (e.g. bandwidth occupation and flow duration)

is a desirable characteristic that can be used by many proposed DCN architectures

(e.g. [5,8,12,13]). When used in combination with these architectures, BFP quasi-

deterministic network dynamics allow whatever DCN architecture is implemented to

make more informed decisions (with respect to bandwidth assignment, routing and

load balancing) than possible when dealing with typical TCP dynamics, which tend

to be far less predictable. This allows BFP to serve as a simple but effective mean to
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control network bandwidth for bandwidth-intensive applications, e.g. those arising

with Big Data’s emergence (e.g. [43,48,49]).

VI. CONCLUSIONS

BFP offers a mean to efficiently manage large file transmissions and bandwidth-

intensive applications using a periodical data structure (BFP chain), which is designed

to closely match OTN service characteristics. Chains are scheduled in advance over an

end-to-end path using a lightweight, two-way signaling protocol performing delayed

resource reservation on a per-chain basis. This work considers the application of BFP

to DCNs and presents a possible deployment strategy of BFP using commodity servers

augmented with a BFP software module (BSSM). A BFP network module (EOB) at

each switch/router implements the BFP resource reservation protocol and act as

a bridge between Ethernet and OTN. Performance of BFP was studied by means

of simulation and compared with popular DCN architectures. BFP showed superior

network performance and stability as well as predictable network performance. These

advantages were maintained over various topologies, highlighting BFP’s insensitivity

to the underlying DCN topology.

BFP simplifies data transmission dynamics with respect to traditional data trans-

fer protocols, offering stable and predictable network performances. BFP behavior is

largely deterministic, and it can integrate with many proposed and implemented DCN

architectures, providing them with a simple, highly-efficient data transfer protocol to

be used where traditional protocols, such as TCP, fall short.
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