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Preface

Background

The data center aims to interconnect the hardware resources, such as large-scale
servers and network facilities, with dedicated topologies. Thus, data center acts as a
massive resource pool, including computing, storage, network and other resources,
to provide elastic services for various applications.

Data center networking (DCN) plays an essential role for the design of data
centers. DCN aims to connect all switches and servers together using an outstanding
topology, so as to achieve better network performance. Many applications hosted by
data centers cause intensive data interaction across multiple servers. DCN becomes
the bottleneck of data centers, and affects user’s experience directly. Therefore, it
is urgent to bring more innovations into the field of DCN, so as to promote the
development of data centers and its applications.

The research about DCN has become a highlight field in the academia as well
as the industry communities. There still exist a series of fundamental challenges
for speeding the development of the data centers. Specifically, this book focuses on
two challenges, including the topology design and the collaborative management of
traffic inside each data center.

This book deeply discusses the design and optimization methods of several novel
network topologies for data centers, so as to realize the high bandwidth, high fault
tolerance and high scalability. Furthermore, this book reports the cooperative trans-
mission mechanisms of several correlated traffic patterns in a data center, which can
significantly reduce the bandwidth consumption. The majority content in the book
come from our recent papers published in journals or conferences, and systematically
report representative research results in the field of data center network.

v



vi Preface

Content Organization

Thebook consists of ten chapters,which can be divided into three parts. Part I presents
the background and overview of data centers and then discusses the state-of-the-art
network topologies of data centers, in Chaps. 1 and 2, respectively.

Chapter 1 reports the evolution trend of data centers, illustrates the applica-
tion fields of data centers, and summarizes the important challenges of data center
networking.

Chapter 2 proposes a new taxonomy that divides current data center topologies
into five categories, including the switch-centric, server-centric, modular, random,
and wireless topologies.

Part II introduces our four network topologies of data centers in Chaps. 3–6. They
are the server-centric network topology HCN, modular network topology DCube,
hybrid network topology R3, and wireless network topology VLCcube.

Chapter 3 introduces two server-centric network topologies,HCNandBCN, based
on the compound graph theory. They are constructed using homogeneous servers,
each of which just has two NICs, and commodity switches.

Chapter 4 introduces a family of intra-module network topologies, called DCube.
EachDCube interconnects a large number of dual-port servers and low-end switches.
Many DCube modules can further form a new modular data center.

Chapter 5 introduces a general design methodology for DCN topologies using the
compound graph theory, and discusses a hybrid network topology R3, which is the
compound graph of a structured topology and a random topology.

Chapter 6 proposes a hybrid network topology, VLCcube, by introducing extra
visible light communication (VLC) links into data centers. Specifically, VLCcube
augments Fat-Tree, a representative DCN in production data centers.

Part III focuses on the cooperative transmission of correlated flows inside a data
center. Managing those correlated flows is very essential for efficiently utilizing the
network resource and speeding the data applications.

Chapter 7 introduces the cooperative transmissionmanagement problemof Incast.
The basic idea is to perform the in-network data aggregation, during the transmission
phase as early as possible rather than just at the receiver side.

Chapter 8 considers how to realize the in-network aggregation of correlated
Shuffle transfer, so that the bandwidth consumption can be considerably reduced.
This chapter also introduces the scalable traffic forwarding mode based on Bloom
filters.

Chapter 9 makes the first step towards the study of in-network aggregation of
uncertain Incast transfer.

Chapter 10 introduces the cooperative traffic management of multicast. This
chapter proposes the minimum cost forest (MCF) model for such a multicast transfer
with uncertain senders.
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Chapter 1
Introduction of Data Center

Abstract This chapter presents the background and overview of the data center from
the three dimensions. First, we introduce the basic concept and history of data centers,
especially the evolution of data centers in the era of cloud computing, the internet
of things and big data. Next, we illustrate the potential application fields of data
centers, such as networked computing, networked storage, the data analysis. In the
end,we summarize representative challenges of data center networking, including the
functionality customization, network virtualization, the scalable network topology,
traffic management, et al.

1.1 Evolution of Data Centers

1.1.1 Basic Concept and Intuitive Classification

The data center is a complex system to interconnect hardware resources, such as
large-scale servers and network facilities, with dedicated topologies. It also contains
redundant or backup power supplies, redundant data communication connections,
environmental controls and various security devices. By doing so, the data cen-
ter usually acts as a massive resource pool, including computing, storage, network
and other resources, to provide elastic services to all applications. New computing
paradigms and applications, such as cloud computing, internet of things and big data
analysis, further accelerate the development of modern data centers. As a result, the
data center is regarded as a basic information infrastructure for countries and IT
enterprises, and plays an indispensable role in the economic field, the science field
and technology field, and daily life.

The emergence of data centers aims tomeet the strong demand for efficient organi-
zation andmanagement ofmassive data [1].With the growing customers, the banking
and financial industry has urgent demand for efficient data storage and management
technologies in the early days. The boom of the Internet and the revolution of digital
society significantly speed the increase of available data in Internet. Consequently,
a variety of network storage architectures have been proposed to realize the storage
and management of those massive data. Mainstream architectures include the direct
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attached storage (DAS), the network attached storage (NAS) and the storage area
networks (SAN).

A typical DAS system is made of data storage devices directly attached to the
computer or a server accessing it via SCSI cables or fiber channels, as opposed
to the storage accessed over a computer network. With SCSI cables, a server can
accommodate up to 16 storage devices, while this number is 126 when optical fibers
are utilized. However, DAS falls short of the low scalability, and high maintenance
complexity. First, the storage hardware prefers to serve the attached server, thus
cannot be shared and utilized by other servers. Whenever the storage resource of
any server is always overloaded, additional storage devices have to be attached,
even the storage resources at other servers are under-utilized and wasted. Moreover,
servers may support diverse applications, which differ in the number of consumed
storage resources. This phenomenon further lowers the resource utilization of the
DAS system. DAS usually offers low storage capacity at the cost of a few servers, and
hence is suitable for small-scale or medium-scale systems. Generally, DAS fails to
meet the increasing requirements of current storage applications in terms of the large
capacity, high reliability, high availability, high performance, dynamic scalability,
easy maintenance, et al. The key insight of filling this gap is to shift the server-
centric access pattern to a network-centric access pattern, to realize the capacity
expansion and the performance upgrade, especially the seamless data sharing among
multiple servers. This naturally promotes the development of the network attached
storage (NAS), by decoupling the storage and computing functionalities in any given
network.

NAS connects storage devices to a standard computer network (e.g., Ethernet),
which includes memory devices (e.g., hard disk arrays) and dedicated servers. There
is a specific operating system (usually an optimized Unix/Linux operating system)
running on a dedicated server. The dedicated server acts as a remote file server, pro-
viding network file sharing protocols such asNFS, SMB/CIFS, FTP.NAS is designed
for file-level storage architecture such that other application servers in the network
can remotely access the file system in storage devices through the network. After
specific optimizations, the file system can support multiple file formats. Therefore, in
NAS, all application servers with different operating systems can realize file sharing
through the network file system. Compared with SAN, NAS provides both storage
and a file system, while SAN provides only block-based storage and leaves file sys-
tem concerns on the “client” side. On the other hand, NAS is a file-level storage
system, thus the storage rate is relatively low compared to block-level SAN. In sum-
mary, NAS aims to offer efficient file sharing services, and is suitable for large file
transmission in relatively small-scale networks.

SANmaintains high-speed and reliable interconnections between storage devices
and servers, and forms a dedicated area network for data storage among the storage
devices. The front-end server can access the back-end storage devices through the
network. Each storage device doesn’t belong to any single server anymore; instead, all
storage devices share resources with all servers. According to the used protocols and
communication techniques, the current SAN architectures can be categorized into
two categories, including the SANwith the optical fiber communication interface and
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the SAN with the ordinary communication interface. SAN architecture has a lot of
advantages. First, servers access the storage devices through the network, therefore
multiple servers can store data to different storage devices simultaneously. In this
way, storage devices are decoupled from servers; thereby, storage devices and the
servers can be built and updated independently. Meanwhile, the storage devices can
be shared efficiently by diverse applications, ensuring high storage utilization even if
different applications exhibit unequal storage requirements. After more than 10years
of development, SAN has been quite mature and has become the de facto standard
of the industry. However, for PB-level data storage needs, the SAN architectures still
fall short in the scalability of the capacity and performance.

Nowadays, the consecutive development of the Internet of things (IoT) makes it
possible for human beings to carry out fine-grained and continuous observation of
the physical world. All kinds of sensors continuously collect various types and large
volume sensing data about the physical world. These data impose serious require-
ments on the massive storage space, and the efficient data management and analysis
techniques. The new applications, such as IoT applications, large-scale online ser-
vices, enterprise fundamental services, gave birth to large-scale data centers with
hundreds of thousands of or even millions of servers. Although data centers provide
a tremendous amount of computing and storage resources, it is still non-trivial to
handle the problems that occur in large-scale data centers, such as resource reuse,
resource management, fault tolerance, etc.

To this end, Google has designed massive and performance data centers, which
replace traditional dedicated devices with commodity servers, storage devices, and
networking equipment. After attaching additional disks to each server, a large-scale
distributed file management system, i.e., GFS [2], is implemented across the whole
data center. Due to the low reliability of such commodity devices, it is inevitable
for data centers to occur device failures. To improve the reliability of distributed file
system, GFS implemented the data replication mechanism to achieve file system-
level data redundancy. This kind of network storage architecture naturally avoids the
bottleneck of SAN, and can realize the linear expansion of performance and capacity.
In addition, Google also designed large-scale computing framework MapReduce [3]
and large-scale distributed database BigTable [4] for its data centers. MapReduce
divides computing operations into two stages, including the Map and Reduce stages.
Each stage employs a portion of servers in the data center to finish a set of computation
tasks. According to the data locality principle, each computing task should be loaded
to the nearest node, which stores the data to be processed, so as to minimize the data
transmission overhead inside the data center. BigTable is competent to process PB-
level data in both a fast and efficient manner, resolving the storage and management
problems of massive data.

Google uses a great number of commodity servers to build large-scale data centers
and guarantees efficient collaboration, on-demand scheduling and resource sharing
among each data center. The behind design and management rationales are consid-
ered as milestones of the new generation data center. Such a data center is usually
composed of tens of thousands of servers, which are interconnected to form a dis-
tributed computing and storage network with a specific network topology. The new
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generation of data centers has attracted the great attention of Internet companies and
the research community because of their inherent scalability and fault tolerance. At
the same time, Amazon, Google, Microsoft, Facebook and other large-scale Inter-
net companies have also built large-scale data centers around the world, which can
accommodate tens of thousands or even hundreds of thousands of servers. With the
quick development of modern data centers, many efforts have been made to improve
the design technologies from different aspects. Taking the data center network as an
example, the Internet Engineering Task Force (IETF) established a working group,
named Software Defined Networking (SDN), which regards the data center net-
work as a main application scenario. Besides, IEEE also started up a task group, the
Data Center Bridge (DCB), for the data center network. CISCO, Juniper Network,
HUAWEI and other equipment manufacturers launched various switch products for
data centers.

1.1.2 Demands for Data Centers from Cloud Computing

The expose of information in modern society, the maturity of resource reuse tech-
nology and the popularization of the broadband network have jointly promoted the
birth and development of cloud computing. Cloud computing platforms, such as
Amazon’s EC2, Google’s AppEngine and Microsoft’s Windows Azure, have been
commercially available to offer on-demand use of hardware and software. Cloud
computing has become a de facto new computing paradigm. To meet the huge mar-
ket demand, traditional IT enterprises also accelerate the migration of their services
to the cloud.

Cloud computing is a commercial computing model. It depends on the virtualized
data center to provide convenient, flexible, and cheaponline services for Internet users
and enterprise employees. This fact clarifies the essential status and role of the data
center as the core infrastructure of cloud computing. Gartner estimated in a July 2016
report that Google at the time had 2.5 million servers across multiple data centers
around the world. In April 2011, Facebook unveiled its data center in Oregon with
tens of thousands of servers. This data center utilized some energy efficiency and
emission reduction technologies. At present, far-sighted local governments in China
are building data centers to promote the cloud computing industry, such as Guiyang
data center, Hohhot industrial base for cloud computing, and Wuxi cloud valley. All
telecom operators in China have launched their cloud computing strategies with their
Internet data centers. Internet companies such as Baidu, Alibaba and Tencent also
developed large-scale cloud data centers to provide better cloud computing services.

The cloud platform is the foundation of cloud computing services. It manages a
huge amount of physical resources inside a data center and is responsible for the
global allocation and scheduling of these resources. Thus, it is possible that various
cloud services can compete for resources while running steadily in the complex cloud
environment. Most cloud platform uses many virtualization technologies to integrate
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various resources, to provide the Infrastructure as a Service (IaaS), Platform as a
Service (PaaS), and Software as a Service (SaaS) to users in a transparent way.

IaaS aims to provide userswith virtualized computing resources, storage resources
and network resources inside data centers, and dynamically adjusts the assigned
resources to each user on demand. For example, Amazon’s EC2 [6] provides rental
services of virtual machines for small and medium enterprises to flexibly build-
remote IT infrastructures based on the virtual machine. EC2 is a representative
application model of IaaS, and is currently one of the most mature IaaS systems
in production. We also note that some open source cloud computing projects, e.g.,
Nimbus [7], Eucalyptus [8], and Opennebula [9], provide similar services as EC2.

PaaS provides a platform allowing users to develop, run, and manage applications
on the basis of a series of fundamental services, such as databases, data processing
and software development environments. In this way, users can customize their appli-
cations on the PaaS platform, without the complexity of building and maintaining a
local development platform. Google App Engine (GAE) [10] is a representative PaaS
platform. It offers users the development and operation environment based on Java
and Python. In addition, Google also releases some development tools to help pro-
grammers to developWeb programs.WindowsAzure Platform (WAP) [11] is similar
to GAE. It deploys the virtual machine as a running environment and provides data
storage services to facilitate users to develop and implement applications.

SaaS tries to provide end-users with customized software services so that users
can access them in the cloud without local installation. Compared to IaaS and PaaS,
SaaS is more suitable for ordinary users. Many SaaS services are established based
on IaaS and PaaS platforms. Google Apps and Salesforce are two widely used SaaS
platforms. Google Apps provides users with web applications with a similar function
of desktop software. Users no longer need to download software, and just access them
through the Internet. Unlike the popular free Google SaaS platform, Salesforce aims
to deliver a commerce platform for customized applications.

Overall, large-scale scalable hardware resources are the basis of resilient cloud
computing services. The appearance of a data center aims at providing a large num-
ber of physical resources and then deploying dedicated cloud platforms to offer users
multiple types of cloud services. The public cloud data centers usually provide the
rental services of IaaS and PaaS first, and further offer the basic environment for
the SaaS development and deployment. Private cloud data centers run specific net-
work services for dedicated companies or departments only; while hybrid cloud data
centers deliver more flexible and diverse services. For example, Google’s cloud data
center not only offers front-end search services for customers, but also runs back-
end analysis and mining tasks of massive webpage data. The emergence of the cloud
computing model significantly extend the usage of data centers. In turn, the devel-
opment of data centers also build a solid foundation for the polarization of cloud
computing.
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1.1.3 Demands for Data Centers from Big Data Applications

In March 2012, the Obama administration announced an $200 million investment
plan to launch the Big Data Research and Development Program. This program is
another key science and technology strategy after the Information Superhighway
Program launched in 1993. This will undoubtedly have a far-reaching impact on
the development of science, technology, and economics in the future. On the other
hand, China, the European Union, Canada, the Republic of Korea, Singapore and
other countries or regions have launched similar big data development strategies.
The definition of big data is not unified by academia. One representative definition
is that big data is a collection of data, which cannot be captured, managed, and
processed using conventional software within a bearable time period. International
Data Corporation (IDC) defines big data with four features, namely, massive data
scale (Volume), diverse data types (Variety), huge data value (Value), and fast data
flow (Velocity).

The data from Internet of Things (IoT) applications represents a major source
for big data. IoT aims to expand the existing Internet and telecommunication infras-
tructures to interconnect ordinary devices, and facilitate communication between the
devices themselves and/or between the devices and humans. The IoT architecture
consists of four layers, namely, the perception recognition layer, the network con-
struction layer, the management service layer, and the application layer [12]. In the
perceptual recognition layer, a large number of sensing units continuously generate
time-series observation data, hence act as important sources of big data. When the
large volume of sensing data is transferred to some management services via the
network layer, it is necessary to store, analyze and process these data. As the quick
growth of IoT applications, the data generated by all sensors leads to an exponential
growth in the storage and computing requirements. The data center in the manage-
ment service layer acts as a powerful resource platform for IoT applications. It offers
storage services as well as processing services for IoT applications. In 2015, IDC
predicted that IoT would require 7.5× cloud resource capacity in the next four years.

The birth of big data is a natural result of the development of information tech-
nologies. The bulk of big data generated comes from various sources, such as IoT,
Internet, social network, social public domain and beyond. Big data has become the
third-largest social resource besides matter and energy. The key challenge is how to
quickly extract value from massive and heterogeneous data. Big data involves many
industries and various domains across the globe, and faces the following common
problems: (1) the collection and preprocessing methods of big data; (2) the storage
and management methods of big data; (3) the analysis methods of big data; (4) the
architecture and platform of the big data system. As an information infrastructure,
the data center offers a foundational platform for various big data applications and
has the natural advantages of addressing the above challenging issues.



1.1 Evolution of Data Centers 9

1.1.4 The Development of New Generation Data Centers

Traditional data centers incur a hand of disadvantages, such as the low resource uti-
lization, the long delivery cycle time of new services, etc. Such issues make them fall
short of supporting the applications in the fields of cloud computing, mobile Internet,
Internet of things, and big data processing. The emerging new technologies and appli-
cations impose serious requirements on the next-generation data centers, such as the
large-scale cloud data centers, and geo-distributed data centers. In addition, the busi-
ness model of the data center has been shifted from traditional resource leasing to the
cloud service renting. This new business mode exhibits new features, including high
elasticity, high availability and the high performance, etc. Currently, many IT com-
panies, telecommunications operators, and government departments have provided
many cloud data center services. In the future, data centers will keep embracing virtu-
alization, modular design, energy-saving, and automatic maintenance technologies.

1. Virtualized data centers (VDC). Virtualization has the advantages of flexible allo-
cation, quick updates, and high resource utilization. As reported in literature, the
resource utilization of data centers is only 20–30% on average, while the power
consumption in most idle cases still reaches about 60% of the peak value. The
appearance ofVDCaccelerates the development of cloud computing. It provides a
high level abstract to virtualize and integrate the physical resources and thereafter
offers a unified interface for upper-layer applications, such that various resources
inside a data center can be dynamically allocated. As a result, VDC naturally
guarantees high resource utilization, less energy consumption, and low operation
cost. Virtualization technologies, including the traditional computation and stor-
age virtualization, as well as the emerging network and IO virtualization, play an
increasingly important role in cloud data centers.

2. Modular data centers (MDC). The modularization design methodology brings
remarkable manageability and operation efficiency to data centers. It can satisfy
the requirements of building customized data centers in a flexible and expandable
way, hence support the increasing amount of data center applications. Specifically,
MDC involves many challenges in practice, including customized data center
modules, the standard assembly process of modules, efficient delivery strategy,
and on-demand module expansion and replacement, et al. MDC naturally eases
the construction, maintenance, deployment and expansion of data centers. If the
price of an MDC could decline further in the future, it will be one of the most
important choices for small and medium-sized enterprises.

3. Green and energy-saving data centers. Energy-saving is a major development
trend of future cloud data centers. It aims at introducing advanced technologies to
improve energy efficiency, thus saving total energy consumption. Energy-saving
strategies are usually utilized across the whole room, cooling system, and IT facil-
ities. Consequently, a data center can maintain a stable circumstance for involved
devices with the ambition of energy reduction. Available energy-saving strategies
include water cooling refrigeration technology, high-density power distribution
technology, high voltage power supply technology in high-density computer cab-
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inets, airflow control technology, intelligent environment monitoring technology,
etc. In addition, Such energy-saving strategies should be adopted across the plan-
ning, design, deployment, operation, maintenance, and management phases of
the cloud data center.

4. Data centers under automatic operation andmaintenance.With the quick develop-
ment in recent years, data centers accommodate various applications, thereby the
operation andmaintenance of data centers become extremely heavy and complex.
In large data centers, traditional operation andmaintenance methods are unable to
resolve the low efficiency, high labor cost and error prone challenges. The emerg-
ing AIOps method aims to introduce a complete and automatic management and
control scheme for data centers in the process of configuration management, per-
formance monitoring, et al. This will significantly improve the automatic level
of production data centers, and significantly reduce those daily manual operation
and maintenance work. Furthermore, this would standardize involved operation
and maintenance activities, and consequently avoid human errors.

As the core information infrastructure, the next-generation data center will play
a more important role in the future information and intelligent Era. According to the
2018 report of the international data company (IDC), the sum of the world’s data will
grow from 33 zettabytes in 2018 to 175ZB by 2025, and will be accommodated by
public large-scale data centers. The data center also motivates the quick development
of novel computing and storage technologies. Many IT companies and institutions
have built many geo-distributed data centers, interconnected by dedicated WAN, to
offer various services for customers.

1. Google’s Data Centers
By 2020, Google has built many large-scale data centers around the world with
collaborations from other companies. At least 13 significant google data center
installations are located in theUnited States, 5 inEurope, 1 in SouthAmerica and 2
in Asia. These data centers support many business needs from search, YouTube,
e-mail, et al. Google has released its own cloud service platform, i.e., Google
Cloud Platform, which provides users with four types of products: computing,
storage, big data and services. Besides, Google has launched at least 11 types of
services to cover all aspects of social life, including multimedia, mobile applica-
tions, web applications, e-commerce, software development, big data, financial
services, games, Internet of things, genetics and security. Based on its advanced
data centers, Google can support at least one billion query results within several
milliseconds, maintain 6 billion hours of YouTube video playback per month, and
provide storage service for more than 1 billion Gmail users [13].

2. Microsoft’s Data Centers
By 2020, the global cloud infrastructure of Microsoft is comprised of 160+ phys-
ical datacenters, arranged into regions, and linked by one of the largest intercon-
nected networks in the world. Such data centers offer high availability, scalabil-
ity, the latest advancements in cloud infrastructure. With such data centers, the
Microsoft Azure cloud platform provides software as a service (SaaS), platform as
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a service (PaaS) and infrastructure as a service (IaaS) to the global users.Microsoft
lists over 600 Azure services, which support many different programming lan-
guages, tools, and frameworks. Azure has attracted many giant users, including
some famous organizations and companies, to build, manage, and deploy appli-
cations using their favorite tools and frameworks, so as to meet their business
challenges.

3. Amazon’s Data Centers
Amazon is currently the largest provider of cloud computing services in theworld,
accounting for about 34% of the market. However, Amazon did not release any
report about the number and locations of its data centers. WikiLeaks published
a list of AWS data center locations in 2015 [1]. In the US, Amazon operates
in some 38 facilities in Northern Virginia, eight in San Francisco, another eight
in Seattle and seven in northeastern Oregon. In Europe, it has seven data center
facilities in Dublin, Ireland, four in Germany, and three in Luxembourg. There are
12 facilities in Japan, nine in China, six in Singapore, and eight in Australia. It also
hosts infrastructures in six sites in Brazil. In terms of IaaS services, AmazonAWS
provides a wide range of core IaaS services, including computing, storage and
content delivery, databases, the Internet of Things, et al. Moreover, AWS provides
abundant PaaS cloud services such as data analysis, enterprise-level applications,
mobile services and the Internet of things. AWS adopts strict standardized designs
to serve all the workload of near one million users across more than 190 countries
and regions. Amazon AWS [14] has attracted many well-known companies and
organizations around the world, including Reddit, Netflix, Coursera, Siemens,
Adobe, 360, Oppo and more.

4. Facebook’s Data Centers
Facebook is the biggest social network worldwide since it has over 2.6 billion
monthly active users as of the first quarter of 2020. Additionally, Facebook is the
sixth-busiest site on the internet in July 2020 according to Alexa. To support this
alreadymassive and still growing user base, Facebook has built numerous gigantic
data centers around theworld. Facebook has not stopped building newdata centers
and continue scaling the capacity of existing data centers, so as to make its data
center infrastructure even more powerful and efficient. Facebook has expanded
to a total of 15 data center locations, with new centers announced. Unlike other
companies, Facebook makes its server, data center design open-source to the
public. Facebook’s data centers mainly support its social networking services. In
fact, Facebook keeps collaboration with other cloud service providers to handle
part of its social network traffics.

5. Alibaba’s Data Centers
Alibaba Cloud, also known as Aliyun, is a Chinese cloud computing company,
which provides cloud computing services to online businesses and Alibaba’s own
e-commerce ecosystem. Alibaba began to build data centers to support Ali cloud
services around the world since 2014. In 2014, Alibaba built five data centers in
Hangzhou, Qingdao, Beijing, Shenzhen and Hong Kong to occupy the market of
cloud services in China. In 2015, Alibaba built its sixth and seventh data centers
in Silicon Valley and Dubai. By 2020, Alibaba operates in 22 data center regions
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and more than 63 availability zones around the world. Each data center region
consists of multiple available zones, while each available zone contains at least
one data center. Alibaba provides secure and stable IaaS, PaaS, SaaS for various
applications, such as e-commerce, big data, database, IoT, object storage, and data
customization. Besides the cloud data centers, Alibaba also established its cloud
content delivery network. This network has connected 2300+ nodes in China and
500+ nodes in more than 70 countries, and offers 130Tbps bandwidth.

6. Baidu’s Data Centers
Besides the traditional Internet search business, Baidu proactively expands and
promotes cloud services. At present, Baidu operates data centers covering more
than10 regions inChina, includingBeijing,Baoding, Suzhou,Nanjing,Guangzhou,
Yangquan, Xian, Wuhan and Hong Kong. It is reported that the data center
in Yangquan hosts over 150,000 active servers. This data center uses a more
environmental-friendly photovoltaic power generation technology to provide
green and clean energy. Consequently, the annual PUE of Baidu Yangquan data
center was 1.1 in 2017 and it decreased to 1.09 in 2018. Baidu’s Nanjing data
center employs a series of advanced technologies. For example, It utilized ARM-
based servers with customized architecture and its own SSD products. Baidu’s
cloud products include cloud servers, object storage, content distribution network,
MapReduce, machine learning, audio and video transcoding, and beyond.

7. Tencent’s Data Centers
By 2016, Tencent has operated several large-scale data centers distributed in
Tianjin, Shenzhen, Chongqing, Shanghai, Guangzhou, Hong Kong, and North
America, to support its cloud services. Among them, the data center in Tianjin
has the largest scale with 200,000 servers. It is the largest data center in China and
even in Asia. The data center is partially composed of a series of high-density,
energy-efficient, easy-deployable micro modules. Each micromodule is equiva-
lent to a traditional data center, which includes a refrigeration system, a power
supply system, as well as a network, monitoring and other independent units. By
2020, Tencent cloud infrastructures are built based on 54 availability zones across
27 regions globally. Every region is an independent geographical area, which
ensures maximum stability and fault tolerance among different regions. Within
each region, there are multiple locations isolated from one another, referred to
as availability zones, which are physical data centers. Tencent plans to gradually
increase the number of regions to have greater node coverage.

8. Huawei’s Data Centers
By 2020, Huawei cloud infrastructure operates 6 regions in China and other 6
international regions. Additionally, Huawei released the smart data center solu-
tion, which provides a modern foundation for distributed cloud applications. This
solution helps customers build agile, reliable, and energy-efficient data centers
by integrating smart, plug-and-play micro modules on demand. Recently, Huawei
released its intelligent data center service solution.This service canhelp customers
build and operate the world’s high-reliability, green and intelligent data centers.
It aims to reduce the PUE by 8.
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1.2 Fundamental Services Offered by Data Centers

As a fundamental information infrastructure, the data center usually offers basic
storage and computation services for all users. Hence, it has been widely used by
many application fields, such as big data, Internet of things, scientific computing,
artificial intelligence, hence bringing huge commercial and social benefits.

1.2.1 Storage Service

Large-scale data centers prefer to provide scalable and reliable online storage ser-
vices, which seamlessly satisfy the storage requirements of various Internet applica-
tions.

Google file system (GFS) is the core part of Google’s networked storage system.
Many critical applications rely on the storage services provided by GFS, such as
Gmail, Picasa and Google Doc. The initial motivation of GFS is to resolve the
common challenges of massive data storage and processing faced by search engines.
Therefore, in addition to the general functions of distributed file systems, GFS has
achieved the following improvements: (1) GFS usually needs to handle large files,
hence it uses 64 MB as its basic storage unit; (2) GFS updates files via the append
operation, therefore, it is very important to optimize the performance of the append
operation; (3) the volume of metadata of files could be significantly reduced after
setting the storage unit as 64 MB.

GFS presents the above special design according to the requirements of its own
applications. However, for other applications, it is necessary to adjust the GFS frame-
work based on dedicated characteristics and requirements. Additionally, node failure
is very common for any data center; hence, GFS employs strong fault tolerancemech-
anisms as follows. The basic idea is that at least three replicas of each block are stored
across servers. In this way, the block write operation may lead to the data inconsis-
tency problem across multiple replicas. To tackle this critical issue, GFS treats all
replicas of each block as a chain. When a new block is generated, GFS would write
all involved replicas along with the chain and treat the entire write process as a trans-
action. When an existing block needs to be updated, the involved replicas would be
processed in a chain manner, and the version number would be overwritten only if
the entire chain has been successfully updated. On the basis of the GFS, a number of
important open source storage projects have emerged, including Hadoop File System
(HDFS) [15], KFS [16], Sector/Sphere [17] and so on. Meanwhile, more and more
commercial storage systems utilize HDFS as their basic building block.

Amazon offers another typical networked storage system, Simple Storage Service
(S3), which provides users with a highly reliable and private data storage environ-
ment. The infrastructure of S3 is a scalable system, consisting of a large number of
commodity storage devices. This design philosophy is exactly the same as the GFS.
The SkyDrive ofMicrosoft offers free online storage, while the Upline of HP charges
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its users with the data backup service. The Atoms of EMC is a cloud storage system
based on object-oriented storage techniques. It also relies on commodity storage
devices and provides a set of services, such as data compression, data deduplication,
and disk hibernation. In addition, more and more cloud storage services appear in
China. For example, Alibaba and Baidu started to offer free and paid networked
storage services.

1.2.2 Computing Services

At present, many IT companies have built their own computing platforms based on
data centers. The mainstream solutions rely on distributed computing frameworks,
such as MapReduce [3] and Dryad [18]. The MapReduce offered by Google is the
most representative one. MapReduce is a reliable, efficient and scalable networked
computing model based on GFS. It usually includes three phases: Map, Shuffle, and
Reduce. The Map and Reduce phases execute the large-scale computing tasks with
massive computing nodes in data centers. Each computing node is responsible for
serving a set of data processing tasks in parallel. The task assignment strategy in the
Map phase needs to consider the data locality issue, i.e., assigning each computing
task to that node storing the involved input data. As a consequence, unnecessary data
transfer across nodes can be avoided. Google relies on the MapReduce service to
perform large-scale data processing tasks in daily work. This joint model with both
networked storage and networked computing is becoming more and more popular,
and have been widely used in many scenarios.

Hadoop is a most famous open source project, which provides similar functions as
theGFS andMapReduce. Nowadays, Hadoop has beenwidely applied inmany fields
and has been commercialized by many enterprises. After the emergence of Hadoop,
researchers have developed many large-scale data analysis systems. In 2010, Google
released the technical details of its Caffeine [19], Pregel [20] and Dremel [21],
explaining how its data center can support massive network applications. Caffeine is
dedicated to supporting the web search engine of Google such that Google can add
new URL links to its index system of web sites more quickly. Specifically, Caffeine
store a huge volume ofURL indexes in a distributed database, calledBigTable. Pregel
is a large-scale distributedgraph computing framework,which is especially employed
to handle the computing problems in the web link analysis, social data mining and
other applications. Pregel adopts an iterative computation model. In each iteration,
each vertex processes the messages received from the previous iteration, and then
sends the resultedmessage to other vertices, and updates its own state and the network
topology. Dremel is an interactive data analysis system, which can well compensate
for the MapReduce computing frameworks. Dremel is able to run across thousands
of servers, allowing multiple query schema over large-scale data at an extremely fast
speed. According to a report by Google, Dremel can complete the query request over
1PB data in about 3 s, while MapReduce takes longer time than Dremel to respond
to the same query.
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The two-phase computingmodel ofMapReduce simplifies the programming inter-
face for users, eases the programming procedure, optimizes the resource schedul-
ing and supports fault-tolerant data processing. However, its one-fold programming
model limits its flexibility to supportmore general applications. To this end,Microsoft
has developed another efficient distributed computing framework, named Dryad
[18], which provides a new solution besides MapReduce. Dryad shares the same
design philosophy with MapReduce. The difference between them is that, MapRe-
duce divides the user logic into two phases, i.e., Map and Reduce; while Dryad only
has one single abstraction, i.e., Vertex. Users realize their computation logics by
implementing customized Vertex nodes, and nodes exchange data via various of data
channels. For achieving generality, Dryad neither distinguishes the operation phase
in its computation model, nor defines the format of exchanged data among comput-
ing nodes. Instead, Dryad leave each pair of nodes to tackle the format-compliant
issue on demand. This would increase the difficulty of programming to some extent,
but brings significant flexibility of programming. DryadLINQ [22] is a distributed
computing language, which could transform programs written by LINQ into pro-
grams of Dryad. Thus, programmers can easily implement large-scale distributed
computing over thousands of computers, and would not care about the details about
the distributed computing systems.

1.2.3 Big Data Applications

There are many kinds of big data applications accommodated by data centers.
As aforementioned, many specific distributed computing frameworks have been
designed for diverse big data applications. Among them, Hadoop is one of the most
representative distributed computing systems. The MapReduce in Hadoop is suit-
able to support Internet applications, such as ranking among web pages and efficient
search in complex networks. Spark [23] is an open-source, in-memory processing
systems used for big data workloads. It can achieves high performance for both batch
and streaming data, using a state-of-the-art DAG scheduler, a query optimizer, and
a physical execution engine. GraphLab [24] is a representative graph computing
framework. It is suitable for solving big data applications, whose tasks can be for-
malized as a graph computing model and require iterative calculations. Storm [25]
is an open-source real-time computing framework (also known as a stream com-
puting framework) with the benefits of low latency, scalability, and fault tolerance.
It can well satisfy the requirements of latency-sensitive applications, such as on
line anomaly detection, online machine learning and so on. Parameter Server is a
distributed machine learning framework. It specializes in solving machine learning
applications, where the tasks require a large number of iterative computations and
involved nodes exhibit the data dependency.

Hadoop is a distributed system infrastructure, released by the Apache foundation.
It mainly consists of two core parts, i.e., the distributed file system HDFS and the
distributed computing framework MapReduce. MapReduce has great ability of fault
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tolerance and significantly simplifies the workload of programmers. In the develop-
ing process, programmers only need to implement their Map and Reduce functions.
Other issues involved in the distributed systemare resolved by theMapReduce frame-
work, such as the communicationmechanismand the fault tolerancemechanism.This
programming model is especially suitable for the web search and sorting applica-
tion, and other search applications with the input of large-scale data sets. Hadoop is
an open-source system, and is continuously improved by many volunteers; hence,
more and more components have been released. As a general distributed computing
framework, MapReduce has been widely utilized in many fields.

Spark is another general distributed computing framework, released by the Berke-
ley University. Unlike MapReduce, Spark is a memory-based distributed computing
framework. That is, the intermediate output and final results can be stored inmemory,
thereby it is not necessary to read (write) data from (to) HDFS. As a result, Spark
guarantees better performance for iterative data processing. Specifically, Spark uses
an resilient distributed dataset (RDD) as its basic data structure. The all tasks in each
iteration only manipulate the same RDD, thereby Spark exhibits better performance
than MapReduce for iterative computations. Therefore, Spark is very suitable for
data mining and machine learning applications, which require more iterations of
computation and access large volume of data. By contrast, the benefit of Spark is
relatively limited for computation intensive applications with small amount of input
data.

GraphLab is an open-source graph computing framework, launched by Carnegie
Mellon University. GraphLab aims to model and implement iterative algorithms for
machine learning applications. Moreover, GraphLab tries to guarantee the data con-
sistency and the computingperformance.AlthoughGraphLabwas initially developed
to handle large-scale machine learning tasks, it is also applicable for many data min-
ing tasks. GraphLab can be deployed on many different computation environments,
include a standalone system with multiple processors, a cluster or a data center.

Many datamining andmachine learning algorithms exhibit two common features.
First, the involved computing nodes maintain a strong data dependence. Usually,
a large machine learning model contains billions of parameters, and the comput-
ing nodes need to communicate and share the learned parameters with each other.
Second, a machine learning job usually needs to perform multiple iterations, there-
fore it is difficult to realize the computation parallelism. The distributed computing
frameworks like Hadoop and Spark can efficiently execute tasks without data depen-
dence, but remains inapplicable for tasks with high data dependence. Compared with
Hadoop and Spark, GraphLab aims to support general machine learning algorithms,
and can achieve one or two orders of magnitude speedup.

Storm is an open source framework for distributed stream data processing. It is
especially suitable for time-sensitive applications withmassive data.With the contin-
uous growth of data scale, real-time data processing has become amajor challenge for
many applications. These applications include the anomaly detection in multimedia,
real-time recommendation in e-commerce, user behavior analysis in search engines,
online machine learning, etc. The Storm framework consists of a master node and a
large number of worker nodes. The master node executes the background program
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Nimbus to manage all worker nodes and assigns computation tasks. Each worker
node runs the program Supervisor for receiving and executing tasks. Additionally,
the component Zookeeper coordinates the Nimbus and Supervisor. In Storm, data
are inputted into the component Spout, and then the Bolt component implements the
real-time processing task.

Parameter Server is a representative distributed machine learning framework. For
machine learning algorithms, it is very common that a large number of computing
nodes share the learned parameters. Besides, all involved nodes are required to con-
duct multiple iterations to complete the learning task. It is well known that Hadoop
needs to store the intermediate parameters to their distributed file systems. As a con-
sequence, the frequent read and write operations will surely slow down the learning
speed. Spark is an in-memory computing framework, and adopts a data consistency
protocol based on its block synchronization mechanism. Therefore, a computing
node has to wait for the completion of tasks on other nodes before the next iteration.
Therefore, it is difficult for Spark to quickly complete a machine learning task with
large-scale parameters. Many graph computing frameworks, e.g., GraphLab, can
quickly deal with some machine learning tasks; yet it can only handle tasks that can
be converted into graph computingmodels. For other tasks that cannot be represented
as graph calculation models, all existing graph computing framework are still help-
less. Parameter Server is a dedicated framework for general machine learning tasks.
The server node collects the learned parameters of all worker nodes in each iteration,
and send back the aggregated results of all parameters to each worker node for the
next iteration. In each way, all worker nodes actually share all learned parameters
with each other at the end of each iteration. With this design, the Parameter Server
framework can significantly speed the completion of the machine learning tasks.

With the emergence and development of various distributed computing frame-
works, it has become a research hotspot to process large-scale scientific data using
distributed computing frameworks. Based onHadoop, researchers have designedSci-
Hadoop [26] andHadoop-GIS [27] systems for scientific computing, using large, het-
erogeneous andmulti-dimensional datasets as the input. These systems transform the
file-oriented storagemodel ofHadoop as a novel storagemodel formulti-dimensional
data so as to enable efficient Spatio-temporal data queries. They provide users with
domain-specific data manipulation interfaces. Accordingly, users can focus on their
applications without worrying about the details of the underlying distributed storage
and parallel computing technologies.

1.3 Challenges for Data Center Networks

As aforementioned, data centers have become the fundamental infrastructure for
countries as well as enterprises. As the basic component, data center network (DCN)
plays an essential role for the design of data centers.DCNaims to connect all switches
and servers together using an outstanding topology, so as to achieve better network
performance. In this way, data center can achieve comprehensive advantages in terms
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of the computation, storage and communication. That is, DCN is not only a bridge to
interconnect large-scale servers, but also a basis for offering storage and computation
services.Many applications hosted by data centers often cause intensive data interac-
tion across multiple servers. DCN becomes the bottleneck of data centers, and affects
user’s experience directly. Therefore, it is urgent to bring more innovations into the
field of DCN, so as to speed the development of data centers and its applications.

On the other hand, the data center network has become an important part of
the Internet. According to a report from CISCO, the traffic of data centers is mainly
composed of three parts. About 76% of the traffic is caused by the interactions among
servers inside the data centers. Around 17% of the traffic is caused by the interactions
between wide-area users and remote data centers. The rest 7% of the traffic is caused
by the interactions among data centers. As CISCO stated that, by 2021, the data
center network traffic reached 20.6 ZB (1ZB= 1012 GB). In other words, the traffic
faced by data center networks becomes the majority of Internet traffic.

Compared with WAN, DCN has distinct features, such as the centralized man-
agement and control, which can ease the exploration and deployment of emerging
network technologies in DCN. One of the main obstacles for network innovations
is the coordination and gaming among the Internet service providers (ISPs). As a
result, the ISPs are not willing to deploy new technologies without strong incentive
mechanisms. By contrast, a data center is usually owned and managed by a single
cloud service provider. For achieving the better performance and venue, the data
center operators customize their network architectures and protocols and implement
advanced network technologies, according to users’ demands. For example, Google
widely deploys the SD-WAN across data centers for flexible network functions.

The research about DCN has become a highlight field in academia as well as the
industry communities since 2008. There still exist a series of fundamental challenges
for speeding the development of the data centers. Specifically, this book focuses on
two challenges, including the topology design and the collaborative management of
traffic inside each data center.

1.3.1 Customization of Network Functionality

The early data center networks can only provide limited functions and network ser-
vices. The fundamental reason is that the control plane and data plane are tightly
coupled, therefore only standard or predefined packets can be forwarded by net-
work devices without any flexibility. If users need to customize network functions
and services, which are not supported by the current DCN, they must purchase and
redeploy dedicated network devices. This upgrade strategy is surely time-consuming
and costs a large amount of investment. Moreover, replacing network devices has to
interrupt the flow transmissions and all involved network services. Nowadays, the
emerging network applications attach a variety of requirements to data centers. To
improve the quality of services, the data center providers have to configure network
functions dynamically according to the application requirements. Additionally, the



1.3 Challenges for Data Center Networks 19

traffics inside data centers are usually unpredictable, and the failures of commodity
network devices are very common. These features put forward new requirements to
the dynamic and flexible deployment of network functions. Therefore, it is challeng-
ing to realize network function customization in traditional DCNs.

Software-Defined Networking (SDN) is a promising network technology emerg-
ing in recent years [28]. SDN has the following two core ideas: (1) enhancing the
programmability of hardware, which enables fast configuration of new network func-
tions to satisfy the varying requirements; (2) decoupling the control plane from the
data plane of the entire network and collecting the control functions at the con-
trollers, which significantly eases the network management and control. It is still
an open question whether the SDN technology can be applied to the Internet or
not, yet DCN is a perfect environment for the deployment of SDN technologies. A
software-definedDCN is an infrastructure-level guarantee for the upgrade of network
performance, and the network sharing among multi-tenants. The OpenFlow protocol
proposed by Stanford University is a representative SDN protocol. However, due to
the complex data forwarding and limited functionalities of the data plane, researchers
are exploring other alternative SDN architectures.

The programmable networks and software-defined networks have offered the nec-
essary conditions for data centers to realize customized network functions. However,
the scarcity of computing,memory and other resources of traditional network devices
severely limits the types of customizable network functions. The reason is that data
center attaches increasingly complicated and sophisticated operations onto each flow,
e.g., data stream caching, data stream analysis, and intra-stream processing. These
network services would occupy a large amount of hardware resources. For exam-
ple, deep analysis of data flow consumes a vast amount of computing and memory
resources, and customized flow routing requires frequent queries upon routing tables,
thus occupying memory resources. The contradiction between the network func-
tion customization and scarce hardware resources of network devices has brought
unprecedented difficulties and challenges to DCN.

1.3.2 High Scalability of Data Center Networks

Datacenter tries to satisfy different types of access requirements for computing, stor-
age, communication and other resources. To this end, data centers must be expanded
on demand, in terms of computing, storage, and network resources. That is, the data
center has to efficiently interconnect tens of thousands or even more servers and
network devices using dedicated network topology. Traditionally, we improve the
performance of a single switch to connect more servers, by increasing the num-
ber of switch ports and hardware line rate with terrible hardware investment. These
kinds of methods are unable to meet the scaling requirements of DCNs. Therefore,
it is urgent to replace the traditional scaling methods with a variety of high scal-
able network topologies, which interconnect more switches and servers to achieve
on-demand expansion of the computing performance and storage capacity.
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Data centers, which connect a large number of servers through specific network
topologies, are the infrastructure for various applications and services. After a huge
amount of data is partitioned and stored across servers, many data-intensive jobs
would be assigned to multiple servers to perform involved tasks concurrently. For
each task, it is necessary to acquire and process a large volume of distributed data.
Therefore, a great number of east-west traffics are triggered inside a data center,
which has replaced the traditional north-south traffics as the dominated traffics. This
attaches severe challenges to the aggregate bandwidth ofDCN.All existingDCNscan
ensure that the computation and storage capacity increase linearly with the number
of servers. However, they differ in the network performance, such as the aggregate
bandwidth and transmission delay, which directly affects the availability of a data
center. Therefore, DCN is not only a bridge to interconnect massive servers, but also
a key component to improve the performance of cloud services.

Traditional data centers usually adopt tree-like network topologies, each of which
is composed of three layers of switches, i.e., edge switches, aggregation switches
and core switches. However, it has been proved that this kind of topologies cannot
satisfy the increasing requirements of the cloud services. Therefore, it is urgent to
design novel and scalable DCNs. Althoughmany scalable DCNs have been proposed
recently, they are built on top of homogeneous devices, lacking considerations about
failures of devices and links. Consider that the scale of a production data center
is incrementally expanded along with the increase of applications and users. It is
very common that heterogeneous servers and network devices would be inevitably
introduced into the DCN network during the expansion and maintenance process of
a data center. To improve the resource utilization, the data center network must be
capable of interconnected heterogeneous devices in a scalable way. In addition, for
less hardware investment and high performance-price ratio, data centers prefer to use
commodity equipment to replace expensive dedicated ones.While commodity equip-
ment could significantly reduce the investment and ease the operation, they exhibit
lower availability and reliability than the dedicated devices. Therefore, how to build
reliable data centers, using a large number of heterogeneous yet commodity servers
and network devices, is an essential challenge for the design of a scalable DCN.

1.3.3 Efficient Multiplexing of Network Resources

One of the core values of the data center is its efficient statistical multiplexing of
resources. For a given data center network, it is necessary to optimize its network
utilization via software technologies, so as to improve the performance of appli-
cations and guarantee the user experience. The network protocols adopted by data
centers are originally designed for theWANenvironment. Unfortunately, the network
environment of data center differentiates from that of WAN, such as the burst and
unpredictable traffics, extremely high end-to-end bandwidth, very low end-to-end
delay, etc. As a consequence, the network utilization inside a data center is remark-
ably lowunder the support of those network protocols. For example, traditionalOSPF
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cannot fully exploit the link resources in DCNs, and incur slow convergence speed.
Thereby, they are not competent to meet the high-speed transmission requirements
of various applications. Besides, TCP, a data transmission protocol successfully used
in WAN, is also very inefficient in DCNs with high link bandwidth. The TCP Incast
problem can make the bandwidth utilization of the network less than 10%, which is
called the throughput collapse in data centers.

Under the software-defined customizable network architecture, it is critical to
design new routing and transmission protocols to improve the resource utilization
of DCNs and thus enhance the performance of upper-level applications. In addition,
the software-defined network for a data center provides an opportunity for the joint
optimization of network, computing, and storage resources. Note that the overall
performance of a network system often relies on the dependency among its subsys-
tems. The software-defined network separates the network control functions from
the forwarding devices. Such a design is aware of the requirements of applications
and data storage status through the information interactions among the controllers.
Moreover, it realizes cooperative control across different types of resources; hence,
improving the resource utilization and service quality. Therefore, it is necessary to
investigate how to jointly optimize the network, computing and storage resources
through software-defined network technologies, so as to improve the resource uti-
lization of the data centers significantly.

1.3.4 Network Virtualization of Data Centers

For a data center, it is necessary to realize effective network sharing and security iso-
lation since a large number of users compete the network resources. Virtualization
is an important enable technology to realize the resource multiplexing and improve
the security of the entire data center. Computation virtualization and storage virtu-
alization are relatively mature enough for managing a data center. Via computation
virtualization, users can access the computing resources in a multiplexing manner,
without any worry about the management, maintenance and upgrade of the physical
computers in a data center. In addition to the storage multiplexing, the storage virtu-
alization technologies further guarantee the backup and security of user data. With
such virtualization technologies, the concepts of use-on-demand and pay-on-demand
are becoming realities and become the major service model of data centers.

In practice, many users often need more than one virtual machine to offer the
required computing resources. All virtual machines allocated to each user need effi-
cient interconnection as well as interactions; hence, they are connected via a virtual
network and form a virtual data center. All virtual networks for many users actually
coexist and overlay on top of the common physical data center network. The sharing
characteristic of network links make those virtual networks compete for the actual
physical bandwidth. For the security issue, all virtual data centers for different users
should be isolated, and any pair of virtual machines that belong to different virtual
data centers could not communicate with each other by default. The development
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of network virtualization is relatively slower than the computing virtualization and
storage virtualization. At present, multiple users share the network resource of a data
center in the best-effort manner. Consequently, the network bandwidth obtained by
each user is unpredictable, and traffic leakage across virtual data centers is a poten-
tial and critical problem. These shortcomings would significantly damage the user
experience. In summary, existing data center networks fail to provide elegant traffic
isolation and bandwidth guarantees for virtual data center networks.

In the software-definedDCN, the network controllermaintains the global informa-
tion about the physical network and resource consumption, thus providing a flexible
control platform for the management of various virtual data center networks. How-
ever, there still exist many challenging issues remained. For instance, how to deal
with the setting issue if diverse users configure common IP address or MAC address,
how to ensure that all traffics of a user will not leak to other users, how to realize
efficient migration of virtual machines inside a virtual data center network, and how
to ensure that each user gets fair bandwidth allocation in the shared network.

1.3.5 Cooperative Transmission of Correlated Traffic

Although the proposals of scalable data center networks for data centers can realize
large-scale expansion and increase the network capacity, sharing network resources
among multiple users still attaches severe challenges. Specifically, many big data
services hosted by a data center need to frequently acquire and process distributed
data. These intensive data interactions generate a large number of east-west traffics,
thus the shared bandwidth becomes the bottleneck of services. At the same time, data
centers usually deploy a variety of distributed computing frameworks to analyze and
process massive datasets. Many of such computing frameworks utilize the stream
computing models, incurring intensive data transfers of intermediate results among
servers. Such inter-stage transfers would consume a lot of network bandwidth and
directly increase the overall completion time of jobs and applications. For example,
when Google provides a famous search service to users, it needs to perform large-
scale real-time analysis and mining of massive webpage data at remote data centers.
The multicast, incast, and shuffle are the most important traffic patterns since they
are the majority of the east-west traffic in data centers. Besides, all involved flows of
an incast or shuffle transfer are inherently correlated with each other.

Although the scalable topologies can continuously improve the network capac-
ity of data centers, it is still important to efficiently exploit the available bandwidth
of a production data center. As aforementioned, data flows in an incest or shuf-
fle transfer are usually highly correlated, and are traditionally aggregated at specific
receivers. If such data flows can be early aggregated during the transmission process,
this can significantly save the bandwidth resource. However, the traditional traffic
management model fails to enable this in-network aggregation requirement. Fortu-
nately, after introducing the software-defined network technologies into the design
of data centers, the cross-layer joint design can significantly reduce the transmission
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overhead of the correlated flows, without attaching any damage to the application
performance. As a result, it is feasible for those correlated flow transfers to consume
much less bandwidth. However, this design still involves the following challenges.

1. In-network aggregation of correlated flows In many distributed computing frame-
works like MapReduce, data flows in an incest or shuffle transfer are highly cor-
related. Therefore, when correlated flows arrive at corresponding receivers, many
aggregation operations can be executed across flows. Although these aggrega-
tion operations can significantly reduce the amount of data transmission, they
are not performed during the transmission process. With the idea of in-network
aggregation, the correlated data flows of incast and shuffle can be aggregated in
the transmission process as early as possible, instead of aggregating them at the
receivers. In this way, the consumed network resource of these correlated flows
can be significantly decreased.

2. Cooperative transmission of correlated flows The in-network aggregation for
many correlated flows, which constitutes the same incast transfer, requires cer-
tain prerequisites. That is, these flows should intersect at some network devices,
thereby they can be cached and aggregated. Although the in-network aggregation
of correlated flows has potential advantages in theory, the existing traffic man-
agement model is not able to realize such an outstanding design. The reason is
that many data flows of an incast cannot meet at some network devices as early
as possible to execute the in-network aggregation. Fortunately, with the data cen-
ter topology and the locations of all sources and destinations, we can construct
a cooperative transmission tree with the lowest transmission cost. With such a
transmission tree, all correlated flows would transfer along the designed tree and
consume the least amount of bandwidth resource.

3. Cooperative transmission of uncertain correlated flows The generation and prop-
agation of east-west traffic inside a data center is often closely related to the
allocation scheme of involved computing and storage resources. For perform-
ing a given job, different allocation schemes will generate entirely different flow
sets. The prior cooperative transmission of correlated flows does not consider this
inherent factor and only focus on realizing the in-network aggregation after flows
have been generated. However, when the resource allocation schemes are not
determined, the sources and destinations of the flows generated by the same job
are still uncertain. Therefore, it is essential to investigate how to solve the problem
of cooperative transmission of uncertain correlated flows by jointly optimizing
the computing and network resources, and the storage and network resources.
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Chapter 2
State-of-the-Art DCN Topologies

Abstract The basic design goal of a DCN is to interconnect massive servers and
devices with specific network topology, thereby achieving a comprehensive advan-
tage in terms of networked computing and networked storage. The network topology
plays a critical role in the DCN performance. Therefore, this chapter summarizes
the latest DCN topologies and compares them in terms of construction rules, rout-
ing algorithms, network performance, and beyond. Moreover, we propose a new
taxonomy that divides current DCN topologies into five categories: switch-centric,
server-centric, modular, random, and wireless topologies. Finally, we outline the
evolution and future trends of DCN topology designs.

2.1 Introduction

Data centers have become the core infrastructure for countries and enterprises, and
their network topologies are the primary factor affecting their performance.Currently,
servers are capable of forwarding packets, and switches can execute in-network
computing and storage jobs. As a result, besides communication protocols among
devices, the literature also focuses on network topologies, performance optimization,
resourcemanagement, and energy control, with the aim of improving the comprehen-
sive strength of computing, storage, and communication. The current development of
cloud computing and big data processing faces a series of infrastructural constraints.
These constraints also bring new theoretical and methodological requirements for
data center design, as listed below:

1. Horizontal scalability. Traditional data centers mainly scale up in a vertical man-
ner, i.e., increasing the number of switch ports or increasing port speed [1]
directly. However, this expansion method has a considerably high cost for a
large-scale data center. Therefore, various horizontal expansion methods must
be explored.

2. High bandwidth. As the basic infrastructures for massive services and applica-
tions, data centers aim to satisfy enormous demand from users for computing,
storage, and other resources. Aggregated network bandwidth is always a scarce
resource in large data centers that directly affects the overall performance of data
center applications [2].
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Fig. 2.1 Classification of existing data center network topologies

3. Fault tolerance. Hardware and software failures are common in large data centers
[3, 4]. Data centers must ensure the security of their data against all kinds of
faults, eliminate the causal impacts instantly, and provide normal and reliable
service to users.

4. Cost saving and energy control. Modern data centers are incrementally replacing
their dedicated devices with commodity ones to reduce hardware investment
and improve the cost-benefit ratio. Growing data center sizes leads to increased
energy consumption, operation/maintenance costs, and carbon emissions.Nearly
15% of the total investment of a data center goes to energy supply [5]. It is
widely agreed in both academia and industry that green data centers are of great
significance for future design [6].

Nowadays, there are dozens of novel DCN topology designs to meet diverse
needs, with various interconnection rules and routing algorithms attached. Thus, it
is necessary to classify the current topologies and summarize their evolution trend.
A common classification method is to divide the topologies into switch-centric and
server-centric topologies based on the forwarding and routing devices. In this chapter,
we present amore fine-grained taxonomy including five categories, which cover con-
struction rules and communication techniques. This taxonomy analyzes the topolog-
ical characteristics and design philosophy of current DCN topologies to inspire new
inventions.

In this chapter, existing data center networks are summarized by our taxonomy
with the following five categories, as shown in Fig. 2.1: switch-centric, server-centric,
modular, random, andwireless topologies. Switch-centric topologies rely on switches
to realize interconnection and routing. By contrast, server-centric topologies allow
serverswith special network interface cards (NICs) to enable in-network interconnec-
tion and routing. Modular data centers integrate thousands of servers as container
modules with cooling, maintenance, transmission, and other functions, and these
modules are interconnected as large data centers. Random data centers introduce
a small number of random links to interconnect remote servers or switches, thus
reducing the network diameter. Extremely high-frequency (60 GHz) and laser com-
munication technology can provide high data transmission rates [7, 8], and as such,
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they are implemented in wireless data center networks. Such networks can not only
reduce the wiring cost on a large scale but also complement and improve the perfor-
mance of wired data center networks. After detailing the above five types of DCN
topology, this chapter concludes by outlining the further development trend of DCN
topology design.

2.2 Switch-Centric DCN Topologies

Switch-centric network topologies can be further divided into three types: tree, flat,
and optical switching topologies.

Traditional tree topologies are cascaded by three layers of switches: edge, aggre-
gation, and core switches. These topologies incur a performance bottleneck and
single-point failure at the core level. For this reason, Fat-Tree [9] is proposed to
realize non-blocking transmission and eliminate the single-point failure problem. To
support virtualization technologies in data centers and increase network flexibility,
PortLand [10] and VL2 [11] modify the protocols on switches and servers, respec-
tively, to enable virtual machine migration. At the same time, some works further
upgrade and redesign theFat-Tree topology.Wang et al. introduce additional aggrega-
tion switches and core switches to connect with edge switches to ease the bandwidth
bottleneck problem [12]. Besides, F10 [13] modifies the symmetry characteristic of
Fat-Tree to enhance its fault tolerance.

Fat-Tree and other tree-like topologies generally adopt a hierarchical intercon-
nection structure, and the network devices at each layer are often heterogeneous. In
contrast, FBFLY [14] and HyperX [15] are based on the idea of flat interconnection
of homogeneous switches. Both of them adopt a generalized hypercube structure.
FBFLY focuses more on reducing the overall energy consumption, while HyperX
targets the optimal topology with given network resources.

Optical switching technology is applied when designing a DCN topology due to
its unique advantages, including high speed, stability, and security. Helios [16] and
c-Trough [17] introduce optical switches at their core layer and edge layer, respec-
tively, so that optical circuit links and electrical packet links coexist in the network.
OSA [18] discards the electrical packet switches. Instead, it introduces the Optical
Switching Matrix and the Wavelength Selective Switch devices. Electrical signals
are converted to optical signals on the top of the rack for transmission. Such optical
signals are finally restored to electrical signals at the destination rack. The above
three network topologies only introduce optical switching equipment as accelera-
tion devices into existing networks. On the contrary, Efficient *-Cast [19], is a fully
optical DCN design. It supports different traffic modes by reorganizing the optical
switching devices in a dynamic and on-demand manner.
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2.2.1 Tree-Like Topologies

1. Fat-Tree

Fat-Tree [9] uses a three-layer structure for switch interconnection, forming a
Clos network structure to support non-blocking communications. In Fat-Tree, edge
switches and aggregation switches are divided into different Pods. In a single Pod,
each edge switch connects to all aggregation switches, forming a complete bipartite
graph. Meanwhile, each aggregation switch is connected with some core switches.
To achieve non-blocking communication among servers, Fat-Tree deploys a large
number of aggregation switches and core switches. Assuming each switch has k
ports, Fat-Tree organizes the edge switches and aggregation switches as k Pods.
Each Pod contains k/2 switches at both the edge layer and aggregation layer. Such
switches use k/2 ports to connect devices at each of their upper and lower layers.
These Pods interconnect with the core switches to form a fully-connected bipartite
graph. Therefore, Fat-Tree requires k2/4 core switches, k2/2 edge switches, and k2/2
aggregation switches in total.

Fat-Tree uses cheap commodity switches instead of expensive dedicated switches.
It also achieves equal aggregation bandwidth between all layers to avoid the band-
width bottleneck problems caused by unbalanced aggregation bandwidth in multi-
root trees. Meanwhile, because there are adequate switches at the aggregation layer,
the bandwidth bottleneck problem and single-point failure problem at the aggrega-
tion layer can be resolved. Figure 2.2 shows an illustrative example of the Fat-Tree
topology for k = 4.

Pod 0 Pod 1 Pod 2 Pod 3

Switch Server

Core

Aggregation

Edge

Fig. 2.2 Illustrative example of Fat-Tree for k = 4
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2. Variants of Fat-Tree

Fat-Tree is currently the most widely applied network topologies in data centers.
Many researchers have optimized and redesigned Fat-Tree to further enhance its
network performance.

Wang et al. designed a new DCN topology [12] based on Fat-Tree. This variant
consists of a large number of homogeneous programmable switches, and the inter-
mediate servers divide the whole network into two Fat-Tree replicas. Each Fat-Tree
replica contains a core layer, aggregation layer, and edge layer switches. As a result,
every server NIC can communicate at its maximum transmission rate without being
constrained by network bandwidth bottlenecks. The number of servers that this topol-
ogy can accommodate depends on the number of ports in the homogeneous switches.
Consequently, there are multiple paths between any pair of servers, providing high
connectivity and throughput. However, it uses more switches than Fat-Tree, and the
required investment is non-trivial.

In addition, Liu et al. proposed a new topology called F10, which breaks the
symmetry of Fat-Tree to increase the number of paths. These paths can bypass the
failure nodes when necessary [13]. F10 has three levels of fault handling mecha-
nism: (1) bypassing the failure nodes instantly with a local rerouting mechanism, (2)
switches acknowledge the paths that bypass failure nodes by pushback notification
and then optimize the transmission of local traffic, and (3) continuous concurrent
failures destroy the load-balance of the whole tree structure. Therefore, F10 uses a
centralized scheduler to schedule traffic globally. Long-term streams are assigned
with links according to their sizes. Short-term streams are routed by weighted equal-
cost multi-path (ECMP) protocol. Meanwhile, in the F10 framework, nodes report
failure events proactively rather than implement the heartbeat detection mechanism.
In summary, F10 jointly considers routing, failure detection, and more.

3. PortLand and VL2

Compared with Ethernet, data center networks have more abundant bandwidth
resources. Therefore, the layer 2 or layer 3 network protocols that are suitable for
Ethernet may not be applicable in DCNs. These protocols incur the problems of scal-
ability, communication flexibility, and virtual machine migration in DCNs. Based
on the analysis of DCN topologies and network virtualization requirements, Port-
Land [10] has a layer 2 routing protocol with high scalability and fault tolerance. For
network agility and efficiency, VL2 [12] ensures that data centers support dynamic
resource allocation at the server pool level. To this end, VL2 implements the fol-
lowing designs: (1) the service can be placed anywhere across the network with the
flat addressing scheme, (2) traffic is distributed uniformly to paths according to the
load balance strategy, (3) a large-scale virtual server pool is formed based on the
capability of address resolution in each end system so that the network complexity
will not affect the network control plane.

PortLand is based on Fat-Tree with additional network protocol augmentation.
Specifically, its routing protocol relies on its hierarchical pseudo MAC address
(PMAC). By mapping the host MAC to PMAC, PortLand does not need to mod-
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ify the original server configurations. In addition, PortLand uses centralized control
to achieve ARP and routing fault tolerance. Meanwhile, it designs a location-based
routing protocol with the symmetry characteristic of Fat-Tree. Therefore, switches
automatically configure their addresses according to the location information with-
out any human involvement. With such designs, PortLand supports virtual machine
migration seamlessly.

VL2 adopts the Clos structure to provide rich link diversity and high bisection
bandwidth. The VLB routing method in VL2 selects each path randomly to ensure
the load balance of the network. In VL2, two sets of IP addresses are used. Network
infrastructures (all switches and interfaces) use location-specific IP addresses (LAs)
with location information. The link-state routing protocol only propagates LAs to
ensure that switches know the switch-level interconnection structure. By contrast,
external applications use fixed application-specific IP addresses (AAs). Themapping
relationship between LAs and AAs is maintained by a dedicated directory system.
On top of the Clos topology, the proposed VLB routing, IP address systems, and
directory system jointly virtualize data centers into a huge layer-two network that
supports virtual machine migration. Compared with PortLand, the disadvantage of
VL2 is the need to configure agents and servers. The advantage is that if a request
from a source server to a destination server is rejected, the directory server can refuse
to provide an LA. In this manner, VL2 naturally enforces access control [20].

2.2.2 Flat Topologies

As a typical tree-like topology, Fat-Tree still incurs many challenges. First, Fat-Tree
fails to satisfy the scalability requirement of large-scale data centers. Second, the
expansion cost of Fat-Tree is high because many aggregation switches and core
switches must be added. Finally, the fault tolerance of Fat-Tree is not sufficient.
MSRA’s research showed that Fat-Tree is very sensitive to low-level switch failures
[5]. Therefore, researchers have discarded the traditional three-layer tree-like struc-
ture and constructed the flat network structure based on generic high-end homoge-
neous switches. FBFLY [14] and HyperX [15], for example, interconnects switches
as a generalized hypercube, achieving outstanding scalability, bandwidth, and fault
tolerance.

Given N nodes, the generalized hypercube [21] topology can be constructed
according to the following rules. The identifier of each node is expressed with n-
dimensional tuples as X = xn . . . xi . . . x1, where 0 < xi < k for arbitrary i . Thus, the
identifiers are no longer the same as the binary variables used in standard cubes. Only
when two identifiers differ in exactly one dimension can two corresponding nodes be
interconnected by a link. Compared with the standard cube topology, the generalized
hypercube has the characteristics of high fault tolerance, high connectivity, and short
network diameter. FBFLY aims at designing a network topology that can effectively
reduce the energy consumption of data centers. FBFLY uses a large number of
homogeneous high-end switches for network interconnection. FBFLY is a k-ary n-
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8-ary  2-flat
c=8;k=8;n=2

Each switch 
connects with 

8 serveres.

Fig. 2.3 Illustrative example of FBFLY

flat topology. In essence, it is a multi-dimensional generalized hypercube structure.
All switches are arranged in multiple dimensions, and switches in each dimension
are interconnected to form a complete graph. Figure 2.3 presents an 8-ary 2-flat
FBFLY topology, wherein each node represents a 16-port switch. All 8 switches
are arranged in the first dimension, and each switch connects 8 servers in the second
dimensionusing8ports. Each switchuses 7ports to connect the other 7 switches in the
first dimension. Thus, there are 64 interconnected servers in total. This architecture
removes the need for aggregation switches and core switches. Besides, to reduce the
total energy consumption, idle network devices can be switched to their sleep state
according to network traffic.

HyperX is a flattened butterfly structure and is also a generalized hypercube at its
core. In the HyperX depicted in Fig. 2.4, each switch is mapped to the hypercube
structure and connects to a fixed number of terminals. All switches in the same
dimension are interconnected to construct a complete graph. With the given number
of switch ports, bandwidth requirements, and network scale, HyperX is capable of
achieving an optimal flat DCN topology.

Different from FBFLY and HyperX, which rely on a generalized hypercube to
expand and organize a DCN directly, R3 [22] combines the generalized hypercube
and random regular graph together to realize the joint advantages of the two types of
topologies. The authors of [22] proposed a new DCN topology design methodology
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based on compound graph theory, which can combine the advantages of two types
of topologies without introducing their shortcomings. In particular, given a series
of basic data center modules of random topologies, a compound graph is generated
by interconnecting them into a regular topology. With such a design methodology,
different regular and random topologies can be combined to derive different hybrid
topologies. Figure 2.5 plots the hybrid structure of R3 based on a random regular
topology and hypercube topology.

With the above design, the incremental expansion characteristic of random regu-
lar topologies and easy-routing property of a generalized hypercube are effectively
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combined in the generated hybrid topology. From a macro view, note that any hybrid
structure can be regarded as a regular interconnection topology; from a micro view,
each module acts as a random interconnection topology. In R3, the routing algorithm
based on edge coloring achieves fast and accurate path search. In addition, with a
given number of servers and switch ports, R3 establishes an integer programming
model to optimize the topology. To achieve incremental expansion, R3 has two differ-
ent expansion methods: adding new servers to basic modules and adding new basic
modules to the network. Experimental results have shown that the routing flexibility
and routing cost of the hybrid topology are smaller than the pure random Jellyfish
structure. Moreover, the throughput of the hybrid topology is higher than that of a
pure generalized hypercube.

2.2.3 Optical Switching Topologies

1. Helios and c-Through

Currently, the development of micro-electromechanical switch (MEMS)-based opti-
cal circuit switching technology and wavelength division multiplexing technology
makes it possible to construct optical switching topologies for data centers.

The Helios [16] network is a two-layer multi-root tree topology. Several servers
are connected to an access switch to form a cluster. The access switch is also con-
nected to upper-level electrical packet switches andoptical circuit switches, providing
both electrical and optical links. The centralized scheduler is responsible for traffic
management. The Hedera [23] iterative algorithm is implemented to estimate future
traffic demand. With the predication, Helios configures the network resources both
dynamically and in a timely manner. Optical links are assigned to elephant flows and
electrical links remain for mice flows. This allocation scheme leads to a reasonable
usage of the network resources [1].

Figure 2.6 shows an example of Helios. Half of the ports in access switches are
connected to hosts, and the other half are connected to the upper-layer switches.
Among the ports connected to upper switches, some are equipped with optical trans-
mitters to connect with the optical circuit switches, and the remainders are connected
to the upper electrical packet switches. In this manner, the optical switching devices
are embedded into the existing network seamlessly. The introduced optical links can
certainly improve network performance significantly.

c-Through [17] introduces optical switching technology into its three-layer tree
topology. Specifically, all edge switches are additionally connected to optical switch-
ing devices, as shown in Fig. 2.7. Therefore, c-Through can perform both packet
switching and optical switching, and the decision is made by the centralized con-
troller based on statistical traffic estimation. In c-Through, the traffic between racks
can be transmitted either hop-by-hop through the tree or directly through the optical
network.
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2. OSA

Helios and c-Trough are hybrid optical network topologies, while OSA [18] is a
fully optical network structure. OSA abandons the traditional tree-like topology and
uses optical signal transmission throughout the entire network. As shown in Fig. 2.8,
an optical transceiver is installed on each rack for photoelectric conversion. The
optical signals emitted by a rack can be transmitted by one single fiber through the
multiplexer (MUX). The signals with diverse wavelengths are mapped to different
ports through the wavelength selective switch (WSS). Optical circulators are added
for full duplex communication, and an optical switching matrix (MEMS in OSA) is
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deployed to realize data exchange among different ports. Conversely, when receiving
signals from other racks, the signals in multiple MEMS ports are integrated by the
optical looper to the coupler, and the DEMUX re-divides the signals into multiple
channels before transmission to the rack.

c-Through and Helios can only achieve single-hop optical signal transmission,
while OSA is capable of multi-hop optical signal transmission with continuous pho-
toelectric conversion. OSA greatly increases network flexibility and transmission
rates. However, its disadvantage is that the network scale is limited by the number
of MEMS ports, leading to limited scalability. In addition, photoelectric conversion
is required for transmission, making OSA infeasible for delay-sensitive applications
to some extent.

3. Efficient *-Cast

The east-west traffic patterns generated by data center-based applications include
unicast, multicast, incast, and all-to-all transmission. How to efficiently support these
traffic patterns of data-intensive applications is not properly resolved yet. Efficient *-
Cast [19] installs a fixed-wavelength transceiver on ToR switches and connects them
to high-radix optical space switches via wavelength division multiplexing. It also
introduces optical switching devices, such as directional couplers and wavelength
combiners, into the DCN. According to the traffic pattern in the data center, the
centralized controller dynamically adjusts these optical switching devices to support
data transmission. Similar to the three aforementioned optical DCN designs, unicast
traffic can be transferred by just the MEMS. By splitting the signals into multiple
signals with diverse wavelengths and transmitting them with dedicated ports, the
multicast flows can be transferred accordingly. Combining the MUX and couplers
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together, thisDCNdesign is able to transmit large-scalemulticast flows.As for incast,
awavelengthmanipulator can be employed to integrate signals fromdifferent sources
into a single port, while the remaining channels of the source can be used for other
types of traffic. All-to-all traffic can be achieved by jointly combining the above
three methods. Efficient*-Cast takes full advantage of optical switching devices,
supports modular and incremental expansion, and can achieve better energy-saving
than traditional electrical packet switching approaches.

2.3 Server-Centric DCN Topologies

The use of servers for data center networking and routing is mainly based on the fol-
lowing considerations. First, the openness and programmability of the server hard-
ware/software provides a convenient means of flexible network function innovation
and customization in data centers. Second, from a hardware perspective, servers
are usually equipped with multiple network ports, which makes network expansion
through servers possible. Finally, from an investment perspective, server-centric data
centers mainly rely on servers for networking and routing, while switches only work
as crossbars. Commodity switches are capable of such tasks, eliminating the need
for the expensive high-end core and aggregation layers. The server-centric struc-
ture is usually constructed recursively, and the high-level network is interconnected
by multiple low-level networks to achieve recursive expansion. We divide this type
of topologies into the compound and non-compound graph topologies to reveal its
topological properties.

2.3.1 Compound Graph-Based DCN Topologies

Given two regular graphs G and H (wherein all nodes have equal degree), the com-
pound graph G(H) is obtained by replacing each node in G with H and replacing
each link in G with links connecting two nodes between two H . If the node degree
in G equals the number of nodes in H , G(H) is called a complete compound graph;
otherwise, it is called an incomplete compound graph. The compound graph inherits
the topological properties of H from a local view while maintaining the topological
properties of G from a global view. A compound graph-based data center ensures
high scalability of the network and high fault tolerance but falls short of achieving
incremental expansion.

1. DCell

DCells are constructed iteratively and interconnected strictly using complete com-
pound graphs during each iteration. Each layer of DCell is connected by several
lower-level DCells to form a fully connected topology. The level-0 DCell is the basic
building block, and its n servers are connected to an n-port switch. Specifically,
each server in a lower-layer sub-network is required to connect to a server of other
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sub-networks in the same layer. More importantly, the number of lower-layer sub-
networks must equal the number of servers in each lower-layer sub-network plus
one [24]. If each lower-layer sub-network is abstracted as a node, the upper-layer
network is a complete graph connecting these nodes. Therefore, each layer of DCell
is a complete compound graph at the macroscopic level. Fig. 2.9 shows an example
of DCell in which the number of switch ports is 2. If DCell[k] represents a DCell
with k layers, then the number of servers N that DCell[k] can accommodate satisfies
the following constraint:

(
n + 1

2

)2k

− 1

2
< N <

(
n + 1

2

)2k+1

− 1 (2.1)

DCell has proper fault tolerance without single-point failure risk. However, as the
number of layers increases, the required number of ports installed by each server also
grows. One of the challenges for DCN design is how to interconnect massive servers
using two network ports in each server while ensuring that the generated DCN has
low network diameter and high bisection bandwidth. To this end, FiConn [25] and
HCN and BCN [26] have their own solutions.

2. FiConn

Considering that current commercial servers are generally configured with at least
two network ports, FiConn is a pioneering DCN topology that realizes a large-scale
network with only dual network ports in each server. Similar to DCell, in FiConn,
n servers connect to a n-port switch to form the basic structure directly. FiConn
is also a recursively-defined network topology. For each FiConn sub-network, the
second ports in half of the servers are configured to connect with servers of other
sub-networks in the same layer, while the second ports in the remaining servers are
reserved for building upper-layer networks.
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Fig. 2.10 Illustrative example of FiConn

In Fig. 2.10, if each lower-layer FiConn sub-network is regarded as a node, the
upper-layer FiConn is an incomplete compound graph formed on these nodes. The
number of servers that FiConn can accommodate grows exponentially with the
number of ports. Its network diameter is O(N/logn) and bisection bandwidth is
O(N/logN ). FiConn also implements a unique traffic-aware routing algorithm to
fully improve its link utilization.

3. HCN and BCN

HCN and FiConn share similar design philosophies, i.e., using a hierarchical incom-
plete compound graph, but they have different interconnection rules. HCN(n, h) is a
h-layer network, which is constructed by embedding n HCN(n, h − 1) sub-networks
in a complete graph of n nodes according to compound graph theory. HCN(n, h − 1)
is constructed by embedding n HCN(n, h − 2) sub-networks in a complete graph of
n nodes. HCN(n, 0) is the basic building block and is composed of n dual-port servers
and one n-port switch. HCN is constructed recursively using low-end switches to
provide high bandwidth and high fault tolerance while reducing the cost of network
equipment. In addition, the HCN topology enjoys elegant regularity and symmetry.
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Based on HCN, BCN aims to design topology with a maximum node degree of
2 and network diameter of 7 [26]. The first dimension of BCN is an incomplete
compound graph defined by recursion, and the second dimension is a single-layer
complete compoundgraph. In each dimension, the network in each layer is a complete
graph of multiple sub-networks. If a 48-port switch is used, BCNwith only one layer
in each dimension can accommodate 787,968 servers, while 2-layer FiConn can
only accommodate 361,200 servers. Neither HCN nor BCN has an upper limit on
a network scale, and they can expand continuously on demand. HCN and BCN are
expanded from a two-dimensional plane and multi-dimensional space respectively,
forming hierarchical incomplete compound graphs from a global perspective.

2.3.2 Non-Compound Graph-Based DCN Topologies

In addition to the core compound graph concept, researchers have also employed
other well-structured topologies to organize server-centric DCNs. For example,
BCube [27] interconnects servers and expands indirectly in the manner of a general-
ized hypercube. Camcube [28] interconnects servers according to the torus topology,
while Snowflake [29] relies on Koch curves to organize servers and expand recur-
sively.

1. BCube

BCube [27] is a topology designed for modular data centers, i.e., it is a container-
level topology. BCube is expanded hierarchically to interconnect a large number of
servers. BCube interconnects several lower-layer BCube networks as generalized
hypercubes through upper-layer switches. As shown in Fig. 2.11, each upper-layer
switch is connected to all lower-layer BCube networks. For every expansion, the
number of switches required at the added layer is jointly determined by the number
of ports on switches and the number of layers in the network. BCube0 is obtained
by connecting n servers to an n-port switch. When building BCube1, an additional
n upper-layer switches are required. Each upper-layer switch is connected to all n
BCube0, thereby constructing a larger BCube network recursively. The number of
servers that a k-layer BCube can hold is nk+1, at the cost of k + 1 ports at each server.
There are at most k + 1 parallel paths between any pair of servers in BCubek . When
transmitting one-to-many flows, the servers in the same layer form a complete graph
with network diameter 2.

2. CamCube

The implementation of “external services” (such as search, mail, and shopping)
provided by a data center is mainly grounded in the interfaces provided by many
“internal services”. Therefore, internal services are black boxes to external services.
External services cannot know the specific circumstances of internal services. To
solve this problem, CamCube [28] adopts the symbiotic routing method. Basically,
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Fig. 2.11 Illustrative example of BCube

CamCube employs the 3D torus architecture. Each server is assigned with a three-
dimensional coordinate to represent its logical location in the network. Based on this
coordinate, a server connects with a few neighboring servers without introducing any
routers or switches. In particular, inCamCube, external services can access any server
in the coordinate space directly. Meanwhile, servers are allowed to eavesdrop on and
modify packets. As a result, external services can implement their own customized
routing protocols through servers. CamCube supports also multi-hop routing using
link-state protocols.

3. Snowflake

The Snowflake structure [29] is also defined recursively. The basic unit Snow0 is
constructed according to a Koch curve [30] and is composed of a switch connected
to three servers. In Fig. 2.12, the solid line indicates the actual physical connec-
tion, and the dashed line denotes the virtual connection (a connection that does not
actually exist). When building Snow1, all virtual connections are replaced by cell
units (Snow0), and the switch in the added cells are connected to the original server
directly. The subsequent expansion follows the same approach by replacing all real
and virtual connections with cells. Such a design ensures that there are more than
two parallel paths between any pair of servers.

The Snowflake structure uses the network level and angle (0 degrees in the north
direction andcounts the degree clock-wisely) to formabinary tuple<level, degree>
to uniquely identify the switch and server. For instance, the tuple<1, 120> indicates
that the node is in the 120 degree position in Snow1. Based on this binary identity,
Snowflake specifies its own routing strategy. However, the Snowflake structure is not
suitable to interconnect large-scale servers. When the network scale reaches an order
of 106, the servers in Snow1 must be replaced with switches, and a heartbeat mech-
anism is required to judge whether a switch works normally or not. These potential
disadvantages increase the difficulty of expanding and maintaining the Snowflake
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Fig. 2.12 Illustrative example of Snowflake

topology. Furthermore, the switch in the center of Snowflake will become a bottle-
neck of the network, and its failure may cause catastrophic damages to the whole
network.

2.4 Modular DCN Topologies

There are two mainstream methodologies for constructing large-scale data centers.
The first is to construct an integrated large-scale data center through scalable network
topologies, such as DCell, BCube, and HCN. The second is to construct large-scale
data centers by interconnecting many modules, each constituting an independent
small-scale data center. With the rapid development of technologies, modular data
centers have replaced racks as the basic unit to build large-scale data centers.Modular
data centers have advantages in terms of instant configuration, mobility, system and
energy density, cooling and configuration costs, etc. Modular DCNs have become
the basic solution for efficient, controllable, manageable, plug-and-play, and flexible
data centers [31]. Modular data centers involve two levels of topology: intra-module
and inter-module.

2.4.1 Intra-module Network Topology

BCube is a topology designed for intra-module interconnection. DCube [32] is an
alternative topology that interconnects many dual-NIC servers and cheap switches.
DCube(n, k) consists of k sub-networks, each constructed by interconnecting many
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Fig. 2.13 Illustrative example of H-DCube for n = 6, k = 2

hypercube-like units with compound graph theory. The building unit in DCube (n, k)
is composed of n/k servers and a switch. In fact, the DCube topology contains two
different designs: H-DCube based on a hypercube (as shown in Fig. 2.13) and M-
DCube based on a Möbius cube.

H-DCube and M-DCube are fully regular and symmetrical. Such features are
very important for data center networks. The diameter of a Möbius cube is approx-
imately half that of a standard hypercube, while the diameter of an M-DCube net-
work is approximately 2/3 that of an H-DCube network. Compared with BCube and
Fat-Tree, DCube provides better network bandwidth and fault tolerance in unicast
communication. Besides, DCube requires much fewer cables and switches.

2.4.2 Inter-module Network Topology

M-DCube [33] is an inter-module topology to interconnect modules formed as
BCubes. As shown in Fig. 2.14,M-DCube is essentially amulti-dimensional general-
ized hypercube, and the number of data center modules it can accommodate is equal
to the product of the number of modules that can be accommodated in each dimen-
sion. To speed up the transmission among modules, M-DCube uses optical fibers
to transmit cross-module flows. Moreover, both ends of the cross-module links use
reserved 10 Gbps ports. Such links can be used when necessary. The hypercube
structure in M-DCube provides multiple parallel paths for cross-module flows, so
M-DCube is highly fault tolerant.

M-DCube focuses on how to interconnect homogeneous data center modules.
However, a production data center may introduce heterogeneous modules at differ-
ent construction periods, and it is challenging to integrate these into an existingDCN.
uFix [34] presents a solution to this problem. As shown in Fig. 2.15, uFix intercon-
nects heterogeneous modules based on incomplete compound graphs. Specifically,
the across-module links connect the idle ports in these modules. The advantage of
uFix is that there is no need to introduce additional network devices when intercon-
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Fig. 2.14 Illustrative example of M-DCube

necting the modules. However, it fails to ensure that all modules are connected to the
DCNwhen the DCN is too large. uFix also incurs several uncertainties. For instance,
it is uncertain whether there is an idle server port in each data center module and
whether the number of remaining ports in the server will limit the further expansion.

2.5 Random DCN Topologies

In the aboveDCN topologies, expensive dedicated switches are replacedwith general
commodity switches, and servers with special network ports are also employed for
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Fig. 2.15 Illustrative example of uFix

interconnection and routing. These novel designs havemany advantages to satisfy the
diverse needs of upper-level applications. However, the above DCN topologies have
strict interconnection rules, which make it difficult to expand and maintain them.

As an emerging subject, network science has developed rapidly in recent years. ER
random graph theory [35, 36] has laid the foundation of network science. The small-
world network and scale-free network models are two representative milestones
in ER graph theory. Having realized that strict interconnection rules restrict the
further development of data center performance, the academic community has begun
to seek potential breakthroughs from the network science paradigm. This design
approach aims to maintain the original topological advantages while guaranteeing
DCNperformance in terms of bandwidth, scalability, and fault tolerance.Researchers
have proposed the small-world data center (SWDC) [37] based on the small-world
network model, Jellyfish [38] based on the random regular graph model, and Scafida
[39] based on the scale-free networkmodel.Among them,SWDCintroduces a certain
number of random links into typical regular network topologies.These links are added
with a probability proportional to the distance between two network nodes, thereby
reducing the network diameter. Jellyfish establishes random links among switches,
ensuring incremental expansion of the DCN. Scafida is highly fault tolerant with the
guarantee that the node degree is less than the number of ports.

RandomDCNs abandon the restriction of interconnection rules and thereby enjoy
design flexibility. However, they also bring several disadvantages, such as network
capacity, wiring, and maintenance. SWDC realizes interconnections among servers
without the use of switches, but the network scale is limited by the number of network
ports in each server. Jellyfish must adjust some existing links when adding new
switches. The node degree in Scafida follows a power law distribution. The hub node
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is the key of the whole network, and its failure may paralyze the whole network.
Although the interconnection rules in randomDCNs are relatively simple, connecting
two remote nodes increases the wiring cost and difficulty. In addition, in the process
of troubleshooting, it is difficult to operate and maintain the network because of its
irregularity.

2.5.1 Small-World Network-Based DCN Topology

The small-world network concept [40] was first introduced by Watts and Strogatz.
They introduced randomconnections into a regular ring topology to form thenetwork.
On this basis, Kleinberg presented a newway to build small-world networks [41]. On
a 2D grid topology, random links were added between two nodes with a probability
proportional to the distance between them. As a result, the average network diameter
was reduced to a magnitude of O(logN ). There are three types of SWDC, including
ring-based, 2D torus-based, and 3D torus-based.

Figure 2.16 shows a 2D torus-based SWDC topology, where the solid line rep-
resents the regular links of a torus, and the dashed line denotes the added random
links. If the node degree is 6, each node will connect to 2 regular links and 4 random
links in a ring-based SWDC, 4 regular links and 2 random links in a 2D torus-based
SWDC, and 5 regular links and 1 random link in a 3D torus-based SWDC. The
SWDC structure assigns a unique geographic identity to each server and implements
a greedy algorithm to obtain the shortest routing path with both random links and reg-
ular links. The SWDC topology has the advantages of high bandwidth, low network
diameter, and easy deployment.

2.5.2 Random Regular Graph-Based DCN Topology

Of the various structured topologies, the torus is often employed in supercomputers,
the hypercube is often used in data centers and supercomputers, and tree topologies
are often implemented in data centers. However, the network scale of structured
topologies can only be extended sharply. For example, the Fat-Tree using 24-port
edge switches can interconnect 3,456 servers, while the Fat-Tree using 32-port edge
switches can interconnect 8,192 servers. In a production data center, the network
scale is usually expanded in an incremental manner. If there is a need to expand the
DCN scale from 3456 servers to 4000 servers, there are two approaches. The first is to
continue to use the original 24-port switches and introduce more racks to deploy the
new servers. These racks connect with the core layer switches directly. However, this
approach will damage the symmetry of the original Fat-Tree, causing asymmetric
bandwidth. The second approach is to replace the 24-port edge switches with 32-port
switches, resulting in more idle switch ports and unnecessary investment.
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Jellyfish is an incremental scalable topology to solve this problem (as shown in
Fig. 2.17). Jellyfish constructs random regular graphs using homogeneous switches.
For each switch, some of its ports are used to connect servers, while the remaining
ports connect with other switches.When adding a new switch to the existing network,
a randomly selected link is removed, and the twonodes connected by the removed link
are connected to the added switch. Jellyfish ensures the high utilization of network
bandwidth by reducing the average path length. It employs the k-shortest pathmethod
for routing and uses the multi-path TCP protocol for congestion control. It also
optimizes the placement pattern of switches.

2.5.3 Scale-Free Network-Based DCN Topology

As shown in Fig. 2.18, Scafida is constructed based on a scale-free network. The
degree distribution of a scale-free network follows the power law distribution. For
the majority of nodes (switches), the degree is small. By contrast, a few nodes act as
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hub nodes with extremely large degrees. As a result, such a scale-free network enjoys
a low network diameter. The algorithm for building a scale-free network proposed
by Barabási is based on the two assumptions that the network scale continuously
expands and that newly added nodes are more inclined to connect to nodes with
higher degrees. Theoretically, the degree of hub nodes can be unbounded. However,
in practice, node degree is limited by the number of ports in switches and servers.
Note that after switches are networked, the remaining ports will be connected to the
servers directly. Experimental results have shown that the limitation of node degree
has a significant impact on network performance.
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2.6 Wireless DCN Topologies

The above four types of data center networks inevitably deploy a large number of
links in data centers, resulting in huge labor costs and difficulties in maintenance and
failure detection. In addition, the congestion caused by burst traffic will still restrict
the DCN performance.

Although 60 GHz wireless communication technology has many advantages, its
signal transmission incurs great transmission loss, poor diffraction, and penetration,
which make it only capable of short-range communication. In Cayley, the server is
stacked as cylinder racks. The directional antenna can be adjusted dynamically to
establish one-hop wireless communication between any servers in the same rack, but
long-range communication between racks can only be achieved through hop-by-hop
forwarding. 3D Beamforming improves signal intensity and transmission distance
by beamforming and reflection technologies. In addition, dedicated hardware for 60
GHz communication is expensive. This problem can be alleviated to some extent by
fabricating chips using CMOS, but it is still too expensive compared to wired com-
munication equipment. Finally, when sending and receiving signals, the transceiver
device is required to adjust the main lobe direction continuously. Therefore, the
transceiver should be controlled precisely.

The main shortcomings of 60 GHz technology include potential signal interfer-
ence and short-range transmission. Compared with 60 GHz radio frequency technol-
ogy, laser communication technology has the advantages of anti-interference, low
bit error rate, high bandwidth, long-distance transmission, and more [8]. However,
the challenge is that the laser signals are propagated directionally, so they can easily
be blocked by obstacles. Free space optics (FSO) [42] is a fully wireless inter-rack
data center fabric constructed based on laser communication technologies. It adjusts
the states of switchable mirrors on demand. The laser beams are reflected by a top
ceiling mirror to realize inter-rack communications.

Wireless DCN is one of essential development trends for data centers. However,
current technology is not compact enough to construct an ideal wireless or hybrid
DCN topology to simultaneously satisfy the needs of bandwidth, fault tolerance,
incremental expansion, and low cost.

2.6.1 60 GHz-Based Hybrid DCN Topology

Although 60 GHz wireless communication technology has the advantages of high
bandwidth and high transmission rate, it still suffers from two problemswhen used in
data centers. First, it can only ensure high bandwidth for short-range communication.
Second, wireless signals are very sensitive to obstacles. To ensure efficient wireless
communication between any two racks in a data center, Van Veen et al. proposed
the beamforming technique [43] to form a narrow emission beam that concentrates
energy towards the target direction. This technique enhances the transmission dis-
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Fig. 2.19 Illustrative example of 3D Beamforming-based topology

tance of wireless signals significantly. Even so, it still falls short of achieving long-
range inter-rack wireless communication. To this end, Van Veen proposed installing
a reflective ceiling at the top of the data center, as shown in Fig. 2.19. By control-
ling the elevation of the transmitter and receiver, the wireless signal can reach the
receiver exactly after being reflected by the reflective ceiling. This scheme protects
thewireless signals frombeing blocked by obstacles, thereby achieving long-distance
communication within the data center.

2.6.2 60 GHz-Based Wireless DCN Topology

A Cayley graph [44] is a highly symmetric graph constructed by the British mathe-
matician Cayley in 1895. It has excellent symmetry and transitivity and is considered
to be a proper multi-computer interconnection topology. It has been applied in P2P
networks [45, 46] by researchers. When building a DCN with a Cayley graph, two
wireless transceivers are each installed at the front and back ends of each server.
20 servers form one layer of circular structure, and 5 layers of such cycles form a
cylinder rack. Intra-rack communication is achieved by the transceivers inside of the
rack. Each transceiver can only communicate with the servers within its main lobe.
Therefore, the servers at the same layer form a Cayley graph. Inter-layer communi-
cation is realized by adjusting the elevation of the pair of transceivers. Such racks
are placed as a grid topology. The communication between adjacent racks is real-
ized by a series of external transceivers. Generally, a rack can only perform one-hop
wireless communication with adjacent racks, and communication with other racks
must be relayed. An efficient routing protocol [47] has been designed based on the
geographic routing technique.

As for the obstacles encountered along the wireless transmission path, Cayley
has no solution. We believe that we can learn from the idea of 3D Beamforming and
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build a reflection mirror to reflect signals towards the receiving rack. The advantage
of this method is that it can effectively avoid obstacles, and the placement of the rack
is flexible.

2.6.3 FSO-Based DCN Topology

Similar to 3D Beamforming, FSO [42] also focuses on providing extra wireless links
for inter-rack communication and forming a specific wireless network topology.
These two schemes make modifications at the top of racks to install transceivers
and realize out-of-sight transmission of wireless signals through a celling mirror.
The differences between them include the following. (1) FSO uses lasers as the
signal carriers and can support long-range communication at the kilometer level.
(2) 3D Beamforming emits wireless signals towards different areas by adjusting
the elevation angle of the transceivers, while FSO achieves data transmission by
adjusting the state of switchable mirrors (in the “glass” state to allow the signal
to pass through, while in the “mirror” state to reflect signals [48]). (3) FSO can be
dynamically re-constructed as different topologies, such as random regular graph and
hypercubewith randomly added links. It achieves the proper topological properties of
the topologies (such as network diameter and bisection bandwidth) and avoids high
wiring cost simultaneously. FSO is just an exploratory scheme of how to introduce
free-space optical communication technology into data centers. There are still many
problems faced by this technology before its real-world application. For example,
how to realize multipath transmission and manage traffic.

2.6.4 VLC-Based DCN Topology

In addition to 60 GHz wireless communication and laser communication technol-
ogy, researchers have further explored how to introduce visible light communication
(VLC) into the design of DCN topology. Such a design upgrades the network capa-
bility of existing wired DCNs. As shown in Fig. 2.20, VLCcube is a hybrid DCN
topology consisting of both wireless and wired links. Specifically, based on Fat-Tree,
VLCcube installs four VLC transceivers at the top of each rack to provide four 10
Gbps wireless links to form a wireless torus topology. With the wireless torus, VLC-
cube provides shorter paths for many flows that would require 4-hop transmission
in the original Fat-Tree. Therefore, VLCcube achieves better network performance
than Fat-Tree, and its congestion-aware scheduling strategy further improves the per-
formance. VLCcube is one instance of deploying VLC links in data centers. In the
future, vendors can design a completely different hybrid DCN based on a different
wired DCN. The introduction of VLC links functions well within existing wired
DCNs and enhances the network flexibility and performance.
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2.7 Evolution and Future Trends of DCN Topology Design

As stated earlier, many achievements have been made in the field of DCN topology
design, and novel topologies are continuously emerging. Given so many designs, it
is necessary to determine the evolution process of such designs to help guide the
future development of DCNs.

2.7.1 Evolution of DCN Topology Design

Traditional data centers adopt the tree-like topologies, which incur potential single-
point failure and bandwidth bottleneck. Fat-Tree forms edge layer switches and
aggregation layer switches as different Pods and then constructs a Clos structure
among the three layers of switches to enable non-blocking communication. To meet
the increasing demand of virtual machine migration, PortLand and VL2 modify the
protocols on switches and servers, respectively, to support virtual machine migration
without IP address changes. Such modifications also improve the DCN flexibility.
Based onFat-Tree, F10 constructs an asymmetricABFat-Tree to increase the number
of paths bypassing failure nodes in the network. Based on its failure report mecha-
nism, F10 provides three levels of failure recovery strategy (local, partial, and global)
to guarantee instant failure recovery.

FBFLY and HyperX discard the hierarchical tree structure. Instead, FBFLY uses
a flat structure of a generalized hypercube to reduce the number of switches and
adjusts links dynamically to save energy. HyperX aims to realize an optimal topology
with given network requirements and resource constraints. The rise of optical circuit
switching technology has a great impact on DCN topology design. Helios and c-
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Through introduce optical switches to existing tree topologies and provide both
optical fiber links and packet switching links. OSA aims to construct a fully optical
network. However, frequent photic-electric conversions are required for multi-hop
transmission in OSA. Efficient *-Cast handles different types of traffic through the
dynamic reorganization of optical devices.

The continuous upgrading of servers has led to the emergence of server-centric
DCN topologies. These are usually constructed recursively, i.e., the upper-level net-
work is expanded by a number of lower-layer networks according to certain rules.
This kind of topology aim to construct an excellent data center network with a
large number of generic servers and commodity network devices. They jointly con-
sider multiple features, such as link utilization, load balance, efficient routing, and
on-demand expansion. Modular data centers follow a completely different design
methodology. In such centers, all basic facilities are integrated into a module to build
a large-scale DCN quickly. In addition, SWDC, Jellyfish, and Scafida apply classic
models from network science to construct DCN topologies with low network diam-
eter, high fault tolerance and strong scalability. However, such irregular topologies
lead to high routing complexity and increased maintenance costs.

Emerging wireless communication technologies enable novel wireless DCN
ideas. 3D Beamforming uses beamforming technology to enhance signals and con-
structs reflectors to bypass the barriers between racks. Cayley is a fully wireless
network built on the basis of altered servers. Similarly, FSO provides path diversity
of laser signals by adjusting switchable mirrors.

For current DCNs, the design method has evolved from regular to random, from
wired to wireless, from static to dynamic, and from integrated to modular. Such
changes are closely related to the development of communication technologies. It
is foreseeable that future new technologies for equipment and communication will
provide additional opportunities for DCN topology design improvement.

2.7.2 Future Trends of DCN Topology Design

With the development of core equipment and communication technologies in data
centers, futureDCN topology design hasmultiple opportunities aswell as challenges.

First, there are heterogeneous and incrementally scalable topologies.Most current
DCN designs concern how to interconnect servers and switches of the same type or
the same number of ports. As a matter of fact, the construction and expansion of data
centers will inevitably introduce heterogeneous computing and networking devices.
Therefore, it is necessary to study how to effectively organize and expand these het-
erogeneous devices. At present, computing equipment and networking devices tend
to be integrated in a single device. Meanwhile, technologies of wired, optical, and
wireless communication for data centers are constantly emerging. These potential
developments bring great challenges to the design of heterogeneous and incremen-
tally scalable DCNs.
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Second, there are modular data centers. A module contains a small number of
servers organized as a regular topology. Such modules are further interconnected as
a large-scale DCN. This design philosophy also incurs the problem of heterogeneous
expansion, i.e., how to expand network scale with diverse equipment introduced at
different times. Although uFix is devoted to solving this problem, further investiga-
tion is still required. In the future, cloud providers can use optical circuit switching
or wireless communication technology to interconnect data center modules for better
scalability and flexibility.

Third, there are wireless DCN topologies. The transmission of data with better
transmission rate and bandwidth using light as the carrier is ubiquitous. Laser com-
munication provides abundant bandwidth and spectrum resources. The emerging
VLC (Li-Fi) uses the pulse signal emitted by an LED [49] to realize signal transmis-
sion (approximately 10 Gbps). Such VLC techniques enjoy low-cost investment and
elegant controllability. In the future, there will be more kinds of optical communica-
tion devices and high-performance optical network components. These devices and
components will accelerate the development of fully optical DCNs. Optical DCN
and other wireless DCN designs are still in their experimental stages, and further
improvement and designs are required before they enter the market.

Fourth, there are software-defined data center networks. An SDN [50] decouples
the network control plane from physical devices. Such control functionalities are
integrated into the centralized controller, thereby avoiding the restrictions of phys-
ical devices. A software-defined data center (SDDC) [51] is a combination of an
SDN and DCN, which extends the design space of DCN topologies. An SDDC vir-
tualizes all infrastructures and implements Infrastructure as a Service (IaaS) through
intelligent software to schedule resources dynamically. Traffic control, load balanc-
ing, routing protocols, controller placement, customizable protocols, fault tolerance,
disaster tolerance, resource allocation, network security, and other issues in SDDCs
deserve further study [52–54]. For example, in a server-centric data center network,
servers provide networking and routing functions, so the SDNcontroller required fur-
ther redesign. In addition, optical switching equipment, wireless switching devices,
server NIC cards, and traditional networking modules coexist in data centers. Such
a phenomenon makes Openflow-based SDN technology no longer applicable. Con-
sequently, it is urgent to design new SDN solutions.
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Part II
Novel Data Center Network Structures



Chapter 3
HCN: A Server-Centric Network
Topology for Data Centers

Abstract A fundamental goal of data-center networking is to efficiently intercon-
nect a large number of servers with the low equipment cost. Several server-centric
network topologies for data centers have been proposed. They, however, are not truly
expandable and suffer a low degree of regularity and symmetry. Inspired by the com-
modity servers in today’s data centers that come with dual-port, we consider how to
build expandable and cost-effective topologies without expensive high-end switches
and additional hardware on servers except the two NIC ports. In this chapter, two
such network topologies, calledHCN andBCN, are designed based on the compound
graph theory. The two topologies can achieve hierarchical expansion by only adding
a small number of links among servers. Although the server degree is only 2, HCN
can be expanded very easily to encompass hundreds of thousands servers with the
low diameter and high bisection width. HCN also offers high degree of regularity,
scalability and symmetry, which conform to themodular design of data centers. BCN
is the largest known network topology for data centers with the server degree 2 and
network diameter 7. BCN has many attractive features, including the low diameter,
high bisection width, large number of node-disjoint paths for the one- to-one traffic,
and good fault-tolerant ability. Mathematical analysis and comprehensive simula-
tions show that HCN and BCN possess excellent topological properties.

3.1 Introduction

A fundamental goal of data center networking (DCN) is to efficiently interconnect a
large number of serverswith the low equipment cost. Traditional data center networks
mainly interconnect servers into tree-like topologies through switches, core switches
and core routers, which propose high demand to upper-layer network devices, and
make these network devices easily become the performance bottleneck. Besides,
the expansion of data centers usually introduces expensive high-end core routers
and core switches, leading to high expansion cost. Additionally, tree-like topologies
has poor fault-tolerance, and is prone to single-point failure. These topologies are
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hard to meet the data center design goals, including the low equipment cost, high
network capacity, support of incremental expansion, and robustness. A number of
novel DCN network topologies are proposed recently and can be roughly divided
into two categories. One is switch-centric, which organizes switches into multi-layer
tree topologies. Fat-Tree [1], VL2 [2] fall into such a category. The other is server-
centric. DCell [3], FiConn [4, 5], BCube [6] and MDCube [7] fall into the second
category.

With the increasing multi NICs and data forwarding capabilities of servers, the
efficient data center networks can be achieved by direct connections between a large
number of servers and low-end switches. These server-centric topologies puts the
interconnection intelligence on servers and uses switches only as cross-bars. Com-
pound graph and hierarchical networks become the mainstream design methods of
server-centric data center network. Among others, a server-centric topology has the
following advantages. First, each server participates into the routing process, so that
there is no core router and core switch in the network, and the scalability is greatly
enhanced. Second, in current practice, servers aremore programmable than switches,
so the deployment of new DCN topology is more feasible. Besides, multiple NIC
ports in servers can be used to improve the end-to-end throughput as well as the
fault-tolerant ability.

DCell [3] and BCube [6] are the two most representative server-centric DCN,
and their nice topological properties and efficient algorithms have been derived at
the cost as follows. They use no less than 4 ports per server, and large number of
switches and links, so as to scale to a large server population. If they use servers with
only 2 ports, the server population is very limited and cannot be enlarged since they
are at most two levels. When network topologies are expanded to one higher level,
DCell and BCube add one NIC and link for each existing server, and BCube has to
be appended large number of additional switches. Thus the time and human power
needed to upgrade tens or hundreds of thousands servers are very expensive.

Such topologies, however, are not truly expandable. A network is expandable if no
changes with respect to the node’s configuration and link connections are necessary
when it is expanded. Thismay cause negative influence on applications running on all
of the existing servers during the process of topology expansion. In this chapter, we
focus on the interconnection of a large number of commodity dual-port servers since
such servers are already available in current practice. It is challenging to interconnect
a large population of such servers in data centers, because we should also guarantee
the low diameter and the high bisection width.

In this chapter, we first propose a hierarchical irregular compound network,
denoted as HCN, which can be expanded by only adding one link to a few number of
servers. Moreover, HCN offers a high degree of regularity, scalability and symme-
try, which conform to the modular designs of data centers. Inspired by the smaller
network size of HCN compared to FiConn, we further study the degree/diameter
problem [8, 9] in the scenario of building a scalable network topology for data cen-
ters using dual-port servers. Given the maximum node degree and network diameter,
the degree/diameter problem aims to determine the largest graphs. Although many
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efforts [10, 11] have beenmade to study the degree/diameter problem in graph theory,
it is still open in the field of DCN.

We then propose BCN, a Bidimensional Compound Network for data centers,
which inherits the advantages of HCN. BCN is a level-i irregular compound graph
recursively defined in the first dimension for i ≥ 0, and a level one regular compound
graph in the second dimension. In each dimension, a high-level BCN employs a one
lower level BCN as a unit cluster and connects many such clusters by means of a
complete graph. BCN of level one in each dimension is the largest known network
topology for data centers, with the server degree 2 and the network diameter 7. In this
case, the order of BCN is significantly larger than that of FiConn(n, 2), irrespective
of the value of n. Besides such advantages, BCN has other attractive properties,
including the low diameter and cost, high bisection width, high path diversity for the
one-to-one traffic, good fault-tolerant ability, and relative shorter fault-tolerant path
than FiConn.

3.2 The Design of HCN Topology

Hierarchical network is a natural way to construct large networks. In a hierarchical
network, lower level networks support local communications, while higher level net-
works support remote communications. The compound graph is suitable for design-
ing large-scale networks, due to its good regularity and expandability, and has been
widely used in practice.Wefirst review the definitions of regular graph and compound
graph.

3.2.1 Basic Theories of the Compound Graph

Definition 3.1 A regular graph is a graph where each vertex has the same degree.
A regular graph with vertices of degree k is called a k-regular graph.

Definition 3.2 Given two regular graphs G and G1, a level-1 regular compound
graph G(G1) is obtained by replacing each node of G by a copy of G1 and replacing
each link of G by a link that connects two corresponding copies of G1.

As shown in Fig. 3.1, a level-1 regular compound graph G(G1) employs G1 as
a unit cluster and connects many such clusters by means of a regular graph G. In
the resultant graph, the topology of G is preserved, and only one link is inserted to
connect two copies of G1. An additional remote link is associated with each node
in a cluster. A constraint must be satisfied for the two graphs to constitute a regular
compound graph. The node degree of G must be equal to the number of nodes in
G1. Otherwise, an irregular compound graph is obtained.

The basic idea of a compound graph can be extended to the context of amulti-level
compound graph, recursively. For ease of explanation, we consider the casewhere the
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Fig. 3.1 An illustrative example of the compound graph, which interconnects eight rings by means
of the three-dimensional hypercube

Table 3.1 Summary of main notations

Term Definition

α Number of master servers in the level-0 BCN

β Number of slave servers in the level-0 BCN

n n = α + β is the number of ports of a mini-switch

h Level of BCN in the first dimension

γ Level of the unit BCN in the second dimension

sh = αhβ Number of slave servers in any give BCN(α, β, h)

sγ = αγ β Number of slave servers in BCN(α, β, γ )

BCN(α, β, 0) Level-0 BCN, i.e., the smallest building block

BCN(α, β, h) Level-h BCN in the first dimension

G(BCN (α, β, h)) A compound graph that uses BCN(α, β, h) as G1 and a complete graph as G

BCN(α, β, h, γ ) A general BCN that always expands in the first dimension while only
expands in the second dimension when h ≥ γ

u Order of BCN(α, β, h) in BCN(α, β, h, γ ) from the viewpoint of the
second dimension

v Order of a G(BCN (α, β, γ )) in BCN(α, β, h, γ ) from the viewpoint of the
first dimension

regular G is a complete graph. A level-2 compound graph G2(G1) employs G(G1)

as a unit cluster and connects many such clusters using a complete graph G. More
generically, a level-i (i > 0) graph Gi (G1) adopts a level-(i − 1) graph Gi−1(G1)

as a unit cluster and connects many such clusters by a complete graph G.
Among existing DCNs, DCell and FiConn are constructed recursively by com-

pound graph. In each iteration process, DCell forms a regular compound graph,
while FiConn forms a irregular compound graph. HCN and BCN are introduced in
this chapter. They are constructed by means of compound graph. Table 3.1 lists the
notations used in the rest of this chapter.
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3.2.2 The Construction Methodology of HCN

HCN is constructed based on irregular compound graph. It is defined by a recursive
way as follows. For any given h ≥ 0, we denote a level-h irregular compound net-
work as HCN(n, h). HCN is a recursively defined topology. A high-level HCN(n, h)

employs a low level HCN(n, h − 1) as a unit cluster and connects many such clusters
by means of a complete graph. HCN(n, 0) is the smallest module (basic construction
unit) that consists of n dual-port servers and a n-port mini-switch. For each server, its
first port is used to connect with the mini-switch while the second port is employed to
interconnect with another server in different smallest modules for constituting larger
networks. A server is available if its second port has not been connected.

HCN(n, 1) is constructed using n basic modules HCN(n, 0). In HCN(n, 1), there
is only one link between any two basic modules by connecting two available servers
that belong to different basic modules. Consequently, for each HCN(n, 0) inside
HCN(n, 1) all of the servers are associated with a level-1 link except one server that
is reserved for the construction of HCN(n, 2). Thus, there are n available servers in
HCN(n, 1) for further expansion at a higher level. Similarly, HCN(n, 2) is formed
by n level-1 HCN(n, 1)s, and has n available servers for interconnection at a higher
level.

In general,HCN(n, i) for i ≥ 0 is formedbynHCN(n, i − 1)s, andhasn available
servers each in one HCN(n, i − 1) for further expansion. According to Definition
3.2, HCN(n, i) acts as G1 and a complete graph of n nodes acts as G. Here, G(G1)

produces an irregular compound graph since the number of available servers in
HCN(n, i) is n while the node degree of G is n − 1. To facilitate the construction of
any level-h HCN, we introduce Definition 3.3 as follows.

Definition 3.3 Each server in HCN(n, h) is assigned a label xh . . . x1x0, where 1 ≤
xi ≤ n for 0 ≤ i ≤ h. Two servers xh . . . x1x0 and xh . . . x j+1x j−1x

j
j are connected

only if x j �=x j−1, x j−1 = x j−2 = · · · = x1 = x0 for some1 ≤ j ≤ h, where 1 ≤ x0 ≤
α and x j

j represents j consecutive x j s. Here, n servers are reserved for further
expansion only if xh = xh−1 = · · · = x0 for any 1 ≤ x0 ≤ n.

Figure 3.2 plots an example of HCN(4, 2) constructed according to Definition
3.3. HCN(4, 2) consists of four HCN(4, 1)s and a HCN (4, 1) has four HCN(4, 0)s.
The second port of four servers, 111, 222, 333, and 444, are reserved for further
expansion.

In a level-h HCN, each server recursively belongs to level-0, level-1, level-2,
..., level-h HCNs, respectively. Similarly, any lower level HCN belongs to many
higher level HCNs. To characterize such a property, let xi indicate the order of
HCN(n, i − 1), containing a server xh . . . x1x0, among all of the level-(i − 1) HCNs
of HCN(n, i) for 1 ≤ i ≤ h. We further use xhxh−1 . . . xi (1 ≤ i ≤ h) as a prefix to
indicate HCN(n, i − 1) that contains such a server in HCN(n, h). We use the server
423 as an example. Here, x1 = 2 indicates the 2th HCN(4, 0) in HCN(4, 1) that
contains such a server. Such a HCN(4, 0) contains the servers 421, 422, 423, and
444. Here, x2 = 4 indicates the 4th level-1 HCN in a level-2 HCN that contains such
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Fig. 3.2 An example of HCN(n, h), where n = 4 and h = 2

a server. Thus, x2x1 = 42 indicates the level-0 HCN that contains the server 423 in
a level-2 HCN.

HCN offers a high degree of regularity, scalability and symmetry. Additionally,
HCN owns two topological advantages, i.e., expandability and equal server degree.
Compared with FiConn, HCN has the benefits of easy implementation and low cost.
Its network order, however, is less than that of FiConn in the same setting and we
thus study the degree/diameter problem of DCN.
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3.3 The Design of BCN Topology

3.3.1 Description of BCN Topology

BCN is amulti-level irregular compound graph recursively defined in the first dimen-
sion, and a level one regular compound graph in the second dimension. In each
dimension, a high-level BCN employs a one low level BCN as a unit cluster and
connects many such clusters by means of a complete graph.

Let BCN(α, β, 0) denote the basic building block, where α + β = n. It has n
servers and one n-port mini-switch. All of the servers are connected to the mini-
switch using their first ports, and are partitioned into two disjoint groups, referred to
as the master and slave servers. Let α and β be the number of master servers and
slave servers, respectively. Here, servers really do not have master/slave relationship
in functionality. The motivation of such a partition is just to ease the presentation.
As discussed later, the second port of master servers and slave servers are used to
constitute larger BCNs in the first and second dimensions, respectively. A server is
available indicates that the second ports of the server are still idle.

1. Hierarchical BCN in the first dimension

For any given h ≥ 0, we use BCN(α, β, h) to denote a level-h BCN formed by
all of the master servers in the first dimension. For any h > 1, BCN(α, β, h) is an
irregular compound graph, where G is a complete graph with α nodes while G1 is
BCN(α, β, h − 1) with α available master servers. It is worth noticing that, for any
h ≥ 0, BCN(α, β, h) still has α available master servers for further expansion, and is
equivalent to HCN(α, h). The only difference is that each mini-switch also connects
β slave servers besides α master servers in BCN(α, β, h).

2. Hierarchical BCN in the second dimension

There are β available slave servers in the smallest module BCN(α, β, 0). In general,
there are sh = αh · β available slave servers in any given BCN(α, β, h) for h ≥ 0.
We study how to utilize those available slave servers to expand BCN(α, β, h) from
the second dimension. A level-1 regular compound graph, G(BCN (α, β, h)), is a
natural way to realize such a goal. It uses BCN(α, β, h) as a unit cluster and connects
sh + 1 copies of BCN(α, β, h) by means of a complete graph using the second ports
of all of available slave servers. The resultant G(BCN (α, β, h)) cannot be further
expanded in the second dimension since it has no available slave servers. It, however,
still can be expanded in the first dimension without destroying the existing network.
To ease further discussion, we first give Theorem 3.1 and its proof.

Theorem 3.1 The total number of slave servers in any given BCN(α, β, h) is

sh = αh · β. (3.1)
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Fig. 3.3 A
G(BCN (4, 4, 0)) topology
that consists of slave servers
in five BCN(4, 4, 0)s in the
second dimension

Proof We know that any given BCN(α, β, i) is built with α copies of a lower-level
BCN(α, β, i − 1) for 1 ≤ i . Thus, it is reasonable that BCN(α, β, h) has αh small-
est module BCN(α, β, 0)s. In addition, each smallest module has β slave servers.
Consequently, the total number of slave servers in BCN(α, β, h) is sh = β · αh . Thus
proved. ��

Figure 3.3 plots an example ofG(BCN (4, 4, 0)). The four slave servers connected
with a mini-switch in BCN(4, 4, 0) is the unit cluster. A complete graph is used to
connect five copies ofBCN(4, 4, 0). Consequently, only one remote link is associated
with each slave server in a unit cluster. Thus, the node degree is two for each slave
server in the resultant network.

3. Bidimensional hierarchical BCN

After separately designing BCN(α, β, h) and G(BCN (α, β, h)), we design a
scalable bidimensional BCN formed by both master and slave servers. Let
BCN(α, β, h, γ ) denote a bidimensional BCN, where h denotes the level of BCN in
the first dimension, and γ denotes the level of BCN that is selected as the unit cluster
in the second dimension. In this case, BCN(α, β, 0) consists of α master servers, β
slave servers and one n-port switch, i.e., it is still the smallest module of any level
bidimensional BCN.

To increase servers in data centers on-demand, it is required to expand an initial
lower-level BCN(α, β, h) from the first or second dimension without destroying the
existing topology.A bidimensional BCN is alwaysBCN(α, β, h) as h increaseswhen
h < γ . In such a scenario, the unit cluster for expansion in the second dimension has
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not been formed.When h increases to γ , we achieve BCN(α, β, γ ) in the first dimen-
sion, and it can be used as the unit cluster for expansion in the second dimension. In
the resultant BCN(α, β, γ, γ ), there are αγ · β + 1 copies of BCN(α, β, γ ) and α

available master servers in each BCN(α, β, γ ). A sequential number u is employed
to identify BCN(α, β, γ ) among αγ · β + 1 ones in the second dimension, where u
ranges from 1 to αγ · β + 1. Fig. 3.3 plots an example of BCN(4, 4, 0, 0) consisting
of five BCN(4, 4, 0)s, where h = r = 0. It is worth noticing that BCN(α, β, γ, γ )

cannot be further expanded in the second dimension since it has no available slave
servers. It, however, still can be expanded in the first dimension without destroying
the existing network in the following way.

When h > γ , each BCN(α, β, γ ) in BCN(α, β, γ, γ ) becomes BCN(α, β, h)

in the first dimension. There are αh−γ homogeneous BCN(α, β, γ )s inside each
BCN(α, β, h). Thus, we use a sequential number v to identify BCN(α, β, γ ) in
each BCN(α, β, h) in the first dimension, where v ranges from 1 to αh−γ . Thus,
the coordinate of each BCN(α, β, γ ) in the resultant topology is denoted by a pair
of v and u. It is worth noticing that only those BCN(α, β, γ )s with v = 1 in the
resultant topology are connected by a complete graph in the second dimension,
and form the first G(BCN (α, β, γ )). Consequently, messages between any two
servers in different BCN(α, β, γ )s with the same value of v except v = 1 must
be relayed by related BCN(α, β, γ ) in the first G(BCN (α, β, γ )). Thus, the first
G(BCN (α, β, γ )) becomes a bottleneck of the resultant topology. To address such
an issue, all of BCN(α, β, γ )s with v = i are also connected by means of a com-
pleted graph so as to produce the i th G(BCN (α, β, γ )), for other values of v besides
1. By now, we achieve BCN(α, β, h, γ ) in which each G(BCN (α, β, γ )) is a reg-
ular compound graph, where G is a complete graph with αγ · β nodes and G1 is
BCN(α, β, γ ) with αγ · β available slave servers.

Figure 3.4 plots BCN(4, 4, 1, 0) formed by all of themaster and slave servers from
the first and second dimensions. Note that only the first and third BCN(4, 4, 1)s are
plotted, while other three BCN(4, 4, 1)s are not shown due to page limitations. We
can see that BCN(4, 4, 1, 0) has five homogeneous BCN(4, 4, 1)s in the second
dimension and four homogeneous G(BCN (4, 4, 0))s in the first dimension. In the
resultant topology, the node degree of each slave server is two while that of each
master server is at least one and at most two.

3.3.2 The Construction Methodology of BCN

A higher level BCN network can be built by an incremental expansion using one
lower level BCN as a unit cluster and connecting many such clusters by means of a
complete graph. Specific construction methods are as follows.

1. When h < γ : BCN(α, β, h) can be achieved by the construction methodology
of HCN(α, h).
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Fig. 3.4 An illustrative example of BCN(4, 4, 1, 0)

2. When h = γ : All of the slave servers in BCN(α, β, γ ) are utilized for expansion
in the second dimension. Each slave server in BCN(α, β, γ ) is identified by a
unique label x = xγ . . . x1x0 where 1 ≤ xi ≤ α for 1 ≤ i ≤ γ and α + 1 ≤ x0 ≤
n. Besides the unique label, each slave server can be equivalently identified by a
unique id(x) that denotes its order among all of the slave servers inBCN(α, β, γ )

and ranges from 1 to sγ . For each slave server, the mapping between a unique
id(x) and its label is bijection, as defined in Theorem 3.2.

Theorem 3.2 For any slave server x = xγ . . . x1x0, its unique id(x) is given by

id(xγ . . . x1x0) =
γ∑

i=1

(xi − 1) · αi−1 · β + (x0 − α). (3.2)

Proof xi denotes the order of BCN(α, β, i − 1, γ ) that contains the slave server x in
a higher level BCN(α, β, i, γ ) for 1 ≤ i ≤ γ . In addition, the total number of slave
servers in anyBCN(α, β, i − 1, γ ) isαi−1 · β. Thus, there exist

∑γ

i=1(xi − 1) · αi−1 ·
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β slave servers in other smallest modules before the smallest module BCN(α, β, 0)
that contains the server x . On the other hand, there are other x0 − α slave servers
that reside in the same smallest module with the server x but has a lower x0 than the
server x . Thus proved. ��

As mentioned above, the resultant BCN network when h = γ is a
G(BCN (α, β, γ )) consisting of sγ + 1 copies of a unit cluster BCN(α, β, γ ). In
such a case, BCNu(α, β, γ ) denotes the uth unit cluster in the second dimension. In
BCNu(α, β, γ ), each server is assigned a unique label x = xγ . . . x1x0 and a 3-tuple
[v(x) = 1, u, x], where v(x) is defined in Theorem 3.3. In BCNu(α, β, γ ), all of
the master servers are interconnected according to the rules in Definition 3.3 for
1 ≤ u ≤ sγ + 1.

Many different ways can be used to interconnect all of the slave servers in sγ + 1
homogeneous BCN(α, β, γ )s to constitute a G(BCN (α, β, γ )). For any two slave
servers [1, us, xs] and [1, ud , xd ], as mentioned in literature [12, 13] they are inter-
connected only if

ud = (us + id(xs)) mod (sγ + 2)
id(xd) = sγ + 1 − id(xs)

}
(3.3)

where id(xs) and id(xd) are calculated by Formula 3.2. In literature [7], the two
slave servers are connected only if

us > id(xs)
ud = id(xs)
id(xd) = (us − 1) mod sγ

⎫
⎬

⎭ (3.4)

This chapter does not focus on designing new interconnection methods for all of
the slave servers since the above two and other permutation methods are suitable to
constitute G(BCN (α, β, γ )).

(3) When h > γ : After achieving BCN(α, β, γ, γ ), the resultant network can
be incrementally expanded in the first dimension without destroying the existing
topology. In this scenario, BCN(α, β, h, γ ) consists of sγ + 1 copies of a unit cluster
BCN(α, β, h) in the second dimension. Each server in BCNu(α, β, h) is assigned
a unique label x = xh . . . x1x0 for 1 ≤ u ≤ sγ + 1. In addition, BCNu(α, β, h) has
αh−γ BCN(α, β, γ )s in the first dimension. Recall that a sequential number v is
employed to rank those BCN(α, β, γ )s in BCNu(α, β, h).

In BCNu(α, β, γ ), each server is assigned a 3-tuple [v(x), u, x], where v(x) is
defined in Theorem 3.3. A pair of u and v(x) is sufficient to identify the unit cluster
BCN(α, β, γ ) that contains the server x in BCN(α, β, h, γ ). For a slave server x ,
we further assign a unique id(xγ . . . x1x0) to indicate the order of x among all of the
slave servers in the same BCN(α, β, γ ).

Theorem 3.3 For any server labeled x = xh . . . x1x0 for h ≥ γ , the rank of the
module BCN(α, β, γ ) in BCN(α, β, h) the server x resides in is given by
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Algorithm 3.1 Construction of BCN(α, β, h, γ )

Require: h > γ

1: Connects all of the servers that have the same u and the common length-h prefix of their labels
to the same min-switch using their first ports. � Construction of all smallest modules
BCN(α, β, 0)

2: for [ doInterconnect master servers that hold the same u to form αγ · β + 1 copies of
BCN(α, β, h)] u = 1 to αγ · β + 1

3: Any master server [v(x), u, x = xh . . . x1x0] is interconnected with a master server
[v(x ′), u, x ′ = xh . . . x j+1x j−1x

j
j ] using their second ports if x j �=x j−1, x j−1 = · · · = x1 = x0

for some 1 ≤ j ≤ h, where 1 ≤ x0 ≤ α and a j
j represents j consecutive a j s.

4: for [ doConnect slave servers that hold the same v to form the vth G(BCN (α, β, γ )) in
BCN(α, β, h, γ )]v = 1 to αh−γ

5: Interconnect any two slave servers [v(x), ux , x = xh . . . x1x0] and [v(y), uy , y =
yh . . . y1y0] using their second ports only if (1) v(x) = v(y); (2) [ux , xγ . . . x1x0] and
[uy, yγ . . . y1y0] satisfy the constraints in Formula 3.3.

v(x) =

⎧
⎪⎨

⎪⎩

1, if h = γ

xγ+1, if h = γ + 1∑h
i=γ+2(xi − 1) · αi−γ−1 + xγ+1, if h > γ + 1

(3.5)

Proof Recall that anyBCN(α, β, i) is constructedwithα copies ofBCN(α, β, i − 1)
for 1 ≤ i . Therefore, the total number of BCN(α, β, γ )s in BCN(α, β, i) for i > γ is
αi−γ . In addition, xi indicates BCN(α, β, i − 1) in the next higher level BCN(α, β, i)
that contains such a server for 1 ≤ i . Thus, there are (xi − 1) · αi−γ−1 BCN(α, β, γ )s
in other xi − 1 previous BCN(α, β, i − 1)s inside BCN(α, β, i) for γ + 2 ≤ i ≤ h.
In addition, xγ+1 indicates the sequence of BCN(α, β, γ ) in BCN(α, β, γ + 1) the
server x resides in. Therefore, the rank of BCN(α, β, γ ) in BCN(α, β, h) such a
server resides in is given by Formula 3.5. Thus proved. ��

After assigning a 3-tuple to all of themaster and slave servers,wepropose a general
procedure to constitute BCN(α, β, h, γ ) (h > γ ), as shown in Algorithm 3.1. The
entire procedure includes three parts. The first part groups all of the servers into the
smallest modules BCN(α, β, 0) for further expansion. The second part constructs
sγ + 1 homogeneous BCN(α, β, h)s by connecting the second ports of those master
servers that have the same u and satisfy the constraints mentioned in Definition 3.3.
Furthermore, the third part connects the second ports of those slave servers that have
the same v and satisfy the constraints defined by Formula 3.3. Consequently, the
construction produce results in BCN(α, β, h, γ ) consisting of αh−γ homogeneous
G(BCN (α, β, γ ))s. Note that it is not necessary that the connection rule of all of
the slave servers must be that given by Formula 3.3. It also can be that defined by
Formula 3.4.
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3.4 Routing Mechanism of BCN

The unicast traffic is the basic traffic model and the good one-to-one support also
results in the good many-to-one and many-to-many support. In this section, we start
with the single-path routing for the unicast traffic inBCNwithout failures of switches,
servers, and links. On this basis, we propose fault-tolerant routing schemes to address
those representative failures by employing the benefits of multi-paths between any
two servers.

3.4.1 Single-path for the Unicast Traffic

1. In the case of h < γ

For any BCN(α, β, h) (1 ≤ h), we propose an efficient routing scheme, denoted as
FdimRouting, to find a single-path between anypair of servers in a distributedmanner.
Let src and dst denote the source and destination servers in the same BCN(α, β, h)

but different BCN(α, β, h − 1)s. The source and destination can be of the master
server or the slave server. The routing scheme first determines the link (dst1, src1)
that interconnects the two BCN(α, β, h − 1)s that src and dst are located at. It then
derives two sub-paths from src to dst1 and from src1 to dst . The path from src to
dst is the combination of the two sub-paths and the link (dst1, src1). Each of the
two sub-paths can be obtained by recursively invoking Algorithm 3.2.

In Algorithm 3.2, the labels of a pair of servers are retrieved from the two inputs
that can be of 1-tuple or 3-tuple. A 3-tuple indicates that such a BCN(α, β, h) is a
component of the entireBCN(α, β, h, γ )when h ≥ γ . TheCommPre f i x calculates
the common prefix of src and dst and the Get IntraLink identifies the link that
connects the two sub-BCNs in BCN(α, β, h). Note that the two ends of the link can
be directly derived from the indices of the two sub-BCNs according to Definition 3.3.
Thus, the time complexity of Get IntraLink is O(1).

In FdimRouting algorithm, the length of the path between two servers connect-
ing to the same switch is one. Such an assumption was widely used in the designs of
server-centric network topologies for data centers, such as DCell, FiConn, BCube,
and MDCube. From the FdimRouting, we obtain the following Theorem 3.4.

Theorem 3.4 The shortest path length among all of the server pairs in BCN(α, β, h)

is at most 2h+1 − 1 .

Proof For any two servers, src and dst , in BCN(α, β, h) but in different
BCN(α, β, h − 1)s, let Dh denote the length of the single path resulted from
Algorithm 3.2. The entire path consists of two sub-paths in two different
BCN(α, β, h − 1)s andone link connects the two lowerBCNs. It is reasonable to infer
that Dh = 2 · Dh−1 + 1 for h > 0 and D0 = 1. We can derive that Dh = ∑h

i=0 2
i .

Thus proved. ��
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Algorithm 3.2 FdimRouting(src, dst)
Require: src and dst are two servers in BCN(α, β, h) (h < γ ).
1: The labels of the two servers are retrieved from the inputs, and are src = shsh−1 . . . s1s0 and

dst = dhdh−1 . . . d1d0, respectively.
2: pre f ← CommPre f i x(src, dst)
3: Let m denote the length of pre f
4: if m==h then
5: Return (src, dst) � The servers connect to the same switch.
6: (dst1, src1)←Get IntraLink(pre f, sh−m , dh−m)

7: head←FdimRouting(src, dst1)
8: tail←FdimRouting(src1, dst)
9: Return head + (dst1, src1) + tail
GetIntraLink(pre f, s, d)

1: Let m denote the length of pre f
2: dst1←pre f + s + dh−m � dh−m represents h − m consecutive d
3: src1←pre f + d + sh−m � sh−m represents h − m consecutive s
4: Return (dst1, src1)

Algorithm 3.3 BdimRouting(src, dst)
Require: src and dst are denoted as [v(sh . . . s1s0), us , sh . . . s1s0] and

[v(dh . . . d1d0), ud , dh . . . d1d0] in BCN(α, β, h ≥ γ, γ ).
1: if [ thenIn the same BCN(α, β, h)]us==ud
2: Return FdimRouting(src, dst)

3: vc ← v(sh . . . s1s0) � vc can also be v(dh . . . d1d0)
4: (dst1, src1)←Get Inter Link(us , ud , vc)
5: head←FdimRouting(src, dst1) � Find a path from src to dst1 in the uths BCN(α, β, h) of

BCN(α, β, h, γ )

6: tail←FdimRouting(src1, dst) � Find a path from src1 to dst in the uthd BCN(α, β, h) of
BCN(α, β, h, γ )

7: Return head + (dst1, src1) + tail
GetInterLink(s, d, v)

1: Infer two slave servers [s, x = xh . . . x1x0] and [d, y = yh . . . y1y0] from the sth and dth

BCN(α, β, h) in BCN(α, β, h, γ ) such that (1) v(x) = v(y) = v; (2) [s, xγ . . . x1x0] and
[d, yγ . . . x1x0] satisfy the constraints defined by Formula 3.3.

2: Return ([s, x], [d, y])

The time complexity of Algorithm 3.2 is O(2h) for deriving the entire path, and
can be reduced to O(h) for deriving only the next hop.

2. In the case of h ≥ γ

Consider the routing scheme in any BCN(α, β, h, γ ) consisting of αγ · β + 1 copies
of BCN(α, β, h) for h ≥ γ . The FdimRouting scheme can discover a path only if
the two servers are located at the same BCN(α, β, γ ). In other cases, FdimRouting
alone cannot guarantee to find a path between any pair of servers. To handle such
an issue, we propose the BdimRouting scheme for the cases that h ≥ γ , as shown in
Algorithm 3.3.
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For any two servers, src and dst , in BCN(α, β, h, γ ) (h ≥ γ ), Algorithm 3.3
invokes Algorithm 3.2 to discover the path between the two servers only if they
are in the same BCN(α, β, h). Otherwise, it first identifies the link (dst1, src1) that
interconnects the v(src)th BCN(α, β, γ )s of BCNus (α, β, h) and BCNud (α, β, h).
Note that the link that connects the v(dst)th instead of the v(src)th BCN(α, β, γ )s
of BCNus (α, β, h) and BCNud (α, β, h) is an alternative link. Algorithm 3.2 then
derives a sub-path from src to dst1 that are in the v(src)th BCN(α, β, γ ) inside
BCNus (α, β, h) andfinds another sub-path from src1 todst that are inBCNud (α, β, h)

by invoking Algorithm 3.2. Consequently, the path from src to dst is the combi-
nation of the two sub-paths and the link (dst1, src1). From the BdimRouting, we
obtain the following theorem.

Theorem 3.5 The shortest path length among all of the server pairs in
BCN(α, β, h, γ ) (h > γ ) is at most 2h+1 + 2γ+1 − 1.

Proof In Algorithm 3.3, the entire routing path from src to dst might contain an
inter-link between dst1 and src1, a first sub-path from src to dst1 and a second
sub-path from src1 to dst . The length of the first sub-path is 2γ+1 − 1 since the two
end servers are in the same BCN(α, β, γ ). Theorem 3.4 shows that the maximum
path length of the second sub-path is 2h+1 − 1. Consequently, the length of the entire
path from src to dst is at most 2h+1 + 2γ+1 − 1. Thus proved. ��

It is worth noticing that the Get Inter Link can directly derive the end servers of
the link only based on the three inputs and the constraints in Formula 3.3. Thus, the
time complexity of the Get Inter Link is O(1). The time complexity of Algorithm
3.3 is O(2k) for deriving the entire path, and can be reduced to O(k) for deriving
only the next hop.

3.4.2 Multi-paths for Unicast Traffic

Before the introduction of multi-paths for unicast traffic in BCN, we first give the
concept of parallel paths. Two parallel paths between a source server src and a
destination server dst exist if the intermediate servers on one path do not appear on
the other. Compared with single-path routing, multi-paths routing has greater fault
tolerance. In this subsection, the method is discussed of generating multiple parallel
paths between any two servers.

Lemma 3.1 There are α − 1 parallel paths between any two servers, src and dst,
in BCN(α, β, h) but not in the same BCN(α, β, 0).

Proof We show the correctness of Lemma 3.1 by constructing such α − 1 paths. The
construction procedure is based on the single-path routing, FdimRouting, in the case
of h < γ . We assume that BCN(α, β, i) is the lowest level BCN that contains the two
servers src and dst . The FdimRouting determines the link (dst1, src1) that inter-
connects the two BCN(α, β, i − 1)s each contains one of the two servers, and then
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builds the first path passing that link. There are α one lower level BCN(α, β, i − 1)
in BCN(α, β, i) that contains the dst . The first path does not pass other intermediate
BCN(α, β, i)s, while each of other α − 2 parallel paths must traverse one interme-
diate BCN(α, β, i − 1). Then we describe the construction method of these α − 2
parallel paths.

Let xh . . . x1x0 and yh . . . y1y0 denote the labels of src1 and dst1, respectively.
Nowweconstruct the otherα − 2 parallel paths from src todst . First, a server labeled
z = zh . . . z1z0 is identified as a candidate server of src1 only if zi−1 is different from
xi−1 and yi−1 while other parts of its label is the same as that of the label of src1. It is
clear that there exist α − 2 candidate servers of src1. Second, we find a parallel path
from src to dst by building a sub-path from the source src to an intermediate server
z and a sub-path from z to the destination dst . The two sub-paths can be produced
by the FdimRouting. So far, all of the α − 1 parallel paths between any two servers
are constructed. Thus proved. ��

Note that, the α − 1 parallel paths between src and dst are built in a fully dis-
tributed manner only based on the labels of the src and dst without any overhead
of control messages. We use Fig. 3.2 as an example to show the three parallel paths
between any two servers. The first path from 111 to 144 is 111 → 114 → 141 →
144, which is built by Algorithm 3.2. Other two paths are 111 → 113 → 131 →
134 → 143 → 144 and 111 → 112 → 121 → 124 → 142 → 144.We can see that
the three paths are node-disjointed and thus are parallel.

As for BCN(α, β, γ, γ ) with αγ β + 1 copies of BCN(α, β, γ ), if src and dst
reside in the same BCN(α, β, γ ), there are α − 1 parallel paths between src and dst
according to Lemma 3.1. Otherwise, we assume A and B denote two BCN(α, β, γ )s
inwhich src and dst reside, respectively. In such a case, there existαγ β parallel paths
between A and B since BCN(α, β, γ, γ ) connects αγ β + 1 copies of BCN(α, β, γ )

by means of a complete graph. In addition, Lemma 3.1 shows that there are only
α − 1 parallel paths between any two servers in BCN(α, β, γ ), such as A and B.
Accordingly, it is easy to infer that Lemma 3.2 holds.

Lemma 3.2 There are α − 1 parallel paths between any two servers in
BCN(α, β, γ, γ ) but not in the same BCN(α, β, 0).

In the case that h > γ , BCN(α, β, γ ) is the unit cluster of BCN(α, β, h, γ ).
Assume src and dst are labelled as [v(sh . . . s1s0), us, sh . . . s1s0] and
[v(dh . . . d1d0), ud , dh . . . d1d0], and reside in two unit clusters with labels
< v(sh . . . s1s0), us > and < v(dh . . . d1d0), ud >, respectively. According to Lem-
mas 3.1 and 3.2, there are α − 1 parallel paths between src and dst if us = ud or
v(sh . . . s1s0) = v(dh . . . d1d0). In other cases, we select BCN(α, β, γ ) with label <
v(sh . . . s1s0), ud > as a relay cluster.As aforementioned, there areαγ β parallel paths
between the unit clusters< v(sh . . . s1s0), us > and < v(sh . . . s1s0), ud >, while
onlyα − 1 parallel paths between< v(sh . . . s1s0), ud > and< v(dh . . . d1d0), ud >.
In addition, Lemma 3.1 shows that there are only α − 1 parallel paths between any
two servers in the same unit cluster. Accordingly, α − 1 parallel paths exist between
src and dst . Actually, the number of parallel paths between src and dst is also α − 1
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for another relay cluster< v(dh . . . d1d0), us >. The twogroups of parallel paths only
intersect inside the unit clusters < v(sh . . . s1s0), us > and < v(dh . . . d1d0), ud >.
So far, it is easy to derive Theorem 3.6.

Theorem 3.6 Nomatter whether h ≤ γ , there are α − 1 parallel paths between any
two servers in BCN(α, β, h, γ ) but not in the same BCN(α, β, 0).

Although BCN has the capability of providing multi-paths for the one-to-one
traffic, the existing routing schemes, including the FdimRouting and the BdimRout-
ing, only exploit one path. To enhance the transmission reliability for the one-to-one
traffic, we adapt the routing path when the transmission meets failures of a link, a
server, and a switch. It is worth noticing that those parallel paths between any pair of
servers pass through the common switch that connects the destination server in the
last step. This does not hurt the fault-tolerant ability of those parallel paths except
the switch connecting the destination fails. In such a rare case, at most one reachable
path exists between two servers.

3.4.3 Fault-Tolerant Routing in BCN

Before the discussion of fault-tolerant routing, we first give the definition of a failed
link that can summarize three representative failures in data centers.

Definition 3.4 A link (src1, dst1) is called failed only if the head src1 does not
fail, however, cannot communicate with the tail dst1 no matter whether they are
connected to the same switch or not. The failures of dst1, link, and the switch that
connects src1 and dst1 can result in a failed link.

To improve the fault tolerance of FdimRouting and the BdimRouting, two fault-
tolerant routing techniques are used, i.e., the local-reroute and remote-reroute. The
local-reroute adjusts a routing path that consists of local links on the basis of the
FdimRouting. On the contrary, the remote-reroute modifies those remote links in a
path derived by BdimRouting. All of the links that interconnect master servers using
the second ports are called the local links, while those links that interconnect slave
servers using the second ports are called the remote links.

1. Local-reroute

Given any two servers src and dst in BCN(α, β, h, γ ) (h < γ ), we can calculate a
path from src to dst using the FdimRouting. Consider any failed link (src1, dst1) in
such a path, where src1 and dst1 are labeled xh . . . x1x0 and yh . . . y1y0, respectively.
The FdimRouting does not take failed links into account. We introduce the local-
reroute to bypass failed links by making local decisions. Here, each server has only
local information. That is, it knows only the health state of the other servers on its
directly connected switch (the master and slave servers) and the server connected
over its second NIC (if any). Each server computes a set of relay servers for a failed
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next-hop server on demand. The assumption is that if the direct next-hop is not
reachable at least one of the relay servers can be reachable from the current server.

The basic idea of the local-reroute is that src1 immediately identifies all of the
usable candidate servers of dst1 and then selects one of such servers as a relay
server. The server src1 first routes packets to relay along a path derived by the
FdimRouting and then to the final destination dst along a path from relay to dst . If
any link in the first sub-path from src1 to relay fails, the packets are routed towards
dst along a new relay of the tail of the failed link, and then all of the existing relay
servers in turn.

A precondition of the local-reroute is that src1 can identify a relay server for
dst1 by only local decisions. Let m denote the length of the longest common prefix
of src1 and dst1. Let xh . . . xh−m+1 denote the longest common prefix of src1 and
dst1 for m ≥ 1. If m �= h, the two servers dst1 and src1 are not connected with the
same switch, and then the label zh . . . z1z0 of the relay server can be given by

zh . . . zh−m+1 = yh . . . yh−m+1

zh−m ∈ {{1, 2, . . . , α} − {xh−m, yh−m}}
zh−m−1 . . . z1z0 = yh−m−1 . . . y1y0

⎫
⎬

⎭ (3.6)

Otherwise, we first derive the server dst2 that connects with the server dst1
using their second ports. The failure of the link (src1, dst1) is equivalent to the
failure of the link (dst1, dst2) unless dst1 is the destination. Thus, we can derive
a relay server of the server dst2 using Formula 3.6, i.e., the relay server of the
server dst1. In summary, the total number of such relay servers is α − 2, where
α≈(2 · γ · n)/(2 · γ + 1) as shown in Theorem 3.8. It is unlikely that all of relay
servers for a failed one-hop server will be unreachable simultaneously since the
switch ports, n, in a data center is typical not small.

In Formula 3.6, the notation h − m indicates that the two servers src1 and dst1 are
in the same BCN(α, β, h − m) but in two different BCN(α, β, h − m − 1)s. There
exist α BCN(α, β, h − m − 1) subnets inside such a BCN(α, β, h − m). When src1
finds the failure ofdst1, it chooses one relay server fromall ofBCN(α, β, h − m − 1)
subnets in such aBCN(α, β, h − m) except the two subnets that contain src1 or dst1.
If src1 selects a relay server for dst1 fromBCN(α, β, h − m − 1) that contains src1,
the packets will be routed back to dst1 that fails to route those packets.

For ease of understanding, we discuss an illustrative example of local-reroute.
In Fig. 3.2, 111 → 114 → 141 → 144 → 411 → 414 → 441 → 444 is the path
from 111 to 444 derived by Algorithm 3.2. Once the link 144 → 411 and/or the
server 411 fails, the server 144 immediately finds server 211 or 311 as a relay
server, and calculates a path from it to the relay server. If the relay server is 211, the
path derived by Algorithm 3.2 is 144 → 142 → 124 → 122 → 122 → 211. After
receiving packets towards 444, the derived path by Algorithm 3.2 from 211 to 444 is
211 → 214 → 241 → 244 → 422 → 424 → 442 → 444. It is worth noticing that
if any link in the sub-path from 144 to 221 fails, the head of that link must bypass
such a failed link and reaches 221 in the same way. If the link 122 → 211 fails, the
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server 311 will replace 211 as the relay server of 411. If there is a failed link in the
sub-path from 211 to 444, the local-reroute is used to address the failed link in the
same way.

It is worth noticing that the failed link (141, 144) will be found if the server 144
in the path from 111 to 444 fails. The failure of a link (141, 144) is equivalent to the
failure of the link (144, 411). Hence, the servers 211 and 311 are the relay servers
derived by the aforementioned rules and Formula 3.6. All of the servers each with an
identifier starting with 1 from left to right cannot be the relay server since the path
from the relay server to the destination will pass the failed link again.

If a server prefers to pre-compute and store the relay servers, it has to keep a
forwarding table for its one-hop neighbors in the first dimension. Such forwarding
table for relaying purpose is of size α, with each entry is of size α − 2 since there
exist α − 2 relay servers for a failed one-hop server. Such a method incurs less delay
than computing the relay servers on demand, however, consumes additional storage
space of O(α2). Such an overhead can be reduced to α if only a few relay servers are
stored in each entry, e.g., three relay servers if such a number is enough for bypassing
a failed one-hop server.

2. Remote-reroute

For any two servers, src and dst , in BCN(α, β, h, γ ) (h ≥ γ ), their 3-tuples are
[vs, us, sh . . . s1s0] and [vd , ud , dh . . . d1d0], respectively. The local-reroute can han-
dle any failed link in the path from src to dst if they are in the same BCN(α, β, h)

in BCN(α, β, h, γ ), i.e., us = ud . Otherwise, a pair of servers dst1 and src1 are
derived according to the Get Inter Link operation in Algorithm 3.3, and are denoted
as [us, vs, x = xh . . . x1x0] and [ud , vs, y = yh . . . y1y0], respectively. Clearly, dst1
and src1 are in the vth

s BCN(α, β, γ )s inside BCNus (α, β, h) and BCNud (α, β, h),
respectively. The link (dst1, src1) is the only one that interconnects the two vth

s
BCN(α, β, γ )s in the two BCN(α, β, h)s.

If the packets from src to dst meets failed links in the two sub-paths from src to
dst1 and from src1 to dst , the local-reroute can address those failed links. The local-
reroute, however, cannot handle the failures of dst1, src1, and the links between
them. In such cases, the packets cannot be forwarded from the uths BCN(α, β, h)

to the uthd BCN(α, β, h) inside such a BCN(α, β, h, γ ) through the desired link
(dst1, src1). We propose the remote-reroute to address such an issue.

The basic idea of remote-reroute is to transfer the packets to another slave server
dst2 that is connected with the same switch together with dst1 if at least one such
slave server and its associated links are usable. The label of dst2 is xh . . . x1x ′

0 where
x ′
0 can be any integer ranging from α + 1 to n except x0. Assume that the other end
of the link that is incident from dst2 using its second port is a slave server src2 in
another BCNui (α, β, h) inside the entire network. The packets are then forwarded
to the slave server src2, and are routed to the destination dst along a path derived
by Algorithm 3.3. If a link in the path from src2 to dst fails, the local-reroute,
remote-reroute, and Algorithm 3.3 can handle the failed links.
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3.5 Performance Evaluation

In this section, we analyze several basic topological properties of HCN and BCN,
including the network order, network diameter, server degree, connectivity, and path
diversity. Then we conduct simulations to evaluate the distribution of path length,
average path length, and the robustness of routing algorithms.

3.5.1 Network Order

Lemma 3.3 The total number of servers in BCN(α, β, h) is αh · (α + β), including
αh+1 master and αh · β slave servers.

Proof As mentioned above, any given level BCN consists of α one lower BCNs.
There are αh level-0 BCNs in BCN(α, β, h), where a level-0 BCN consists of α

master servers and β slave servers. Thus proved. ��
Lemma 3.4 The number of servers in G(BCN (α, β, h)) is αh · (α + β) · (αh · β +
1), including αh+1 · (αh · β + 1) and αh · β · (αh · β + 1) master and slave servers,
respectively.

Proof As mentioned above, there are αh ·β + 1 copies of BCN(α, β, h)

in G(BCN (α, β, h)). In addition, the number of servers in BCN(α, β, h) has been
proved by Lemma 3.3. Thus proved. ��
Theorem 3.7 The number of servers in BCN(α, β, h, γ ) is

{
αh · (α + β), if h < γ

αh−γ · (
αγ · (α + β) · (αγ · β + 1)

)
, if h ≥ γ

(3.7)

Proof Lemma 3.3 has proved such an issue when h < r . when h = r ,
BCN(α, β, γ, γ ) is just G(BCN (α, β, γ )). Thus, there are αγ · (α + β) · (αγ · β +
1) servers in BCN(α, β, γ, γ ) according to Lemma 3.4. In addition, BCN(α, β, h, γ )

contains αh−γ BCN(α, β, γ, γ )s when h ≥ γ . Thus proved. ��
Theorem 3.8 For any n = α + β, the optimal α that maximizes the total number of
servers in BCN(α, β, γ, γ ) is given by

α ≈ (2 · γ · n)/(2 · γ + 1). (3.8)

Proof The total number of servers in BCN(α, β, γ, γ ) is denoted as

f (α) = αγ · (α + β) · (αγ · β + 1)

= n · αγ + n2 · α2γ − n · α2γ+1.
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Fig. 3.5 The network order of BCN(α, β, 1, 1) versus α ranging from 0 to n

Thus, we have

ϕ f (α)

ϕα
= n · αγ−1(γ + 2γ · n · αγ − (2γ + 1)αγ+1)

≈ n · αγ−1
(
2γ · n · αγ − (2γ + 1)αγ+1

)
.

Clearly the derivative is 0 when α ≈ (2 · γ · n)/(2 · γ + 1). At the same time, the
second derivative is less than 0. Thus,α ≈ (2 · γ · n)/(2 · γ + 1)maximizes the total
number of servers in BCN(α, β, γ, γ ). Thus proved. ��

Figure 3.5 plots the number of servers in BCN(α, β, 1, 1) when n = 32 or 48.
The network order goes up and then goes down after it reaches the peak point as α

increases in the both cases. The largest network order of BCN(α, β, 1, 1) is 787,968
for n = 48 and 155,904 for n = 32, and can be achieved only if α = 32 and 21,
respectively. Such experimental results match well with Theorem 3.8.

Figure 3.6a depicts the changing trend of the ratio of the network order of
BCN(α, β, 1, 1) to that of FiConn(n, 2) as the number of ports in each mini-
switch increases, where α is set to the optimal value α ≈ (2 · γ · n)/(2 · γ + 1).
The results show that the number of servers of BCN is significantly larger than that
of FiConn(n, 2) with the server degree 2 and the network diameter 7, irrespective the
value of n.

Formula 3.7 indicates that the network order of BCN grows double-exponentially
when h increases from γ − 1 to γ , while grows exponentially with h in other cases.
On the contrary, the network order of FiConn always grows double-exponentially
with its level. Consequently, it is not easy to incrementally deploy FiConn because
a level-k FiConn requires a large number of level-(k − 1) FiConns. In the case of
BCN, incremental deployment is relative easy since a higher level BCN requires only
α one lower level BCNs except h = γ . On the other hand, the incomplete BCN can
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Fig. 3.6 The ratio of network order and bisection width of BCN(α, β, 1, 1) to that of FiConn(n, 2),
where their network diameters are the same 7

relieve the restriction on the network order for realizing incremental deployment by
exploiting the topological properties of BCN in both dimensions.

3.5.2 Low Network Diameter and Server Degree

According to Theorems 3.4 and 3.5, we obtain that the diameters of BCN(α, β, h)

and BCN(α, β, h, γ ) (h < γ ) are 2h+1 − 1 and 2γ+1 + 2h+1 − 1, respectively. In
practice, h and γ are two small integers. Therefore, BCN is a low-diameter network.

Aftermeasuring the network order and diameter ofBCN,we study the node degree
distribution in BCN(α, β, h, γ ). If h < γ , the node degrees of master servers are 2
except the α available master servers for further expansion. The α master servers and
all of the slave servers are of degree 1. Otherwise, there are α · (αγ · β + 1) available
master servers that are of degree 1. Other master servers and all of the slave servers
are of degree 2.

BCN of level one in each dimension offers more than 1,000,000 servers if 56-port
switches are used, while the server degree and network diameter are only 2 and 7,
respectively. This demonstrates the low network diameter and server degree of BCN.

3.5.3 Connectivity and Path Diversity

The edge connectivity of a single server is one or two in BCN(α, β, h, γ ). Consider
the fact that BCN(α, β, h, γ ) is constituted by a given number of low level subnets
in the first dimension. We further evaluate the connectivity of BCN at the level of
different subnets in Theorem 3.9.
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Theorem 3.9 In anyBCN(α, β, h, γ ), the smallest number of remote links or servers
that can be deleted to disconnect one BCN(α, β, i) from the entire network is

{
α − 1, if h < γ

α − 1 + αi · β, if h ≥ γ
(3.9)

Proof Ifh < γ , consider any subnetBCN(α, β, i) for 0 ≤ i < h inBCN(α, β, h, γ ).
If it contains one available master server for further expansion, only α − 1 remote
links are used to interconnect with other homogeneous subnets. It is clear that the
current subnet is disconnected if the corresponding α − 1 remote links or servers are
removed.

If h ≥ γ , besides the α − 1 remote links that connect its master servers the subnet
BCN(α, β, i) has αi · β additional remote links that connect its slave servers. Thus, it
can be disconnected only if the corresponding α − 1 + αi · β remote links or servers
are removed. Thus proved. ��
Theorem 3.10 Bisection width: The minimum number of remote links that need to
be removed to split BCN(α, β, h, γ ) into two parts of about the same size is given
by

⎧
⎪⎨

⎪⎩

α2/4, if h < γ and α is an even integer

(α2 − 1)/4, if h ≥ γ and α is an odd integer

αh−γ · (αγ ·β+2)·αγ ·β
4 , h ≥ γ

(3.10)

Proof It is worth noticing that the bisection width of a compound graph G(G1) is
the maximal one between the bisection widths of G and G1 [14]. For 1 ≤ h < γ ,
BCN(α, β, h, γ ) is a compound graph, where G is a complete graph with α nodes
and G1 is BCN(α, β, h − 1, γ ). We can see that the bisection width of G is α2/4 if
α is an even number and (α2 − 1)/4 if α is an odd number. The bisection width of
BCN(α, β, h − 1, γ ) can be induced in this way and is the same as that of G.

BCN(α, β, h, γ ) for h ≥ γ is a compound graph, where G is a complete graph
with αγ · β + 1 nodes and G1 is BCN(α, β, h). We can see that the bisection width
of G is (αγ · β + 2) · αγ · β/4 and that of G1 is α2/4 if α is an even number and
(α2 − 1)/4 ifα is an odd number, which is less than that ofG.Moreover,G1 hasαh−γ

copies of BCN(α, β, γ ), and there is one link between the i th BCN(α, β, γ, )s in two
copies ofG1 for 1 ≤ i ≤ αh−γ . Thus, there are αh−γ links between any two copies of
G1; hence, the bisection width of BCN(α, β, h, γ ) is αh−γ · (αγ · β + 2) · αγ · β/4.
Thus proved. ��

For any FiConn(n, k), the bisection width is at least Nk/(4 ∗ 2k), where Nk =
2k+2 ∗ (n/4)2

k
denotes the number of servers in the network. We then evaluate the

bisection width of FiConn(n, 2) and BCN(α, β, 1, 1) under the same server degree,
switch degree, and network diameter. Figure 3.6b shows that BCN(α, β, 1, 1) signif-
icantly outperforms FiConn(n, 2) in terms of the bisection width. Larger bisection
width implies higher network capacity and more resilient against failures.
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As proved in Lemma 3.2, there are α − 1 node-disjoint paths between any two
servers in BCN(α, β, γ, γ ), where the optimal α is 2 · γ · n/(2 · γ + 1). Thus, the
path diversity between any two servers is about �2n/3� − 1. With such disjoint
paths, the transmission rate can be accelerated and the transmission reliability can
be enhanced. Table 3.2 summarizes the network orders and path diversities of
BCN(α, β, 1, 1) with different n. We see from Table 3.2 that BCN(α, β, 1, 1) has
high path diversity for unicast traffic.We need toweigh betweenmaximizing network
size andmaximizing path diversity. In fact, the path diversity reaches the highest level
when α = n.

3.5.4 Evaluation of the Path Length

We run simulations on BCN(α, β, 1, 1) and FiConn(n, 2) in which
n∈{8, 10, 12, 14, 16} and α is set to its optimal value. The ratio of network order of
BCN to that of FiConn varies between 1.4545 and 1.849. For the all-to-all traffic,
Fig. 3.7a shows the average length of the shortest path of FiConn, the shortest path
of BCN, and the routing path of BCN. For any BCN, the routing path length is a
little bit larger than the shortest path length since the current routing protocols do not

Table 3.2 Network orders and path diversities of BCN(α, β, 1, 1)

n 8 16 24 32 40 48

Network
order

640 98,56 49,536 155,904 380,160 787968

Path
diversity

5 10 15 21 26 31

Fig. 3.7 The path length of BCN and that of FiConn under different configurations
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Fig. 3.8 The path length distribution under all-to-all traffic

entirely realize the shortest path routing. The FdimRouting can be further improved
by exploiting those potential shortest paths due to links in the second dimension.
Although the network order of BCN is a lot larger than that of FiConn, the average
shortest path length is a little bit larger than that of FiConn.

Then we evaluate the fault-tolerant ability of the topology and the routing algo-
rithmofBCN(6, 10, 1, 1) and aFiConn(16, 2). Thenetwork sizes ofBCN(6, 10, 1, 1)
and FiConn(16, 2) are 5856 and 5327, respectively. As shown in Fig. 3.7b, the aver-
age routing path length of BCN and FiConn increase with the server failure ratio.
The average routing path length of BCN is a lot shorter than that of FiConn under the
same server failure ratio although FiConn outperforms BCN in terms of the average
shortest path length when the server failure ratio is zero. Such results demonstrate
that the topology and routing algorithms of BCN possess better fault-tolerant ability.
Note that the BCN(6, 10, 1, 1) in Fig. 3.7b holds less servers than BCN(11, 5, 1, 1)
in Fig. 3.7a.

To further compare the distribution characteristics of pat length inBCN(α, β, 1, 1)
and FiConn(n, 2), we run simulations with the settings of n = 16 and α = 6. The net-
work sizes of BCN(6, 10, 1, 1) and FiConn(16, 2) are 5856 and 5327, respectively.
The simulation results shown in Fig. 3.8 match the theoretical values of the network
diameters of BCN and FiConn. Figure 3.8a indicates that the routing algorithm of
BCNmay not discover a few part of shortest paths, leading to longer routing paths to
some extent. Figure 3.8b plots the distribution of shortest path for BCN and FiConn.
The two network topologies have the same server degree 2, same network diameter
7, and the similar network order. However, their distributions of shortest path length
are not the same. We can see that about 60% of the shortest paths in FiConn are of
length 7 while only about 40% of the shortest paths in BCN are of length 7.
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3.6 Discussion

3.6.1 Extension to More Server Ports

Although we assume that all of the servers are equipped with two built-in NIC ports,
the design methodologies of HCN and BCN can be easily extended to involve any
constant number, denoted as m, of server ports. In fact, servers with four embedded
NIC ports have been available. Given any server withm ports, it can contributem − 1
ports for future higher-level interconnection after reserving one port for connecting
with a mini-switch. In other words, a server with m ports can be treated as a set of
m − 1 dual-port servers. Each server connects with the same mini-switch using its
first port, and uses the other m − 1 ports for future higher-level interconnections.

3.6.2 Locality-Aware Task Placement

HCN and BCN have many advantages, such as good topological properties, easy
implementation and low cost. However, they cannot achieve the same aggregate
capacity as Fat-tree and BCube under all-to-all traffic. The root cause is that the
number of cables and switches in HCN and BCN are far less than that in other
networks. Fortunately, such an issue can be addressed by some techniques at the
application layer, due to the observations as follows.

As prior work [5] has shown, a server is likely to communicate with a small subset
of other servers when conducting typical applications in common data centers, such
as the group communication, and VM migration. Additionally, data centers with
hierarchical network topologies, for example HCN and FiConn, hold an inherent
benefit. That is, lower level networks support local communications, while higher
level networks are designed to realize remote communications.

Furthermore, a locality-aware approach can be used for placing those tasks onto
servers in HCN. That is, those tasks with intensive data exchange can be placed onto
servers, in HCN(n, 0), which connect to the same switch. If those tasks need some
more servers, they may reserve a one higher lever topology HCN(n, 1), and so on.
There is only a few even one server hop between those servers.As proved above,HCN
is usually sufficient to contain hundreds even thousands of servers, where the number
of server hops is at most three. Therefore, the locality-aware mechanism can largely
save the network bandwidth by avoiding unnecessary remote data communications.

3.6.3 Impact of the Server Routing

In both HCN and BCN, since servers that connect to other modules at a different
level have to forward packets, they will need to devote some processing resources for
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this aspect. Although we can use software based packet forwarding schemes for our
HCN and BCN, they usually incur non-trivial CPU overhead. The hardware-based
packet forwarding engine like CAFE [15] and ServerSwitch, are good candidates for
supporting DCN designs. Inspired by the fact that CAFE and ServerSwitch can be
easily configured, we can re-configure them to forward self-defined packets for our
HCN or BCN without any hardware re-designing.
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Chapter 4
DCube: A Family of Network Topologies
for Containerized Data Centers

Abstract There are two distinct trends in building large-scale data centers. The
first trend is to interconnect massive servers directly through a scalable network
topology, and the second trend is to build a large-scale data center by interconnecting
a large number of data center modules. Within each data center module, thousands of
servers are interconnected through a certain network topology, and are packed into a
container, which serves as a basic building block. This chapter introduces a family of
intra-module network topologies designed for modular data centers called DCube,
including H-DCube and M-DCube. Each DCube interconnects a large number of
dual-port servers and low-end switches. A large number of DCube modules can be
further interconnected to form a newmodular data center. The evaluation results show
that the DCube exhibits a graceful performance degradation as the server or switch
failure rate increases. Moreover, the DCube significantly reduces the required wires
and switches compared to the BCube and fat-tree. The methodologies proposed in
this chapter can apply to the compound graph of the basic building block and other
hypercube-like graphs, such as Twisted cube, Flip MCube, and fastcube.

4.1 Introduction

One of the basic design goals of Data Center Networking (DCN) is to intercon-
nect massive servers, according to a specific interconnection topology. There are
two distinct trends in building large-scale data centers. The first trend is to intercon-
nect massive servers directly through a scalable network topology. As described in
Chap. 2, many types of network topologies have been proposed for large-scale data
centers.

The second trend is to design large-scale distributed data centers, also known as
modular data centers, on the basis of a large number of single data centers modules
[1, 2]. In a data center module, thousands of servers are interconnected through a
certain network topology, and are packed into a container. On the basis of many
data center modules, the inter-module network topology is introduced to construct
a larger data center. uFix [3] and MDCube [4] are two representative inter-module
interconnection topologies. MDCube adopts BCube as its intra-module intercon-
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nection topology, and it uses optical fiber to connect high-speed switch ports of
different modules directly. MDCube shows a solution to inter-module interconnec-
tion, while uFix focuses on how to interconnect heterogeneous data center modules.
This modular construction method can greatly reduce the cost of data center con-
struction, management and maintenance, while greatly improving the flexibility and
convenience of the construction and deployment of data center.

This chapter introduces a family of low-cost and robust network topologies, called
DCube(n, k), for modularized data centers with dual-port servers and low-end n-port
switches. DCube(n, k) consists of k interconnected sub-networks, each of which is a
compound graph made by interconnecting a certain number of basic building blocks
by means of a hypercube-like graph (or its variant 1-möbius). In each subnetwork,
the basic building block is just n/k servers connected to a switch. In this chapter, two
kinds of DCube(n, k), H-DCube and M-DCube, are described. They are constructed
based on compound graph theory, and adopt hypercube topology and 1-möbius topol-
ogy, respectively. M-DCube is designed to further improve the aggregate bandwidth
of H-DCube.

An n-dimensional hypercube possesses 2n nodes and n × 2n−1 edges, and its
network diameter isn. The address of each node is represented as X = xn . . . xi . . . x1,
in which the xi of any dimension is binary variable. Two nodes are called mutual
neighbors if and only if their addresses differ by one dimension. möbius topology is
a variant of hypercube topology, and it inherits many properties of hypercube. For
example, möbius and hypercube have the same number of nodes and edges, similar
connectivity, regularity and iterative property. However, the network diameter of
möbius is �(m + 1)/2�, which is about half the diameter of the hypercube topology,
and the average path length of möbius is about two-thirds of the hypercube.

Both of the above two DCube topologies show good regularity and symmetry,
but they face challenges in efficiently interconnecting a large number of dual-port
servers, because it is necessary to ensure that the interconnection topology has a
smaller network diameter and a higher bisection bandwidth. In addition, DCube
provides higher network bandwidth for the unicast transmission between any pair of
servers, and has good fault-tolerant transmission capability. Mathematical analysis
and simulation experiment results show that DCube significantly reduces the number
of required wires and switches compared to BCube; hence, the construction cost,
energy-consumption, and cabling complexity are largely reduced. In addition,DCube
achieves a higher speedup than BCube for the unicast and multicast traffic patterns.
A challenge that arises here is the fact that DCube cannot achieve the same aggregate
bottleneck throughput (ABT) as BCube, which employs more ports for each server
and switch for routing.

Note that the proposed methodologies in this chapter can be applied to the com-
pound graph of the basic building block and other hypercube-like graphs, such as
Twisted cube, Flip MCube, and Fastcube, and the resulted topologies are similar to
DCube.
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4.2 The DCube Topology

This section first discusses the core concepts of DCube topology, and then describes
two typical topologies in DCube family, including H-DCube and M-DCube. These
two topologies adopt hypercube and möbius respectively in the construction process
based on the compound graph theory.

4.2.1 Design Idea of DCube

DCube network is built with two kinds of devices: dual-port servers and n-port mini-
switches. The basic building block, denoted by Cube, is simply n servers connecting
to an n-port mini-switch. After arranging the n servers into k groups, the Cube is
partitioned into k sub-blocks, denoted byCube0,Cube1, . . ., Cubek−1. Each sub-block
is built with m = n/k servers connecting to the n-port switch in the basic building
block, as shown in Fig. 4.1. ADCube network consists of k sub-networks,denoted by
DCube1, DCube2, . . ., DCubek , which share all of the mini-switches in the DCube
network. Throughout this chapter, we impose a limitation on the value of k such that
n mod k = 0.

For 0 ≤ i ≤ k − 1, DCubei is a compound graph of Cubei and a hypercube-
like graph. DCubei is obtained by replacing each node of the hypercube-like graph
with a copy of Cubei and replacing each link of the hypercube-like graph with a
link, which connects two corresponding copies of Cubei . In DCubei , the topology
properties of the hypercube-like graph are preserved at the cost of an additional link
that is associated with each server in DCubei . The compound graph theory has been
discussed in detail in Chaps. 2 and 3 of this book, and will not be repeated here.
For each server in DCubei , the first port is used to connect to the switch while the
second port is used to interconnect with another server in a different copy of Cubei .
Although the construction of DCube requires that DCubei s adopt the homogeneous
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hypercube-like graph, the basic ideas also apply to the heterogeneous setting. For
example, the application of möbius cube is also studied in this chapter besides the
standard hypercube topology.

When constructing a DCubei , a constraint that arises is that the node degree
of the hypercube-like graph must be equal to the number of servers in Cubei , so
as to constitute a regular compound graph. Thus, this requires an m-dimensional
hypercube-like graph, in which each node is assigned a unique address am−1 . . . a1a0.
For 0 ≤ i ≤ k − 1, we can infer that DCubei has 2m × m servers and 2m switches;
hence, DCube has 2m × m × k = 2m × n servers and 2m switches. We can see that
DCube can be uniquely defined by two parameters, n and k, and is characterized
by DCube(n, k). For ease of presentation, we use the term DCube to represent
DCube(n, k) throughout the rest of this chapter.

We now present the construction of DCube(n, k) as follows.We number the k sub-
networks from DCube0 to DCubek−1 and number all switches from 0 to 2n/k − 1.
Equivalently, we use an address am−1 . . . a1a0 to denote a switch. We can use a
term u to number those servers that are connected to the same switch from 0 to
n − 1, and we can denote a server in DCube(n, k) using the form 〈am−1 . . . a1a0, u〉.
The connection rule between servers using their second ports depends on the used
m-dimensional hypercube-like graph. In this chapter, we focus on the hypercube of
diameterm and the 1-möbius cube of diameter �(m + 1)/2�. The resulting topologies
are characterized byH-DCube andM-DCube, respectively. The basic ideas also apply
to other hypercube-like graphs with a similar diameter as that of the 1-möbius cube,
such as the 0-möbius cube, Twisted cube, Flip MCube, and Fastcube.

Before presenting the construction approach for the H-DCube and M-DCube, we
first introduce notations and definitions used throughout this chapter.

1. Let e j denote them-dimensional binary vector with only the j th dimension equals
to 1, where j is the index of e j .

2. Let E j denote the m-dimensional binary vector with 1 in dimensions x j through
x0, where j is the index of e j .

3. Given two m-dimensional binary vectors, + denotes the modulo-2 addition for
the corresponding elements.

4.2.2 H-DCube

In an m-dimensional hypercube, denoted by H(m), two nodes, xm−1 . . . x1x0 and
ym−1 . . . y1y0, are called the mutual j th neighbors if their addresses differ by only
the j th vector component. That is ym−1 . . . y1y0 = xm−1 . . . x1x0 + e j , where 0 ≤
j ≤ m − 1. The node degree and network diameter of H(m) are well known to be
m. In an H-DCube(n, k), any server 〈am−1 . . . a j . . . a0, u〉 is interconnected with
another server 〈am−1 . . . a j . . . a0, u〉 using their second ports, where j = u mod m.
This simple connection rule guarantees the desired topology of an H-DCube network



4.2 The DCube Topology 91

consisting of k sub-networks H-DCubei for 0 ≤ i ≤ k − 1. We now discuss the
correctness of such connection rule as in the following.

Only m servers and the unique switch in a basic building block falls into a
sub-block Cubei if the sequence number u of those servers falls into the range
of [i × m, (i + 1) × m), where 0 ≤ i ≤ k − 1. A sub-network, H-DCubei , is a
compound graph made by interconnecting a given number of copies of Cubei
by means of H(m), and is obtained by the following operations. Firstly, any
node 〈am−1 . . . a j . . . a0〉 and its j th neighbor node 〈am−1 . . . a j . . . a0〉 in H(m) are
replaced by two copies of Cubei . Secondly, the link from node 〈am−1 . . . a j . . . a0〉
to its j th neighbor node in H(m) is replaced by a remote link between servers
〈am−1 . . . a j . . . a0, u〉 and 〈am−1 . . . a j . . . a0, u〉, where u = i × m + j . It is easy to
see that only one link is connected to the second port of each server and that method is
equivalent to the aforementioned connection rule.Wecan infer that all k sub-networks
can be constructed in the same way, and they share all of the 2m switches. Thus, the
connection rule can guarantee the desired topology of an H-DCube network.

Figure 4.1 plots an H-DCube with n = 6 and k = 2, which consists of 8 basic
building blocks, each with 6 servers and one switch. Note that the entire topology
of each of the three basic building blocks 000, 001, and 011 are plotted, while the
topologies of the other basic building blocks are only partially plotted. All devices
form two sub-networks, H-DCube0 and H-DCube1, each is a compound graph of
Cubei and a 3-dimensional hypercube. The servers, whose sequence numbers are
less than 3, belong to H-DCube0, while others belong to H-DCube1. Clearly, H-
DCube0 and H-DCube1 share all of the switches in the network.

4.2.3 M-DCube

An m-dimensional möbius cube is such an undirected graph: its node set is the same
as that of an m-dimensional hypercube; any node X = xm−1 . . . x1x0 connects to m
other nodes Y j (0 ≤ j ≤ m − 1), where Y j satisfies one of the following equations:

Y j =
{
xm−1 . . . x j+1x j x j−1 . . . x0, if x j+1 = 0
xm−1 . . . x j+1x j x j−1 . . . x0, if x j+1 = 1

(4.1)

According to the above definition, a node X connects to its j th neighborY j = X +
e j that differs in bit x j if x j+1 = 0 and to Y j = X + E j if x j+1 = 1. The connection
between X andYm−1 has xm as undefined.Here, xm is either equal to 1 or 0, resulting in
slightly different network topologies. This chapter assumes that xm = 1: the resulting
network is called the möbius cube. The node degree and network diameter of the
m-dimensional 1-möbius cube are m and �(m + 1)/2�, respectively.

In anM-DCube(n, k), all 2m × n servers and 2m switches are first grouped into 2m

basic building blocks, each of which consists of n servers connecting to one switch
using their first ports. For any server 〈am−1 . . . a j+1a ja j−1 . . . a0, u〉,we connect it to a
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Fig. 4.2 M-DCube with n = 6 and k = 2

server 〈am−1 . . . a j+1a ja j−1 . . . a0, u〉 if a j+1 = 0 or 〈am−1 . . . a j+1a ja j−1 . . . a0, u〉
if a j+1 = 1 via their second ports, where j = u mod m. This connection rule guar-
antees the desired topology of an M-DCube network consisting of k sub-networks
M-DCubei for 0 ≤ i ≤ k − 1. Figure 4.2 shows an M-DCube network with n = 6
and k = 2, which consists of 8 basic building blocks, each with 6 servers and one
switch. The servers, whose sequence numbers are less than 3, belong to M-DCube0
and others are associated with M-DCube1.

In summary, we can support 2048 servers in DCube(8,1) using 8-port switches
and 4096 servers in DCube(16,2) using 16-port switches for both H-DCube and M-
DCube. Another possible way of using 16-port switches is to construct DCube(16,1)
with 1048576 servers, which is too large for modular data centers. Moreover, the
network diameter and expected routing path length are also relatively higher than
that of DCube(16,2). Inspired by such fact, we prefer to construct DCube(n, k) as
k > 1 interconnected sub-networkswhen the number of ports on each switch exceeds
an upper bound, for example 8.

4.3 Single-Path Routing for the Unicast Traffic

The unicast traffic is the basic traffic pattern, which is the basic component of the
incast and broadcast traffic. In this section, we focus on the single-path routing
scheme for the unicast traffic pattern, which makes local decisions to identify a path
or the next hop for any pair of servers based only on their addresses.

For two servers, A andB,we use h(A, B) to denote the hamming distance between
the two switches that are connecting the two servers, respectively,which is the number
of different digits in their address arrays. It is clear that the maximum hamming
distance between two switches in a DCube(n, k) ism = n/k. In this , two servers are
neighbors if they connect to the same switch or if they directly connect to each other.
The distance between two neighboring servers is one. Additionally, two switches
are neighbors if there exists at least one pair of directly connected servers, each
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Algorithm 1 H-DCubeRouting(A, B)
Require: A=〈am−1 . . . a0, ua〉 and B=〈bm−1 . . . b0, ub〉
1: path(A, B) = {A, };
2: symbols is a permutation of Expansion-hypercube(A, B);
3: Pswi tch = 〈am−1 . . . a0〉 and Cswi tch = 〈am−1 . . . a0〉;
4: while symbols not empty do
5: Let ei denote the leftmost term in symbols;
6: Cswi tch = Cswi tch + ei and u = �ua/m� × m + i ;
7: append 〈Pswi tch, u〉 and 〈Cswi tch, u〉 to path(A, B);
8: remove ei from symbols and Pswi tch = Cswi tch;
9: append server B to path(A, B);
10: return path(A, B);
Expansion-hypercube(A, B)
1: terms = {};
2: for i = m − 1 to 0 do
3: if A[i]	=B[i] then
4: 
 A[i] = ai ; B[i] = bi .
5: append ei to terms;
6: return terms;

belonging to one of the two switches. Actually, the construction rules of H-DCube
and M-DCube ensure that two neighboring switches have k pairs of such connecting
servers, and each belongs to one sub-network. For example, two switches, 000 and
001, are neighbors since two servers, 〈000, 0〉 and 〈000, 3〉, directly connect to two
servers, 〈001, 0〉 and 〈001, 3〉, respectively, as shown in Fig. 4.1.

Based on such facts, we design two routing algorithms, H-DCubeRouting and
M-DCubeRouting, as shown in Algorithms 4.1 and 4.3 respectively, to find a single
path for any server pair.

4.3.1 Single-Path Routing in H-DCube

In H-DCubeRouting, we assume that A=〈am−1 . . . a0, ua〉 and B=〈bm−1 . . . b0, ub〉
are the source and destination servers, respectively. We first find a sequence of
switches by correcting one digit of the previous switch, so as to produce a switch path
from the source switch am−1 . . . a0 to the destination switch bm−1 . . . b0. Tomake two
adjacent switches in the switch path be neighbors, we have to choose one from the
k pairs of connecting servers, each is connected to one of the adjacent switches.

A natural way of selecting the pair of connected servers belonging to the same sub-
network, H-DCubei (i = �ua/m�), is shown in Algorithm 4.1. Generally, another
pair of connecting servers is also desirable if the two servers belong to the same sub-
network, H-DCubei (i = �ub/m�), as the destination server B. These efforts ensure
that all intermediate servers in a routing path belong to the same sub-network, so as
to ensure the load balance of each server under a uniform traffic model. The switches
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in the resulting path of Algorithm 4.1 can be uniquely determined by the addresses
of servers and hence are omitted from the path. From Algorithm 4.1, we obtain the
Theorem 4.1.

Theorem 4.1 The diameter of an H-DCube(n, k) is 2 × m + 1, where m = n/k.

Proof In an H-DCube(n, k), the shortest path between any two servers traverses, at
most, m + 1 switches, including the source switch, the destination switch, and other
m − 1 intermediate switches. For any intermediate switch, there exists a one-hop
packet transmission from the server receiving a packet to another server, which will
forward the packet to its neighboring server in the next switch along with the switch
path. For the source switch, there also exists a one-hop packet transmission if the
source server cannot directly forward a packet to a server in the next switch. For
the destination switch, a one-hop packet transmission is also necessary if the server
receiving a packet is not the destination server. In addition, the total length of these
m inter-switch sub-paths between any adjacent switches in the shortest path is m.
Thus, Theorem 4.1 is proven. ��

4.3.2 Single-Path Routing in M-DCube

We first discuss the expansion techniques of a vector, which are fundamental to
our detailed discussion on the routing of M-DCube. The set R = {e j , E j |0 ≤ j ≤
m − 1} forms a redundant basis for Zm

2 . Any vector X in Zm
2 can be expanded by R

in the form:

X =
m−1∑
j=1

(α j e j + β j E j ), (4.2)

with each α j ∈ {0, 1} and β j ∈ {0, 1}.
Definition 4.1 For a vector X , the set of e j and E j with non-zero coefficients in
Eq. 4.2, denoted as E(X), is called an expansion of the vector X . Any t ∈ E(X) is a
term of this expansion of X . The weight of an expansion E(X) is called W (X) and
is equal to the cardinality of E(X).

There can be more than one expansion of a vector due to the use of a redundant
basis. Thus, an expansionwithminimalweight is referred to as theminimal expansion
of X . Algorithm 4.2 shows a simple procedure for finding the minimal expansion
for any vector. In each round, the algorithm first generates a sub-vector starting from
the bit position index to the rightmost bit position of the vector X . If the sub-vector
is 1, a term E0 is added into the symbols set. If the sub-vector is 0, the algorithm
is terminated. If the leftmost bit of the sub-vector is 0, the algorithm decreases the
index by one and executes the next round. If the leftmost two bits of the sub-vector
are 10, a term eindex is appended to the symbols set. Otherwise, a term Eindex is
added into the symbols set, and the vector X is updated by X + Eindex since the
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Algorithm 2 Expansion-mobius(A)
Require: A = am−1 . . . a0 is a m-dimensional vector over {0, 1}; A[i] = ai
1: symbols = {} and index = m − 1;
2: while index < 0 do
3: if index == 0 then
4: if A[index] == 1 then
5: append E0 to symbols;
6: index = index − 1;
7: else
8: if A[index]==0 then
9: index==index − 1;
10: else
11: if A[index]A[index − 1] == 10 then
12: append eindex to symbols;
13: if A[index]A[index − 1] == 11 then
14: append Eindex to symbols;
15: A = am−1 . . . aindex−2 . . . a0;
16: index = index − 2;
17: return symbols;

term Eindex complements all bits from the position index to the rightmost position
of X . The algorithm then carries out the next round after decreasing the index by
two.

For a source server A = 〈am−1am−2 . . . a0, ua〉 and a destination server B =
〈bm−1bm−2 . . . b0, ub〉 in M-DCube(n, k), we define A + B as the vector obtained
by the mod 2 sum of the switch addresses am−1am−2 . . . a0 and bm−1bm−2 . . . b0.
To generate the shortest path between A and B, we first derive a switch path from
the source switch am−1am−2 . . . a0 to the destination switch bm−1bm−2 . . . b0. We
then find a pair of servers to connect two adjacent switches indirectly. Actually, the
switch path between any pair of switches in M-DCube(n, k) is equivalent to the path
between two corresponding nodes in the m-dimensional möbius cube.

For any switch, ei or Ei denotes its immediate neighbor along dimension i . For
this reason, we refer to ei or Ei as a routing symbol. To form a switch path, a
sequence of routing symbols should be applied to the source switch. The minimal
expansion E(A + B), achieved by Algorithm 4.2, cannot be directly used to produce
the switch path due to the following challenging issue. According to the definition
of a 1-möbius cube, given any node, only one of ei and Ei can be the routing symbol
along the i th dimension, where 0 ≤ i ≤ m − 1. Consequently, a routing symbol in
the minimal expansion does not always correspond to an edge in the 1-möbius cube,
and hence may be inapplicable to the current node. A natural way to deal with
this issue is to replace any inapplicable routing symbol with an equivalent routing
sequence obtained from Theorem 4.2.

Theorem 4.2 Given a node A = am−1am−2 . . . a0:

1. if ei is inapplicable to the node A, it can be replaced by an equivalent routing
sequence, Ei Ei−1 or Ei−1Ei , which is applicable to A.
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2. if Ei is inapplicable to the node A, it can be replaced by an equivalent routing
sequence, ei Ei−1 or Ei−1ei , which is applicable to A.

Proof It is clear that ei = Ei + Ei−1 and that Ei = ei + Ei−1. Assume that ei is
inapplicable to node A. This implies that ai+1 = 1; hence, Ei is applicable to node
A. If ai = 1, then Ei−1 is applicable to node A; thus, Ei−1Ei is applicable to node A.
Here, Ei Ei−1 is inapplicable to node A since traversal along edge Ei from node A
makes ai become 0. If ai = 0, Ei−1 is inapplicable to node A, but the application of
Ei complements the bit ai . Now Ei−1 is applicable to node A + Ei , making Ei Ei−1

be applicable to node A.
Assume that Ei is inapplicable to node A. This implies that ai+1 = 0; thus, ei is

applicable to node A. If ai = 1, then Ei−1 is applicable to node A; thus, Ei−1ei is
applicable to node A since traversal along edge Ei−1 from node A does not comple-
ment the bit ai+1. If ai = 0, the application of ei complement bit ai . Now Ei−1 is
applicable to node A + ei , making ei Ei−1 be applicable to A. Thus, Theorem 4.2 is
proven. ��

According to the aforementioned strategies, we design M-DCubeRouting, as
shown in Algorithm 4.3, to find a path from a source server A to a destination
server B. The algorithm begins with achieving the minimal expansion of A + B by
invoking Algorithm 4.2. It then calls the exact-routing algorithm to derive a sequence
of routing symbols, which can be successfully applied to the source switch so as to
establish a switch path to the destination switch. In each round, the exact-routing
algorithm ranks all terms in the symbols set in descending order according to the

Algorithm 3M-DCubeRouting(A, B)
Require: A=〈am−1 . . . a0, ua〉 and B=〈bm−1 . . . b0, ub〉;
1: symbols=Expansion-mobius(A + B);
2: path(A, B) = {A};
3: Exactrouting(am−1 . . . a0, symbols);
4: append server B to path(A, B);
Exactrouting (S, symbols)
Require: S denotes a current switch in the shortest path;
1: while symbols is not empty do
2: Let t denote the leftmost term in symbols;
3: if t is applicable to S. then
4: Let t ′ denote the rightmost applicable term to S in symbols; 
 The rightmost applicable

term can be the leftmost applicable term.
5: u = �ua/m� × m + i , where i is the index of t ′ = ei or t ′ = Ei ;
6: append 〈S, u〉 and 〈S + t ′, u〉 to path(A, B);
7: remove t ′ from symbols and Exact-routing(S + t ′, symbols);
8: else
9: if The term t is in the form ei then
10: replace ei with Ei Ei−1 if ai = 0 or Ei−1Ei otherwise;
11: else
12: replace Ei with ei Ei−1 if ai = 0 or Ei−1ei otherwise;
13: Exactrouting(S, symbols);
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index of each term and then examines the leftmost term. If the leftmost term t is
inapplicable to the current switch S, it is replaced by the equivalent routing sequence
defined in Theorem 4.2. If the leftmost term is applicable to the current switch S,
the rightmost applicable term t ′ will be applied first and then it updates the current
switch S and symbols. This strategy can avoid the appearance of the worst result as
in the following. If the leftmost applicable term is E j , the application of it will make
makes all next applicable terms become inapplicable.

After deriving the shortest switch path between the source and destination servers,
we need to choose one from k pairs of the connecting servers between any adjacent
switch S and S + t ′ so as to make them be neighbors inM-DCube(n, k). As shown in
Fig. 4.2, two switches, 000 and111, are neighbors since servers, 〈000, 2〉 and 〈000, 5〉,
are directly connected to servers, 〈111, 2〉 and 〈111, 5〉, respectively. It is natural
to choose the pair of servers which belong to the same sub-network, M-DCubei
(i = �ua/m�), as the source server A. Servers 〈S, u〉 and 〈S + t ′, u〉 append to the
routing path, where u = �ua/m� × m + i and i denotes the index of t ′. Actually,
another pair of connecting servers is also desirable if they belong to the same sub-
network, M-DCubei (i = �ub/m�), as the destination server B. From Algorithm 4.3,
we obtain the following theorem.

Theorem 4.3 The diameter of an M-DCube(n, k) is 2 × �(m + 1)/2� + 1, where
m = n/k.

Proof Given any two servers, A and B, in an m-dimensional 1-möbius cube, the
weight of minimal expansion E(A + B) is at most �m/2� since no two terms have
adjacent indices, according to Algorithm 4.2. The leftmost inapplicable term ti in
the minimal expansion is then replaced by a routing sequence with a length of 2.
This strategy ensures that no other inapplicable terms exist in the routing path after
replacing ti since EI−1 complements the bit a j+1 for any inapplicable term t j , where
j < i . Thus, Algorithm 4.3 ensures that the diameter of anm-dimensional 1-möbius
cube is �(m + 1)/2�, and hence the shortest path between any two servers in an M-
DCube(n, k) traverses, atmost, �(m + 1)/2� + 1 switches.Asmentioned in the proof
of Theorem 4.1, there is a one-hop transmission within each switch and between two
adjacent switches in the routing path. Thus, Theorem 4.3 is proven. ��

4.4 Multi-paths Routing for the Unicast and Multicast
Traffic

Traditionally, two parallel paths between a source server and a destination server
exist if the intermediate servers and switches on one path do not appear on the
other. It is clear that there exists, at most, two parallel paths for any pair of servers
under this strict definition due to the dual-port on each server. In this chapter, we
relax this definition slightly. That is, two paths are called parallel if the intermediate
switches on one path are not involved in the other path, except for the beginning and
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ending switches. In addition, two neighboring switches possess k pairs of directly
connected servers. To maximize the utility of such an advantage, a switch path can
be utilized as k weak parallel paths, which share the same set of switches but have
different intermediate servers. Such parallel and weak parallel paths between any
pair of servers can be further utilized to improve the transmission rate or to enhance
the transmission reliability for the unicast traffic with Multipath TCP. In addition,
Multipath TCP can explore such multiple paths to tackle traffic congestion, leading
to higher network utilization.

The following theorem specifies the exact number of parallel paths and weak
parallel paths between any two servers in a DCube(n, k).

4.4.1 Multi-path Routing for the Unicast Traffic in H-DCube

Theorem 4.4 There are m parallel and n weak parallel paths between any two
servers in an H-DCube(n, k), where m = n/k.

The m parallel paths between any two servers in an H-DCube(n, k) can be sim-
plified to m parallel switch paths since all inter-switch sub-paths of two adjacent
switches in the m paths are disjoint. Thus, we can show the correctness of Theorem
4.4 by constructing such m parallel switch paths. Algorithm 4.1 produces a shortest
switch path from A to B using any permutation of the minimal expansion E(A + B),
which contains e j for some 0 ≤ j ≤ m − 1 but not E j for any 0 ≤ j ≤ m − 1. In
the minimal expansion of A + B, W (A + B) distinct terms form an initial routing
sequence, resulting inW (A + B)!minimal routing sequences. Theorem4.5 indicates
that only W (A + B) parallel switch paths from A to B can be generated.

Theorem 4.5 Let the minimal expansion E(A + B) generated by the Expansion-
hypercube be t1, t2, . . . , tW (A+B). Algorithm 4.1 generates W (A + B) parallel switch
paths from A to B using permutations as follows. The ith permutation for 0 ≤
i < W (A + B) is denoted as p1, p2, . . . , pW (A+B), where p j = t( j+i) mod W (A+B) for
1 ≤ j ≤ W (A + B).

Proof Actually, these permutations are obtained by moving each term of the initial
routing sequence to the mod left by i , for 0 ≤ i < W (A + B), under the following
two constraints. Firstly, any pair of such permutations differ in the addition of leftmost
j terms for 1 ≤ j ≤ W (A + B). Secondly, the addition of any leftmost j terms is
different from that of any left j ′ terms where j 	= j ′ for each of these permutations.
Thus, this pattern ensures that the resulting W (A + B) paths are disjoint except for
the source and destination switches; thus, the W (A + B) parallel switch paths are
produced. For example, e1e0 and e0e1 are twominimal routing sequences, resulting in
two parallel switch paths between servers 〈000, 0〉 and 〈011, 0〉, as shown in Fig. 4.1.
The resulting two parallel paths are {〈000, 0〉, 〈000, 1〉, 〈010, 1〉, 〈010, 0〉, 〈011, 0〉}
and {〈000, 0〉, 〈001, 0〉, 〈001, 1〉, 〈011, 1〉, 〈011, 0〉}, respectively.
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Assume that t ′h belongs to {em−1, . . . , e1, e0} but does not appear in the minimal
expansion E(A + B). We achieve a new routing sequence by appending t ′h to the
leftmost and rightmost terms of one existing routing sequence. This further results
in a switch path, which is parallel with the W (A + B) switch paths generated in
Theorem 4.5. For example, e2e1e0e2 or e2e0e1e2 produces another path, which is
parallel with the two paths generated by e1e0 and e0e1, for two servers, 〈000, 0〉 and
〈011, 0〉, as shown in Fig. 4.1. The path generated by e2e1e0e2 is {〈000, 0〉, 〈000, 2〉,
〈100, 2〉, 〈100, 1〉, 〈110, 1〉, 〈110, 0〉, 〈111, 0〉, 〈111, 2〉, 〈011, 2〉, 〈011, 0〉}. The path
resulting from e2e0e1e2 is {〈000, 0〉, 〈000, 2〉, 〈100, 2〉, 〈100, 0〉, 〈101, 0〉, 〈110, 1〉,
〈111, 1〉, 〈111, 2〉, 〈011, 2〉, 〈011, 0〉}.

Consider that m − W (A + B) terms in {em−1, . . . , e1, e0} do not appear in the
minimal expansion E(A + B). Thus, we can derive m − W (A + B) parallel switch
paths with lengths of W (A + B) + 2 using the same approach as mentioned above.
Thus, we can construct m parallel switch paths between two servers, A and B in an
H-DCube(n, k). If we produce another switch path between A and B using a new
routing sequence, at least one switch in the new path has to have appeared on existing
switch paths. The root cause for this is that the leftmost and rightmost terms of the
new routing sequence must have to have appeared at the beginning and/or end of
the m previous routing sequences. Thus, the largest number of parallel switch paths
between any pair of servers in an H-DCube(n, k) must be m.

After discussing the parallel switch paths between any pair of servers in an H-
DCube(n, k), we further consider the sub-path between any adjacent switches in
these paths. Algorithm 4.1 selects one pair of connecting servers for each pair of
neighboring switches in any switch path so as to realize a path including servers and
switches. However, k weak parallel paths can be produced based on a given switch
path between two servers after updating line 6 with u = j × m + i for 0 ≤ j ≤
k − 1. That is, each one of the m parallel paths between two servers can be realized
as k weak parallel paths. For this reason, we can induce that there are m × k = n
weak parallel paths between any two servers. Thus, Theorem 4.4 is proven. ��

4.4.2 Multi-path Routing for the Unicast Traffic in M-DCube

Theorem 4.6 There are m parallel and n weak parallel paths between any two
servers in an M-DCube(n, k), where m = n/k.

Proof We use a similar approach to show the correctness of Theorem 4.6 by con-
structing such parallel paths and weak parallel paths. Given two servers, A and B,
in an M-DCube(n, k), Expansion-mobius generates a minimal expansion of A + B
in the scenario of an m-dimensional möbius cube. It is worth noticing that some
terms in the minimal expansion may be inapplicable to the current switch and should
thus be replaced by an equivalent routing sequence as defined in Theorem 4.2. To
address this issue,M-DCubeRouting generates an initial routing sequence by invok-
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ing exact-routing with the minimal expansion E(A + B) as input. Assume that the
initial routing sequence is denoted as t1, t2, . . . , tl , where l ≥ W (A + B).

M-DCubeRouting can further generate some parallel switch paths between servers
A and B by using permutations of the initial routing sequence. Any permutation on
the initial routing sequence forms a new routing sequence. For this reason, one can
conclude that there exists l! routing sequences, but only the following ones can
produce l parallel switch paths. Assume that the i th permutation for 0 ≤ i < l is
denoted as p1, p2, . . . , pl , where p j = t( j+i) mod l for 1 ≤ j ≤ l.

The first challenging issue we face is the fact that terms in each permutation of
the initial routing sequence may be inapplicable to the current switch and should be
revised according to Theorem 4.2 so as to generate an applicable routing sequence.
The resulting applicable routing sequence can generate a new switch path, which
will be parallel with existing switch paths. For example, the initial routing sequence
for a shortest path from server A = 〈a2a1a0 = 000, 0〉 to server B = 〈100, 0〉 in
Fig. 4.2 is E2E1, which is applicable. The first permutation of E2E1 is it. The second
permutation of E2E1 is E1E2, in which E1 is inapplicable to A = 000 since a2 = 0.
As a result, E1E2 should be replaced by e1E0E2.

Besides the l parallel switch paths, wewill show how generate otherm − l parallel
switch paths between any servers, A and B, in an M-DCube(n, k). Let t ′m denote any
term, which belongs to {em−1, . . . , e1, e0}, but is not the leftmost term in the routing
sequences defined by the above permutation operation. We achieve a new routing
sequence by appending t ′m to the leftmost and rightmost terms of one existing routing
sequence, which further results in a new switch path. This switch path is parallel to
the l switch paths generated by the aforementioned l permutations of the initial
routing sequence. For example, the routing sequence, e0E2E1e0, is achieved by
appending t ′m = e0 to the beginning and end of E2E1. It then generates a new path
from A = 〈000, 0〉 to B = 〈100, 0〉 in Fig. 4.2. That is, {〈000, 0〉, 〈001, 0〉, 〈001, 2〉,
〈110, 2〉, 〈110, 1〉, 〈101, 1〉, 〈101, 0〉, 〈100, 0〉}.

The second challenging issue we face is the fact that appending a t ′m term to
the leftmost and rightmost terms of an existing routing sequence, for example the
initial routing sequence t1, t2, . . . , tl , does not necessarily result in a parallel path in
a general scenario. Actually, if t ′m appears at the end of an existing routing sequence,
then the last two switches, including the destination switch, in the new switch path
must have occurred in the related path.

To produce a parallel path based on t ′mt1, t2, . . . , tl t ′m , we need to find a t ′′m from
t1, t2, . . . , tl , which does not appear at the end of those routing sequences defined
by the above permutation operation. If there exists such a t ′′m , we move it to the
end of t ′mt1, t2, . . . , tl t ′m and optimize it so as to generate an applicable and parallel
path. Otherwise, we need to replace a given term in t1, t2, . . . , tl with an equivalent
routing sequence, as defined in Theorem 4.2, which contains such a t ′′m . We then
move the t ′′m to the end of the resulting routing sequence and optimize it so as to
generate an applicable and parallel path. Based on those techniques, we can derive
other m − l switch paths which are parallel with the l switch paths generated by the
above permutation operation.
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As discussed in the proof of Theorem 4.4, there are k pairs of connected servers
between any two neighboring switches. For this reason, M-DCubeRouting produces
k weak parallel paths, based on one switch path between two servers, by updating line
5 with u = j × m + i for 0 ≤ j ≤ k − 1. Thus, one can induce that the m parallel
paths between two servers can be realized as m × k = n weak parallel paths; hence,
Theorem 4.6 is proven. ��

4.4.3 Speedup for the Multicast Traffic

A complete graph consisting of a set of servers can speed up data replications in
distributed file systems. We show that edge-disjoint complete graphs with m + 1
servers can be efficiently constructed in a DCube(n, k).

Theorem 4.7 In a DCube(n, k), a server 〈src, us〉 and a set of m servers can form
an edge-disjoint complete graph, where each of the m servers connects to a different
neighboring switch of the switch src.

In the case of H-DCube(n, k), the i th neighbor of switch src is defined as src + ei
for 0 ≤ i < m. Assume that src + ei and src + e j are two neighboring switches of
the switch src, where i 	= j . A switch path with a length of two from src + ei to
src + e j can be generated by a routing sequence, e j ei , and is denoted as {src + ei ,
src + ei + e j , src + ei + e j + ei = src + e j }. It is easy to see that two different
pairs of ei and e j cannot produce the same result of ei + e j ,where i 	= j . Consequently,
this pattern ensures that the switch paths among a switch src and itsm neighbors are
edge-disjoint.

In the case ofM-DCube(n, k), the i th neighbor of switch src is defined as src + ti
for 0 ≤ i < m, where ti is ei or Ei according to the definition of an m-dimensional
möbius cube. Assume that src + ti and src + t j are two neighbors of the switch
src, where i 	= j . A switch path from src + ti to src + t j can be generated by an
initial routing sequence, t j ti . In special cases, the resulting switch path is applicable
and denoted as {src + ti , src + ti + t j , src + ti + t j + ti = src + t j }. In general
cases, each term in the initial routing sequence might be inapplicable. To generate an
applicable switch path, each inapplicable term should be replaced with an equivalent
routing sequence consisting of two terms, as defined in Theorem 4.2. For this reason,
we can induce that the applicable and shortest switch path from src + ti to src + t j
is, at most, four hops. In addition, we can see that two different pairs of ti and t j
cannot produce the same result of ti + t j , where i 	= j . That is, the switch paths among
a switch src and its m neighbors are edge-disjoint.

From the above construction approaches, we can see that the resulting complete
graph is only two switch hops and is, at most, four switch-hops in H-DCube(n, k)
and M-DCube(n, k), respectively.

Given an edge-disjoint complete graph formed by the source switch src and its
m neighboring switches, each edge in the complete graph should be replaced by a
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pair of connected servers since two adjacent switches are not connected directly. It
is worth noticing that there are k pairs of connecting servers for each edge in the
complete graph. We only choose the pair of servers, which are located in the same
sub-network DCubei as the source server, 〈src, us〉. The motivation is to separate
the traffic in k complete graphs for any server 〈src, us〉 into the corresponding sub-
networks. This operation ensures that the whole paths among the source server and
m selected servers, including switches and servers, are still edge-disjoint.

We further show how to choose the m servers, denoted as d j for 0 ≤ j ≤ m − 1,
for the source server 〈src, us〉. For the j th neighboring switch of the switch src, we
choose d j from n servers connecting to that switch, such that d j locates in the same
sub-network DCubei as the source server, where i = �us/m�. In this way, each d j

has m choices since a switch allocates m of n servers to each sub-network DCubei .
In this chapter, we just randomly select d j from m choices and, we will study other
selection methods of d j in our future work.

So far, we have demonstrated that a complete graph can be formed by the source
server and a set of m selected servers in the sub-network DCubei . Actually, we
can generate k such complete graphs for any server 〈src, us〉 by the following
approach since a DCube(n, k) consists of k sub-networks DCubei s. Assume that
the selected server for d j in the sub-network DCubei , is denoted as 〈src + t j , u j 〉
for 0 ≤ j ≤ m − 1. The corresponding server 〈src + t j , u j + k × m〉 and the source
server generate a new complete graph in the kth sub-network DCubek , where k 	= i .

A file on distributed file systems can be divided into chunks, and each chunk is
typically replicated to three chunk servers. The source and the chunk servers establish
a pipeline to reduce the replication time, as discussed in literature [5]. The edge-
disjoint complete graph that is built into DCube works well for chunk replication
speedup. When one writes a chunk to r (r ≤ m + 1) chunk servers, it sends 1/r of
the chunk to each chunk server. Meanwhile, every chunk server distributes its copy
to the other r − 1 servers by using the edge-disjoint edges. Consequently, this will
be r times faster than the pipeline model.

4.5 Analysis and Evaluation

In this section, we conduct simulations to evaluate several basic properties of DCube.
They include the speedup for the unicast and multicast traffic patterns, aggregate
bottleneck throughput based on measurements of real-world data center traffic from
literature [6], the cost, the power consumption, and the cabling complexity. We also
compare the performance of DCube with not only Fat-tree but also DCell, HCN, Fat-
tree and BCube, which are three particularly enlightening server-centric data-center
structures. In the evaluation setting, the number of servers in DCube ranges from
2048 to 12288, and the capacity of each link is 1Gb/s. The setting matches the scale
and configurations of a typical modular data center.

To ensure a fair comparison, such network topologies interconnect the same num-
ber of servers, denoted as N , with switches each of n ports. They, however, differ in
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the number of server ports, the number of switches, the number of cables, and the
interconnection rules. DCell, HCN, and BCube are recursively defined structures,
whose levels are denoted by k1, k2 and k3, respectively, where k1 ≤ k3.

4.5.1 Speedup for the Unicast and Multicast Traffic

For the unicast and multicast traffic patterns, we show the speedup as compared with
other networking structure. We first summarize the throughput of such two traffic
patterns under different networking topologies in Table 4.1.

For any server pair, A and B, DCube(n, k) provides �n/k� parallel and n weak
parallel paths for them. These properties not only speedup the unicast traffic, but also
offer graceful degradation of performance. We can see from Fig. 4.3a that DCube
offersmore parallel paths for any pair of servers thanHCNandBCube, as the network
size increases from 2048 to 4096, 8192, and 12,288. Although DCell possesses more
parallel paths for any server pair than DCube, DCube delivers large number of weak
parallel paths and hence achieves better speedup performance for the unicast traffic.

For any source server, we show that the complete graph can significantly speedup
the multicast traffic. Assume that server A = 〈000, 2〉 in Fig. 4.1 replicates 20G data

Table 4.1 Comparison of M-DCube, DCell, HCN, Fat-tree, and BCube

Throughput M-DCube DCell HCN Fat Tree BCube

One to one 2 k1 + 1 2 1 k3 + 1

One to several n
k + 1 k1 + 2 n 1 k3 + 2

All-to-all N
1/3×n/k

N
2k1

N
2/3×2k2

N N
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Fig. 4.3 a Number of parallel paths and weak parallel paths. bOrder of the complete graph for the
multicast traffic
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to two servers, B = 〈010, 2〉 and C = 〈001, 2〉. With the complete graph approach,
the data is split into two parts and sent to both B and C, respectively. B and C then
exchange their data with each other. On the contrary, with the pipeline approach, A
sends the data to B, and B sends the data to C. The complete graph can achieve about
2 times the speedup compared to the pipeline approach. In general, when a source
deliver a chunk to r servers in the same complete graph, it sends 1/r of the chunk
to each of the server. Meanwhile, every chunk server distributes its copy to the other
r − 1 servers using the disjoint edges in the complete graph. This will be r times
faster than the pipeline model. This implies that DCube executes speedup well when
it comes to the multicast traffic pattern.

Recall that DCube can offer the largest complete graph of size n/k + 1. The
largest cardinality of a complete graph in DCell and BCube is k1 + 2 and k3 + 2, as
proved in literature [5]. Fig. 4.3b plots the largest cardinality, r + 1, of a complete
graph formulticast traffic inDCube, DCell, HCN andBCube.We can see that DCube
always outperforms others when the data center size increases from 2048 to 4096,
8192, and 12,288. This means that DCube results in a higher speedup than DCell,
HCN and BCube for the multicast traffic pattern.

4.5.2 Aggregate Bottleneck Throughput

Aggregate bottleneck throughput (ABT) is defined as the number of flows times the
throughput of the bottleneck flow under the all-to-all traffic pattern [7]. ABT of Fat-
Tree and BCube are N since they achieve the nonblock communication between any
pair of servers. ABT of Dcell is N/k1, as proved in [7], while that of HCN is N

2/3×2k2 .
ABT of H-DCube and M-DCube are proved in Theorem 4.8 and Lemma 4.1.

Theorem 4.8 For a H-DCube(n, k) network, its ABT under the all-to-all traffic
pattern is N

2/3×n/k , where n is the number of ports per switch and N is the number of
servers.

Proof The diameter of H-DCube(n, k) is 2×n
k + 1, and the average path length

approximates to n/k. The links in H-DCube(n, k) consist of two parts. Firstly, each
of N server connects to a switch using its first port and thus generates one link. The
number of such links is N . Secondly, each of N server connects with another server
using its second port and thus generates one link. The number of such links is N/2.
The total number of links in H-DCube(n, k) is 3N/2. The number of flows carried
in one link is

fnum = N (N − 1)n/k

3N/2
,

where N (N − 1) is the total number of flows. The throughput one flow receives is
thus 1/ fnum , assuming that the bandwidth of a link is one. The aggregate bottleneck
throughput is therefore N (N − 1) 1

fnum
= N

2/3×n/k . Thus, Theorem4.8 is approved. ��
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Fig. 4.4 ABT of different
topologies under number of
servers in data centers
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Lemma 4.1 For a M-DCube(n, k) network, its ABT under the all-to-all traffic pat-
tern is N

1/3×n/k , where n is the number of ports per switch and N is the number of
servers.

Proof The diameter ofM-DCube(n, k) is 2 × �(n/k + 1)/2� + 1, aswe have proved
in Theorem 4.3. Accordingly, we can derive that the expected distance approximates
to n/2k. The proving process of Lemma 4.1 is similar to that of Theorem 4.8. ��

It can be seen that the ABT of Fat-Tree and BCube is better than that of M-DCube
in all-to-all traffic, since Fat-Tree and BCube use more switches, links and server
ports than M-DCube. However, not all servers are frequently involved in all-to-all
traffic, and the design of Fat-Tree and BCube will bring high switch costs or wiring
costs. Besides, M-DCube can obtain higher ABT than HCN and DCell, because
n/(3k) is obviously less than 2k2+1/3 and 2k1 . In addition to the above theoretical
analysis, we also conduct large-scale simulations to evaluate the ABT of the three
data center interconnection structures. As shown in Fig. 4.4, M-DCube always gets
higher ABT than HCN and Dcell with the change of data center size.

4.5.3 Qualification of Cost and Cabling Complexity

We first consider five networking topologies for a container with 2048 servers and
many 8-port switches. Such topologies are constructed as follows. DCube topology
is a DCube(8,1). DCell is a partial DCell(8, 2) with 28 DCell(8, 1)s. HCN topology
is a partial HCN(8, 3) with 4 full HCN(8, 2)s. BCube topology is a partial BCube3
with 4 full BCube2s, where n = 8. Fat-tree topology has five layers of switches, with
layers 0 to 3 having 512 switches per-layer and layer-4 having 256 switches. In this
setting, DCube, DCell, HCN, BCube and Fat-tree employ 256, 252, 256, 1280 and
2304 8-port switches, while the number of NIC ports on each server are 2, 3, 4, 4, and
1, respectively. Note that a 8-port switch costs about $40 and consumes near 4.5W
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Fig. 4.5 Measuring networking topologies under different sizes of data centers

of power. For one-port, two-port, and 4-port NICs, their costs are about $5, $10, and
$20, while the power consumptions are about 5W, 7.5W, and 10W, respectively.

We then considerDCube,DCell, HCNandBCube for a containerwith 4096, 8192,
and 12,288 servers, respectively. In this setting, DCube topologies are DCube(16,2)
using 16-port switches, DCube(32,4) using 32-port switches, andDCube(48,6) using
48-port switches, respectively. DCell topologies are partial DCell(16,2)s with 15, 30
and 45 DCell(16,1)s using 16-port switches, respectively. HCN topologies using 8
ports switches are a HCN(8,3), a partial HCN(8,4) with 2 HCN(8,3)s, and a partial
HCN(8,4) with 3 HCN(8,3)s, respectively. BCube topologies with 8-port switches
are a full BCube3, a partial BCube4 with 2 full BCube3s, and a partial BCube4 with
3 full BCube3s, respectively. Note that BCubes with 4096, 8192, and 12,288 servers
may have different structures. For example, BCube topologies with 16-port switches
are a full BCube2, a partial BCube3 with 2 full BCube2s, and a partial BCube3 with 3
full BCube2s, respectively. Note that a 16-port switch costs about $150 and consumes
21Wof power, a 32-port switch costs about $400 and consumes 75Wof power, while
a 48-port switch costs about $600 and consumes 103W of power.

Figure 4.5 summarizes the number of wires and switches, the cost of switches
and NICs, and the power consumption of switches and NICs in such five networking
topologies with 2048, 4096, 8192, and 12,288 servers, respectively. When DCell,
HCN and BCube topologies are incomplete under some aforementioned settings, we
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Fig. 4.7 The cost and power consumption of switches and NICs under different settings

need to build partial structures. For a partial BCubei , Guo et. al suggest that we build
the needed BCubei−1s and then connect the BCubei−1s using full layeri switches [5].

More precisely, Fig. 4.6 demonstrate that both the number of NIC ports on servers
and that of links ofDCube are always considerably less than that of BCube andDCell,
irrespective the data center size. Thus, DCube largely reduces the cabling complexity,
especially for large containerized data centers. Note that DCube and HCN achieve
the similar performance in terms of the two metrics since they interconnect dual-
port servers. Moreover, DCube has other advantages due to the less number of wires
and switches. As shown in Figs. 4.5 and 4.7, DCube outperforms BCube, DCell
and HCN in terms of the entire cost and power consumption of switches and NICs,
irrespective the data center size. Additionally, we find that the BCube topology with
16-port switches results inmore cost and power consumption compared to the BCube
topology with 8-port switches under the same number of servers.
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4.5.4 Summary

DCube significantly reduces the requiredwires and switches compared toFat-tree and
BCube, because of this, it largely reduces the cabling complexity compared to other
structures, especially for large containerized data centers. On the other hand, DCube
considerably outperforms BCube in terms of the entire cost and power consumption,
irrespective the data center size. Besides these benefits, the maximum throughput of
DCube is twice that of Fat-tree, but less than that of DCell and BCube whose number
of levels is typically larger than 2. For the multicast traffic pattern, DCube achieves
a higher speedup than Fat-tree, DCell and BCube. Additionally, DCube achieve the
higher ABT than DCell and offers graceful degradation.

4.6 Discussions

4.6.1 Locality-Aware Task Placement

Although the proposed network topologies have many advantages, such as easy
wiring and low cost, they may not be able to achieve the same ABT as BCube
under the all-to-all traffic pattern. Recall that BCube offers many NIC ports for each
server and utilizes large numbers of switches so as to achieve a higher ABT; hence,
significantly bringing about more cost and power consumption. In fact, the relatively
lower ABT of DCube compared to BCube results from the lower number of links
and switches, resulting in a longer average routing path; this is the tradeoff of other
measurements. Fortunately, this issue can be addressed by some techniques at the
application layer since a server is likely to communicate with a small subset of other
servers for typical applications in common data centers.

Therefore, a locality-aware approach can be used for placing those tasks onto
servers in DCube. That is, those tasks with intensive data exchanges can be first
placed onto servers that connect to the same switch. If those tasks need some more
servers, they may reserve the several nearest basic building blocks. There are only a
few switch-hops,maybe even one, between those building blocks. It is easy to see that
DCube is usually sufficient enough to contain hundreds of servers where the number
of switch hops is, at most, two. Therefore, the locality-aware mechanism can largely
save network bandwidth by avoiding unnecessary remote data communications.

4.6.2 Extension to More Server Interfaces

The basic idea of this chapter is to design a family of network topologies for con-
tainerized data centers using constant number of embeddedNIC interfaces. Although
we assume that all servers are equipped with two built-in NIC interfaces, the design
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methodologies of DCube can be easily extended to involve any constant number,
denoted as q, of server interfaces. In fact, servers with four embedded NIC interfaces
have been made available due to the rapid innovation on server hardware.

Consider that a set of q − 1 servers each of which holds two ports and connects
with the same switch using its first port. It is clear that the set of q − 1 servers can
totally contribute q − 1 ports for for interconnecting other basic building blocks.
Given any server with q interfaces, it can contribute q − 1 interfaces for intercon-
necting other basic building blocks after reserving one port for connecting to switch.
Intuitively, a server with q ports can be treated as a set of q − 1 dual-port servers.
In this way, we can extend DCube to embrace any constant number of server ports.
Additionally, each server can contribute its q − 1 interfaces as a virtual interface by
the port trunking [4], e.g., three 1Gbps interfaces can be bundled into a virtual inter-
face at 3Gbps. In this way, the link capacity between two servers can be significantly
improved.

4.6.3 Impact of Server Routing

Server routing is a challenging issue faced by server-centric networking topolo-
gies for data centers. In a DCube structure, servers connecting to other basic build-
ing blocks have the responsibility of forwarding packets. Although DCube can use
software-based or FPGA-based forwarding schemes, just as initial server-centric
topologies do, it incurs forwarding delay. To further reduce the delay due to server
routing, existing switches have been extended with dedicated devices like Server-
Switch [8] and Sidecar [9, 10]. They integrate the programmable commodity switch-
ing chip into a built-in NIC for packet forwarding and leverage the CPU and RAM
of server for in-network packet processing and storage, as prior work have shown
[4, 8]. In such settings, a commodity server acts as not only an end host but also a
mini-switch.
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Chapter 5
R3: A Hybrid Network Topology
for Data Centers

Abstract In large-scale data centers, many servers are interconnected via a dedi-
cated network topology to satisfy specific design goals, such as the low equipment
cost, the high network capacity, and the incremental expansion. The topological
properties are critical factors that dominate the performance of the entire data center.
The existing network topologies are either fully random or completely structured.
Although such topologies exhibit advantages in given aspects, they suffer obvious
shortcomings in other essential fields. In this chapter, we describe a general topol-
ogy design methodology for data centers via the compound graph theory. We further
propose a hybrid topology, called R3, which is the compound graph of a structured
topology and a random topology. More precisely, R3 employs a random regular
graph as a unit cluster and connects many such clusters by means of the generalized
hypercube. R3 combines the advantages of the random regular graph and generalized
hypercube, while effectively avoiding the shortcomings of the above two topologies.

5.1 Introduction

The basic goal of data center networking (DCN) is to effectively interconnect a large
number of servers according to a specific network topology. As described in Chap. 2,
many network topologies have been proposed for data centers from the industrial and
academic communities, and these topologies can be divided into five categories based
on their technological systems. In this chapter, the existing DCN structures are dis-
cussed from the aspect of their topology characteristics, and they are divided into
two categories. The first is structured topologies, each of which impose strict inter-
connection rules on switches inside a data center. Fat-Tree [1], VL2 [2], BCN [3] fall
into this category. The second is random topologies, each of which breaks the strict
interconnection rules by introducing random links among switches, e.g., SMDC [4],
Jellyfish [5], Scafida [6]. Structured topologies exhibit high throughput but are not
incremental expansion. Those random topologies are incremental expansion, how-
ever, they suffer the complex cabling and routing processes. Actually, the superiority
of structured and random topologies is complementary. In this chapter, the following
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two fundamental problems motivate us to design new networking topologies, which
integrate their superiority and abandon their weakness.

Question 1: Can existing structured topologies of data centers satisfy the require-
ments of today’s applications perfectly? For structured topologies, the strict intercon-
nection rules simplify the construction of DCNs; however, they limit the incremental
expansion of deployed data centers. In reality, a production data center needs to be
gradually extended along with the increasing demands of applications and users. But
the structured DCNs fail to support the incremental expansion.

Question 2:Can random topologies truly improve the performance ofDCNs?Ran-
dom DCNs support the incremental expansion naturally. Meanwhile, random links
decrease the network diameter by connecting remote nodes. Furthermore, random
DCNs can integrate heterogeneous devices during the expansion process. However,
routing and maintenance in random DCNs are essential issues besides the cabling
cost due to remote random links. First, the Dijkstra or Floyd algorithm, whose com-
putation complexity is O(n2) or even O(n3), is used to search the shortest paths
between any pair of nodes in random DCNs. It is clear that routing in random DCNs
is time-consuming. Second, disordered and unsystematic link distribution incurs
nontrivial maintain costs. That is, running a random DCN is relatively expensive.

Through the analysis of the above two types of network topologies, it is clear
that the superiorities of structured DCNs and random DCNs are complementary.
This motivates us to seek new topologies which can integrate their superiorities
together and avoid their weakness. For this reason, we propose a family of hybrid
topologies, which are compound graphs of given structured and random topologies.
That is, given the number of random structures are unit clusters, which are then
interconnected by means of a structured structure. In this way, a family of hybrid
DCNs is built when utilizing a different random and structured graph. Consequently,
the resulting hybrid DCNs can naturally integrate incremental expansion and fast
routing characteristics via compound graph theory. Note that any of such hybrid
topologies is a structured topology from the global viewpoint, while is a random
topology from a local viewpoint.

5.2 The Design Methodology of Hybrid Topologies

In this chapter, we aim to combine the advantage of both structured topologies and
random ones via designing a family of hybrid topologies for data centers.Compound
graphs (either complete or incomplete) are introduced as the medium between ran-
dom and structured graphs. More precisely, we combine the generalized hypercube
(GHC) with the random regular graph (RRG) to derive a hybrid topology called R3.
Since the concepts of generalized hypercube and compound graph are described in
previous chapters, we just introduce the concept of the random regular graph in this
chapter.

A random r -regular graph (r -RRG) is a graph selected from Gn,r , which denotes
the probability space of all r -regular graphs on n vertices, where 3 ≤ r < n and
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n × r is even [7]. Generally, an RRG has excellent topology characteristics. First,
all nodes have the same degree. Second, given r and n, an RRG has a lower bound
on the network diameter. That is, for the same n, the network diameter of different
RRGs is roughly logr−1 n. r -RRGs have excellent properties such as coloring and
the Hamiltonian cycle. Most importantly, RRGs support the incremental expansion
properly by adding racks one by onewithout changing the existing network toomuch.
Because of these outstanding characteristics, RRGs were introduced into data center
topologies. Table 5.1 counts the important symbols and notations in this chapter.

5.2.1 Overview of Network Topologies

The existing wired DCNs topologies mainly belong to two categories, i.e., random
ones and structured ones. Structured topologies lack scalability and incremental
expansion,while the randomones suffer considerable routing overhead. For example,
the routing in the hypercube is easy to implement since the hammingdistance between
two node identifiers will judge the existence of a direct link between any pair of
nodes. When a hypercube-based data center needs to be extended, the data center
has to double the number of servers. For Scafida, the topology can be incrementally
expanded by adding any number of servers. Still, routing is very tough due to a large
number of random links and the lack of topology information.

In this chapter, we pursue hybrid topologies for data centers, combining the superi-
orities of both random and structured topologies. The available structured topologies
including Tree, Hypercube, Generalized Hypercube, Torus, and so on. The available
random topologies including Small-world networks, Scale-free networks, Random
regular graphs and so on. Given a structured topology and a random topology, we
can use the construction method of the compound graph to build a hybrid network

Table 5.1 Symbols and notations

Term Definition Term Definition

G A simple graph T Total number of
servers in R3

N The total number of
node in a graph

p Port count of each
switch in R3

G(G1) A compound graph
based on G and G1

t Total switch that used
in R3

mi Order of the ith
dimension in GHC

α # of switch ports that
link with switches

� Maximum node degree
in a simple graph

β # of switch ports that
link with servers

x ′(G) Rdge chromatic
number of G
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topology, as discussed in Chap. 3. Specifically, each node in the structured topology
is replaced by a complete random topology called a random cluster. Each link in the
structured topology is replaced by a link that connects two corresponding random
clusters. Note that, in the resultant hybrid structure, each node represents a switch.
Each switch uses parts of its ports to connect with other switches, and its remaining
ports are used to connect all servers within the same rack.

In the resultant topology, the links derived from the structured graph are called
structured links, while the links inside a random cluster are called random links.
In our design, only one structured topology can be used since it is the container of
random clusters, but heterogeneous random clusters can be used. The incremental
expansion and routing will be demonstrated later.

5.2.2 R3: A Hybrid Topology Based on the Compound Graph
Theory

Asdepicted above, the compoundgraph is a powerfulmethod to integrate twokinds of
topologieswhile remaining their superiorities. Thismotivates us to use the compound
graph theory to construct our hybrid topologies. Different combinations of structured
and random topologies result in different hybrid topologies. This will enlarge the
design space and increase the design flexibility. In this way, our hybrid topologies
enable designers to construct their data center networks on-demand.

However, to construct a hybrid topology correctly based on the compound graph
theory, the following three constraints must be satisfied: (1) All random clusters must
be interconnected via a structured topology; (2) The number of random clusters must
equal to the number of chosen nodes in the structured topology; (3) The lower bound
on the number of nodes in each random cluster can’t be less than the maximum
degree plus one in the structured topology.

Algorithm 1 Building Hybrid Topology, H
Require: Given a structured topology G, r denotes the number of nodes in G. Let Ad jacent[r ][r ]

denote the adjacent matrix of G and Ri denote the random clusters.
1: Initialize each random cluster;
2: Let Link[x] count all links already connected to the xth node in G;
3: Let Degree[x] be the degree of the xth node in G;
4: for i = 0 to r do
5: for j = i to r do
6: if Ad jacent[i][ j] == 1 and Link[a] < Degree[a], a = i, j then
7: add a link between i th and j th random clusters;
8: Link[i]++;
9: Link[ j]++;
10: return The hybrid topology H .

http://dx.doi.org/10.1007/978-981-16-9368-7_3
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We describe the basic process of building a hybrid topology in Algorithm 5.1.
In Algorithm 5.1, given the number of links that have been linked to each node in
G, the adjacent matrix determines whether current nodes need to be linked. If ith
and jth random clusters are connected, a link will be added to connect one random
node in each cluster. If the number of nodes in a random cluster is less than the
degree of nodes in the structured topology, then the degree of some nodes will be
increased by more than one. Each proposed hybrid topology is the generalization of
the involved random and structured topologies under specific settings. This design
methodology has two extreme cases. If the random clusters have only one node, the
resultant topology is just the structured graph we used, such as a 2D Torus depicted
in Fig. 5.1a. If the structured graph is just a single node, then the hybrid topologies
degrade into a fully random cluster, such as a random regular graph depicted in
Fig. 5.1b.

Figure 5.1c depicts an example of hybrid topology constructed with the Torus and
random topologies. If each random cluster is viewed as a node in Torus, then the
topology is structured and hence easy-routing. While, in each random cluster, the
topology is random and incremental expandable. In this hybrid topology, different
random clusters are allowed to be embedded; meanwhile, it is not necessary that the
number of nodes in such random clusters is the same. That is, this methodology can
derive all hybrid topologies that lie between structured and random topologies.

(a) 2D Torus. (b) Random regular graph.

(c) Hybrid structure of 2D Torus and RRG.

Fig. 5.1 Structured and random topologies are special cases of the general topology
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As aforementioned, the vast design space results in variable hybrid topologieswith
diverse randomness. To simplify the presentation,we focus on a representative hybrid
topology, called R3. R3 employs the generalized hypercube GHC as its structured
part and the random regular graph RRG as the unit of random clusters. Generalized
hypercube and random regular graph are two representative topologies, which are
widely used for designing network structures for data centers.

Definition 5.1 R3(G(ms,ms−1, . . . ,m1), r -RRGs)denotes a kind of hybrid topolo-
gies, each of which is the compound graph of a random regular graph r -RRG and a
GHC, whose dimensions are ms,ms−1, . . . ,m1, respectively.

Definition 5.2 In a R3 topology, the selected nodes from each random cluster for
linking with other random clusters are called Boundary Nodes.

Therefore, according to Definitions 5.1 and 5.2, a R3 topology contains number
of ms × mr−1 × · · · × m1 RRGs and the amount of boundary nodes is

∑
(mi − 1),

where 1 < i < s. Figure 5.2 depicts a 2 × 4 dimension topology, where eight random
clusters of 3-RRGs are embedded, and each cluster accommodates 8 nodes. These
structured links across random clusters form a 2 × 4 generalized hypercube. Every
cluster is assigned a two-dimensional identifier (the two-digit red number in Fig. 5.2).
Similarly, each node in a random cluster also owns its identifier. The allocation rules
will be discussed later. All boundary nodes are chosen randomly, while the number
of nodes in a random cluster can be an arbitrary value, which is not less than the
node degree in GHCs. In R3, all parameters are adjustable. Due to the flexibility
of parameter setting, R3s with different scales can be easily built according to its
definition.

Fig. 5.2 R3(G(2,4),3-RRG) hybrid structure
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5.2.3 Deployment Strategy for Data Centers with a Hybrid
Topology

To put the hybrid topologies into real deployment, we investigate that both top-down
wiring strategy and down-top wiring strategy are feasible.

The top-down deployment strategy mainly includes two steps. At the first step,
we build the structured topology since it is the main skeleton of our hybrid topology.
Having selected an appropriately structured topology, we deploy the boundary nodes
of each cluster and interconnect these boundary nodeswith structured links.When all
structured links have been cabled, the first step will be terminated. At the second step,
we fill the random clusters via adding nodes into the clusters in a way the random
topologies require. In this way, the hybrid topology will be constructed successfully.

Unlike the top-down strategy, the down-top deployment strategy establishes the
random clusters at the first step so that all random blocks are prepared for later
interconnection. However, how to establish the random clusters depends on which
topology the designer utilized. Note that the number of random clusters must be
equal to the number of nodes in the structured topology we employed according to
the compound graph theory. At the second step, we chose the boundary nodes from
each random cluster and interconnected them together via structured links in a way
the structured topology requires. When all links have been cabled, the construction
process will be terminated.

5.3 Efficient Routing Methods of R3

Routing in R3 needs a dedicated designmethod because of the coexistence of random
links and structured links. In hybrid topologies, the major challenge of routing comes
from the embedded random clusters. In random topologies, like Scafida or Jellyfish,
the shortest routing path between any pair of nodes can be decided only by Dijkstra-
like methods, which incur considerable searching costs in large-scale data centers.
In structured topologies, the topological characteristics can significantly ease the
computation process of the shortest routing path.

To efficiently enable the routing, we propose an edge coloring-based routing algo-
rithm to generate a path between any pair of nodes. An identifier is usually introduced
to identify each node in existing DCNs. The identifier consists of two parts. Specifi-
cally, the inter-identifier contains the construction information of structured topology,
while the inner-identifier locates nodes in each random cluster. The inter-identifier
is determined by the behind structured topology. Regular links of the hybrid struc-
ture have different colors, and two nodes have the same inner-identifier if they are
connected by a regular link. Therefore, inter-cluster routing paths can be inferred
from inter-identifiers and colors of regular links, while the inner-cluster path can be
generated through the Dijkstra algorithm. In addition, given the number of servers
and switch ports, we can construct and optimize the model of the average shortest
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path. Moreover, we design the incremental expansion method at the cluster level,
which supports the on-demand expansion of data centers.

UnlikeBCube,where regularity and symmetry of the topology support fast routing
under different flow patterns [8], the routing in R3, however, turns to be complicated
due to the following two challenges. First, the unstructured topology of each ran-
dom cluster denies the possibility of improving the efficiency of existing routing
algorithms. Second, the associated nodes of each structured link can’t be located
precisely since they are chosen randomly. In this chapter, we focus on addressing the
second challenging issue. It is clear that the obstacle of routing results from all of
the random nodes. We thus regularize those random nodes by coloring all structured
links and making routing just like in a structured topology.

Definition 5.3 An edge coloring of a graph is an assignment of colors to the edges
of the graph so that no two adjacent edges have the same color. The least amount of
employed colors is called the edge chromatic number, denoted as x ′(G) [9].

Theorem 5.1 Let � denote the maximum node degree in a simple graph G, where
� ≤ x ′(G) ≤ � + 1. If x ′(G) = �, the graph is called class 1 graph, else, class 2
graph [9].

Theorem 5.2 Let Kn be the n-regular graph, then

x ′(G) =
{
n − 1, i f n is oven

n, i f n is odd
(5.1)

Theorems 5.1 and 5.2 have been proved in literature [9]. These theorems bring
us an insight to identify boundary nodes in each random cluster. In addition, the
structured topologies, e.g., Ring, Torus, Hypercube, Generalized Hypercube and
Cayley Graph, are all of class 1 graphs.

The above theorems and description manifest that structured topologies that used
in today’s DCNs are colorable. Figure 5.2 depicted the color result on R3(G(2, 4, 3-
RRGs). To enable the success of edge coloring, the proposed Constraint 3 must be
satisfied. After coloring each structured link, we assign each boundary node an inner-
identifier according to the color of the associated link so that the nodes linked by the
same link will have the same inner-identifier. In this novel way, the random cluster
level paths will be calculated easily. So, the used inner-identifier of boundary nodes
can significantly reduce the routing complexity.

5.3.1 Edge Coloring Based Identifier Allocation

To efficiently enable the routing, an identifier is usually introduced to identify each
node in existing DCNs. In our hybrid topologies, the identifier consists of two parts.
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The inter-identifier contains the construction information of structured topology,
while the inner-identifier locates nodes in each random cluster.

The behind structured topology determines the inter-identifier. For example, if the
structured topology is a Tesseract (4-dimension hypercube) that accommodates eight
nodes, then a three-binary digit identifier can identify each node. If the structured
topology is a 3 × 4 × 5 GHC, then a three-digit identifier from 000 to 234 will work.
Based on the rules of how the structured topologies are built, we can always design an
identifier systemwhichwe can refer to find their neighbors, thus result in convenience
in routing. So, the inter-identifier identifies the random cluster each node resides in
and eases the routing scheme’s design at the level of structured topology.

The inner-identifier is the most challenging part since boundary nodes are chosen
randomly. In the edge coloring theory, whether a graph is class 1 is a typical NP-
complete problem,which cannot be solved in polynomial time.We employDSATUR
[10], the best-known heuristic algorithm in this area, to approximate the optimal
solution. Such an algorithm usually generates multiple coloring strategies, one of
which will be randomly selected. Basically, each color identifies a specific inner-
identifier. As shown in Fig. 5.2, the structured links are colored with four colors,
i.e., black, purple, orange and blackish green, which represent inner-identifier 000,
011, 010 and 001, respectively. Furthermore, the inner-identifier of each boundary
node in a random cluster is assigned with the identifier of the associated structured
link. As shown in Fig. 5.2, all boundary nodes are assigned the inner-identifier with
000, 011, 010 and 001, respectively. As for the rest nodes in the random cluster, we
calculate the inner-identifier interval according to the binary system. For example,
if there are 9 nodes in a random cluster, a 4-digit binary range from 0000 to 1000
will identify all of them. Then the identifiers in the interval, except those used as
boundary nodes, are assigned to the non-boundary nodes randomly.

5.3.2 Identifier-Based Routing Algorithm

According to allocated identifiers of all nodes, especially those boundary nodes, we
derive an efficient routing algorithm for R3. Generally, the transmission of data flows
between any pair of nodes can be usually divided into a series of inter-cluster and
intra-cluster routing. Such two kinds of routing are totally different because of the
lack of structured links inside each random cluster.

The intra-cluster routing is just the same as routing in a randomgraph like Jellyfish
or Scafida. But in our cases, routing can be simpler since the number of nodes in our
random cluster is much less than that of Jellyfish or Scafida. Typically, we employ the
shortest k-pathAlgorithm to search the paths between any pair of nodes. Furthermore,
ECMP protocol can be used to control data transmission and avoid congestion.

The inter-cluster routing aims at finding the shortest path from the source to
destination on the random cluster level. To be specific, we need to determine the relay
random clusters and all boundary nodes on the way. Inter-cluster routing consists
of two steps. First, calculating the relay random clusters from the source cluster,
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where the source node locates, to the destination cluster, where the destination node
locates. Since the inter-identifiers contain the topology information of the structured
graph, which the hybrid topology utilizes, the relay random clusters can be easily
derived from the inter-identifiers of the source node and destination node. Second,
determining the boundary nodes of all related random clusters that have been derived
from the first step. According to the colors of structured links we have allocated, the
inner-identifiers of each boundary node along the random cluster level path will be
gained. This work is straightforward since the inner-identifiers of the two endpoints,
which connectwith the same structured link, share the same identifierwith the colored
link. In this special way, the random cluster level path can be derived based on the
structured link colors and the identifier system we have established before.

From the global viewpoint, given a pair of the source node and destination node,
first of all, the routing algorithm judges whether they belong to the same random
cluster according to their inter-identifiers. If yes, then the intra-cluster routing algo-
rithm will be employed to find the path. On the contrary, then inter-cluster routing
will provide the random cluster level path; hence, all relay random clusters and relay
boundary nodes are determined. Then, the path needs to be specified at a finer level.
That is, each relay random cluster along the random cluster level path will employ
intra-cluster routing to find the relay nodes inside them. With the relay nodes and
links inside each relay random cluster and the structured links added into the path,
the whole routing process is accomplished.

Algorithm 2 Routing in hybrid topologies
Require: The Hybrid topology, H ; The source node src, and its identifier iden-src; The destination

node dst , and its identifier iden-dst; The path number k; the number of digit in inter-identifier
x .

1: Coloring the links and allocate identifiers;
2: Let tem be a integer with default value 0;
3: Let iden1 and iden2 be a identifier respectively;
4: if GetInterIden(iden-src,x) == GetInterIden(iden-dst,x) then
5: path = kStar(iden-src,iden-dst,k);
6: else
7: Get the inter-identifier of clusters, denoted as inter-iden;
8: Get structured links needed, denoted as structured;
9: Get color of links needed;
10: Get inner-identifier of boundary nodes, denote as iden-color;
11: while tem < iden-color.size do
12: iden1 ←− iden-src;
13: iden2 ←− inter-iden[tem]+iden-color[tem];
14: path += Dijkstra(iden1,iden2);
15: path += inter-iden[tem]);
16: tem++;
17: path += Dijkstra(iden2, dst);
18: return The routing path path.
19: function GetInterIden(iden, x)
20: for i = 1 to x do
21: inter-iden += coor[i];

return inter-iden.
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As explained in Algorithm 5.2, given two nodes, we first judge whether they
belong to the same random cluster according to their inter-identifiers. If it is true,
K ∗ Algorithm [11], the most effective heuristic search algorithm so far, is adopted
to search k shortest routing paths. If they reside in different random clusters, Algo-
rithm 5.2 identifies the structured links and their colors and find those boundary
nodes in each relay cluster. We then add links to the path iteratively by invoking
the Dijkstra algorithm in each cluster. In Fig. 5.2, a source node with the red color
in cluster 00 needs to communicate with a destination node with the yellow color
in cluster 13. Their identifier is given as 00101 and 13100, respectively. Obviously,
they belong to different random clusters, and there exist two routing paths between
clusters 00 and 13, i.e., 00 → 03 → 13 and 00 → 10 → 13. We use the first path
as an example, 03 is a relay cluster on the random cluster level. The purple and
orange links associated with inner-identifiers 011 and 010 are two inter-cluster links.
Furthermore, the boundary nodes can be located, i.e., 00001 in cluster 00, 03011
and 03010 in cluster 03, and 13010 in 13 clusters. Then, the Dijkstra algorithm is
utilized to derive a path of added links inside each random cluster, e.g., the shortest
path from 00101 to 00011 in cluster 00, from 03011 to 3010 in cluster 03, and from
13010 to 13100 in cluster 13. In this way, any pair of nodes can finally achieve the
routing path inside R3.

When nodes are added or eliminated from R3, the routing tables need to be
updated. Note that, unlike other topologies where the addition or deletion of a node
may affect the global routing, R3 suffers the least since it limits the influence of
topology alteration into the specific random cluster. Here is an example, for Fat-
Tree, if one of the core switches breakdowns, then the routing tables of all nodes that
belong to the subtree rooted from the failed switch will be updated to suit the new
topology. On the contrary, when 00001 fails in Fig. 5.2, only those nodes of the 00
cluster may need to update the routing table, thus will never impact nodes in other
random clusters.

5.4 Topology Optimization

Given the number of servers in a data center, a typical question is how to allocate
the ports of each switch when establishing the data center networking structure. That
is, how many ports should each switch be allocated to connect with servers? Note
that the remained ports of each switch are utilized to form a networking structure
among all switches. There lies a trade-off between the number of switches and the
network diameter since the increasing number of switches leads to decreased network
diameter at the cost of incurring more investment [12]. Meanwhile, the ratio of node
degree to the network diameter is a classical problem for topology design. In the
design of our hybrid topologies, more structured links can ease the routing. On the
contrary, networking can benefit from more randomness since random topologies
can naturally support the incremental expansion with a low diameter. In this case,
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how much randomness is optimal for both routing and networking? To answer these
questions, the proposed hybrid topologies, i.e., R3, need further optimization.

5.4.1 Impact Factors of the R3 Topology

Given the number of servers and that of ports at each switch, how many ports should
each switch be allocated to connect with servers and other switches, respectively,
so as to realize the minimum APL with an acceptable amount of switches? In R3,
to minimize average path length, we must concern at least three impact factors.
As a hybrid topology combine r -RRGs and GHC via the compound graph theory,
the diameter of R3 is decided by three factors. That is 1) the dimension of GHC,
ms,ms−1, . . . ,m1, 2) the node degree of RRGs, r , and 3) the number of nodes in each
RRG, n1, n2, . . . , nt , where t = ms × ms−1 × · · · × m1. The dimension influences
the redundancy of the routing path and the number of structured links in routing
paths. Moreover, it dominates the Hamming distance between any pair of nodes, x
and y, in terms of the number of hops between them [13]. The other two factors
determine the number of relay nodes inside each cluster along the path. APL is a
network-level measurement, so we calculate it and integrate such factors to reveal
their influence on the network diameter.

5.4.2 Optimization Strategy of Topologies

In R3, each routing path consists of two parts, the structured links and some random
link in random clusters on the path.

Theorem 5.3 In R3, let APLghc, APLrrg, and APLr3 denote the average length
of routing in GHC, RRGs and R3, respectively. Then we have

APLr3 = APLghc + (APLghc + 1) × APLrrg.

Proof In such a routing path, there exist APLghc structured links, and APLghc + 1
random clusters among which APLghc ∗ 1 random clusters are relay. In each of such
clusters, the path length is APLrrg on average. Thus, Theorem 5.3 is proved. ��
Theorem 5.4 For a G(ms,ms∗1, . . . ,m1), N = ms × ms−1 × · · · × m1 denotes the
number of nodes, xl denotes the number of node pairs, each of which exhibits the
distance of l. We then have
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xl = (N/2)
s−l+1∑

i1=1

· · ·
s−l+ j∑

i j= j

· · ·
s∑

il=l

[(mi1 − 1) . . . (mil − 1)] (5.2)

APLghc =
(

2
s∑

l=1

l × xl

)

/(N (N − 1)) (5.3)

Proof Consider a node A, denoted as ys ys−1 . . . y1, in this GHC, If another node B is
l hops away from node A, the coordinates just differ in l dimensions Thus, APLghc

can be calculated naturally based on xl . Thus Theorem 5.4 is proved. ��
Note that different structures exhibit variedAPLwhen the nodedegree andnumber

of nodes do not change [7]. The default value of APL in this chapter is set to logr−1 n,
where n and r denote the number of nodes and the degree of each node, respectively.
Theorems 5.3 and 5.4 derive a model of the network diameter for R3. We consider a
special case that n1 = n2 = · · · = nt = n. We build this optimal model with the total
server number T , the port count of each switch p as input. α and β denote the number
of ports each switch allocates to connectwith other switches and servers, respectively.
Let t ∈ [1, T ] be the total number of used switches. The topology optimization can
be modeled as follows:

min APLr3 s.t.

⎧
⎪⎪⎪⎪⎪⎪⎨

⎪⎪⎪⎪⎪⎪⎩

T ≤ s × β

t ≤ n × ∏
mi

∑s
i=1(mi − 1) + 1 ≤ n

2 ≤ α + β ≤ p

1 ≤ r ≤ α − 1

(5.4)

In this model, the minimum APL is searched in the domain of feasible solution
with five constraints satisfied. The first inequality promises that the number of servers
that our topology can accommodate is not less than the input T . The second inequality
constraints the number of switches the topology can accommodate is more than the
number of switches that are actually used. The third inequality guarantees that our
routing algorithm can be built successfully. While, the last constraint reveals that
each switch should leave at least one port for structured links. In fact, this model
is a nonlinear integer programming problem, which is NP-hard. According to the
optimal gradient algorithm, we utilize an associated tool (ModelCenter) to search
the minimum result.

Figure 5.3a shows that the optimized APL of R3 increases when T varies from
1000 to 6000. This result is reasonable because more servers need to be accommo-
dated. It, however, fluctuates at 4500 and 5500 because there are more switches and
fewer ports link with servers in these two cases. For this reason, the topology exhibits
lower APL at the cost of increasing the investment due tomore switches. The optimal
gradient algorithm searches towards the fastest decline direction and finds the mini-
mal value. Figure 5.3b indicates that, given T = 2000 and p = 48, the search process
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Fig. 5.3 The APL of R3 with different parameter settings

terminates when β = 15, and the minimum APL is 3.71. Furthermore, we evaluate
the number of switches after APL is optimized. Figure 5.3b and Fig. 5.3c demon-
strate the marginal effect around the extreme point. When s = 62, APL = 3.78 is
a little bit higher than 3.71. However, 138 switches are required so as to reach the
extreme point. This will double the investment and obviously not be cost-effective.
So, whether the minimum APL is the best choice depends on designers.

5.5 Incremental Expansion of R3

Incremental expansion is essential to data centers since they are usually required to
accommodate the arbitrary number of servers on demand. For data centers based
on our hybrid topologies, two methods can be employed to realize the incremen-
tal expansion, i.e., expansion by adding nodes in an existing random cluster and
expansion by inserting a new random cluster.
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5.5.1 Expansion within an Existing Random Cluster

Random topologies likeRRGand scale-free networks support incremental expansion
naturally. New nodes can be added one by one. For RRG, when a new node is
added in, several existing nodes break up their links and connect to the new one [5].
For a scale-free network, according to its generation algorithm, a new node will be
linkedwithm existing nodes, which are selected based on the preferential attachment
principle [6]. To keep from the unbalance and bottleneck, those random clusters with
the minimum number of nodes are chosen to host new nodes. With more and more
nodes are added into those selected clusters, the length of the inner-identifier needs
to be increased to maintain consistency in the whole network. In other words, the
length of in inner-identifier is decided by the maximum number of nodes in random
clusters. In Fig. 5.2, the number of nodes in each cluster is no more than 8. A 3-digit
inner-identifier is feasible. Once a new node is added into cluster 00, the maximum
number of nodes is 9. Thus, the existing 3-digit inner-identifier is replaced by a 4-
digit inner-identifier. That is, existing inner-identifiers are updated by adding a new
digit in the front of them. Theoretically, the number of the node that each random
cluster can accommodate is unlimited. However, if the random clusters have too
many nodes, the structured links may be a bandwidth bottleneck since these random
clusters are interconnected with structured links only.

5.5.2 Expansion by Adding an Extra Random Cluster

As mentioned above, for the sake of network performance, it is not allowed to add
too many nodes to existing random clusters. When all random clusters can no longer
accommodate more nodes, we consider adding new random clusters to achieve the
scale expansion of R3. However, many structured topologies generally adopt a hier-
archical or recursive approach to achieve scale expansion, which obviously can not
guarantee incremental expansion. Therefore, this chapter proposes a new expansion
method for R3, which enables its structured topology to expand incrementally like a
hypercube structure.

Definition 5.4 In an-dimensional hypercube, a (n − 1)-dimensional coordinate sys-
tem can be established to identify each node according to its building rule. We call
a pair of nodes corresponding if their coordinates are different only at the first digit.

As shown in Fig. 5.4b, a new cluster 100 and an existing cluster 000 are called
a pair of corresponding clusters. Algorithm 5.3 depicts a framework of cluster-level
expansion. First, the Algorithm judges whether the existing inter-identifiers are suf-
ficient to distinguish all random clusters. If not, the Algorithm adds one digit to
identifiers and updates the identifiers of existing clusters. Second, random clusters
are added according to the following steps.
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Fig. 5.4 A example of expansion by adding extra clusters

1. Assign inter-identifiers to new random clusters.
2. Find existing clusters whose Hamming distance is one from the new cluster

based on the expansion rules of the hypercube, and connect those clusters with
the new cluster.

3. Delete unnecessary links.
4. The lack of some neighbor nodes makes the number of clusters insufficient to

construct a complete hypercube. To solve this problem, it needs to connect the
new cluster with existing clusters. Specifically, connect the new cluster with the
neighbors of its corresponding cluster.

Wedepict an example inFig. 5.4whenanewclusterwants to add into aquadrangle,
the coordinate of existing clusters is increased one digit, and the new cluster is
identified as 100. According to the quadrangle rule, cluster 100 should connect with
cluster 000. Then the degree of cluster 100 is only 1, while the required degree is 3.
As shown in Fig. 5.4b, the Algorithm finds cluster 000, which is the corresponding
cluster of 100 and connects cluster 100with the neighbors of cluster 000, i.e., clusters
010 and 001. As depicted in Fig. 5.4c, when cluster 110 is added to the existing
network, the algorithm will connect 110 and 100, while deleting the link between
100 and 010 which is added before to maintain the characteristics of the hypercube.

Algorithm 3 Expansion with Extra Random Clusters, G
Require: The regular topology, G; The amount of new random clusters, θ .
1: Let New[θ ] be those θ new clusters that will be added;
2: for i = 0 to θ − 1 do
3: Assign inter-identifier to New[i];
4: Find clusters whose hamming distance are 1 from New[i], and connect those clusters with

New[i];
5: Delete unnecessary links;
6: if the number of New[i]’s neighbors are less than expected then
7: Find corresponding node of New[i];
8: Connect New[i] with neighbors of its corresponding node;
9: return The new structured topology G.
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5.6 Performance Evaluation

In this section, we simulate the hybrid topology R3 to evaluate the routing flexibil-
ity, cabling cost and network performance. Typically, we compare R3 with a fully
structured GHC and a fully random Jellyfish topology, respectively.

5.6.1 The Routing Flexibility

The building routing table in a large-scale data center is tough work for those fully or
partially randomDCNs, due to the huge number of links and potential paths between
any pair of switches. To measure the time consumption due to finding the shortest
path between each switch pair, we conduct a series of experiments with different
settings of switches.

We construct R3 with different amounts of switches, ranging from 200 to 900.
In each of these R3s, 20 switches form an 8-RRG random cluster, and such random
clusters are connected via structured links. Since our routing method is coloring-
based, the time consumption of routing consists of two parts, i.e., the coloring time
and the routing time. During the coloring period, each structured link is colored with
one color to record the nodes used to link each pair of random clusters.

As demonstrated in Fig. 5.5a, compared with the coloring time, the routing time
contributes most of the total time. Figure 5.5b reports that our routingmethod outper-
forms the traditional Dijkstra algorithm in R3. More precisely, the coloring-based
routing algorithm reduces half of the time consumption compared to the Dijkstra
algorithm on average. The reason is that, compared with the traditional Dijkstra
algorithm, which is time-consuming, the coloring-based routing algorithm limits
the Dijkstra algorithm inside each random cluster only. Furthermore, as reported in
Fig. 5.5c, R3 consumes much less time compared to the Jellyfish topology. Note
that the building clusters of our hybrid R3 topology are 8-RRGs. After introducing
structured links into the topology, the total number of links in R3 is between that of
8-RRG Jellyfish and that of 9-RRG Jellyfish. The evaluation result, however, demon-
strates that the routing time of R3 is less than that of 8-RRG and 9-RRG Jellyfish
many times.

Additionally, routing flexibility is important in DCNs, where failures of commod-
ity devices are very common. In R3, once a switch breaks down, the coloring-based
routing algorithm will immediately derive another available path and update the
involved routing table dynamically.
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Fig. 5.5 Time consumption of routing process

5.6.2 The Cabling Cost

In DCNs, a huge number of links are utilized to interconnect large-scale switches and
servers to form a designed topology. For each of our hybrid topologies, those long-
distance random links will significantly increase the cabling cost and complexity. In
this section, we calculate the total length of all cables in R3 and Jellyfish to evaluate
the cabling cost.

Racks in a data center are placed as a matrix for cooling and maintaining pur-
poses. To minimize the total length of all cables, we suppose that racks are placed
as a quadrate or quadrate-like structure. Given the number of switches, we first cal-
culate the length and width according to the quadrate-like location strategy. Then,
we calculate the total length of all links via the Pythagorean Theorem. Meanwhile,
we assume that links between racks are underground distribution such that the geo-
graphical distance can be calculated as the link distance.
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Fig. 5.6 Cabling cost
comparison with Jellyfish
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Reasonably, we use the distance between any pair of racks as the metric of cabling
cost. Figure 5.6 depicts the cabling cost of R3 compared to that of Jellyfish. For fair-
ness, we compare R3 with 8-RRG Jellyfish and 9-RRG based Jellyfish, respectively.
R3 causes much less cabling cost than 8-RRG as well as 9-RRG based Jellyfish. This
result is reasonable since more remote links are introduced into Jellyfish with the
increasing number of switches. However, the distance between any pair of switches
in R3 is predictable and less than that in Jellyfish.

5.6.3 The Network Performance

We compare R3 with the generalized hypercube and Jellyfish, which represent fully
structured and random topologies, respectively. To evaluate their performance, we
vary the amount of 24-ports switches from n = 8 to 360. We calculate the maxi-
mal amount of servers they can accommodate, i.e., network order, and evaluate the
throughput under all-to-all traffic. In the best case, each switch inside a random clus-
ter has a structured edge to connect with another switch in other clusters. So, R3 has
the same network order as RRG. But for GHCs, the network order depends on its
dimensions. Consider n = 200 as an example and there is 200 = 2 × 2 × 2 × 5 × 5.
Each switch should reserve at least 11 ports for linking with other switches, and the
remainder 13 ports link with servers. Consequently, the network order is at most
200 × 13 = 2600. To construct the densest R3, we use 5 × 5 GHC and 7-RRG,
which lead to a hybrid topology, which can accommodate 16 × 200 = 3200 servers,
and the maximal node degree is 8. For fairness, an 8-degree Jellyfish is built as a
reference. Figure 5.7 depicts the resulting network order. It is clear that both R3 and
Jellyfish can accommodate a large number of servers. This is reasonable because
both R3 and Jellyfish have larger design space than GHC.

Indeed, the throughput of DCNs is affected by not only the topology but also the
bandwidth allocation strategy [14, 15]. For a given DCN, different bandwidth allo-
cation strategies result in different network performances. In this chapter, to compre-
hensively reveal the impact of topologies, our experiments focus on the topologies
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Fig. 5.7 Performance comparison between R3, GHC and Jellyfish

under the same bandwidth allocation strategy. We first verify the network perfor-
mance of R3 under different amounts of switches and then compare the network
throughput with Jellyfish and GHC under all-to-all traffics. Typically, the bandwidth
of each link is set to be 1000 Mbps, and the data rate of each server is 100 kbps. We
monitor each flow via the flowmonitor function in NS3 and obtain the total through-
put by summing up the data rate of each flow. Figure 5.7b plots that the network
throughput of R3 is always a little bit less than that of Jellyfish but much more than
that of GHC. Thus R3 integrates the advantages of both GHC and Jellyfish while
abandons their weakness.

5.7 Discussion

The proposed hybrid topology R3 combines structured topologies with random
topologies seamlessly via the compound graph. To fully understand the hybrid
designing methodology, we discuss the following issues further.

Rethinking the routing algorithm. The proposed edge-coloring based routing
algorithm achieves fast and accurate routing tables. In effect, such a routing algorithm
is propagable since Theorem 5.1 guarantees that at most� + 1 kind of colors are suf-
ficient to color all edges. Namely, the novel routing algorithmworkswell even though
R3 selects different structured topology. Let m denotes the average number of nodes
in random clusters, |E | and |V | denote the number of edges and vertex in the chosen
structured topology, respectively. Then the time complexity of our routing algorithm
is O(|E | × |V |) + O(|V | × m2), where O(|E | × |V |) is the time complexity of col-
oring and O(|V | × m2) is the time complexity of routing inner random clusters.

Dedicated integer programming model. Note that the proposed integer pro-
gramming model is used to find the best parameter setting of a given structured
topology, the number of servers and amount of ports per switch. So, different struc-
tured topologies result in different integer programmingmodels to describe the hybrid
topologies precisely.
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Incremental expansion of our hybrid topologies. As for the expansion issues
for hybrid topologies, we propose two appropriatemethods, i.e., the expansionwithin
an existing random cluster and the expansion by adding an extra random cluster. The
newly added servers ought to be allocated into the existing random clusters evenly
other than embedding them into one or several clusters in bathes. Besides, which
expansion strategy should be employed remains an open problem for the designers
so that the flexibility and design space will be guaranteed.

The experiment methodology. Our experiments concentrate on evaluating the
performance of R3, RRG and GHC since R3 is constructed via combining RRG
and GHC seamlessly. Different selections of structured and random topologies will
definitely result in different performances. The performance of each of the other
hybrid topologies is similar with R3, i.e., its performance falls between that of the
used structured topology and that of the utilized random topology. Thus, the major
motivation of our experiment is to prove that the proposed hybrid designing method-
ology combines the benefits of both structured and random topologies together while
avoiding their weakness successfully.

Constraints of hybrid DCNs. The proposed hybrid DCNs face a few potential
limitations. First of all, three constraints must be satisfied to achieve a hybrid topol-
ogy, as mentioned before. Second, if there exist too many nodes in a random cluster,
the boundary nodes of that cluster may be overloaded and thus may result in conges-
tion. In other words, the designer must concern the capacity of each boundary node
when building or upgrading the hybrid data center network.
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Chapter 6
VLCcube: A Network Topology for VLC
Enabled Wireless Data Centers

Abstract Recent results have made a promising case for offering oversubscribed
wired data center networks (DCN) with extreme costs. Inter-rack wireless networks
are drawing intensive attention to augment such wired DCNs with a few wireless
links. For this reason, we propose a hybrid network topology, VLCcube, which
consists of wireless links and wired links, by introducing extra visible light commu-
nication (VLC) links into data centers. Specifically, VLCcube augments Fat-Tree,
a representative DCN in production data centers, by installing 4 VLC transceivers
on top of each rack for constructing four wireless links of 10 Gbps. These wireless
links improve the network capacity of wired links and organize all racks into a wire-
less Torus structure. This chapter focuses on the topology design, hybrid routing,
and flow scheduling schemes for VLCcube, and carries out related experiments to
show its performance. VLCcube has better network performance than Fat-Tree since
many flows transmitting along 4-hop paths in Fat-Tree can achieve a shorter trans-
mission range if they are transmitted in the wireless Torus. The congestion-aware
flow scheduling algorithm can further improve the performance of VLCcube. Actu-
ally, VLCcube is just one alternative to the utilization of VLC links in data centers.
The introduction of VLC links integrates seamlessly with the existing DCNs, and it
improves the performance and design flexibility of DCNs effectively.

6.1 Introduction

6.1.1 Motivation

Data centers have emerged as infrastructures for online applications and infrastruc-
tural services. Thousands of servers and switches are interconnected via a specific
data center network (DCN). DCNs can be roughly divided into two categories. The
first category is wired DCNs, each of which connects all switches and servers with
wired links via cables, fibers or twisted-pair links. Fat-Tree [1] and VL2 [2] fall
into this category. The second one is wireless DCNs, which employ wireless links
to argue a wired DCN or organize servers and switches as a fully wireless network
topology [3, 4].
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Fig. 6.1 An example of wireless DCN, in which the racks are interconnected with wireless links

Wired DCNs are widely adopted. However, they suffer from inherent challenges:
(1) They are either overprovisioned with good performance but the high cost or
oversubscribed with low cost but poor performance. (2) It is extremely costly and
complicated when expanding a wired data center. (3) They cause vast cabling and
maintenance cost [5]. (4) Large-scalewiredDCNs usually adoptmultiple-level struc-
tures. As a result, two servers, which across racks, must employ the upper-level links
to communicate with each other, even if they are very close physically.

To eliminate the non-trivial cost and increase the flexibility during the expanding
process of any wired production DCN, several wireless DCNs are proposed at the
inter-rack level. As depicted in Fig. 6.1, the racks are connected with the introduced
wireless links. Typically, the radio frequency (60 GHz) [4] and free-space-optical
(FSO) communication techniques [3] are employed to establish an inter-rackwireless
network. These proposals can considerably improve the performance of any existing
wired DCNs in terms of bandwidth and packet latency [6]. Moreover, the wireless
links can be dynamically reconfigured to meet the demand of the undergoing flows.

Inspired by the promise of easy-deployable and plug-and-play, we envision a radi-
cally different designof the inter-rackwireless network,which should simultaneously
concern the following three design rationales: (1) all inter-rack links are wireless; (2)
without imposing any infrastructure-level alteration on the existing wired production
data centers; and (3) the inter-rack wireless network is plug-and-play and has no need
of additional mechanical or electronic control operations.

This vision, if realized, will lead to unprecedented benefits for wireless DCNs.
Firstly, it ensures high flexibility and low cabling cost of the network by introducing
wireless links on demand. Secondly, it simplifies the configuration and usage process
of the inter-rack wireless network due to bringing no additional mechanical or elec-
tronic control operations. Such simplification makes the inter-rack wireless network
extremely compatible with existing wired DCNs. Thirdly, it alleviates the burden of
managing and maintaining a data center. Once those wireless links are established,
they will work permanently without additional control operations.
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Existing proposals on the inter-rack wireless network focus on the flexible recon-
figuration of links. Such proposals, however, do not consider the other two essential
design rationales. First of all, they have to update or even reconstruct the deploy-
ment environment of existing production data centers. For example, prior proposals
using 60GHz, as well as FSO communication, have to decorate the ceiling to be
a huge mirror to achieve over-the-horizon communication. Besides, to realize flex-
ible reconfiguration, dedicated optical devices are required, e.g., ceiling mirrors,
plano/biconvex lens. Moreover, they impose frequent and complicated control on
wireless devices and peripheral equipment when configuring a wireless link.

In this chapter, we propose VLCcube to achieve the above three design rationales
simultaneously. VLCcube augments Fat-Tree, a representative production wired
DCN, by organizing all racks into a wireless Torus structure via the emerging visi-
ble light communication (VLC) techniques. Hence, it is a hybrid network topology
for data centers, by seamlessly integrating the wired Fat-Tree and wireless Torus.
Although the 60GHz and FSO communication techniques are also suitable for VLC-
cube in theory, we prefer the VLC since it is becoming a promising choice for the
next-generationwireless technology by offering low cost, unregulated bandwidth and
ubiquitous infrastructures support. Inherently, VLC links eliminate the peripheral
devices except for VLC transceivers and need no additional mechanical or electronic
control.

6.1.2 Related Work

Due to the essential status of DCNs, a huge body of work has been conducted to
improve network performance. The representative DCNs can be classified into two
categories, i.e., the wired DCNs and the wireless DCNs.

Typically, the wired DCNs take advantage of the merit of excellent topologies,
e.g., Torus, Hypercube, Kautz, Small-world, etc. Fat-Tree, VL2 and Portland all
adopt the multi-level structure Fold-Clos, which guarantees high fault-tolerance and
high network performance. The server-centric DCNs, such as BCube [7], and DCell
[8], allows servers to participate in the network routing and forwarding. Besides,
some random structures are introduced into DCNs for the purpose of incremental
expansion, such as Jellyfish [9] and Small-world [10]. However, it is hard to balance
the cost and network performance in wired DCNs. On the one hand, some data
centers are over-provisioned to accommodate the potential peak traffic, leading to
high hardware costs and low utilization rates. On the other hand, some wired data
centers are over-subscribed with low cost, but poor performance [3].

To solve the above problems, many wireless communication technologies are
introduced into data centers to improve their network performance and structure
flexibility [5]. Among them, 60GHz radio frequency communication technology is
one of the first to be used in data centers [4, 11]. It requires altering the ceiling to huge
reflectors to support long-range communication. When constructing wireless links
between any pair of racks, the source rackmust accurately adjust the transceiver angle
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to ensure that the 60GHz signals reflected by the ceiling reflector can be received by
the transceiver of the destination rack. Similarly, Firefly [3] adopts FSO to construct
thewireless network, and it dynamically reconfigures thewireless network according
to the traffic demand.Note that the dynamical reconfiguration of thewireless network
depends on the complicated mechanical and electrical control of optical devices.

In this chapter, we propose a novel wireless network topology at the rack level,
which achieves the three design rationales. For this purpose, we organize the exist-
ing wired DCN into a wireless Torus using VLC links in the rack level. In a two-
Dimensional Torus, each rack naturally connects with at most four adjacent racks.
VLCcube does not require the ceiling reflector to reflect and relay wireless VLC sig-
nals. Adjacent racks are connected through permanent VLC links after transceivers
are configured. These wireless links work without the need to manipulate other
devices to cooperate with the use.

6.2 The Design of VLCcube

We first discuss the feasibility and interference issue of interconnecting racks using
VLC links and accordingly design a novel VLCcube topology. It seamlessly aug-
ments the wired data center Fat-Tree, using a wireless inter-rack Torus network.

6.2.1 Feasibility of Introducing VLC Links into DCNs

For VLC, transmitting data is achieved by intensity modulation of visible spectrum
lighting emitting diodes (LEDs) or laser diodes (LDs). On-Off keying modulation
scheme, where “ones” and “zeros” are represented by the presence or absence of
light, is the simplest form of digital communication [12]. To employ the VLC links,
three vital issues have to be concerned, including the data rate, transmission distance,
and the accessibility of devices.

Data rate. By employing those high switching frequency LEDs, a single color
VLC link can realize a considerably high data rate up to 3 Gbps [13]. Such devices
could potentially deliver data rates in the order of 10 Gbps by using RGB triplet.
Besides, a single laser beam can even achieve 9 Gbps data rate by employing the
450-nm GaN LDs [14]. Hence, we believe that the data rate of VLC links is capable
of transmission in data centers.

Transmission distance. The LED-based VLC links can achieve about 10 Gbps
data rate within 10 meters, which is sufficient to interconnect two close racks inside
a data center. We notice that a project named Rojia prolongs the distance of VLC to
1.4 kilometers, but with a limited data rate [15]. Besides, the LD-based VLC links
can realize fast long-distance communication (in the order of kilometers) with high
data rate [16], due to its outstanding directionality. Hence, the LED-based VLC links
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can be employed as the short links, while the LD-based VLC links are competent to
the long-distance transmission in DCNs.

Accessibility. The off-the-shelf full-duplex VLC devices, i.e., transceivers, are
developed and released [15, 17]. A development platform called MOMO has deliv-
ered API and SDK for users to customize their VLC-based applications. For exam-
ple, the VLC techniques have seamlessly integrated into a platform of the internet
of things. Moreover, pureLiFi [17] provides the opportunity for customers to rapidly
develop and testVLCapplications for cost-effective, high-speed data communication
solutions by using commercial LED infrastructures.

Accordingly, it is reasonable to employ the VLC links to augment wired DCNs,
without incurring additional cabling costs or modifying the hosting environment of
data centers.

6.2.2 The Interference Among Transceivers

The benefits of VLC links motivate us to employ them to augment the wired inter-
rack networking in data centers. However, interference is an essential obstacle when
utilizing VLC links.

Typically, on the top of each rack, a few VLC transceivers should be set up to
organize the ToR switches as a dedicated wireless topology. Given a rack R, when
multiple neighboring racks send data to it simultaneously, interference occurs if
multiple transceivers on R can perceive the light from different source racks but fail
to distinguish them.

To evaluate the VLC interference, we conduct simulations using professional
optical software, i.e., TracePro70 [18]. We place four receivers with orthogonal
orientations on the top of a rack, which are denoted as T1, T2, T3 and T4, respectively.
Then, a batch of visible light is emitted towards T1. The irradiance map of each
receiver can identify how much light has been detected by other receivers. If T2,
T3 and T4 detect intensive light, it demonstrates that the interferences to them are
prominent.

Figure 6.2a depicts the result observed by T1. Obviously, the receiver detects the
majority of the emitted light, and the central part of the receiver captures most of
them. Due to the scattering, some light deviates from the central line; hence, the
non-central areas can also detect light. By contrast, as shown in Fig. 6.2b–d, the
other three receivers can hardly capture the light since the normalized irradiance is
only 0.001 in several points in such figures. We also note that, Fig. 6.2c records the
least irradiance at T3. Consider that T3 is right behind T1 and it is difficult for the
light to pass by T1 to reach T3. Consequently, the light towards T1 results in limited
interference to the other three receivers. This observation shows that deploying four
transceivers on the top of a rack is feasible and will bring negligible interference.
Accordingly, we will design the wireless topology of the VLCcube, where each rack
owns just four VLC transceivers.
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Fig. 6.2 The irradiance of each receiver in the simulation

6.2.3 Topology Design of VLCcube

Inside a data center, each server connects to the ToR switch inside a rack. All racks
usually form a hierarchical network topology by using additional upper-level wired
links and network devices rather than connect with each other directly using wired
links. For this reason, we aim to interconnect all ToR switches according to a dedi-
cated wireless network topology. In this chapter, we adopt the widely used Fat-Tree
as an example of wired DCN and augment it with a wireless Torus topology. In this
way, we achieve a hybrid VLCcube, which can seamlessly integrate both wired and
wireless DCNs.

As depicted in Fig. 6.3, all racks inwired Fat-TreeDCN are further interconnected
via VLC links to form a two-Dimensional wireless Torus, with m racks in each
row and n racks in each column. On the top of each rack, four VLC transceivers
are deployed towards four orthogonal directions, such that the interference can be
restricted at the lowest level. Note that the wired part of the VLCcube is a Fat-
Tree topology, and we just connect the ToR switches via VLC links. Let k denote the
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Rack Transceiver

Fig. 6.3 The inter-rack wireless network of VLCcube. All racks in Fat-Tree are interconnected as
a wireless Torus via VLC links

number of ports of each switch,which is usually even.Thus,VLCcube accommodates
k pods, each of which has k/2 ToR switches and k/2 aggregation switches. Thus,
k2/2 ToR switches are involved in the wireless part of VLCcube.

In fact, we can design the hybrid VLCcube topologies in two ways. A straight-
forward way is to augment the wired network topologies with a wireless 2D Torus
directly. By contrast, a more advisable method can further promote the topology by
jointly consider the wireless 2D Torus and the wired Fat-Tree.

1. Independent topology design of wireless Torus
Wenotice that thewireless 2DTorus can be attached to the existingwired Fat-Tree

directly. Without loss of generality, we assume that, in a k-pod Fat-Tree, there are k
rows and k/2 columns, i.e., m = k, n = k/2. In each dimension, every rack enables
wireless links with its neighboring racks. As a result, the diameter of the 2D Torus is
0.75k, which is proportional to the number of k. Moreover, in the resulted wireless
2D Torus, given a rack in the i-th pod, each rack has four neighbors. Among these
neighbors, two are in the same i-th pod, and the other two are in i − 1-th pod and
i + 1-th pod. That is, in the pod level, the i-th pod just connects with i − 1-th pod
and i + 1-th pod directly. This construction method of wireless Torus can increase
the connectivity of racks and provide more alternative paths for servers. However, if
we construct wireless Torus based on the deployment of racks, the gain of wireless
Torus can be further improved.

2. Joint topology design of wireless Torus and wired Fat-Tree
To fully utilize the benefits of VLC wireless links, we optimize the topology of

VLCcube by integrating the 2D Torus with Fat-Tree seamlessly. To reach this goal,
two important issues must be well tackled, including the settings ofm and n, and the
placement of racks in VLCcube.

First, all racks in each dimension of Torus should be interconnected as a loop. Thus
the network diameter of Torus is (m + n)/2. The VLCcube needs to set reasonable
m and n to minimize the network diameter. Meanwhile, the number of long-range
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links in Torus ism + n. Considering that the data rate of long-range VLC links is less
than that in short-range links, minimizingm + n is also helpful for the improvement
of network performance.

Under the structural rule of Torus, the placement of racks can be optimized. In
Fat-Tree, the path length between any pair of racks is either 2 hops or 4 hops. To
minimize the network diameter of VLCcube, the wireless links should be used to
shorten these 4-hop paths as many as possible.

Parameter setting. Note that all nodes in each dimension of a 2D Torus form
a loop structure; hence, the network diameter by (m + n)/2. For this reason, VLC-
cube aims to minimize the network diameter of the used Torus structure by inferring
reasonable configurations ofm and n. Additionally, the total number of remote VLC
links in VLCcube is m + n, and such a few long links are more difficult to estab-
lish compared to those short VLC links. This issue further motivates VLCcube to
minimize m + n for eliminating unnecessary remote VLC links. If a 2D Torus is
designed to accommodate k2/2 racks, the parametersm and n should be bounded by
the inequation m × (n − 1) < k2/2 ≤ m × n.

Theorem 6.1 In VLCcube, the optimal setting of m is calculated as �√k2/2�. The
value of n depends on k2/2. If (m − 1)2 < k2/2 ≤ m × (m − 1), n is m − 1; in
contrast, when m × (m − 1) < k2/2 ≤ m2, n is set the same as m, i.e., �√k2/2�.
Proof The best settings of m and n should minimize the value of m + n. Note that
we have m + n ≥ 2 × √

m × n ≥ 2 × √
k2/2. Thus, m + n reaches its minimum

value only when m = n. Considering the inequation m × (n − 1) < k2/2 ≤ m × n,
we derive the relationship between m, n and k. ��

Placement of racks. As for the placement problem,wenote that, during the design
stage, the placement of racks and cables can be jointly optimized with the respect of
wireless Torus topology. Indeed, the path length between any pair of ToRs is either
two or four hops in Fat-Tree. Hence, VLCcube aims to shorten those four hops of
wired communication as just one hop wireless communication by reconsidering the
location of racks. Given m and n, we further concern about the best placement of
racks for supporting the inter-rack wireless Torus network. Note that, in Fat-Tree, if
two racks fall into the same pod, the path length between them is 2; otherwise, four
hops are required. VLCcube targets shortening the four hops of the wired path as one
hop wireless path. That is, all VLC links are utilized to connect those racks across
pods, rather than those racks inside the same pod.

To ease the presentation of the placement strategy, we first introduce the identifier
for each rack, which consists of two parts. The prefix, ranking from 0 to k, denotes
which pod this rack belongs to. The suffix, ranking from 0 to k/2, identifies the rack
in each pod. For example, the identifier 51 refers to the second rack in the sixth pod.

We further define the pod level logic graph, which regards a pod in VLCcube as a
node. If there exist one ormultipleVLC links between a pair of pods, an edge is added
between them in the logic graph. Figure 6.4 depicts an example of the wireless part
of VLCcube, with k = 6, m = 5 and n = 4. Accordingly, the pod level logic graph
is derived. Typically, we measure the connectivity of the pod-level logic graph by
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Fig. 6.4 The logic graph of VLCcube in the rack level and pod level

counting the number of links in the graph. In Fig. 6.4, 15 links interconnect six pods,
thus the connectivity of the pod level graph is 15. Given the value of k for VLCcube,
the connectivity of its pod level logic graph is no more than k × (k − 1)/2.

With the above definitions and given k,m and n, we design three steps to construct
the 2D wireless Torus, which may be an incomplete one, as shown in Fig. 6.4.

• Step 1, allocating the prefixes. For each prefix x ∈ [0, k], we randomly allocate it
to k/2 ToR switches in the ToR level logic graph since each pod contains at most
k/2 ToR switches. The only constraint is that any rack cannot hold the same prefix
as its four neighbors. If conflicts occur, repeat this step until all prefixes have been
mapped into the graph.

• Step 2, calculating the suffixes. In the ToR level logic graph, a suffix is introduced
to differentiate those racks in the same pod. Note that the suffix of each rack ranges
from 0 to (k − 1)/2.

• Step 3, improving the connectivity of the pod level logic graph. We repeat the
above two steps multiple rounds and then pick the solution that leads to the highest
connectivity of the pod level logic graph.

However, as stated before, the Fat-Tree is actually installed as a w.l.o.g, k2/2
array. Obviously, we need to transform the existing k2/2 array to be a m × n one.
Typically, two steps are needed. First of all, (k − m) × k/2 racks must be moved
such that the racks are placed as a m × n Torus physically. Then we deploy the
placement strategy of racks logically by rewiring the cables between the aggregation
switches and the racks. Undoubtedly, these adjustments suffer from dedicated time
consumption and labor cost. But we believe these once-and-for-all augments are
worthwhile to improve the network performance.

We further prove that our generation method can result in a correct VLCcube
structure.

Theorem 6.2 When k ≥ 4, the above generation method can successfully generate
a VLCcube such that each pod appears k/2 times in the ToR level logic graph.
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Proof In step 1, we allocate k pods randomly under the constraint that each link
connects different pods. If each pod is associated with one color, the proof of Theo-
rem 6.2 is equivalent to prove that k colors can color the graph successfully. In fact,
the ToR level graph of VLCcube is a 4-regular graph whose chromatic number is 4,
which means 4 kinds of colors are enough to color the graph. That is, when k ≥ 4,
we can always find out a legal placement strategy. Thus, Theorem 6.2 is proved. ��
Theorem 6.3 The pod level logic graph resulting from the above three steps is
connected.

Proof Note that the ToR level logic graph is an incomplete 2D Torus, which is a
connected graph. That is, a rack identified as xi yi can find a path to its destination
rack x j y j . If we map this path to the pod level logic graph, it is just the path from
pod xi to pod x j . Thus, Theorem 6.3 is proved. ��

Theorems 6.2 and 6.3 ensure the rationality of the generation steps. Step 3 further
ensures the connectivity of the pod level logic graph by selecting the best one after
executing the first two stepsmultiple rounds. The behind insight is that by conducting
the processes more rounds, we are more likely to achieve a better solution. We will
evaluate the performance of such a generation method in further experiments.

From the view of topology design, VLCcube integrates the topological charac-
teristics of both Fat-Tree and 2D Torus, e.g., scalability, constant degree, multi-path,
and fault-tolerance. Moreover, VLCcube is easy-deployable and plug-and-play since
only four transceivers are needed to deploy for each rack, and no further control oper-
ations are required during the usage process after the deployment. More importantly,
VLCcube achieves the inter-rack wireless network without any modification to the
hosting environment of a Fat-Tree data center.

6.3 Routing and Congestion Aware Flow Scheduling
in VLCcube

For any pair of ToR switches, wired paths, wireless paths and hybrid paths coexist in
VLCcube. The routing algorithms for wired paths and wireless paths can be found
in Literatures [1, 10]. We focus on designing the hybrid routing between racks. To
minimize the network congestion, we define a congestion-aware flow scheduling
model and design scheduling algorithms for the batched and online traffic patterns.

6.3.1 Hybrid Routing Scheme in VLCcube

Given any pair of racks in VLCcube, the hybrid path Pathh consists of both wired
links andwireless links. Therefore, the design of a hybrid routing algorithmmust take
into consideration the topological properties of both Fat-Tree and Torus. According
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to the characteristics of VLCcube, we design a top-down hybrid routing algorithm.
Assuming the source and destination racks are xi yi and x j y j respectively. We first
find the pod-level path from Pod xi to Pod x j . Then this path is completed at the rack
level. In the practical process, VLC links are selected first, and then wired links are
added to the hybrid path.

Firstly, the path from source Pod to destination Pod in the Pod level logic graph
is calculated and is denoted as Pathhp. This step is relatively simple because there
are only k nodes in the Pod level logic graph.

Secondly, each wireless link in Pathhp is obtained to construct the rack-level
path Pathht . Because there may be multiple optional wireless links between a pair
of Pods, choosing different wireless links will lead to different lengths of the final
routing path. Therefore, each hop in Pathhp should choose the wireless link that can
make the routing path as short as possible. For example, in Fig. 6.4, select racks 11
and 41 as source rack and destination rack, respectively. In the Pod level logic graph,
Pod 1 and Pod 4 are neighbors. In the rack level logic graph, there are 3 optional
wireless links directly interconnect Pod 1 and Pod 4, namely, 12 ↔ 41, 10 ↔ 41
and 10 ↔ 40. If link 10 ↔ 40 is selected, racks 11 and 40 should firstly forward
data to racks 10 and 41, respectively. Thus the length of the resulted path is 5 hops
since both Pod 1 and Pod 4 need an aggregation switch to forward the inter-Pod
data. However, if link 12 ↔ 41 or 10 ↔ 41 is selected, just 1 aggregation switch is
needed to connect rack 11 to rack 12, or rack 11 to rack 10. In this case, the length
of the resulted path is 4 hops.

At last, we add wired links to the generated Pathht . Actually, this step is equal to
add necessary aggregation switches to the path. In each pod, all ToRs and aggregation
switches form a complete bipartite graph, thus we can pick an aggregation switch
randomly.

Through the above three steps, we can construct the shortest hybrid path between
any pair of racks. Note that the time complexity of step 1 is O(k2), and the time
complexities of steps 2 and 3 are constants. Therefore the time complexity of this
algorithm is O(k2), where k is the number of ports of the ToR switch. Since k is
usually less than 100, O(k2) is an acceptable time complexity.

6.3.2 Problem Formulation of Flow Scheduling

We introduce the VLC links to augment the existing DCNs in VLCcube. The insight
is to organize ToR switches as an incomplete wireless Torus via VLC links. To effi-
ciently utilize both wired and wireless links and minimize the network’s delay, we
present a flow scheduling model to optimize the link congestion rate under both
batched and online traffic patterns. Consider that there are four available transceivers
on each rack. Thus, any rack can communicate with its four neighboring racks simul-
taneously. We first introduce related definitions and symbols as follows.

LetG = (V, E) denote a data center network, where V and E are the node set and
link set, respectively.Additionally, F = { f1, f2, . . . , fδ}denotes δ flows injected into
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G. For each flow fi = (si , di , bi ), si , di , and bi denote the source node, destination
node and traffic demand, respectively. Typically, φ records a scheduling strategy,
which is responsible to derive the routing path for each flow in F .

Definition 6.1 Given F and φ, we define the congestion rate of an arbitrary link e as:

Cφ

F (e) = t (e)/c(e), (6.1)

where t (e) denotes the amount of traffic passing through link e, and c(e) records the
capacity of link e. Note that any Cφ

F (e) falls into a constant interval [0, 1]. Specifi-
cally, if none of flows passes through link e, its congestion rate is 0. The congestion
rate is 1 when link e is fully used.

Definition 6.2 We define the congestion rate of a path P as

Cφ

F (P) = maxCφ

F (e), where e ∈ P. (6.2)

Accordingly, based on Cφ

F (P), we can locate the bottleneck in a given path and
decide whether a path is capable of serving a given flow.

6.3.3 Scheduling the Batched Flows

Definition 6.3 (SBF: scheduling batched flows) Given G(V, E) and a set of flow
transmissions F , the goal of batched flow scheduling is to find a reasonable flow
scheduling strategy φ∗ such that Z = max

e∈E Cφ∗
F (e) is minimized.

We accordingly formulate the SBF problem as follows:

Minimize Z

∑

f : f ∈out (si )
t f = bi +

∑

f : f ∈in(si )

t f ∀i (6.3)

∑

f : f ∈in(di )

t f = bi +
∑

f : f ∈out (di )
t f ∀i (6.4)

∑

f : f ∈in(x)

t f =
∑

f : f ∈out (x)
t f ∀i,∀x /∈ {si , di } (6.5)

bmin/cmax ≤ Z ≤ bmax/cmin (6.6)
∑

i

wi
e ×

[
bi
c(e)

]
≤ Z ∀i,∀e ∈ E (6.7)

wi
e ∈ {0, 1} ∀i, ∀e (6.8)
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In the above formulation, i is an integer in the range [0, δ]. Let out (v) and in(v)

denote the set of the outgoing and incoming flows at node v inVLCcube, respectively.
t f refers to the size of flow f . The first three equations ensure that each flow just
transmits along one path. Equation 6.6 determines the upper and lower bounds of Z ,
where bmax and bmin denote the max value and min value of each flow, respectively.
Equation 6.7 ensures that the congestion rate of each link is no more than Z . wi

e
represents whether link e is occupied by flow fi . wi

e = 1 if flow fi transmits through
link e, and wi

e = 0 otherwise.
The SBF problem is an Integer Linear Programming (ILP) problem, which is a

well-known NP-hard problem. It cannot be solved in polynomial time. Thus, we
design a lightweight algorithm to derive a reasonable solution. For any fi ∈ F , we
find out the three kinds of routing paths in VLCcube and denote them as P( fi ).
Actually, P( fi ) contains k2/4 wired paths, one hybrid path and one wireless path.
To derive the flow scheduling strategy for F , we design a greedy heuristic algorithm
based on the concept of congestion coefficient.

Definition 6.4 Given a set of flows F , each flow fi ∈ F has a set of candidate routing
paths P( fi ). The congestion coefficient of a link e ∈ E , denoted as le, is the total
amount of candidate paths passing through it under all flows in F .

Definition 6.5 For any routing path P ∈ P( fi ) of any flow fi in F . The congestion
coefficient of P , denoted as lP , can be calculated as lP = ∑

le, where e ∈ P .

Indeed, the congestion coefficient of link e or path P indicates the probability that
multiple flows employ it, respectively. Hence, lP is an index for our greedy algorithm
to decide whether flow fi should select path P . To be specific, we should select the
path with the least congestion coefficient among all paths inP( fi ).

Based on the congestion coefficient, Algorithm 6.1 shows the insight of the greedy
strategy. For each flow, we first calculate its k2/4 + 2 candidate routing paths. Then,
the congestion coefficient of each link in VLCcube is derived. For each flow fi ,
we calculate the congestion coefficient for each candidate routing path and choose
the path with the least congestion coefficient to serve that flow. The algorithm takes
O(δ × (k2 + k + 4)) time-consumption to derive the candidate routing paths for
all flows in F , and additional O(δ × (k2/4 + 2)) time-consumption to decide which
routing path should be utilized by each flow.Hence, the total computation complexity
can be calculated as O(δ × k2).

The congestion coefficient of a link e means there are up to le flows that may
employ the link. The congestion coefficient of a path P demonstrates that at most
lP flows may pass through at least one link along the path. If no scheduling strategy
is utilized, any path P ∈ P( fi ) has the equal probability to be chosen to transmit
fi . Based on this insight, Theorems 6.4–6.6 prove the correctness of employing the
congestion coefficient of a path as an index for Algorithm 6.1.
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Algorithm 6.1 SBF-solution (Sbatch)
Require: Input the model of SBF problem.
1: Initialize Sbatch as empty;
2: For each fi ∈ F , derive P( fi );
3: Calculate the congestion coefficient of each link in VLCcube;
4: for i < δ do
5: Calculate the congestion coefficient of each path in P( fi );
6: Select the path with the least congestion coefficient;
7: Add the chosen path into Sbatch ;
8: Label the links on the chosen path as used;
9: return The solution of SBF problem Sbatch ;

Theorem 6.4 In VLCcube, given a flow fi ∈ F, e is an arbitrary link in the network,
the probability that e is utilized by fi is:

p fi
e =

{
= 0, fi /∈ Fe

= l fie /(k2/4 + 2), fi ∈ Fe
(6.9)

where Fe records the set of flows thatmay employ the link e, l
fi
e denotes the congestion

coefficient of the link e caused by fi , since more than one candidate routing paths
of fi may cover that link e.

Proof Note that, if no scheduling strategy is utilized, any path P ∈ P( fi ) has the
equal probability to be chosen to transmit fi . For flow fi , if number of l fie paths in
P( fi ) pass through link e, we have p fi

e = l fie /(k2/4 + 2). Otherwise, flow fi never
utilizes that link, and the probability is 0. Thus, Theorem 6.4 is proved. ��
Theorem 6.5 In VLCcube, for any flow fi ∈ F, η counts the number of flows that
pass through a link e, then we have:

pF
e (η = 0) =

∏

fi∈F
(1 − p fi

e ) (6.10)

pF
e (η = 1) =

∑

fi∈F

⎡

⎣p fi
e ×

∏

f j∈F− fi

(1 − p
f j
e )

⎤

⎦ (6.11)

pF
e (η ≥ 2) = 1 − p(η = 0) − p(η = 1) (6.12)

Proof Given a flow set F , such flows are independent for whether employ a link e
or not. Hence, p(η = 0) and p(η = 1) can be calculated easily. Thus, Theorem 6.5
is proved. ��
Theorem 6.6 Consider a flow fi ∈ F, let η counts the number of flows that pass
through a path P ∈ P( fi ), and E(P) denotes the set of links along the path P. For
any P, we have:



6.3 Routing and Congestion Aware Flow Scheduling in VLCcube 147

pF
P (η = 0) =

∏

ei∈E(P)

pF
ei (η = 0) (6.13)

pF
P (η = 1) = 4

k2 + 8

∏

ei∈E(P)

pF− fi
e (η = 0) +

∑

es∈E(P)

[
pF− fi
es (η = 1) ×

∏

e j∈E(P)−es

pF− fi
e j (η = 0)

]
(6.14)

pF
P (η ≥ 2) = 1 − pF

P (η = 0) − pF
P (η = 1) (6.15)

Proof For a path P ∈ P( fi ), η = 0 means none of flows passes any link in path
P . While, η = 1 is resulted from two situations, i.e., only fi occupies the path P , or
one link in path P has been utilized by another flow f j ∈ F − fi . Thus, pF

P (η = 0)
and pF

P (η = 1) can be calculated. ��
According to Theorems 6.4–6.6 calculate the probability that none or one flow

passes link e and path P . Note that, if η ≥ 2, link e or path P may result in con-
gestion. This will happen when the completion time of the former flow blocks the
transmission of the latter flow. Theorems 6.5 and 6.6 demonstrate that larger le leads
to more opportunities that more than 2 flows go through link e or path P , and may
cause congestion. Thus the probability that a path P is blocked is proportional to its
congestion coefficient lP . In this way, the correctness of employing the congestion
coefficient of a path as an index for Algorithm 6.1 is certified. Since our greedy
algorithm selects the paths with the least congestion coefficient, the congestion rate
in VLCcube will be decreased significantly.

6.3.4 Online Scheduling of Flows

As discussed in [19], flows are not always batched in data centers. In fact, flows
are usually uncertain and dynamic. Typically, φ0 depicts an existing flow scheduling
strategy, FN denotes the new arriving flows, and FO contains the flows that call for
retransmission. Accordingly, we update the set of flows as F1 = FN + FO . With F1

as input, we define the online flow scheduling problem as follows:

Definition 6.6 (SOF: scheduling online flows) The SOF problem is to deduce a new
scheduling strategy φ1 such that the increased link congestion rate is minimized. Let

�Z = Z1 − Z0, where Z1 = max
e∈E Cφ1

F1
(e) and Z0 = max

e∈E Cφ0

F−FO
(e), the goal of SOF

is to minimize �Z .

The SOF problem will be triggered when new flows appear, or some existing
flows are required to be retransmitted. Note that the SOF problem still subjects to an
ILP model, which is similar to the SBF problem. We omit the detailed presentation
of the SOF model due to the page limitation.
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The SOF problem targets at minimizing Z1. Thus, it seems that the same strategy,
depicted in Algorithm 6.1, can be utilized to solve the SOF problem. Algorithm 6.1,
however, will be employed frequently due to the dynamic flows, and hence causes
unnecessary computation cost. Instead, we only take flows in F1 into consideration
and propose a greedy flow scheduling strategy for the SOF problem. For each flow
in F1, the insight of our greedy strategy is to employ the path that causes the least
link congestion rate.

Algorithm 6.2 SOF-solution (Sonline)
Require: Input the model of SOF problem.
1: Initialize Sonline as empty;
2: Calculate the updated routing requests F1;
3: Update the state of network links and devices;
4: for i < δ1 do
5: Search the three kinds of paths from si to di ;
6: Calculate the congestion rate of each path;
7: Select the path with the least congestion rate, i.e., pathi ;
8: Add pathi into Sonline;
9: return The solution of SOF problem Sonline;

As depicted in Algorithm 6.2, the greedy strategy discovers those flows that call
for path assignment. Typically, it distinguishes the finished flows, the new flows and
the failed flows. The algorithm has to know which available links and devices the
updated flows can employ. For each flow in F1, Algorithm 6.2 searches all of its
wireless path, hybrid path and wired paths. After deriving the possible candidate
routing paths for a flow fi , we calculate the congestion rate of each path according
to the values of bi and ci . We then pick the path with the least congestion rate as
the final routing path for fi and add it into Sonline. When each flow in F1 has been
assigned a reasonable path, Algorithm 6.2 returns the result. The algorithm will be
executed δ1 rounds since there are δ1 flows in F1, while the time consumption is
O(k + k2) in each round, due to deriving the candidate paths. Thus, the computation
complexity of Algorithm 6.2 is O(δ1 × k2).

Theorem 6.7 Algorithm 6.2 outperforms the traditional ECMP flow scheduling
strategy for the online traffic pattern.

Proof For any flow fi ∈ F1, if ECMP is employed, the expectation of congestion
rate for fi is

4

k2 + 8

∑

Pj∈P ( fi )

Cφ∗
F1

(Pj ) (6.16)

By contrast, the congestion rate of Algorithm 6.2 for fi is

min{Cφ∗
F1

(Pj )} s.t. Pj ∈ P( fi ) (6.17)
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Undoubtedly, for an arbitrary flow fi , the congestion rate under Algorithm 6.2 is no
more than that under ECMP. Thus, Theorem 6.7 is proved. ��

6.4 Performance Evaluation

In this section, we first introduce the settings and methodologies. Then, we compare
VLCcube with Fat-Tree, in terms of the topological properties and network perfor-
mance. Finally, the proposed congestion-aware scheduling methods are evaluated
against the widely used ECMP.

6.4.1 Settings of Evaluations

We realize the proposed VLCcube and Fat-Tree with Network Simulator (NS3).
Given the number of k, we generate Fat-Tree according to the rules introduced in
Literature [1]. As for VLCcube, we generate it with the steps proposed above. The
bandwidth of each wired link and short-range VLC link is set as 10 Gbps, while
the bandwidth of the long-range VLC link is set as 100 Mbps. With the above
basic setting, we first compare their topological characteristics and then evaluate the
complexity of routing algorithms for wired paths, wireless paths and hybrid paths.
Moreover, we compare their network performance.

In our evaluations, we consider three traffic patterns: (1) Trace flows: the flows
are generated by a real data-set from Yahoo!’s data centers [20]; (2) Stride-i flows:
a server with id x sends the flow to the destination with id (x + i) mod N , where
N is the total number of servers; and (3) Random flows: the source and destination
of each flow are chosen randomly. The network throughput and packet loss rate are
used to measure the performance of DCNs under diverse traffic patterns. Note that
the arrival time of dynamic flows follows a Poisson distribution in the case of online
flow scheduling.

We evaluate the network performance of VLCcube and Fat-Tree, which both
utilize the prior ECMP flow scheduling method. Under each of the three traffic
patterns, we vary the network scale by adjusting the value of k from 6 to 60, and
observe the changing trends of the network throughput and packet loss rate. To reveal
the impact of flow size on the network performance, the average size of each flow
ranges from 5 to 300Mb. Note that the size of each flow under the trace-based traffic
pattern is always set according to the trace. In the experiments where k varies, the
network throughput is normalized with the throughput measured when k = 60. In
the experiments where the flow size varies, the network throughput is normalized
with the throughput measured when the flow size equals 300 Mb.
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6.4.2 Topological Properties of VLCcube

Two topological properties, the average path length (APL) and the total network
bandwidth are measured for VLCcube and Fat-Tree. As shown in Fig. 6.5a, b, VLC-
cube has shorter APL and offers higher network bandwidth than Fat-Tree, due to
those VLC wireless links. Note that the impact of VLC wireless links on the APL
exhibits an obvious marginal effect. That is, VLC wireless links for small-scale net-
works would significantly decrease the APL. In fact, given k, there are k2 VLC links
in VLCcube, and the number of both wired and wireless links is k3/2 + k2. With the
increase of k, VLC links contribute less portion to the total number of links. Hence,
the impact of wireless links becomes weak.

We conduct the generation progressmultiple rounds to deduce the placement strat-
egy for VLCcube. Then the connectivity of the pod level logic graph is normalized
and measured as the number of links in a complete graph. In Fig. 6.5c, VLCcube1,
VLCcube2 and VLCcube10 denote the measured results under the picked placement
strategy with the highest pod level connectivity after one round, two rounds, and ten
rounds generations. It is clear that the connectivity reduces along with the increase of
k, irrespective of the rounds of generation. Additionally, VLCcube10 always outper-
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forms the other two cases since the generation algorithmmay derive a better solution
from more candidates with high probability.

We further measure the consumed time due to calculating three kinds of routing
paths in VLCcube. As depicted in Fig. 6.5d, the time-consumption of searching
the hybrid path increases with k, and is always larger than that of the other two
kinds of paths. The time consumption of searching the wireless paths also increases
with k. Specifically, it grows from 0.2 to 0.575 ms. In addition, searching the wired
paths consumes the least time, which stables at a very low level. Overall, the time
complexity of the wired path routing algorithm is a constant, while the other two are
proportional to k and k2 respectively.

The above experimental results show that VLCcube provides better network per-
formance, including higher network bandwidth and lower average path length.

6.4.3 Network Performance Under Trace Flows

Yahoo!’s trace records the basic information for each flow in its six distributed data
centers, including the IP addresses of both source and destination servers, the flow
size, the utilized interfaces, etc. We separate those inner data center flows from those
flows across data centers by identifying the utilized interfaces [20]. We inject k3

randomly chosen flows into the VLCcube and Fat-Tree networks to evaluate their
performance.

Figure 6.6a, b plot the performance of VLCcube and Fat-Tree in terms of both
throughput and packet loss rate when k varies from 6 to 60. It is clear that VLCcube
dominates Fat-Tree by offering more throughput (8.5% more) and causing a much
lower packet loss rate (39% less). The reason is that those VLC links provide more
candidate paths for each flow.
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6.4.4 Network Performance Under Stride-2k Flows

In this experiment, firstly, we set the average flow size as 150 Mb. We measure the
throughput and packet loss rate under diverse network orders by increasing k from
6 to 60. Figure 6.7a, b report the evaluation results, when k3 flows are injected in
the networks. With the increase of k, both Fat-Tree and VLCcube are capable of
accommodating more flows, thus their throughputs increase rapidly. But VLCcube
achieves 15.14% more throughput than Fat-Tree on average, while the packet loss
rate of VLCcube is much less than that of Fat-Tree.

Tomeasure the impact of flow size, we vary the average size of those k3 flows from
50 Mb to 300 Mb while k = 36. We can infer from Fig. 6.7c, d that VLCcube still
considerably outperforms Fat-Tree. More precisely, VLCcube increases the network
throughput up to 14.31% than Fat-tree even when the maximum flow size is 150Mb.
Reasonably, when the flow size grows, the packet loss rate increases dramatically.
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6.4.5 Network Performance Under Random Flows

In the random traffic pattern setting, the source and destination server of each flow are
all selected randomly. We also introduce k3 flows into the two data center networks.

First of all, we fix the average flow size as 150 Mb and vary the network scale
by ranging k from 6 to 60. As shown in Fig. 6.8a, for both VLCcube and Fat-Tree,
the network throughput increases dramatically. VLCcube still outperforms Fat-Tree
with 10.44%more network throughput on average. As depicted in Fig. 6.8b, Fat-Tree
always experiences a high packet drop rate when k ≥ 18, while VLCcube incurs
much less packet drop rate. To be specific, VLCcube and Fat-Tree drop 0.27 and
2.45% packets on average, respectively.

We further evaluate the impact of maximumflow size on the network performance
when k = 36. As shown in Fig. 6.8c, d, VLCcube and Fat-Tree must transmit more
packets once the flows are scheduled; hence, the throughput and loss rate increase
reasonably as larger flows are injected into the networks. Compared with Fat-Tree,
VLCcube has better network performance since it achieves higher network through-
put and a lower loss rate.
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In summary, VLCcube achieves better network performance than Fat-Tree under
the three kinds of traffic patterns when both of them employ the ECMP to schedule
flows.

6.4.6 Impact of Congestion Aware Flow Scheduling

Although the above evaluations demonstrate the benefits of VLCcube over Fat-Tree,
the topological benefits have not been fully exploited by employing the existing
ECMP flow scheduling method. Thus, we compare our congestion-aware scheduling
method with ECMP under different sizes of VLCcube.

We inject k3 batched random flows into VLCcube, where k varies from 6 to 60.
The network throughput is normalized as the ratio of the network throughput under
the ECMP method to that under our scheduling method. As depicted in Fig. 6.9a,
b, ECMP offers less network throughput and causes a worse packet loss rate. By
contrast, our SBF method contributes ×1.54 throughput and causes a much lower
loss rate than ECMP. Note that the loss rate decreases dramatically when k increases
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from 6 to 18. The root cause of the low loss rate is that our SBF method offers more
candidate paths and disperses the flows as widely as the VLCcube can.

Additionally, the VLCcube schedules online flow using our SOF method. In this
case, we vary k from 6 to 24 and schedule k3 random flows under each configuration
of VLCcube. The arrival time of dynamic flows follows a Poisson distribution, whose
parameter λ can be adjusted. Fig. 6.9c, d plot the evaluation results. Note that ECMP-
x and SOF-x refer to the results under the ECMP and our SOFmethods when λ = x .
Our SOF method leads to ×2.22 and ×5.56 throughput than ECMP, while causes
only×0.340 and×0.178 packet loss, when λ = 2 and λ = 4, respectively. Note that
both ECMP and SOF methods in the case of λ = 4 outperform that in the case of
λ = 2. The reason is, fewer flows will simultaneously arrive in a given time interval
as the increase of λ; hence, such flows cause less packet loss.

Consequently, our SBF and SOF flow scheduling methods can improve the per-
formance of VLCcube and realize less congestion rate than the widely used ECMP
method.

6.5 Discussion

In this chapter, we augment the existing wired Fat-Tree DCN by introducing the
inter-rack wireless network using VLC links. To fully understand the designing
methodology of VLCcube, we discuss the following important issues.

The building methods of VLCcube. In this chapter, we point out that VLCcube
can be constructed in two different methods. Indeed, the racks in an existing Fat-
Tree data center have been placed as a fixed array, e.g., k2/2 array. Hence, a simple
method is tomaintain the arrangement of racks and interconnect all racks as awireless
Torus. However, the resultant hybrid DCN brings limited improvement of network
performance. To fully exploit the benefits of the introduced VLC links, we prefer to
upgrade all racks from the k2/2 array to am × n array, which brings extra adjustment
of racks and links. Consequently, the resultant VLCcube can replace more four-hop
wired paths with one-hop wireless paths. Additionally, the connectivity among pods
is enhanced by those VLC links. In summary, there is a trade-off between the extra
cost and the promotion of performance for the second method.

The scalability of VLCcube. It is true that the Fat-Tree DCN lacks high scal-
ability. Fat-Tree does not support incremental expansion, and its network order is
decided by the value of k with the upper bound of k3/4. When the network order is
less than k3/4, the resulted Fat-Tree is over-provisioned and leads to a lot of unnec-
essary device investment. On the other hand, if the demand on the network scale
is larger than k3/4, there can be some devices and links overload. To expand the
network needs to increase the value of k. Fortunately, the wireless Torus can achieve
the incremental expansion of network order since the wireless Torus and Fat-Tree
are relatively independent. That is, the expansion of VLCcube can be realized by
introducing racks to Torus directly. From this view, the wireless Torus can alleviate
the expansion problem faced by Fat-Tree.
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Rethinking of flow model and scheduling algorithms. In VLCcube, due to the
existence of multiple paths, it is important to select a proper path for each flow since
those paths result in diverse completion times. From the global view, we need to
derive a suitable path for every flow, such that the congestion rate is minimized.
After allocating the given path for each flow, more accurate and fine-grained control
mechanisms can be realized by several existing proposals, e.g., Hedera, pFabric,
L2DCT, etc. Such transport control mechanisms target optimizing the flow comple-
tion time, using dedicated rules, such as the shortest remaining processing time first,
the deadline first, and the smallest flow first, etc.

The evaluation methodology. Our evaluations concentrate on measuring the
impact of introducing VLC wireless links into the wired Fat-Tree networking struc-
ture for data centers. For fairness, we compare VLCcube with Fat-Tree when both
of them employ the ECMP strategy. Then we evaluate the impact of the proposed
scheduling algorithms for VLCcube. The comprehensive evaluations do verify the
improvement of our VLCcube over Fat-Tree, in terms of both topological properties
and network performance.
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Part III
Traffic Cooperation Management in Data

Centers



Chapter 7
Collaborative Management of Correlated
Incast Transfer

Abstract Data transfers, such as the commonShuffle and Incast communication pat-
terns, contributemost of the network traffic inMapReduce like computing paradigms
and thus have severe impacts on application performances in modern data centers.
This motivates researchers to bring opportunities for performing the inter-flow data
aggregation, during the transmission phase as early as possible rather than just at the
receiver side. In this chapter, we first examine the gain and feasibility of the inter-
flow data aggregation with novel data center network structures. To achieve such
a gain, we model the Incast minimal tree problem. We propose two approximate
Incast tree construction methods. We are thus able to generate an efficient Incast
tree solely based on the labels of Incast members and the data center topology. We
further present incremental methods to tackle the dynamic and fault-tolerant issues
of the Incast tree. Based on a prototype implementation and large-scale simulations,
we demonstrate that our approach can significantly decrease the amount of network
traffic, save the data center resources, and reduce the delay of job processing. Our
approach can be adapted to other data center topologies after minimal modifications.

7.1 Introduction

Large-scale data centers serve as infrastructures for not only online cloud appli-
cations, but also systems of massively distributed computing frameworks, such as
MapReduce [1], Dryad [2], CIEL [3], Pregel [4], and Spark [5]. To date, such systems
manage large number of data processing jobs each of which may utilize hundreds
even thousands of servers in a data center. These systems typically follow a data flow
computation paradigm,wheremassive data are transferred across successive process-
ing stages. Such data transfers contribute 80% of the network traffic [5]; hence, they
impose severe impacts on the application performance and the data center utiliza-
tion. Hadoop traces from Facebook show that, on average, transferring data between
successive stages accounts for one-third running time of a job on average in [6]. Prior
work [6] aims at improving the data center utilization by carefully scheduling net-
work resources for such data transfers. However, there has been relatively little work
on directly lowering down the network traffic resulting from such data transfers.
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Many state-of-the-practice systems already apply aggregate functions at the
receiver side to reduce the output data size. For example, during the Shuffle phase
of a MapReduce job, each reducer is assigned a unique partition of the key range
produced by the map stage. The reducer then pulls the content of its partition from
every mapper’s output and then performs the reduce function. For most reduce func-
tions, e.g., MIN, MAX, SUM, COUNT, TOP-K, and KNN (K-nearest neighbors),
they are associative and commutative. In such settings, as prior work [7] has shown,
the reduction in size between the output data of all mappers and that of all reducers
after aggregation is 81.7% for Facebook jobs. Such observations motivate this study
where we consider applying the data aggregation to data transfer flows during the
transmission process as early as possible rather than just at the receiver edge. If the
inter-flow aggregation can be achieved, we will be able to significantly reduce the
traffic and data center resource usage. The job can be speeded as well since the final
input data to each reducer will be considerably decreased.

Currently, an Incast transfer is implemented by a set of unicast transmissions
that do not account for collective behaviors of flows. Such a method brings less
opportunity for efficient data aggregation. For an Incast transfer, the gain of inter-
flow data aggregation can be achieved only if the involved flows can be cached
and processed at some rendezvous nodes on their routing paths. In a switch-centric
data center [7–12] using traditional switches, the computing ability and buffer space
available on a commodity switch is very limited. Therefore, it is impractical for
such kinds of structures to support the inter-flow data aggregation. Fortunately, many
server-centric network structures [13–17] have been proposed for future data centers.
They put the interconnection intelligence on servers and use switches only as cross-
bars; hence, they possess the capability of in-network cache and packet processing.
Additionally, they provide multiple disjoint routing paths for any pair of servers and
bring vast opportunities to managing the Incast transfer so as to form rendezvous
nodes for inter-flow aggregation.

In this chapter, we examine the possible gain and feasibility of the inter-flow
data aggregation for an efficient Incast transfer in server-centric data centers [5].
To maximize the achievable efficiency, the Incast transfer aggregation is formalized
as the problem of constructing Incast minimal tree for directly lowering down the
network traffic. We propose two approximate methods, RS (Routing Symbol)-based
and ARS (Advanced Routing Symbol)-based methods, to build an efficient Incast
tree. On this basis, we consider the dynamic and fault-tolerant issues in building the
Incast tree and propose incremental solutions.

We evaluate the proposed approach with a prototype implementation and large-
scale simulations. The results demonstrate that our approach can significantly reduce
the network traffic, save data center resources, and speed up the computation of a
job. More precisely, our ARS-based approach saves traffic by 38% on average for a
small-scale Incast transfer with 320 senders in data centers BCube(6, k)(2 ≤ k ≤ 8).
It saves traffic by 58% on average for Incast transfers with 100–4000 senders in a data
center BCube(8, 5) with 262,144 servers. Even more network traffic can be saved if
the members of an Incast transfer in the data centers are selected in a structured way
instead of random.
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7.2 In-Network Aggregation of an Incast Transfer

We use the MapReduce application as an example to analyze the common Shuffle
transfer in data centers. A MapReduce job consists of two successive stages. In the
“map” stage, each of the map tasks applies a map function to each input record and
generates a list of key-value pairs. In the “reduce” stage, every reduce task applies a
user-defined reduce function, usually an aggregative function, to each input record.
Each reducer is assigned a partition of the key range produced by the map stage and
pulls the content of its partition from every mapper’s output during the Shuffle phase.
The data flows from two mappers to the identical reducer are highly correlated since
the key range and its partitions are the same for all mappers. Recently, there has been
a growing interest in supporting data pipelining during the Shuffle phase. To this end,
each mapper is modified to push data to reducers [18–20].

No matter a MapReduce job utilizes the pull or push mechanism, a Shuffle trans-
fer is established between the map and reduce stages. Other distributed computing
frameworks, like Dryad, CIEL, Pregel, and Spark, possess similar constructs. In gen-
eral, a Shuffle consists of m senders and n receivers where a data flow is established
for every pair of a sender and a receiver. An Incast consists of m senders and one of
n receivers, where a data flow is established from every sender to the same receiver.

The Shuffle transfer can be decomposed as a set of independent Incast transfers
each with the same senders to each individual receiver, thus, this chapter focuses
on the data aggregation in Incast transfer. We will examine the gain and feasibility
of the inter-flow data aggregation for an efficient Incast transfer. We then discuss
the problem of constructing an Incast minimal tree as well as how to perform the
inter-flow data aggregation on the tree.

7.2.1 Feasibility of the Inter-flow Data Aggregation

We observe that the data flows in an Incast transfer, are highly correlated during the
Shuffle phase. The major reason is that the key range and its partitions are identical
for all mappers. The data, a list of key-value pairs, among such flows thus share the
identical key partition allocated to the same receiver. Therefore, for a key-value pair
in one flow of an Incast transfer there exists a key-value pair with the identical key
in any other flow with high probability, as shown in Fig. 7.1.

The key insights of this chapter are two-fold: (1) the receiver typically applies an
aggregation function, e.g., MIN, MAX, SUM, COUNT, TOP-K, and KNN, to the
received data from all flows in such an Incast transfer. (2) although the combiner at
each sender has aggregated its output before delivering to the receiver, there exist
considerable opportunities for the data aggregation between different flows. Such
insights motivate us to think whether we can apply the same aggregate function
to flows in the Incast transfer during the transmission phase as early as possible
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Fig. 7.1 An example of the inter-flow data aggregation for an Incast transfer

instead of waiting until they reach at the receiver side. If such an inter-flow data
aggregation can be applied, it would not hurt the correctness of the computing result
at the receiver.

For an Incast transfer, the gain of inter-flow data aggregation can be achieved only
if its flows have opportunities to be cached and processed at some network devices in
their physical paths. For those switch-centric structures, a traditional switch usually
does not deliver programmable data plane although the software-defined network-
ing technologies make the programmable control plane become possible. Therefore,
pushing user-defined aggregation functions to traditional switches is prohibitive;
hence, those switch-centric structures cannot naturally support the inter-flow data
aggregation. Fortunately, new Cisco ASIC and Arista application switches have pro-
vided a programmable data plane, making it possible to perform inter-flow data
aggregation in switch-centric structures.

For the server-centric structures of data centers, the commodity servers each with
multi-ports act as not only end hosts, but also mini-switches. In practice, a server
can connect a ServerSwitch card [21] that uses a gigabit, programmable switching
chip for customized packet forwarding. A ServerSwitch card can leverage the server
CPU for advanced in-network packet processing due to the high throughput and low
latency between the switching chip and server CPU. As prior work [21, 22] have
shown, a server with a ServerSwitch card can enable new data center networking
services, e.g., in-network packet cache. If some flows in an Incast transfer intersect
at a server, the early arrived packets can be cached on the server for the inter-flow
data aggregation.
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7.2.2 Minimal Incast Tree

For a data center, we model it as a graph G = (V, E)with a vertex set V and an edge
set E . A vertex of the graph corresponds to a switch or a datacenter server. An edge
(u, v) denotes a link, through which u connects with v where v, u∈V .

In this chapter, our objective is to minimize the amount of the network traffic
for completing an Incast transfer by applying the inter-flow data aggregation for the
correlated flows. Given an Incast transfer with a receiver R and a set of senders
{s1, s2, · · · , sm} in a data center, we need to form an Incast tree from the graph
G = (V, E). The data flow from each sender thus can be delivered to the receiver r
along the formed tree. There exist somany such trees for the Incast transfer in densely
connected data center networks, e.g., BCube and FBFLY. A challenging issue is how
to identify an Incast tree that results in less amount of network traffic after applying
the inter-flow data aggregation.

For any Incast tree, a vertex can achieve the inter-flowdata aggregation if it enables
the in-network cache and receives at least two incoming flows. Such kinds of vertices
are called aggregating vertices, and others are the non-aggregating ones. Note that
the generated flow at a vertex acts as an incoming flow to it. At each aggregating
vertex, multiple data flows consisting of key-value pairs can be aggregated as a new
one. To ease the explanation, we first assume that the size of the outgoing flow
of an aggregating vertex is the maximum size among its all incoming flows. We
further evaluate a more general Incast transfer in the experiment section. At a non-
aggregating vertex, the size of its outgoing flow is the cumulative size of its incoming
flows since it cannot support the in-network cache and advanced packet processing.

Given an Incast tree, we define its cost metric as the amount of introduced network
traffic for completing the Incast transfer. More precisely, the cost of an Incast tree
is the total edge weight, i.e., the sum of the amount of the outgoing traffics of all
vertices in the Incast tree except the receiver. Without loss of generality, the size of
traffic resulting from each of them senders is assumed to be 1MB so as to normalize
the cost of an Incast tree. In such a way, the weight of the outgoing link is one at an
aggregating vertex and equals to the number of incoming flows at a non-aggregating
vertex.

Definition 7.1 For an incast transfer, the minimal Incast tree problem is to find a
connected subgraph, in G = (V, E), that spans all Incast members with minimal
cost for completing the Incast transfer.

The problem is then translated to how we discover an minimal Incast tree for an
Incast transfer in a data center.
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7.2.3 Inter-flow Data Aggregation on an Incast Tree

For any Incast transfer, an Incast manager is needed to ensure that all flows in this
Incast is delivered along the generated Incast minimal tree, as described in the fol-
lowing steps:

First, the Incast manager makes all servers in the Incast tree be aware of the tree
structure by broadcasting the resultant Incast tree to them. Each involved server in
the Incast tree thus knows its parent server and its sub-tree (if any). A server can
be an aggregating one if it has more than one child servers or it is a sender and has
one child. For example, the servers v0, v1, and v2 are aggregating servers, as shown
in Fig. 7.2c. The job manager creates some data aggregation tasks, and places these
tasks at such aggregating servers, then these servers will perform data aggregation,
before sending the aggregated data downstream. Such a strategy will be much easier
to be deployed than the network level approach.

Each sender of the Incast transfer delivers a data flow toward the receiver along the
Incast tree if its output for the receiver has been generated and it is not an aggregating
server. If a data flow meets an aggregating server, all packets will be cached. Upon
the data from all its children and itself (if any) have been received, an aggregating
server performs the inter-flow data aggregation as follows. It groups all key-value
pairs in such flows according to their keys and applies the aggregate function used
at the receiver to each group. Such a process finally replaces all original flows with
a new one that is continuously forwarded along the Incast tree.

An aggregating server may perform the aggregation operation once a data flow
arrives. Such a scheme amortizes the delay due to wait and simultaneously aggregate
all incoming flows from itself and its children. At the root of the tree, i.e., the receiver
of the Incast transfer, all of received data are aggregated using the reduce function.
Figure7.1 depicts an example of the inter-flow data aggregation based on an Incast
tree. We can see that flows 1 and 2 are merged as a new flow 5, flows 3 and 4 are
aggregated as a new flow 6. The flows 5 and 6 are forwarded to the receiver and
aggregated as a flow 7.

7.3 Efficient Building Method of an Incast Tree

We start with two approximate Incast tree building methods, the RS-based and ARS-
based approaches. We then optimize the Incast tree construction and present incre-
mental methods to tackle the dynamic and the fault-tolerant issues.
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(a) A unicast-driven tree of cost 22 with 18 links.

(b) An Incast tree of cost 18 with 14 links.

Fig. 7.2 Different incast trees for an incast transfer with the sender set {v2, v5, v9, v10, v11, v14}
and the receiver v0 in a Bcube(4,1)
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(c) An Incast tree of cost 16 with 12 links.

Fig. 7.2 (continued)

7.3.1 Online Construction of an Incast Tree

Tomeet the requirement of online tree building for Incast transfers with large number
of senders, we aim to design an approximate method of exploiting the topological
feature of data center networks.

In densely connected data center networks, there are multiple available unicast
paths between any server pair. For example, BCube(n, k) has k + 1 equal-cost dis-
joint paths between any two servers if their labels differ in k + 1 dimensions. A
straightforward solution to the Incast minimal tree problem is that each sender inde-
pendently delivers its data to the receiver along a unicast path. The unicast-driven
Incast tree is thus formed by the combination of such unicast paths. Such a method,
however, has less chance of achieving the full gain of the inter-flow data aggregation.

Figure7.2a plots an example of the unicast-driven Incast tree thatwemayconstruct
in a BCube(4,1). The receiver is v0 and the sender set is {v2, v5, v9, v10, v11, v14}.
The resultant Incast tree is of cost 22 with 18 links and has no aggregating vertex.
However, an efficient Incast tree for the same Incast transfer consists of only 12 links
if we construct in the way shown in Fig. 7.2c. The total cost of the resultant Incast
tree is 16 and there exist two aggregating vertices, v1 and v2.

The Incast manager controls the building of minimal Incast tree in a centralized
manner. The JobTracker of a MapReduce job, which is aware of the senders and
the receiver of each Incast transfer, notifies the Incast manager of an Incast transfer.
Upon receiving an Incast transfer, the Incast manager calculates an efficient Incast
tree using an approximate method, given the labels of all Incast members and the
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data center topology. The Incast manager is somewhat similar to the controller in
software-defined networks [24, 25].

The topology of a BCube(n, k) can be abstracted as a k + 1 dimensional n-ary
generalized hypercube [26] with the same set of servers. For a BCube(n, k) and
the generalized hypercube, two servers xkxk−1 . . . x2x1x0 and yk yk−1 . . . y2y1y0 are
called the mutual j dimension 1-hop neighbors if their labels differ in only the j
dimension, where xi and yi∈{0, 1, . . . , n − 1} for 0 ≤ i ≤ k. Therefore, a server
has n − 1 1-hop neighbors in each dimension. The difference is that such two servers
directly connect with each other in the generalized hypercube while connect to a j
level switch with a label yk . . . y j+1y j−1 . . . y1y0 in a BCube(n, k). In such a case, a
server and it’s all neighbors in a dimension are connected indirectly via a common
switch. Additionally, two servers are the mutual j-hop neighbors if their labels differ
in number of j dimensions for 0≤ j≤k.

Consider an Incast transfer consists of a receiver R and a set of senders {s1, s2, . . . ,
sm} in a BCube(n, k). Assume that each receiver is labeled as rkrk−1 . . . r1r0 and a
sender is labeled as sksk−1 . . . s1s0, where ri∈{0, 1, . . . , n − 1} and si∈{0, 1, . . . , n −
1} for 0≤i≤k. Without loss of generality, we assume that the maximum hamming
distance between the receiver and every sender in the Incast transfer is k + 1 and
discuss other cases later. Thus, the shortest paths from all senders to the receiver
can be expanded as a directed multistage graph with k + 2 stages. The stage 0 only
has the receiver. The servers at the stage j must be some of the j-hop neighbors
of the receiver for 1≤ j≤k + 1. Additionally, there must exist a set of switches as
relays between two successive stages since servers are not directly connected in a
BCube(n, k).

Note that, each of all senders should appear at the stage j if it is a j-hop neighbor
of the receiver. For example, senders v5, v9, v10, v11, and v14 are at the stage 2 while
another sender v2 is at the stage 1, as shown in Fig. 7.2. Only such senders and the
receiver in a BCube(n, k), however, cannot definitely form a connected subgraph in
the level of a generalized hypercube. The problem is then translated as how to select
some additional servers for each stage and switches between successive stages so as
to constitute an Incast minimal tree.

Definition 7.2 For a server set A at the j − 1 stage and a server set B at the j stage
in an Incast tree for 1≤ j≤k + 1, we call A covers B if and only if for each server
u∈B, there exists a directed path from itself to a server v∈A. We call A strictly covers
B if any subset of A does not cover B.

Recall that a pair of neighboring servers across two successive stages connects to
a common switch whose label and level can be derived from the labels of the two
servers. For such reason, we only focus on the selection of additional servers for each
stage. The insight behind Definition 7.2 is to ensure that a data flow from a server, in
the j stage, toward the receiver can be definitely sent to a server in the j − 1 stage.

We identify other servers besides the senders at each stage from the stage k + 1 to
the stage 1, recursively. A constraint must be satisfied to constitute an efficient Incast
tree. The server set at any stage j − 1 strictly covers the server set at the successive
stage j for 1≤ j≤k + 1. Given the server set at the stage j , we leverage the topology
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features of a BCube(n, k) to infer the required servers at the stage j − 1 under such
a constraint for 1≤ j≤k + 1. Such server sets at the stage j − 1, however, may not
be the only one in a BCube(n, k). The cause is that each server in the stage j has a
mutual neighbor at the stage j − 1 in each of the j dimensions in which the labels
of the current server and the receiver differ. Such a feature motivates us to define a
routing sequence for an Incast transfer.

Definition 7.3 Let e1e2 . . . e j . . . ekek+1 be a routing sequence, with k + 1 routing
symbols. It is one of (k + 1)! permutations of the set {0, 1, 2, · · · , k}. The stage j of
an Incast tree is associated with a routing symbol e j for 1≤ j≤k + 1. For each server
X = xkxk−1 · · · x j . . . x1x0 in the stage j and the receiver R,

1. If their labels differ in the dimension e j , X selects one of its n − 1 mutual neigh-
bors in the dimension e j whose label is identical in the dimension e j but different
in j − 1 dimensions compared to the receiver’s label.

2. Otherwise, their labels differ in at least one dimension from dimensions ek+1

to e j+1. Let the rightmost such dimension be e j . Thus, the server X selects
one neighbor in the dimension e j whose label is identical in the dimension e j
compared to the receiver’s label.

In such a way, the selected neighbor of the server X appears at the stage j − 1 in the
Incast tree.

Given an Incast transfer and its associated routing sequence e1e2 . . . e j . . . ekek+1.
Its corresponding Incast tree under the above constraint along the processes as fol-
lows.

We start with any stage j in the k + 2 stages and assume that j = k + 1, without
loss of generality. Upon the servers at the stage j are given, we partition all such
servers into groups such that all servers in each group are mutual one-hop neighbors
in the dimension ei . In each group, the label of each server differs in j dimensions
compared to the receiver’s label, i.e., they are j-hop neighbors of the receiver. The
next server along the path from each server in the group to the receiver should differ
in j − 1 dimensions and appears in the j − 1 stage. Note that each server in the
group has j selections about the next server towards the receiver. Here, we require
that they share a common next server at the stage j − 1.

To this end, we have each server in a group selecting the next sever using the
scheme mentioned in Definition 7.3. Thus, all servers in a group and their common
next server have the same label except the e j dimension. Actually, the e j dimension
of the common next server is just equal to the receiver’s label at the e j dimension.
As shown in Fig. 7.2b, all servers at the stage 2 are partitioned into three groups,
{5}, {9, 10, 11}, and {14}, using a routing symbol e2 = 0. The next servers at the
stage 1 of such groups are with labels 4, 8, and 12, respectively. In such a way, the
data flows from the group toward the receiver can achieve the desired inter-flow data
aggregation at the stage j − 1 if exists, as shown in Fig. 7.2b. Otherwise, there is less
opportunity to do so at the stage j − 1, as shown in Fig. 7.2a.

After processing other groups in the stage j via the same method, the server set
at the stage j − 1 that strictly covers the server set at the stage j are achieved. Note
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that some of senders may also appear at the j − 1 stage. So far, the set of all servers
on the j − 1 stage are the union of the two parts. We can thus apply our approach
to infer the required servers at the stage j − 2, and so on. Finally, all servers in all
k + 2 stages and the directed paths between successive stages constitute an Incast
tree for the given Incast transfer in a BCube(n, k). The resultant tree is called the
routing sequence based Incast tree, abbreviated as the RS-based Incast tree.

Theorem 7.1 For an Incast transfer with m senders in a BCube(n, k), the time
complexity of the RS-based Incast tree building method is O(m× log N ), where
N = nk+1 refers the number of servers in a BCube(n, k).

Proof Consider that our approach has to apply to at most k stages, from stage k + 1
to stage 2, in an Incast tree. The process to partition all servers at a stage j into
groups according to e j can be simplified as follows. For each existing server at the
stage j , we extract its label except the e j dimension. The resultant label denotes a
group that involves such a server. We then add the server into such a group and infer
the common next server of all possible servers in the group. The upcoming servers
in the group need not calculate the common next server again. The computational
overhead at the stage j is proportional to the number of servers at such a stage. Thus,
the time complexity at each stage is O(m) since the number of servers at each stage
cannot exceed m. The time complexity of our approach is O(m×k) due to involve
at most k stages. Thus, Theorem 7.1 proved. �

7.3.2 Construction of the Minimal Incast Tree

A routing sequence e1e2 · · · e j · · · ekek+1 can yield an RS-based Incast tree for any
Incast transfer in a BCube(n, k). Note that there exist at most (k + 1)! routing
sequences for an Incast transfer, we can derive (k + 1)! such Incast trees. They
achieve different gains of the inter-flow data aggregation and have diverse tree costs.
For example, we can derive an Incast tree under a routing sequence e1e2 = 10 as
shown in Fig. 7.2b, and another Incast tree under a routing sequence e1e2 = 01, as
shown in Fig. 7.2c.

A challenging issue is how to find an RS-based Incast tree with the minimal cost
among (k + 1)! candidates for an Incast transfer in a BCube(n, k). A brute force way
is to generate all possible RS-based Incast trees by applying our RS-based method
under each of the (k + 1)! routing sequences. We then calculate the cost of each RS-
based Incast tree and select the one with the minimal cost. Such a brute force way
suffers high computation overhead with the time complexity of O((k + 1)!×k×m).

We improve it by an efficientmethod as follows.We start with the stage j = k + 1.
After defining a routing symbol e j (0 ≤ j ≤ k), all servers at the stage j can be
partitioned into groups. From each group, we can identify an additional server for
the stage j − 1 using our RS-based method. Thus, the number of partitioned groups
is just equal to the number of appended servers at the next stage. The union of such
appended servers and the potential senders at the stage j − 1 constitute the entire
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server set at such a stage. Recall that the outgoing flows from the stage j will be
merged at the aggregating servers if exist, the number of outgoing data flows from
the stage j − 1 is just equal to the size of the server set at such a stage. Inspired by
such a fact, we apply our RS-based method to other k settings of e j and accordingly
achieve other k server sets that can appear at the stage j − 1. So far, we can simply
select the smallest server set from all k + 1 ones. The related setting of e j is marked
as the best choice for the stage j among all k + 1 candidates. In such a way, the data
flows from the stage j can achieve large gains of the inter-flow data aggregation at
the next stage j − 1.

Upon the smallest server set at the j − 1 stage is given,we can achieve the smallest
server set at the successive stage j − 2 and know the best choice of e j−1 at the stage
j − 1, and so on. Finally, server sets at all k + 2 stages and the directed paths between
successive stages constitute an Incast tree. The aforementioned routing sequence is
simultaneously determined. Such a method is called the ARS-based Incast tree
building method.

We use an example to reveal the benefit of our ARS-based approach. Consider
the Incast transfer shown in Fig. 7.2. All senders at the stage 2 are partitioned into
three groups, {5}, {9, 10, 11}, and {14}, using a routing symbol e2 = 0. The resultant
server set at the stage 1 is {2, 4, 8, 12}, as shown in Fig. 7.2b. In the case of e2 = 1,
all senders at the stage 2 are partitioned into three groups, {5, 9}, {10, 14}, and {11},
and the resultant server set at the stage 1 is {1, 3, 4}, as shown in Fig. 7.2c. Therefore,
we definitely select the server set {1, 3, 4} for the stage 1 and e2 = 1 for the stage 2.
The selected Incast tree, as shown in Fig. 7.2c, has lower cost than the one, as shown
in Fig. 7.2b.

Theorem 7.2 Given an Incast transfer with m senders in a BCube(n, k), the time
complexity of our ARS-based Incast tree building method is O(m×(log N )2), where
N = nk+1 refers the number of servers in a BCube(n, k).

Proof Consider that our method has to apply to at most k stages, from stage k + 1
to stage 2, in an Incast tree. As shown in the proof of Theorem 7.1, the computation
cost at the stage k + 1 for determining its server set is O(m) given a routing symbol
ek+1. In the ARS-based building method, we conduct the same operations under all
of k + 1 settings of ek+1. This generates k + 1 server sets for the stage k at the cost
of O((k + 1)×m) computation cost. Additionally, it incurs O((k + 1)×m) compu-
tation cost to identify the smallest server set from k + 1 candidates. In summary, the
total computation cost of the ARS-based building method is O((k + 1)×m) at the
stage k + 1.

At the stage k, the ARS-based approach can identify the smallest server set for
the stage k − 1 from k candidates resulting from k settings of ek since ek+1 has
exclusively selected one from the set {1, 2, . . . , k + 1}. The resultant computation
cost is thus O(k×m). In summary, the total computation cost of the ARS-based
building method is O( k(k+3)

2 ×m) since it involves at most k stages. Thus, Theorem
7.2 proved. �
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7.3.3 Dynamical Behaviors of Senders

When a sender sm+1 joins an existing Incast transfer with the senders {s1, s2, . . . , sm}
and a receiver r in a BCube(n, k), the Incast tree should be updated to embrace
such a new sender. A brute force way is to generate a new Incast tree by invoking
our ARS-based approach given the set of senders {s1, s2, . . . , sm+1}. Such a scheme,
however, not only incurs O(k2×m) computation cost but also consumes network
bandwidth for disseminating the new Incast tree to its all servers.

We prefer to update the Incast tree in an incremental way. First of all, the Incast
manager keeps the routing sequence associated with the current Incast minimal tree.
Upon it schedules a new sender sm+1 into the existing Incast transfer, it derives a
unicast path from sm+1 to r by invoking our RS-based method at the cost of O(k)
computation overhead. The combination of the unicast path and prior Incast tree
constitutes the final Incast tree for the new Incast transfer. To enable all servers in
the final Incast tree be aware of such changes, the Incast manager only needs to
propagate the unicast path structure to all servers along the path. In such a way, each
server in the final Incast tree is aware of the subtree rooted at itself that is sufficient
for performing the inter-flow data aggregation. Additionally, the path from each prior
sender to the receiver r does not suffer any change.

When a sender s j leaves the Incast transfer, the Incast tree should be updated to
embrace such a change in an incremental way. First of all, the Incast manager extracts
the unicast path from the sender s j to the receiver r in the existing Incast tree. Note
that extracting the unicast path for a leaving sender needs to decrease the weight of
each related edge in the existing Incast tree by one and the edge with weight 0 will
be removed from the tree. In such a way, we achieve the resultant Incast tree for the
new Incast transfer. To enable all servers in the final Incast tree be aware of such
changes, the Incast manager only needs to propagate the extracted path to all servers
along the path. Such a process does not change the paths from other senders to the
receiver.

In summary, our Incast tree building method can gracefully handle the dynamical
behaviors of senders. In a MapReduce job, a master server schedules an idle server
to replace a failed map task. Such a process consists of the leaving of a sender and
the joining of a new sender.

7.3.4 Dynamical Behaviors of the Receiver

Similarly, the receiver r of an Incast transfermay be replacedwith a new one, denoted
as rn . For example, a master server will schedule an idle server to replace a failed
reduce task in a MapReduce job. In such a case, the Incast manager may generate a
new Incast tree by using our ARS-based approach. Such a scheme, however, incurs
O(k2×m) computation overhead and consumes network bandwidth for updating the
Incast tree.
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On the contrary, we prefer to update the Incast tree in an incremental way. First of
all, the Incast manager keeps the routing sequence, e1e2 . . . e j . . . ekek+1, associated
with the Incast minimal tree for prior Incast transfer. Given prior receiver r and the
new receiver rn , we compare their labels along k + 1 dimensions, e1, e2, . . . , ek, ek+1,
one by one. If their labels differ only in the dimension e j , the two Incast trees rooted
at r and rn and are equivalent from the stage k + 1 to the stage j but differ from the
stage j to the stage 0. In other words, not only the server sets but also the directed
paths across two stages are identical from the stage k + 1 to the stage j at the two
trees.

Inspired by such a fact, the Incast manager can partially reuse prior Incast tree
rooted at r and just recalculates the tree structure from stage j to stage 0 for efficiently
generating the Incast tree rooted at rn as follows.

1. Given the routing symbols, e1e2 . . . e j , and the server set at the stage e j , the tree
structure from stage j to stage 0 can be calculated by using the RS-based method.

2. If rn appears in prior Incast tree rooted at r , its subtree in prior Incast tree still
exists in the Incast tree rooted at rn but should start with stage 0 in the new one.
The reason is the location change of rn in the two trees.

We can conclude that the smaller the j such a method is more efficient. If rn is
just one neighbor of r in dimension e1 ( j = 1), the Incast manager only needs to
accordingly adjust the directed paths across the stage 1 and the stage 0. Given an
Incast tree rooted at r with a routing sequence e1e2 . . . e j . . . ekek+1, our findings
suggest that all of the n − 1 mutual neighbors of r in the dimension e1 are the best
substitutes if the receiver r needs to be replaced. If none of such substitutes are idle,
the Incast manager will select one idle substitute from the n − 1 mutual neighbors
of r in the dimension e2, and so on. In such a way, we can maximize the reuse gain
of the existing Incast tree and thus significantly reduce the computation overhead for
generating a new Incast tree after updating its receiver. Moreover, the intermediate
nodes may already cache a lot of data in the original Incast minimal tree; all these
data can be able to be reused in the new Incast minimal tree.

7.4 Discussion

In this section,we further discuss someother design factors that affect the aggregation
methods.

7.4.1 Extension to General Incast Transfers

To ease the presentation, we focus on an Incast transfer in BCube(n, k), where the
maximum hamming distance between the receiver and each sender is k + 1. Our RS-
based and ARS-based approaches for building an Incast tree can be easily extended
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to involve general Incast transfers. Let d denote the maximum hamming distance
between the receiver and each sender in an Incast transfer. If d<k + 1, there exist
k + 1 − d dimensions in each of which the labels of all Incast members are identical.
A desired Incast tree of the Incast transfer should be d + 1 stages with the receiver.

In such a case, Definition 7.3 can be revised as follows. Let e1e2 . . . e j . . . ed
denote a routing sequence with d routing symbols. It is one of d! permutations of d
dimensions in each of which the labels of all Incast members are not identical. The
stage j of an Incast tree is associated with a routing symbol e j for 1≤ j≤d. So far,
our RS-based and ARS-based building methods can be directly utilized to calculate
an Incast tree for the general Incast transfer.

7.4.2 Extension to Other Network Topologies

As discussed above, for existing switch-centric network topologies, a traditional
switch usually does not deliver programmable data plane; hence, they cannot natu-
rally support the inter-flow data aggregation. Fortunately, newCiscoASIC andArista
application switches have provided a programmable data plane. If future data centers
utilize such kind of novel switches, they can perform inter-flow data aggregation in
switch-centric structures.

Although we use BCube as a vehicle to study the Incast tree building meth-
ods for server-centric network topologies, the proposed methods can be applied to
other server-centric network topologies, such as DCell [13], BCN [16], FiConn [27],
SWDC [28], and Scafida [18]. The Incast-tree building method, however, has to
exploit the topological features of different network topologies.

Note that the proposed methodologies can also be applied to FBFLY and HyperX,
two switch-centric network topologies. The main reason is that the topology behind
BCube is an emulation of the generalized hypercube while the topologies of FBFLY
and HyperX at the level of switch are just the generalized hypercube. For FBFLY
and HyperX, our building methods can be used directly if such topologies utilize
those novel switches each with a programmable data plane.

7.4.3 Impact on the Job Execution Time

Given a Mapreduce-like job, its execution time depends on three stages, i.e., map,
Shuffle, and reduce. The Shuffle duration is dominated by the amount of delivered
network traffic and the network resource it can utilize. The introduction of in-network
aggregation just imposes impact on the durations of Shuffle and reduce stages, while
has no impact on the map stage.

Distributed computing frameworks likeMapReduce suffer themap-skew problem
in data centers. It means that the map tasks exhibit highly variable task runtimes due
to the imbalanced load among them. When such a skew happens, some map tasks
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take longer to process their input data than others, slowing down the entire compu-
tation of a job. Similar results hold in the setting of reduce tasks. Recently, many
approaches have been proposed to tackle or mitigate the map-skew problem [29–31].
Such orthogonal approaches can be adopted to support the inter-flow aggregation by
completing all of map tasks as simultaneous as possible.

In such settings, each sender of the Incast transfer greedily delivers a data flow
toward the receiver along the Incast tree if its output for the receiver has been gen-
erated and it is not an aggregating server. When meets an aggregating server, all
packets of a flow will be cached. Upon the data from all its children and itself (if
any) have been received, the aggregating server aggregate such flows into a new data
flow. Thus, our method decreases the Shuffle time. The cause is that our method
directly lowers down the network traffic during the Shuffle stage in data centers,
hence shortening the Shuffle duration.

Additionally, data aggregation can be performed at an opportunistic level, due to
the limits on RAM at aggregating nodes and a few straggler map tasks. That is, an
aggregating server performs the aggregation operation once a new data flow arrives.
Such a scheme amortizes the delay due to wait and simultaneously aggregate all
incoming flows. In a MapReduce cluster of Facebook with 600 nodes, the statistical
analysis found that 83% of jobs have less than 271 Map tasks and 30 Reduce tasks
[32]. Literature [33, 34] verified that in Hadoop cluster of Facebook and Dryad
cluster of Bing, the input data sizes satisfy the long-tail distribution, and the task
sizes (input data size and task amount) follow the power-law distribution.

Our inter-flow data aggregation methods are well suitable to small jobs, since
each aggregating server is sufficient to cache data packets. In addition, for most
MapReduce jobs, functions running on each aggregating server are correlated and
interchangeable. In literature [35], authors proposed the method to transform the
noninterchangeable and uncorrelated functions, and customized functions into cor-
related and interchangeable functions. Thus, each aggregating server can operate
aggregation function once it receives partial data packets.

7.5 Performance Evaluation

We start with our prototype implementation. We then evaluate our methods and
compare with other works under different data center sizes, Incast transfer sizes,
aggregation ratios, and distributions of Incast members.

7.5.1 The Prototype Implementation

Our prototype consists of 81 virtual machines (VMs) hosted by 8 physical servers
connected togetherwith a switched Ethernet. Each server is equippedwith two 8-core
hyper-threaded Intel Xeon E5620 2.40GHz processors, 24GB memory and a 1TB
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SATA disk, running an unmodified version of CentOS 5.6 with kernel version 2.6.18.
Seven of the servers run 10 virtual machines as the Hadoop virtual slave nodes, and
the other one runs 10 virtual slave nodes and 1 master node. Each virtual slave node
supports four map tasks and one reduce task. All VMs on a physical server share
the hosts’ NICs through a virtual switch. We extend the Hadoop implementation to
embrace the in-network packet cache and the inter-flow data aggregation.

To achieve an Incast transfer, we launch the built-in wordcount job in Hadoop
0.21.0. The number of senders (map tasks) and receivers (reduce tasks) for such a
job are set to 320 and 1, respectively. Each Map task is assigned with ten input files,
each of which is 64MB. In the Shuffle phase of such a job, the average amount of
data from a sender to the receiver is about 1MB after performing the combiner at
each sender.

We aim to deploy such an Incast transfer in BCube(6, k) data centers for 3≤k≤9.
To do so, we associate each sender and the only receiver with a k + 1 dimensional
BCube label in a random way. Conceptually, we achieve a random deployment of
the Incast transfer in BCube data centers and can generate an ARS-based Incast tree
and a unicast-driven Incast tree.

To deploy each of the resultant Incast tree for the Incast transfer into BCube-
based data centers, we design an injection mapping from all vertices in the Incast
tree to our testbed as follows. The master VM acts as the Incast manager. Four
senders, one possible receiver, and some inner vertices of the Incast tree are mapped
to each of the 30 slave VMs. In such a way, we abstract each VM as multiple VMAs
(virtual machine agent) each of which corresponds to a vertex in the Incast tree.
We require that all vertices mapped to the same VM should not contain any pair of
neighbors across successive stages in the Incast tree. For example, vertices v5 and v9
in Fig. 7.2c can appear at an identical VM that, however, cannot accommodate the
vertex v1. Thus, no local communication will happen between VMAs inside a VM
when performing the Incast transfer. Actually, for any VMA its neighbor at the next
stage in the Incast tree appears at different VMs on the same even different physical
servers. Thus, each edge in the Incast tree is mapped to a virtual link between two
VMs or a physical link across two servers in our testbed.

We then compare our ARS-based Incast tree against the typical Steiner-tree algo-
rithm, the unicast-driven Incast tree, and the existingmethod in terms of four metrics.
They are the resultant network traffic, the number of active links, the number of cache
servers, and the input data size at the receiver. The network traffic denotes the sum
of network traffic over all edges in the Incast tree.

The Steiner-tree algorithmwe choose is the one described in literature [36], whose
benefit is the computation speed. The algorithm works as follows: (1) A virtual
complete graph is generated upon the Incast members; (2) A minimum spanning
tree is calculated on the virtual complete graph; (3) The virtual link in the virtual
complete graph is replaced by the shortest path between any two Incast members in
the original topology, with unnecessary links deleted.
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7.5.2 Impact of the Data Center Size

Conceptually, we deploy an Incast transfer with 320 senders over a subnet of
BCube(6,k) on our testbed given the resultant Incast tree. We conduct experiments
and then collect the performance metrics after completing such an Incast transfer
along the Incast tree. We also carry out similar experiments for the same Incast
transfer under the Steiner tree algorithm, the unicast-driven Incast tree and the Incast
tree resulting from the existing method. Figure7.3 shows the changing trends of the
performance metrics on average, among 1000 rounds of experiments, under different
methods and settings.

Figure7.3a suggests that theARS-based Incast tree, and the unicast-driven tree can
save the average resultant network traffic by 38% and 18%, respectively, compared
with the existing method. The reason is that the number of aggregating servers in the
former one increases while that in the latter ones decreases along with the increase of
k. Additionally, ARS-based Incast tree utilizes less links, and hence less servers and
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Fig. 7.3 The changing trends of four metrics for incast transfers with 320 senders in BCube(6,k)
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Table 7.1 Impact of the data center size on the delay during the Shuffle and reduce phases (s)

BCube(6, k)
k = 4 k = 5 k = 6 k = 7 k = 8 k = 9

ARS-based approach 211 231 265 292 318 335

Existing method 937 1109 1120 1264 1312 1343

network devices. Moreover, ARS-based approach significantly reduces the amount
of received data at the receiver, as shown in Fig. 7.3d. Such benefits of in-network
aggregation considerably reduce the total delay during the Shuffle and reduce phases
of a job, as shown in Table7.1. The delay during the map phase is the same for all
methods.

In addition, ARS-based approach outperforms Steiner tree algorithm to some
extent, because the former one utilizes more aggregation servers than the latter one
when they have the same number of links. In summary, ARS-based approach always
achieves far better performance than the other methods, irrespective of the size of a
data center.

7.5.3 Impact of the Incast Transfer Size

In the current practice, a MapReduce-like job often involves several hundred even
thousands map tasks. Our testbed, however, cannot perform a large scale job due
to its limited resources. We thus conduct simulations to demonstrate the scaling
properties of our method. We achieves BCube network structure with Java, and
generate Incast transfer according to the wordcount job in Hadoop. Specifically, we
create a set of Incast transfers with m senders for m∈{100, 200, . . . , 3900, 4000}.
The wordcount job provides 64MB input data for each sender, randomly generated
by the built-in RandomTextWriter of Hadoop based on a 1000-word dictionary.
The data transmission from each sender to the receiver is controlled to be 1MB
on average. Figure7.4 shows the network traffic and the number of active links on
average under varying sizes of Incast transfers in BCube (8,5). The number of servers
accommodated by a data center with BCube(8,5) is 262,144, which is large enough
for a production data center.

Results in Fig. 7.4a indicate that both our ARS-based and the unicast-driven Incast
trees considerably save the network traffic by 59 and 27%on average compared to the
existing method, asm ranges from 100 to 4000. Such results demonstrate the gain of
the inter-flow data aggregation even in large-scale Incast transfers. Figure7.4b also
indicates that the ARS-based Incast tree utilizes less links (hence less servers and
network devices) than the unicast-driven Incast tree.

In summary, ARS-based approach can support large-scale Incast transfer well,
and it outperforms other methods in terms of network traffic and resource utilization.
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Fig. 7.4 The changing trends of two metrics along with the increase of senders in an incast transfer
in BCube(8,5)

Table 7.2 Impact of the incast transfer size on the delay during the shuffle and reduce phases
(seconds) in Bcube(8,5)

m
500 1000 1500 2000 2500 3000

ARS-based
approach

269 282 293 300 302 310

Existing
method

858 1241 1637 2107 2630 3215

Moreover, ARS-based approach incurs less delay, during the Shuffle and reduce
phases of an Incast transfer, compared to the existing method, as shown in Table7.2.

7.5.4 Impact of the Aggregation Ratio

We assume earlier that data flows consisting of key-value pairs can be aggregated
as a new one whose size is equal to that of the largest among all participants. In
other words, the set of keys in each involved data flow is the subset of that in the
largest data flow. We further evaluate the performance of our ARS-based approach
in a general Incast transfer.

Given β data flows in a general Incast transfer, let ci denote the size of the i th
data flow for 1≤i≤β. Let α denote the aggregation ratio among any number of data
flows, where 0≤α≤1. Thus, the size of the resultant new data flow after aggregating
such β ones is given by
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(a) A Shuffle transfer with 500 senders.
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(b) A Shuffle transfer with 4000 senders.

Fig. 7.5 The resultant network traffic under different aggregation ratios BCube(8,5)

max{ f1, f2, . . . , fs} + δ × ( s∑

i=1

fi − max{ f1, f2, . . . , fs}
)
.

It is clear that our analysis in Sect. 8.2 and the simulations for large-scale Incast in
this section just tackle a special scenario where δ = 0. When δ = 1, each key in one
of such s data flows does not appear at other data flows, thus, the data aggregation
among the s data flows does not bring any gain. Such two special scenarios rarely
happen in practice. Therefore, we conduct extensive simulations to evaluate ARS-
based approach in a more general scenario where 0≤δ≤1.

The amount of network traffic generated by ARS-based approach, unicast-driven
approach, and the existing methods are evaluated in BCube(8,5) when δ varies from
0 to 1. Figure7.5 indicates that the ARS-based approach always incurs much less
network traffic than the other two methods, especially for small values of δ. Assume
that the value of the random variable δ follows a uniform distribution. In such a
setting, ARS-based Incast tree saves the resultant network traffic by 24 and 40%,
compared to the existing method, when the Incast transfer involves 500 and 4000
senders, respectively.

Figure7.6 reports the delay during the Shuffle and reduce stages as we vary the
aggregation factor δ in BCube(8,5). For each of the two Shuffle transfers, ARS-
based approach always achieves the lower Shuffle and reduce time across all values
of aggregation ratio except that the aggregation ratio is 1. In such an extreme case,
our method is equivalent to the existing method since the data aggregation will not
reduce the amount of network traffic.

http://dx.doi.org/10.1007/978-981-16-9368-7_8
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Fig. 7.6 The shuffle and reduce time under different aggregation ratios in BCube(8,5)

7.5.5 Impact of the Distribution of Incast Members

In the state-of-the-practice, all members of an Incast transfer are scheduled to idle
servers in the scopeof the entire data center. In such a case, the senders and the receiver
are somehow randomly distributed in the data center. Such a random distribution
makes the Incast transfer occupy more data center resources and generate more
network traffic. We further study the impact of different member distribution models
on the gain of inter-flow aggregation.

The key idea is to find the smallest subnet BCube(n, k1) in BCube(n, k) such that
all members of an Incast transfer satisfy their schedule constraints in the subnet.
In such a case, the hamming distance between the receiver and each sender of the
Incast transfer is at most k1 + 1≤k + 1. The ARS-based Incast tree in the scope
of BCube(n, k1) for such an Incast transfer has at most k1 + 1 stages. In theory, it
thus occupies less data center resources and incurs less network traffic than prior
ARS-based Incast tree in the scope of BCube(n, k).

We generate 30 Shuffle transfers each of which has 500 senders but different
number of receivers, ranging from 1 to 30. For each Shuffle transfer, we apply
the two distribution schemes, i.e., managed distribution and random distribution,
to all its Incast transfers in BCube(8, 5) and calculate the cumulative network traffic.
Figure7.7 indicates that both ARS-based approach and the existing method result
in less network traffic in the managed distribution scheme than that in the random
distribution scheme. Moreover, ARS-based approach saves the network traffic by 62
and 24% on average compared to the existing method in the managed and random
distribution schemes, respectively. Such results indicate that ARS-based approach
can achieve more gains in the managed distribution scheme.
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Fig. 7.7 The network traffic under different distributions of shuffle member in BCube(8,5)
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Chapter 8
Collaborative Management of Correlated
Shuffle Transfer

Abstract The inter-flow aggregation of correlated Incast transfer is introduced in
Chap.7. This chapter considers how to realize the in-network aggregation of cor-
related Shuffle transfer, so that the consumed network resources can be consider-
ably reduced. Specifically, the in-network aggregation problem of Shuffle transfer
is formalized for a BCube data center. To tackle this NP-hard problem, we propose
two approximate methods for efficiently constructing the shuffle aggregation sub-
graph, solely based on the labels of their members and the data center topology. The
expected in-network aggregation can be effectively achieved through the collabo-
rative transmission of traffic based on this subgraph. This chapter also introduces
the scalable traffic forwarding mode based on Bloom filters, so as to achieve the
desired in-network aggregation effect for a large number of coexisting Shuffle trans-
fers. Although this chapter chooses BCube as the network topology, the concept of
Shuffle in-network aggregation is applicable to other types of data center topologies.

8.1 Introduction

Distributed computing systems like MapReduce [1] in data centers transfer massive
amount of data across successive processing stages. Such Shuffle transfers contribute
most of the network traffic andmake the network bandwidth become a bottleneck. To
improve the network performance of data centers, academia and Industry proposed
many novel network interconnection structures, such as BCube [2]. However, it is
more important to efficiently use the available network bandwidth of data centers,
compared to just increasing the network capacity.

Similar to Chap.7, this chapter focuses on managing the network activity at the
level of transfers so as to significantly lower down the network traffic and efficiently
use the available network bandwidth. The many-to-many Shuffle and many-to-one
Incast transfers are the two most common transfer patterns, and contribute most of
the network traffic (about 80% as shown in [3]) and impose severe impacts on the
application performance. As described in Chap.7, the data flows from all senders
to each receiver in a Shuffle transfer are typically highly correlated. For example,
each reducer of a MapReduce job is assigned a unique partition of the key range
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and performs aggregation operations on the content of its partition retrieved from
every mapper’s output. Such aggregation operations can be the SUM, MAX, MIN,
COUNT, TOP-K, KNN, et al. As prior work has shown, the reduction in the size
between the input data and output data of the receiver after aggregation is 81.7% for
Mapreduce jobs in Facebook [4].

To reduce the network traffic and efficiently use the available network bandwidth,
this chapter will push the aggregation computation into the network rather than
just at the receiver side. In this chapter, we examine the gain and feasibility of the
in-network aggregation on a Shuffle transfer in a server-centric data center, and
formalize the in-network aggregation of Shuffle transfers. To maximize the gain
of in-network aggregation of Shuffle transfers, which is an NP-hard problem, we
propose two approximate methods, called IRS-based and SRS-based methods. We
further design scalable forwarding schemes based on Bloom filters to implement
in-network aggregation on massive concurrent Shuffle transfers.

We prove that the in-network aggregation of Shuffle transfers can effectively
reduce the network traffic and save the network resources with a prototype imple-
mentation and large-scale simulations. Actually, the SRS-based approach saves the
network trafficby32.87%onaverage for a small-scaleShuffle transferwith 120mem-
bers in data centers BCube(6, k)(2≤k≤8). It saves the network traffic by 55.33%
on average for Shuffle transfers with 100–3000 members in a large-scale data center
BCube(8, 5) with 262,144 servers. Although these methods are proposed based on
BCube, they can be applied to other server-centric structures after simple modifica-
tions.

8.2 In-Network Aggregation of Shuffle Transfers

8.2.1 Problem Statement

Wemodel a data center as a graphG = (V, E)with a vertex set V and an edge set E .
A vertex of the graph refers a switch or a datacenter server. An edge (u, v) denotes
a link, through which u connects with v where v, u∈V .

Definition 8.1 A Shuffle transfer hasm senders and n receivers where a data flow is
established for any pair of sender i and receiver j for 1≤i≤m and 1≤ j≤n. An Incast
transfer consists of m senders and one of n receivers. A Shuffle transfer consists of
n Incast transfers that share the same set of senders but differ in the receiver.

In many commonly used workloads, data flows from all of m senders to all of
n receivers in a Shuffle transfer are highly correlated. More precisely, for each of
its n Incast transfers, the list of key-value pairs among m flows share the identical
key partition for the same receiver. For this reason, the receiver typically applies an
aggregation function, e.g., the SUM, MAX, MIN, COUNT, TOP-K, and KNN, to
the received data flows in an Incast transfer. As prior work has shown, the reduction
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in the size between the input data and output data of the receiver after aggregation is
81.7% for Facebook jobs [4].

In this chapter, we aim to push aggregation into the network and parallelize the
Shuffle and reduce phases so as to minimize the resultant traffic of a Shuffle transfer
significantly.We start with a simplified Shuffle transfer with n = 1, an Incast transfer,
and then discuss a general Shuffle transfer. Given an Incast transfer with a receiver
r and m senders, message routes from senders to the same receiver essentially form
an aggregation tree. In principle, there exist many such trees for an Incast transfer
in densely connected data center networks, e.g., BCube. Although any tree topology
could be used, tree topologies differ in their aggregation gains. A challenge is how to
produce an aggregation tree that minimizes the amount of network traffic of a Shuffle
transfer after applying the in-network aggregation.

Given an aggregation tree in BCube, we define the total edge weight as its cost
metric, i.e., the sum of the amount of the outgoing traffics of all vertices in the tree.
BCube utilizes traditional switches and only data center servers enable the in-network
caching and processing. Thus, a vertex in the aggregation tree is an aggregating vertex
only if it represents a server and at least two flows converge at it. An aggregating
vertex then aggregates its incoming flows and forwards a resultant single flow instead
of multiple individual flows along the tree. At a non-aggregating vertex, the size of its
outgoing flow is the cumulative size of its incoming flows. The vertices representing
switches are always non-aggregating ones. We assume that the introduced traffic
from each of m senders is 1MB so as to normalize the cost of an aggregation tree.
In such a way, the weight of the outgoing link is one at an aggregating vertex and
equals to the number of incoming flows at a non-aggregating vertex.

Definition 8.2 For an Incast transfer, theminimal aggregation tree problem is to find
a connected subgraph in G = (V, E) that spans all Incast members with minimal
cost for completing the Incast transfer. As proved in Chap. 7, theminimal aggregation
tree of an Incast transfer in BCube is NP-hard.

Theorem 8.1 Given any Incast transfer in BCube, finding the minimum aggregation
tree is NP-hard.

The problem close to theminimumaggregation tree of Incast transfer is the Steiner
minimum tree (SMT) problem of multicast transfer. There are many approximate
algorithms for Steiner tree problem. The time complexity of such algorithms for
general graphs is of O(m×N 2), where m and N are the numbers of Incast numbers
and all servers in a data center. The time complexity is too high to meet the require-
ment of online tree building for Incast transfers in production data centers which
hosts large number of servers. On the other hand, such algorithms cannot efficiently
exploit the topological feature of BCube, a densely connected data center network.
For such reasons, we develop an efficient Incast tree building method by exploiting
the topological feature of BCube in Sect. 8.2.2, and the resulting time complexity is
of O(m×(log N )3).

http://dx.doi.org/10.1007/978-981-16-9368-7_7
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Definition 8.3 For a Shuffle transfer, the minimal aggregation subgraph problem is
to find a connected subgraph in G = (V, E) that spans all Shuffle members with
minimal cost for completing the Shuffle transfer.

Note that the minimal aggregation tree of an Incast transfer in BCube is NP-hard
and a Shuffle transfer is normalized as the combination of a set of Incast transfers.
Therefore, the minimal aggregation subgraph of a Shuffle transfer in BCube is NP-
hard.

After deriving the Shuffle subgraph for a given Shuffle, each sender greedily
delivers its data flow toward a receiver along the Shuffle subgraph if its output for the
receiver is ready. All packets will be cached when a data flow meets an aggregating
server. An aggregating server can perform the aggregation operation once a new data
flow arrives and brings an additional delay. However, the in-network aggregation
can significantly reduce network traffic, and share the delay in Reduce stage among
aggregating servers. Thus, the job completion time can be decreased, and this will
be proved in experiment sections.

8.2.2 Construction of an Incast Aggregation Tree

Actually, we have introduced two approximate building methods of minimal cost
aggregation tree for Incast transfer in Chap. 7. Considering the new characteristics
of Shuffle, this chapter further proposes a novel approximate method of minimal
cost Incast aggregation tree, namely, IRS-based method. This method exploits the
topological feature of BCube(n, k). For ease of understanding, we describe the con-
struction process of this method in detail.

In densely connected network structures, many equal-cost disjoint paths can be
found between any server pair. For example, in BCube(n, k), there are k + 1 equal-
cost disjoint Unicast paths between any server pair if their labels differ in k + 1
dimensions. For an Incast transfer, each of its all senders independently delivers its
data to the receiver along a Unicast path that is randomly selected from k + 1 ones.
The combination of such Unicast paths forms a Unicast-based aggregation tree, as
shown in Fig. 8.1a. Such a method, however, has less chance of achieving the gain
of the in-network aggregation.

For an Incast transfer, we aim to build an efficient aggregation tree in a managed
way instead of the random way, given the labels of all Incast members and the data
center topology. Consider an Incast transfer consists of a receiver and m senders in
BCube(n, k). Let d denote the maximum hamming distance between the receiver
and each sender in the Incast transfer, where d≤k + 1. Without loss of generality,
we consider the general case that d = k + 1. Like the case in Chap.7, an aggregation
tree of the Incast transfer can be expanded as a directed multistage graph with d +
1 stages. The stage 0 only has the receiver. Each of all senders should appear at
stage j if it is a j-hop neighbor of the receiver. Only such senders and the receiver,
however, cannot definitely form a connected subgraph. The problem is then translated

http://dx.doi.org/10.1007/978-981-16-9368-7_7
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to identify a minimal set of servers for each stage to ensure the resulted subgraph
connected. The level and label of a switch between a pair of neighboring servers
across two stages can be inferred from the labels of the two servers. We thus only
focus on identify additional servers for each stage, without considering the switch
selections.

Identifying the minimal set of servers for each stage is an efficient approximate
method for the minimal aggregation tree problem. For any stage, less number of
servers incurs less number of flows towards the receiver since all incoming flows at
each server will be aggregated as a single flow. Given the server set at stage j for
1≤ j≤d, we can infer the required servers at stage j − 1 by leveraging the topology
features of BCube(n, k). Each server at stage j has j one-hop neighbors at stage
j − 1. If each server at stage j randomly selects one of j one-hop neighbors at stage
j − 1, it just results in a Unicast-based aggregation tree.

The insight of our method is to derive a common neighbor at stage j − 1 for as
many servers at stage j as possible. In such a way, the number of servers at stage
j − 1 can be significantly reduced and each of them can merge all its incoming flows
as a single one for further forwarding.We identify the minimal set of servers for each
stage from stage d to stage 1 along the processes as follows.

We start with stage j = d where all servers are just those senders that are d-
hops neighbors of the receiver in the Incast transfer. After defining a routing symbol
e j∈{0, 1, ..., k}, we partition all such servers into groups such that all servers in each
group are mutual one-hop neighbors in dimension e j . That is, the labels of all servers
in each group only differ in dimension e j . In each group, all servers establish paths
to a common neighboring server at stage j − 1 that aggregates the flows from all
servers in the group, called an inter-stage aggregation. All servers in the group and
their common neighboring server at stage j − 1 have the same label except the e j
dimension. Actually, the e j dimension of the common neighboring server is just
equal to the receiver’s label in dimension e j . Thus, the number of partitioned groups
at stage j is just equal to the number of appended servers at stage j − 1. The union
of such appended servers and the possible senders at stage j − 1 constitute the set
of all servers at stage j − 1. For example, all servers at stage 2 are partitioned into
three groups, {v5, v9}, {v10, v14}, and {v11}, using a routing symbol e2 = 1, as shown
in Fig. 8.1b. The neighboring servers at stage 1 of such groups are with labels v1, v2,
and v3, respectively.

On this basis, the number of servers at stage j − 1 still has an opportunity to be
reduced due to the observations as follows. Theremay exist groups each ofwhich only
has one element at each stage, and has no chance to aggregate flows. For example, in
Fig. 8.1b, the group {v11} only contains one server, and flows from it to the receiver
has no opportunity to perform the in-network aggregation.

To address such an issue, we propose an intra-stage aggregation scheme. After
partitioning all servers at any stage j according to e j , we focus on groups each of
which has a single server and its neighboring server at stage j − 1 is not a sender
of the Incast transfer. That is, the neighboring server at stage j − 1 for each of such
groups fails to perform the inter-stage aggregation. At stage j , the only server in such
a group has no one-hop neighbors in dimension e j , but may have one-hop neighbors
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(a) A Unicast-based tree of cost 22 with 18 links.

(b) An aggregation tree of cost 16 with 12 links.

Fig. 8.1 Different aggregation trees for an incast transfer with the sender set
{v2, v5, v9, v10, v11, v14} and the receiver v0 in Bcube(4,1)
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(c) An aggregation tree of cost 14 with 11 links.

Fig. 8.1 (continued)

in other dimensions, {0, 1, ..., k} − {e j }. In such a case, the only server in such a
group no longer delivers its data to its neighboring server at stage j − 1 but to a
one-hop neighbor in another dimension at stage j . The selected one-hop neighbor
thus aggregates all incoming data flows and the data flow by itself (if any) at stage
j , called an intra-stage aggregation.

Such an intra-stage aggregation can further reduce the cost of the aggregation
tree for groups in stage j each of which has a single server. The cost of the one-hop
forwarding is 2 due to the existence of switches, no matter in inter-stage forwarding
or intra-stage forwarding. However, introducing such a one-hop forwarding saves
the cost by at least four in inter-stage forwarding. The root cause is that for a sole
server in a group at a stage j the nearest aggregating server along the original path
to the receiver appears no earlier than stage ≤ j − 2. For example, the server v11 has
no neighbor in dimension e2 = 1 at stage 2, however, has two neighbors, the servers
v9 and v10, in dimension 0 at stage 2, as shown in Fig. 8.1b. If the server v11 uses the
server v9 or v10 as a relay for its data flow towards the receiver, prior aggregation
tree in Fig. 8.1b can be optimized as the new one in Fig. 8.1c. Thus, the cost of the
aggregation tree is decreased by two while the number of active links is decremented
by one.

So far, the set of servers at stage j − 1 can be achieved under a partition of all
servers at stage j according to dimension e j . The number of outgoing data flows
from stage j − 1 to its next stage j − 2 is just equal to the cardinality of the server
set at stage j − 1. Inspired by such a fact, we apply the above method to other k
settings of e j and accordingly achieve other k server sets that can appear at the stage



192 8 Collaborative Management of Correlated Shuffle Transfer

j − 1. We then simply select the smallest server set from all k + 1 ones. Thus, the
data flows from stage j can achieve the largest gain of the in-network aggregation at
the next stage j − 1. The setting of e j is marked as the best routing symbol for stage
j among all k + 1 candidates.

Similarly, we can further derive the minimal set of servers and the best choice of
e j−1 at the next stage j − 2, given the server set at j − 1 stage, and so on. Finally,
server sets at all k + 2 stages and the directed paths between successive stages consti-
tute an aggregation tree. The behind routing symbol at each stage is simultaneously
found. Such a method is called the IRS-based aggregation tree building method.

Theorem 8.2 Given an Incast transfer consisting of m senders in BCube(n, k), the
complexity of the IRS-based aggregation tree building method is O(m×(log N )3),
where N=nk+1 is the number of servers in a BCube(n, k).

Proof The IRS-based aggregation tree building method performs at most k stages,
from stage k + 1 to stage 2. Given an Incast transfer, the process to partition all
servers at any stage j into groups according to e j can be simplified as follows. For
each server at stage j , we extract its label except the e j dimension. The resultant
label denotes a group that involves such a server. We then add the server into such a
group. The computational overhead of such a partition is proportional to the number
of servers at stage j . Thus, the resultant time complexity at each stage is O(m)

since the number of servers at each stage cannot exceed m. Additionally, the intra-
stage aggregation after a partition of servers at each stage incurs additional O(k×m)

computational overhead.
In the IRS-based building method, we conduct the same operations under all of

k + 1 settings of ek+1. This produces k + 1 server sets for stage k at the cost of
O((k + 1)2×m). In summary, the total computation cost of generating the set of
servers at stage k is O((k + 1)2×m). At stage k, IRS-based building method can
identify the server set for stage k − 1 from k candidates resulting from k settings of
ek since ek+1 has exclusively selected one from the set {0, 1, 2, ..., k}. The resultant
computation cost is thus O(k2×m). In summary, the total computation cost of the
IRS-based building method is O(k3×m) since it involves at most k stages. Thus,
Theorem 8.2 proved. �

8.2.3 Construction of a Shuffle Aggregation Subgraph

For a Shuffle transfer in BCube(n, k), let S = {s1, s2, ..., sm} and R = {r1, r2, ..., rn}
denote the sender set and receiver set, respectively. An intrinsic way for scheduling
all flows in the Shuffler transfer is to derive an aggregation tree from all senders to
each receiver via the IRS-based building method. The combination of such aggrega-
tion trees produces an Incast-based Shuffle subgraph in G = (V, E) that spans all
senders and receivers. The Shuffle subgraph consists of m×n paths along which all
flows in the Shuffle transfer can be successfully delivered. If we produce a Unicast-
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Algorithm 8.1 Clustering all nodes in a graph G ′ = (V ′, E ′)
Require: A graph G ′ = (V ′, E ′) with |V ′| = n vertices.
1: Let groups denote an empty set;
2: while G ′ is not empty do
3: Calculate the degree of each vertex in V ′;
4: Find the vertex with the largest degree in G ′. Such a vertex and its neighbor vertices form a

group that is added into the set groups;
5: Remove all elements in the resultant group and their related edges from G ′.

based aggregation tree from all senders to each receiver, the combination of such
trees results in a Unicast-based Shuffle subgraph.

We find that the Shuffle subgraph has an opportunity to be optimized due to
the observations as follows. There exist (k + 1)×(n − 1) one-hop neighbors of any
server in BCube(n, k). For any receiver r∈R, theremay exist some receivers in R that
are one-hop neighbors of the receiver r . Such a fact motivates us to think whether the
aggregation tree rooted at the receiver r can be reused to carry flows for its one-hop
neighbors in R. That is, the flows from all of senders to a one-hop neighbor r1∈R of r
can be delivered to the receiver r along its aggregation tree and then be forwarded to
the receiver r1 in one hop. In such a way, a Shuffle transfer significantly reuses some
aggregation trees and thus utilizes less data center resources, including physical links,
servers, and switches, compared to the Incast-based method. We formalize such a
basic idea as a NP-hard problem in Definition 8.4.

Definition 8.4 For a Shuffle transfer in BCube (n, k), the minimal clustering prob-
lem of all receivers is how to partition all receivers into a minimal number of groups
under two constraints. (1) The intersection of any two groups is empty; (2) Other
receivers are one-hop neighbors of a receiver in each group.

Actually, Definition 8.4 can be relaxed to find a minimal dominating set (MDS)
in a graph G ′ = (V ′, E ′), where V ′ denotes the set of all receivers of the Shuffle
transfer, and for any u, v∈V ′, there is (u, v)∈E ′ if u and v are one-hop neighbor
in BCube(n, k). In such a way, each element of MDS and its neighbors form a
group. Any pair of such groups, however, may have common elements. This is
the only difference between the minimal dominating set problem and the minimal
clustering problem defined in Definition 8.4. Finding a minimum dominating set is
NP-hard in general. Therefore, the minimal clustering problem of all receivers for a
Shuffle transfer is NP-hard. We thus propose an efficient algorithm to approximate
the optimal solution, as shown in Algorithm 8.1.

The basic idea behind this algorithm is to calculate the degree of each vertex in
the graphG ′ and find the vertex with the largest degree. Such a vertex (a head vertex)
and its neighbors form the largest group. We then remove all vertices in the group
and their related edges from G ′. This brings impact on the degree of each remainder
vertex in G ′. Therefore, we repeat the above processes if the graph G ′ is not empty.
In such a way, Algorithm 8.1 can partition all receivers of any Shuffle transfer as a
set of disjoint groups. Let α denote the number of such groups.
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We define the cost of a Shuffle transfer fromm senders to a group of receivers Ri =
{r1, r2, ..., rg} as Ci , where

∑α
I≥1 |Ri | = n. Without loss of generality, we assume

that the group head is r1 in Ri . Let c j denote the cost of an aggregation tree, produced
by our IRS-based building method, from all m senders to a receiver r j in the group
Ri where 1≤ j≤|Ri |. The cost of such a Shuffle transfer depends on the entry point
selection for each receiver group Ri . The details are as follows:

1. C1
i = |Ri |×c1 + 2(|Ri | − 1) if the group head r1 is selected as the entry point. In

such a case, the flows from all of senders to all of the group members are firstly
delivered to r1 along its aggregation tree and then forwarded to each of other
group members in one hop. Such a one-hop forwarding operation increases the
cost by two due to the relay of a switch between any two servers.

2. C j
i = |Ri |×c j + 4(|Ri | − β − 1) + 2×β if a receiver r j is selected as the entry

point. In such a case, the flows from all of senders to all of the group members
are firstly delivered to r j along its aggregation tree. The flow towards each of β

one-hop neighbors of r j in Ri , including the head r1, reaches its destination in
one-hop from r j at the cost of 2. The receiver r j finally forwards flows towards
other |Ri | − β − 1 receivers, each of which is two-hops from r j due to the relay
of the group head r1 at the cost of 4.

GivenC j
i for 1≤ j≤|Ri |, the cost of a Shuffle transfer fromm senders to a receiver

group Ri = {r1, r2, ..., rg} is given by

Ci = min{C1
i ,C

2
i , ...,C

|Ri |
i }. (8.1)

As a result, the best entry point for the receiver group Ri can be found simultane-
ously. It is not necessary that the best entry point for the receiver group Ri is the
group head r1. Accordingly, a Shuffle subgraph fromm senders to all receivers in Ri

is established. Such a method is called the SRS-based Shuffle subgraph building
method.

We use an example to reveal the benefit of our SRS-based building method.
Consider a Shuffle transfer from all of senders {v2, v5, v9, v10, v11, v14} to a receiver
group {v0, v3, v8} with the group head v0. Figures8.1c and 8.2a, b illustrate the IRS-
based aggregation trees rooted at v0, v3, and v8, respectively. If one selects the group
head v0 as the entry point for the receiver group, the resultant Shuffle subgraph is of
cost 46. When the entry point is v3 or v8, the resultant Shuffle subgraph is of cost 48
or 42. Thus, the best entry point for the receiver group {v0, v3, v8} should be v8 not
the group head v0.

In such a way, the best entry point for each of the α receiver groups and the associ-
ated Shuffle subgraph can be produced. The combination of suchα Shuffle subgraphs
generates the final Shuffle subgraph from m senders to n receivers. Therefore, the
cost of the resultant Shuffle subgraph, denoted as C , is given by C = ∑α

I≥1 Ci .
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(a) A tree of cost 14 with 11 active links.

(b) A tree of cost 12 with 9 active links.

Fig. 8.2 Examples of aggregation trees for two incast transfers, with the same sender set and
different receivers

8.2.4 The Fault-Tolerance of Shuffle Aggregation Subgraph

In data centers, each Shuffle aggregation subgraph can be impacted by failures on
links, servers, or switches. Thus, the fault-tolerance is essential for Shuffle aggre-
gation subgraph. Note that, the fault-tolerant protocol in BCube provides multiple
disjoint paths between any server pair. A server at stage j may fail to send data to its
parent server due to failures of links or switches. In this case, this server will send
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data to its parent server which is at stage j − 1 along another disjoint path bypassing
the failure path.

If a parent server fails, servers cannot send data to it even along alternative paths.
In this case, data can be rerouted to next aggregating servers or receivers along other
paths if the parent server is not an aggregating server. However, if this parent server
is an aggregating server, the intermediate data may have been received and stored
already by this failed node. Thus, for senders transmitting data through this node,
they need to retransmit data along other disjoint paths to the next aggregating server
or receiver.

8.3 Scalable Forwarding Schemes for Performing
In-Network Aggregation

We start with a general forwarding scheme to perform the in-network aggregation
based on a Shuffle subgraph. Accordingly, we propose two more scalable and practi-
cal forwarding schemes based on in-switch Bloomfilters and in-packet Bloomfilters,
respectively.

8.3.1 General Forwarding Scheme

As MapReduce-like systems grow in popularity, there is a strong need to share data
centers among users that submit MapReduce jobs. Let β be the number of such jobs
running in a data center concurrently. For a job, there exists a JobTracker that is aware
of the locations of m Map tasks and n Reduce tasks of a related Shuffle transfer. The
JobTracker, as a Shuffle manager, then calculates an efficient Shuffle subgraph using
our SRS-based method. The Shuffle subgraph contains n aggregation trees since
such a Shuffle transfer can be normalized as n Incast transfers. The concatenation of
the job id and the receiver id is defined as the identifier of an Incast transfer and its
aggregation tree. In such a way, we can differentiate all Incast transfers in a job or
across jobs in a data center.

Conceptually, given an aggregation tree all involved servers and switches can con-
duct the in-network aggregation for the Incast transfer via the following operations.
Each sender (a leaf vertex) greedily delivers a data flow along the tree if its output
for the receiver has generated and it is not an aggregating server. If a data flow meets
an aggregating server, all packets will be cached. Upon the data from all its child
servers and itself have been received, an aggregating server performs the in-network
aggregation on multiply flows as follows. It groups all key-value pairs in such flows
according to their keys and applies the aggregate function to each group. Such a
process finally replaces all participant flows with a new one that is continuously
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forwarded along the aggregation tree. Obviously, the size of new flow generated by
aggregating server is less than the cumulative size of all input flows.

To put such a design into practice, we need to make some efforts as follows.
For each of all Incast transfers in a Shuffle transfer, the Shuffle manager makes all
servers and switches in an aggregation tree are aware of that they join the Incast
transfer. Each device in the aggregation tree thus knows its parent device and adds
the Incast transfer identifier into the routing entry for the interface connecting to its
parent device. Note that the routing entry for each interface is a list of Incast transfer
identifiers. When a switch or server receives a flow with an Incast transfer identifier,
all routing entries on its interfaces are checked to determine where to forward or not.

Although such a method ensures that all flows in a Shuffle transfer can be suc-
cessfully routed to destinations, it is insufficient to achieve the inherent gain of
in-network aggregation. Actually, each flow of an Incast transfer is just forwarded
even it reaches an aggregating server in the related aggregation tree. The root cause
is that a server cannot infer from its routing entries that it is an aggregating server
and no matter knows its child servers in the aggregation tree. To tackle such an issue,
we let each server in an aggregation tree maintain a (id, value) pair that records the
Incast transfer identifier and the number of its child servers. Note that a switch is not
an aggregation server and thus just forwards all received flows.

In such a way, when a server receives a flow with an Incast transfer identifier, all
(id, value) pairs are checked to determine whether to cache the flow for the future
aggregation. That is, a flow needs to be cached if the related value in (id, value) pair
exceeds one, and if the value equals the number of flows it received from all its child
servers and itself, the server aggregates all cached flows for the same Incast transfer
as a new flow. All routing entries on its interfaces are then checked to determine
which interface the new flow should be sent out. If the response is null, the server
is the destination of the new flow. If a flow reaches a non-aggregating server, it just
checks all routing entries to identify an interface the flow should be forwarded.

8.3.2 In-Switch Bloom Filter Based Forwarding Scheme

One trend of modern data center designs is to utilize a large number of low-end
switches for interconnection for economic and scalability considerations. The space
of TCAM (ternary content addressablememory) in such kind of switches is relatively
narrow and thus is quite challenging to support massive Incast transfers by keeping
the Incast routing entries. To address such a challenge, we propose two types of
Bloom filter based Incast forwarding schemes, namely, in-switch Bloom filter and
in-packet Bloom filter.

A Bloom filter is a data structure used to represent set information and determine
set membership. It consists of a vector of m bits, initially all set to 0. It encodes each
item in a set X by mapping it to h random bits in the bit vector uniformly via h
hash functions. To judge whether an element x belongs to X , one just needs to check
whether all hashed bits of x in the Bloom filter are set to 1. If not, x is definitely not
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a member of X . Otherwise, we infer that x is a member of X . A Bloom filter may
yield a false positive due to hash collisions, for which it suggests that an element x
is in X even though it is not. The false positive probability is f p ≈ (1 − e−h×n0/m)h .
From Literature [5], f p is minimized as 0.6185m/n0 when h = (m/n0) ln 2.

For the in-switch Bloom filter, each interface on a server or a switch maintains a
Bloom filter that encodes the identifiers of all Incast transfers on the interface. When
the switch or server receives a flow with an Incast transfer identifier, all the Bloom
filters on its interfaces are checked to determine which interface the flow should
be sent out. If the response is null at a server, it is the destination of the packet.
Consider that a server is a potential aggregating server in each Incast transfer. When
a server receives a flow with an Incast identifier, it first checks all (id, value) pairs
to determine whether to cache the flow for the future aggregation. Only if the related
value is 1 or a new flow is generated by aggregating cached flows, the server checks
all Bloom filters on its interfaces for identifying the correct forwarding direction.

The introduction of Bloom filter can considerably compress the forwarding table
at each server and switch. Moreover, checking a Bloom filter on each interface only
incurs a constant delay, only h hash queries, irrespective of the number of items
represented by the Bloom filter. In contrast, checking the routing entry for each
interface usually incurs O(log γ ) delay in the general forwarding scheme, where
γ denotes the number of Incast transfers on the interface. Thus, Bloom filters can
significantly reduce the delay of making a forwarding decision on each server and
switch. Such two benefits help realize the scalable Incast and Shuffle forwarding in
data center networks.

8.3.3 In-Packet Bloom Filter Based Forwarding Scheme

Both the general and the in-switch Bloom filter based forwarding schemes suffer
non-trivial management overhead due to the dynamic behaviors of Shuffle transfers.
More precisely, a new scheduled Mapreduce job will bring a Shuffle transfer and an
associated Shuffle subgraph. All servers and switches in the Shuffle subgraph thus
should update its routing entry or Bloom filter on related interface. Similarly, all
servers and switches in a Shuffle subgraph have to update their routing table once
the related Mapreduce job is completed. To avoid such constraints, we propose the
in-packet Bloom filter based forwarding scheme.

Given a Shuffle transfer, we first calculate a Shuffle subgraph by invoking our
SRS-based building method. For each flow in the Shuffle transfer, the basic idea of
our new method is to encode the flow path information into a Bloom filter field in
the header of each packet of the flow. The routing path of a flow is a sequence of
links. For example, a flow path from a sender v14 to the receiver v0 in Fig. 8.1c is a
sequence of links, denoted as v14→w6, w6→v2, v2→w0, and w0→v0. Such a set of
links is then encoded as a Bloom filter via the standard input operation [5, 6]. Such a
method eliminates the necessity of routing entries or Bloom filters on the interfaces
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of each server and switch. To differentiate packets of different Incast transfers, all
packets of a flow is associated with the identifier of an Incast transfer the flow joins.

When a switch receives a packet with a Bloom filter field, its entire links are
checked to determine along which link the packet should be forwarded. For a server,
it should first check all (id, value) pairs to determine whether to cache the flow for
the future aggregation. That is, the packet should be forwarded directly if the related
value is 1. Once a server has received all value flows of an Incast transfer, e.g.,
server v10 collects value = 3 flows in Fig. 8.2b, such flows are aggregated as a new
flow. To forward such packets, the server checks the Bloom filter with its entire links
as inputs to find a forwarding direction.

Generally, such a forwarding scheme may incur false positive forwarding due to
the false positive feature of Bloom filters. When a server in a flow path meets a false
positive, it will forward flow packets towards another one-hop neighbors besides its
right upstream server. The flow packets propagated to another server due to a false
positive will be terminated with high probability since the in-packet Bloom filter just
encodes the right flow path. Additionally, the number of such mis-forwarding can be
less than one during the entire propagation process of a packet if the parameters of
a Bloom filter satisfy certain requirements.

For a Shuffle transfer in BCube(n, k), a flow path is at most 2(k + 1) of length,
i.e., the diameter of BCube(n, k). Thus, a Bloom filter used by each flow packet
encodes n0 = 2(k + 1) directed links. Let us consider a forwarding of a flow packet
from stage i to stage i − 1 for 1≤i≤k along the Shuffle subgraph. The server at stage
i is an i-hop neighbor of the flow destination since their labels differ in i dimensions.
When the server at stage i needs to forward a packet of the flow, it just needs to check
i links towards its i one-hop neighbors that are also (i − 1)-hops neighbors of the
flow destination. Among the i links on the server at stage i , i − 1 links may cause
false positive forwarding at a given probability when checking the Bloom filter field
of a flow packet. Although the switch has n links, only one of them connects with
the server at stage i − 1 in the path encoded by a Bloom filter field in the packet. The
servers along with other n − 2 links of the switch are still i-hops neighbors of the
destination. Such n − 2 links are thus ignored when the switch makes a forwarding
decision. Consequently, no false positive forwarding appears at a switch.

In summary, given a Shuffle subgraph a packet will meet at most k servers before
reaching the destination and may occur false positive forwarding on each of at most∑k−1

i=1 i server links at probability f p. Thus, the number of resultant false positive
forwarding due to deliver a packet to its destination is given by

f p×
k−1∑

i=1

i = 0.6185
m

2(k+1) × k × (k − 1)/2, (8.2)

here n0 = 2(k + 1). If we impose a constraint that the value of Formula (8.2) is less
than 1, then

m ≥ 2(k + 1) × log0.6185
2

k × (k − 1)
. (8.3)
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We can derive the required size of Bloom filter field of each packet from Formula
(8.3). We find that the value of k is usually not large for a large-scale data center.
Thus, the Bloom filter field of each packet incurs additional traffic overhead.

8.4 Performance Evaluation

8.4.1 The Prototype

Our testbed consists of 61 virtual machines (VM) hosted by 6 servers connected
with an Ethernet. Each server equips with two 8-core processors, 24GB memory
and a 1TB disk. Five of the servers run 10 virtual machines as the Hadoop virtual
slave nodes, and the other one runs 10 virtual slave nodes and 1 master node that
acts as the Shuffle manager. Each virtual slave node supports two Map tasks and
two Reduce tasks. We extend the Hadoop to embrace the in-network aggregation on
any Shuffle transfer. We launch the built-in wordcount job of Hadoop 0.21.0 with
the combiner, where the job has 60 Map tasks and 60 Reduce tasks, respectively.
That is, such a job employs one Map task and Reduce task from each of 60 VMs.
We associate each Map task ten input files each with 64MB. A Shuffle transfer from
all 60 senders to 60 receivers is thus achieved. The average amount of data from a
sender (Map task) to the receiver (Reduce task) is about 1MB after performing the
combiner at each sender. Each receiver performs the count function. Our approaches
exhibit more benefits for other aggregation functions, e.g., the SUM, MAX, MIN,
Top-K and KNN functions.

To deploy the wordcount job in a BCube(6, k) data center for 2≤k≤8, all of
senders and receivers (the Map and Reduce tasks) of the Shuffle transfer are ran-
domly allocated with a k + 1-dimensional BCube labels. We then generate the SRS-
based, Incast-based, and Unicast-based Shuffle subgraphs for the Shuffle transfer
via corresponding methods. Our testbed is used to emulate a partial BCube(6,k) on
which the resultant Shuffle subgraphs can be conceptually deployed. To this end,
given a Shuffle subgraph, we omit all of switches and map all of intermediate server
vertices to the 60 slave VMs in our testbed, while the master VM is used as the
Shuffle manager. That is, we use a software agent to emulate an intermediate server
so as to receive, cache, aggregate, and forward packets. Thus, we achieve an overlay
implementation of Shuffle transfer. Each path between two neighboring servers in the
Shuffle subgraph is mapped to a virtual link between VMs or a physical link across
servers in our testbed. It is required that all servers mapped to the same VM cannot
contain any neighbor pair in the successive stages in Shuffle subgraph. Thus, in the
processing of Shuffle transfer, no local communication will be generated among VM
agents.

We compare our SRS-based Shuffle subgraph against the Incast-based Shuffle
subgraph, the Steiner-based one, the Unicast-based one, and the existing method in
terms of four metrics. They are the resultant network traffic, the number of active
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links, the number of cache servers, and the input data size at each receiver. The net-
work traffic denotes the sum of network traffic over all edges in the Shuffle subgraph.

The Steiner-based Shuffle subgraph is similar to the Incast-based one but each
aggregation tree results from the Steiner-tree algorithm. The Steiner-tree algorithm
we choose is the one described in Literature [7], whose benefit is the computation
speed. In addition, the existing Shuffle subgraph without in-network aggregation is
similar to the aforementioned Unicast-based Shuffle subgraph.

8.4.2 Impact of the Data Center Size

Consider a Shuffle transfer with 60 senders and 60 receivers that are randomly
selected in a data center with BCube(6,k) as its network structure. We conduct
experiments and collect the performance metrics after completing such a Shuffle
transfer along different Shuffle subgraphs. Figure8.3 shows the changing trends of
the performance metrics under different methods and settings of k.

Figure8.3a indicates that our SRS-based, the Steiner-based, and theUnicast-based
methods considerably save the resultant network traffic compared to the existing
method, irrespective of the data center size. Table8.1 shows that the SRS-based
method causes less network traffic than the Incast-based method. More precisely,
the SRS-based, Incast-based, Steiner-based, and Unicast-based methods save the
network traffic by 32.87, 32.69, 28.76, and 17.64% on average compared to the
existing method. Such results demonstrate the large gain of in-network aggregation
in BCube(6,k) even for a small Shuffle transfer.

Additionally, the SRS-based and Incast-based methods considerably outperform
the Unicast-based one due to the following reason. The first two methods aggregate
all of involved flows at the level of a single or a group of Incast transfers while the
Unicast-basedmethoddoes it at the level of each individual flow.Actually, the number
of aggregating servers in the Incast-basedmethod increases while that in the Unicast-
based method decreases along with the increase of k, as shown in Fig. 8.3c. Thus, the
Incast-based method always has more opportunities to performing the in-network
aggregation than the Unicast-driven method. The SRS-based method improves the
Incast-based one by reusing as many Incast aggregation trees as possible and thus
utilizes less number of aggregating servers and active links, as shown in Fig. 8.3b, c.
Note that the SRS-based method achieves the same effect as the Incast-based method

Table 8.1 The network traffic under different k

Shuffle k = 2 k = 3 k = 4 k = 5 k = 6 k = 7

SRS-based 8544 12,250 20,102 25,608 30,806 37,754

Incast-
based

8730 12,298 20,098 25,606 30,806 37,754
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Fig. 8.3 The changing trends of four performance metrics for Shuffle transfers with 60 senders
and 60 receivers in BCube(6,k)

when k≥6. The reason is that the data center is too large such that a small number
of receivers, e.g., randomly selected 60 receivers, do not contain any pair of one-hop
neighbors. Besides such benefits, the SRS-based method significantly reduces the
size of input data at each receiver, as shown in Fig. 8.3d, and thus reduces the delay
during the reduce phase of a job.

In summary, the SRS-based and Incast-based methods support a small size Shuf-
fle transfer well with less data center resources and network traffic compared to the
Unicast-based and existing methods, irrespective of the size of the data center. More-
over, the SRS-based and Incast-based methods can improve the performance of the
Steiner-based method at some extent. The root cause is that the first two methods
can efficiently exploit the topological feature of BCube and utilize more aggregating
servers than the Steiner-based method although they have similar number of active
links.
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8.4.3 Impact of the Shuffle Transfer Size

Consider that a MapReduce-like job may sometimes involve several hundreds even
thousandsMap andReduce tasks.Wewill evaluate ourmethods over Shuffle transfers
with varying number ofmembers. It is difficult for our testbed to execute a large-scale
wordcount job due to its limited resources. We thus conduct extensively simulations
to demonstrate the scaling property of our methods. To achieve a Shuffle transfer
with m senders and n receivers, m = n = 50×i for 1≤i≤30, we created a synthetic
wordcount job. The wordcount job provides the input data of 64MB for each sender,
generated by the built-in RandomTextWriter of Hadoop. The data transmission from
each sender to the receiver is controlled to be 1MB on average. Figure8.4 shows the
changing trends of the performance metrics along with the increase of the number
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Fig. 8.4 The changing trends of four performancemetrics alongwith the increase of Shuffle transfer
size in BCube(8,5)
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of elements, i.e., m + n, in Shuffle transfers in BCube(8,5). The number of servers
in BCube(8,5) is 262,144 that is large enough for a data center.

Figure8.4a indicates that theSRS-based, Incast-based, Steiner-based, andUnicast-
based Shuffle methods significantly save the network traffic by 55.33, 55.29, 44.89,
and 34.46% on average compared to the existing method asm = n ranges from 50 to
1500. Such benefits of the three methods are more notable as the increase of m = n
and thus demonstrate the gain of the in-network aggregation in large Shuffle trans-
fers. Moreover, the SRS-based method always utilizes less links (hence less servers
and network devices) compared to the Unicast-based and Incast-based methods, as
shown in Fig. 8.4b.

On the other hand, the Incast-based method always exploits more aggregating
servers than the Unicast-based method as the Shuffle size increases, as shown in
Fig. 8.4c. Thus, the Incast-based method always has more opportunity to performing
the in-network aggregation than the Unicast-driven method. This is the fundamental
reason why the Incast-based method causes less network traffic than the Unicast-
based method. The SRS-based method improves the Incast-based one by reusing
as many Incast aggregation trees as possible. Consequently, the SRS-based method
achieves the largest gain of the in-network aggregationwith the least number of aggre-
gating servers and active links compared to the Incast-based method, as shown in
Fig. 8.4b, c. Besides the above benefits, the SRS-based method significantly reduces
the size of input data at each receiver, as shown in Fig. 8.4d, and thus reduces the
delay during the reduce phase of a job.

In summary, the SRS-based and Incast-based approaches can support a Shuffle
transfer of any size well at the cost of less data center resources and network traffic
compared to the Unicast-based and existing methods.

8.4.4 Impact of the Aggregation Ratio

Recall that we make an assumption that data flows each of which consists of key-
value pairs can be aggregated as a new one whose size is the largest size among such
flows. That is, the set of keys in each involved data flow is the subset of that in the
largest data flow. We further evaluate the SRS-based approach under a more general
Shuffle transfer.

Given s data flows towards to the same receiver in a general Shuffle transfer, let
fi denote the size of the i th data flow for 1≤i≤s. Let δ denote the aggregation ratio
among any number of data flows, where 0≤δ≤1. After aggregating such s flows, the
size of the new data flow is given by

max{ f1, f2, ..., fs} + δ × ( s∑

i=1

fi − max{ f1, f2, ..., fs}
)
.
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Our analysis in Sect. 8.2 and the above large-scale simulations fall into a special
scenario, i.e., δ = 0, where the in-network aggregation on flows achieves the largest
gain. On the contrary, δ = 1 is another special scenario where any two of the s data
flows do not share any key. In such a case, the in-network aggregation on the s
data flows does not bring any gain. Actually, these two extreme scenarios are rare
in practice. Here, we evaluate the SRS-based approach in a more general scenario
where 0≤δ≤1.

We measure the resultant network traffic of the SRS-based, Unicast-based, and
existingmethods under two representative Shuffle transfers inBCube(8,5) as δ ranges
from 0 to 1. Figure8.5 indicates that our SRS-based method always incurs much less
network traffic than other twomethods. Assume that the value of the random variable
δ follows a uniform distribution. In such a case, the SRS-based method saves the
resultant network traffic by 28.78% in Fig. 8.5a and 45.05% in Fig. 8.5b compared
to the existing method, respectively. Thus, the SRS-based method outperforms other
two methods in more general scenarios, irrespective of the size of Shuffle transfer.

We further compare the SRS-based Shuffle with SRS-based Shuffle (no agg.)
methods in terms of the completion time ofMapReduce jobs on average.As expected,
when the aggregation ration approaches to 1 the performance of such two methods
is the same, because there is no opportunity to aggregate packets on-path. As aggre-
gation ration decreases, our SRS-based Shuffle method always achieves the lower
Shuffle and reduces time due to reduce the number of packets forward and increase
the available bandwidth. This is clearly seen in Fig. 8.6.
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Fig. 8.5 The changing trends of the network traffic along with the increase of aggregation factor
in BCube(8,5)
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Fig. 8.6 The changing trends of the delay along with the increase of aggregation factor of Shuffle
transfers in BCube(8,5)

Table 8.2 The minimum size of bloom filter field in each packet

k = 2 k = 3 k = 4 k = 5 k = 6 k = 7

Bits (m) <19 19 38 58 79 102

BCube(6,k) 216 1296 7776 46,656 279,936 1,679,616

8.4.5 The Size of Bloom Filter in Each Packet

Among the three forwarding schemes for performing the in-network aggregation,
we prefer the in-packet Bloom filter based forwarding scheme. The only overhead
of such a scheme is the traffic overhead resulting from not only the false positive
forwarding but also theBloomfilter field in each packet.We reveal that, for a packet of
any Shuffle transfer, no false positive forwarding occurs during the entire forwarding
process along with a SRS-based Shuffle subgraph only if Formula (8.3) holds.

For data centers with network structures BCube(6, k)s, Table8.2 shows the mini-
mum size of Bloom filter field in each packet. The traffic overhead due to the Bloom
filter field in each packet increases along with the increase of k. The overhead, how-
ever, is less than 10 bytes in data centers, with no more than 279,936 servers, that is
large enough for a production data center.
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Chapter 9
Collaborative Management of Uncertain
Incast Transfer

Abstract We have discussed the in-network aggregation problems of Incast and
Shuffle transfers in Chaps. 7 and 8 in detail. Note that these problems are only con-
sidered after an Incast or Shuffle transfer has been generated; that is, the sender and
receiver of each flow are determined. However, there are diverse compute nodes and
storage nodes to select formany data center applications, and different selections lead
to different senders and receivers of a corresponding Incast transfer. This type of cor-
related transfers is defined as uncertain Incast transfer. Compared with deterministic
Incast, uncertain Incast has the opportunity to achieve more in-network aggregation
gain. Prior approaches, relying on deterministic incast transfers, remain inapplicable.
This chapter makes the first step towards the study of aggregating uncertain Incast
transfer. We propose efficient approaches from two aspects, i.e., the initialization of
uncertain senders and the Incast tree building. We design two initialization meth-
ods to pick the best deterministic senders for an uncertain Incast transfer to form
the least number of disjoint sender groups. Thus, flows from each group would be
aggregated as one flow on a common one-hop neighbor, irrespective of the location
of a picked receiver. Accordingly, we propose two Incast tree-building methods to
exploit the benefits of our initialization methods. Experiments show that an uncertain
Incast transfer significantly outperforms any related deterministic one in terms of the
reduced network traffic and the saved network resources.

9.1 Introduction

The in-network aggregation of correlated transfers aims to push the aggregation com-
putation into the network. Through the collaborative design of transmission paths for
a group of correlated transfers, the in-network cache and aggregation can be imple-
mented at some rendezvous devices. As discussed in Chaps. 7 and 8, aggregating
correlated transfers can significantly reduce the resultant traffic amount in the trans-
mission stage and save the network resources. In Chap.7, the in-network aggregation
of an Incase transfer is discussed in the situation, where the endpoints of each flow
in an Incast transfer are fixed in advance. We call this case the deterministic Incast
transfer. Only in this way, all flows of an Incast transfer can be scheduled along an
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optimal Incast tree to exploit the gain of the in-network aggregation via caching and
aggregating flows during the transmission process.

Unfortunately, inmany cases, the characteristics of an Incast transfer are unknown
prior. There are diverse compute nodes and storage nodes for many data center
applications to select, and different selections lead to different senders and receivers
of the corresponding Incast transfer. Actually, for many Incast transfers, it is not
necessary that the endpoints of their flows have to be at specific locations as long as
certain constraints are satisfied. An illustrative scenario is that GFS-like file systems
will write each block of large pieces of data into three machines across two racks.
Thus, a map task would be scheduled to one of three machines hosting its input
data to achieve the data locality. This fact brings the sender flexibility for an Incast
transfer. More precisely, for an Incast transfer with m flows, the number of different
combinations of possible sender endpoints is 3m . Moreover, a reduced task may be
scheduled to any machine in a data center as long as it has sufficient task slots.
This fact incurs the receiver’s flexibility for an Incast transfer. Such a problem is
defined as the uncertain Incast transfer, a more general setting of Incast transfer.
The uncertain sender of each flow refers to an endpoint set, not a fixed endpoint. So
does the uncertain receiver. This brings new opportunities to lower down the network
traffic per Incast transfer.

In this chapter, our objective is to minimize the amount of the network traffic for
completing an uncertain Incast transfer by applying the in-network aggregation. In
reality, an uncertain Incast transfer will be embodied as any possible deterministic
Incast transfer via initializing eachflow’s uncertain sender and receiver as determinis-
tic ones. The resultant deterministic Incast transfers have diverse gains of in-network
aggregation.A simpleway is to apply the in-network aggregation approach inChap. 7
to each potential deterministic Incast transfer and select the aggregation tree with the
most aggregation gain. Such a way suffers the complexity of solving a large number
of NP-hard problems. It has been shown that discovering a minimal aggregation tree
for a single deterministic Incast transfer is NP-hard. Prior approaches, relying on
deterministic Incast transfers, remain inapplicable to uncertain Incast transfers.

We present a novel aggregation approach for uncertain Incast transfers from two
stages to reduce resultant network traffic based on the above analysis. In the first
stage, we model the initialization of uncertain senders as the minimal sender group
(MSG) problem. That is, those picked best senders for all involved flows form the
least number of disjoint groups, where all senders in each group are mutual one-
hop neighbors. Thus, flows from the same group would be aggregated as one by a
common one-hop neighbor, irrespective of the picked receiver. This would reduce the
caused network traffic at the earliest time. In this chapter, we propose two efficient
methods, the SD-based and MD-based MSG methods, to achieve such benefits.

In the second stage, given the set of picked best senders and a random receiver, we
build an aggregation Incast tree with the least cost. However, approaches proposed in
Chap.7 fail to exploit the benefits of ourMSG initializationmethods and achieve less
gain of in-network aggregation. In this chapter, we design two approximate methods
for uncertain Incast transfers, the interstage-based and intrastage-based methods.

http://dx.doi.org/10.1007/978-981-16-9368-7_7
http://dx.doi.org/10.1007/978-981-16-9368-7_7
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They can build an efficient Incast aggregation tree by exploiting the benefits of the
preferred MD-based initialization method.

We evaluate the proposed approaches with prototype experiments and large-scale
simulations. The results demonstrate that these approaches can achieve the benefits
of in-network aggregation for any uncertain Incast transfer, significantly reducing the
caused network traffic and saving network resources. Moreover, the intrastage-based
and interstage-based Incast trees for an uncertain Incast transfer can save the caused
network traffic up to 33.85 and 27% on average, against the prior IRS-based Incast
tree. We can also see from the results that the intrastage-based method achieves a
better aggregation effect than interstage-based method. Furthermore, network traffic
can be saved if the members of an Incast transfer in the data centers are selected in
a managed way instead of a random way.

9.2 Overview of Aggregating Uncertain Incast Transfer

We start with the definition and explanation of uncertain Incast transfer, then mea-
sure the effect of aggregating an Incast transfer. Finally, we discuss the problem of
aggregating an uncertain Incast transfer.

9.2.1 Problem Statement of Uncertain Incast Transfer

For a data center, we model it as a graph G = (V, E)with a vertex set V and an edge
set E . A vertex of the graph corresponds to a switch or a datacenter server. An edge
(u, v) denotes a link, through which u connects with v where v, u∈V .

Asmentioned inChaps. 7 and 8,many data-intensive frameworks, such asMapRe-
duce,Dryad, Pregel, and Spark, incur serious Incast transfers across successive stages
in data centers. Moreover, such Incast transfers usually consume a large number of
network resources and make bandwidth resource the bottleneck of data centers.
Prior proposals [1, 2] for accelerating the completion of an Incast transfer, however,
assumes prior knowledge of transfer characteristics. That is, the endpoints of each
flow in an Incast transfer are fixed in advance. This is called the deterministic Incast
transfer.

Actually, for many Incast transfers, it is not necessary that the endpoints of their
flows have to be in specific locations as long as certain constraints are satisfied.
For example, a Map task would be scheduled to one of three machines hosting its
input data to achieve the data locality. This brings the sender flexibility for an Incast
transfer. To ease the presentation, the number of the possible endpoint of the source
of each flow is set to three. Thus, for an Incast transfer with m flows, the number of
different combinations of possible sender endpoints is 3m . Moreover, each Reduce
task will be scheduled in the entire data center as long as certain constraints can
be satisfied. This incurs the receiver’s flexibility for an Incast transfer. Based on

http://dx.doi.org/10.1007/978-981-16-9368-7_7
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the above analysis, we can see that the sender or the receiver of an Incast transfer
usually represents a server group rather than a specific server. This general problem
is formalized as an uncertain Incast transfer, as defined in Definition 9.1.

Definition 9.1 An uncertain Incast transfer consists of m flows from a set of
senders {s1, s2, . . . , sm} to the receiver R. The uncertain sender si of each flow refers
to an endpoint set Si , each member in which can be selected as the sender of ith
flow. Moreover, the common receiver of these m flows is also uncertain, which can
be selected from a set of servers.

A weak uncertain Incast transfer is a special case of uncertain Incast transfer
with a deterministic receiver or deterministic senders. When both the senders and
the receiver are determined, we achieve a deterministic Incast transfer, abbreviated
as Incast transfer in the remainder of this chapter. As aforementioned, all highly
correlated flows of an Incast transfer should be aggregated during the transmission
process. Before discussing the in-network aggregation of an uncertain Incast transfer,
we start with the Incast transfer as an example.

9.2.2 Aggregating a Deterministic Incast Transfer

For any Incast transfer, it is feasible to significantly reduce the amount of caused
traffic by performing the in-network aggregation, thereby greatly saving the network
resources. More precisely, we need to construct an Incast tree from the graph G =
(V, E) by combining those Unicast paths from all senders to the same receiver. The
flow from each sender thus can be delivered to the receiver along the formed tree.
Consider that there exist multiple equal-cost routing paths between any pair of nodes
in densely connected data center networks. That is, a flow between any pair of sender
and receiver can choose any route frommultiple ones, for example, α. In this way, the
selected routing paths for such flows generate at most αm potential Incast trees, given
an Incast transfer with m senders. To select a desired Incast tree, with the minimal
network traffic due to utilize the in-network aggregation, a cost metric should be
defined for measuring each Incast aggregation tree.

As mentioned in Chap.2, existing network topologies for data centers can be
roughly divided into two categories, switch-centric and server-centric. Given an
Incast transfer, they differ in selecting and using aggregating nodes in related Incast
tree. Hence, the cost metric of an aggregation tree should be calculated in a reliable
way respectively.

For server-centric network topologies, such as BCube, each vertex in an Incast
tree represents either a commodity server or switch. Commodity servers support the
in-network cache and advanced packet processing and hence deliver a programmable
data plane. The used commodity switches, however, cannot naturally support a pro-
grammable data plane. Thus, a vertex is an aggregating vertex only if it represents
a server and at least two flows converge at it. It then aggregates its incoming flows
and forwards a generated single flow instead of multiple individual flows along the

http://dx.doi.org/10.1007/978-981-16-9368-7_2
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tree. Usually, we assume that the size of the resultant single flow is the maximum
size among all incoming flows of the aggregating vertex, while at a non-aggregating
vertex, the size of its outgoing flow is the sum size of its incoming flows.

In server-centric data centers, commodity switches are treated as non-aggregating
vertices. However, novel switches, which already have enough resources and abilities
for aggregating flows, can indeed be aggregating nodes in switch-centric network
topologies, such as Fat-Tree. That is, each non-leaf vertex in an Incast tree represents
a switch,which is an aggregating vertex if itmeets at least twoflows. The leaf vertexes
represent commodity servers and are not aggregating nodes.

After clarifying the usage of aggregating nodes in an Incast aggregation tree under
both types of network topologies, we present a general cost metric for any Incast
aggregation. Specifically, the cost of an Incast tree means the amount of overall
traffic for completing the Incast transfer.

Without loss of generality, we assume that the traffic from each sender is 1MB.
Thus, the size of the outgoing link is one at an aggregating vertex and equals the
number of incoming flows at a non-aggregating vertex. If an Incast tree does not
adopt the in-network aggregation, all of the vertices are non-aggregating ones. The
gain of an Incast aggregation tree is the cost difference between the trees without
and with the in-network aggregation.

9.2.3 Aggregating an Uncertain Incast Transfer

In this chapter, our objective is to minimize the amount of the network traffic for
completing an uncertain Incast transfer by applying the in-network aggregation. Due
to the flexibility of both senders and the receiver, an uncertain Incast transfer can be
treated as a group of Incast transfers. For an Incast transfer, the minimal aggregation
tree problem is to find a connected subgraph in G = (V, E) that spans all Incast
members with the minimal cost. To discover a minimal aggregation tree for an Incast
transfer inBCube, a densely connected data center network, isNP-hard.Accordingly,
it is NP-hard to identify a minimal aggregation tree for an uncertain Incast transfer
even the receiver is determined.

Without loss of generality, we use BCube as an example to show the aggregation
of uncertain Incast transfer. BCube(n, k) is an emulation of a k + 1 dimensional n-
ary generalized hypercube. In BCube(n, k), two servers, labeled as xkxk−1 . . . x1x0
and yk yk−1 . . . y1y0 are mutual one-hop neighbors in dimension j if their labels
only differ in dimension j . Such servers connect to a j level switch with a label
yk . . . y j+1y j−1 . . . y1y0 in BCube(n, k). Therefore, a server and its n − 1 1-hop
neighbors in each dimension are connected indirectly via a switch. Additionally,
two servers are j-hop neighbors if their labels differ in number of j dimensions. As
shown in Fig. 9.1, servers v0 and v15, with labels 00 and 33, are 2-hop neighbors
since their labels differ in 2 dimensions.

To realize the online building of aggregation tree for an uncertain Incast transfer
withm flows,we aim todesign approximatemethods to exploit the topological feature



214 9 Collaborative Management of Uncertain Incast Transfer

Fig. 9.1 An illustrative example of BCube(4,1)

of datacenter networks in the next section. Such methods involve two successive
challenging issues. First, the initialization of uncertain senders aims to pick the best
deterministic senders from 3m candidates for an uncertain Incast transfer if each
flow has 3 potential senders. Second, we need to derive the preferred Incast tree
for achieving the outstanding aggregation gain, irrespective of the location of the
receiver.

In this chapter, BCube is selected as a carrier for aggregating uncertain Incast
transfer. Note that the methods proposed in this chapter are still applicable to other
server-centric network topologies.Moreover, the approaches proposed in this chapter
can be directly applied to FBFLY [3], and HyperX [4], two switch-centric network
topologies, if they utilize those novel switches each with a programmable data plane.
The reason is that the topology behind BCube is an emulation of the generalized
hypercube, while the topologies of FBFLY and HyperX are just the generalized
hypercube at the level of switch.

9.3 Aggregation Tree Building Method for Uncertain
Incast Transfer

For anuncertain Incast transfer,we startwith analyzing the diversity of its aggregation
gain and design two initialization methods for uncertain senders. We then design
two dedicated Incast tree-building methods to achieve outstanding aggregation gain.
Note that the aggregating tree built by these two methods can achieve good gain,
irrespective of the initialization methods of the receiver.
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9.3.1 The Diversity of In-Network Aggregation Gain

In reality, an uncertain Incast transfer withm flows will be embodied as any potential
Incast transfer instance via selecting one from at most 3m sender sets and assigning
a receiver. However, all instances of an uncertain Incast transfer possess different
gains of in-network flow aggregation and exhibit diverse tree costs. We explain this
with an example shown in Fig. 9.2.

For an uncertain Incast transfer in BCube(4,1), {s1, s2, s3, s4} are four uncertain
senders, while r0 is the common receiver. Assume that s1∈{v2, v5, v6}, s2∈{v9, v10,
v15}, s3∈{v1, v10, v11}, and s4∈{v7, v13, v14}. When the sender set is {s1 = v6, s2 =
v9, s3 = v10, s4 = v7}, the resultant Incast tree is of cost 14 with 11 active links.
Thus, all of senders form three groups, {v9}, {v6, v10}, {v7}, as shown in Fig. 9.2a.
If the sender set is {s1 = v5, s2 = v9, s3 = v10, s4 = v14}, the resultant Incast tree is
of cost 12 with 9 active links. In this case, those senders incur two groups, {v5, v9},
{v10, v14}, as shown in Fig. 9.2b. However, a more efficient Incast transfer is of cost 8
with 6 active links if we construct in the way shown in Fig. 9.2c, where {s1 = v5, s2 =
v9, s3 = v1, s4 = v13}. In this case, four senders form just one group, {v1, v5, v9, v13}
since they are one-hop neighbors.

As shown in the example above, the three uncertain sender sets cause diverse
settings of sender groups. We can see that flows from senders in each group are
aggregated as just one flow after one-hop transmission. In this way, the sender set
with a smaller number of sender groupswill cause less amount of network traffic in the
next round of forwarding towards the receiver. To minimize the amount of resultant
network traffic, we prefer to find the sender set, which can be partitioned into the least
number of sender groups. This design can push the traditional aggregation operation
into the transmission process of flows as early as possible; hence, it can significantly
save the network resource. This motivates us to study the minimal sender group
problem of any uncertain Incast transfer.

9.3.2 Initializing Senders for an Uncertain Incast Transfer

A simple initialization method is to just randomly pick one from the endpoint set
of each uncertain sender. As shown in Fig. 9.2, this method cannot ensure to pick
the best set of senders for achieving the largest gain of in-network flow aggregation.
For this reason, we introduce the MSG problem to replace such a random non-MSG
initialization method.

Definition 9.2 For an uncertain Incast transfer with m flows, the minimal sender
group (MSG) problem means picking a deterministic one from a set of senders for
each flow, and the picked senders form the least number partitioned groups.

The partition method dominates the selection of the sender set. To exploit the
benefits of in-network aggregation, we expect that flows originating from all senders
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Fig. 9.2 For an uncertain
Incast transfer in
BCube(4,1), we show three
potential aggregating trees

(a) An Incast tree of cost 14 with 11 links.

(b) An Incast tree of cost 12 with 9 links.

(c) An Incast tree of cost 8 with 6 links.

in each partitioned group reach a common aggregating node after at most one-hop
transmission. Thus, the caused network traffic is significantly reduced. We describe
this design demand in Definition 9.3.

Definition 9.3 For any node-set in BCube(n, k), it can be partitioned if the following
two constraints are satisfied: (1) The intersection among groups is empty; that is,
there is no common node among groups. (2) Any node pair in a group are one-hop
neighbors.

For a sender group in BCube(n, k), we define a partition symbol e j∈{0, 1, . . . , k}
for 0≤ j≤k. For each e j in such k + 1 partition symbols, all of the senders can
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be partitioned into groups such that any two members in the same group are one-
hop neighbors in e j dimension. That is, for each group, the labels of its members
only differ in dimension e j . Clearly, in each resultant group, all members share a
common one-hop neighbor, on which their flows are aggregated. This partitioning
method meets the constraints in Definition 9.3. Thus, given an Incast transfer, we
can partition all of its senders based on partition symbols and compare the partition
result of different partition symbols. The partition symbol causing the least number of
groups are selected as the optimal partition symbol. This method can be simplified
as follows. For any e j , we extract the label of each sender except the dimension
e j . The resultant label denotes a group covering such a sender. All senders can be
partitioned into corresponding groups after they are processed based on the above
steps. The computation overhead under e j is proportional to the number of senders,
m. The time complexity is O(m × k) due to selecting the best partition symbol from
k + 1.

However, the above efficient partition method is inapplicable to tackle the MSG
problem of an uncertain Incast transfer. The reason is that each uncertain sender can
be anyone in a given sender set. A straightforward way is to embody an uncertain
Incast transfer as 3m possible Incast transfers and apply the above partition method
to each Incast transfer. Accordingly, we select an Incast transfer from all possible
instances, which results in the least number of groups. The best solution, however,
cannot be derived in polynomial time due to its time complexity O(m×k×3m). Thus,
we design dedicated methods for the MSG problem of an uncertain Incast transfer
as follows.

1. A greedy MSG method based on one dimension

For an uncertain Incast transfer, the basic idea is to partition the sender set of each
flow, denoted as Si (1≤i≤m), using each partition symbol e j for 0≤ j≤k individually.
The Partition (S, e j ) function in Algorithm 9.1 presents the implementation details.
Accordingly, we can find the partition symbol, among k+1 ones, which incurs the
least number of groups after k + 1 rounds of Partition(S, e j ) inAlgorithm9.1.With-
out loss of generality, we assume that such a partition symbol is e0. The partitioned
groups resulting from the symbol e0, however, are unreasonable for the minimal
sender group problem. The root cause is that such partitioned groups contain the
whole members of each Si for 1≤i≤m, i.e., all possible senders of each flow. For
this reason, we design a Cleanup() function to refine the partitioned groups such
that just one member exists in each Si .

We first sort the partitioned sender groups according to their cardinalities in
descending order and then process each sender group orderly. For each member
node0 in the first sender group with the largest cardinality, we verify whether Si
contains node0 for 1≤i≤m. If it is true, the set Si just keeps node0 while deleting all
other members. This operation makes the uncertain Si become a deterministic one.
Moreover, those deleted members from Si should also be removed from other corre-
sponding partitioned groups. If none of Si contains node0, node0 should be removed
from that group. For the second-largest group, we perform the same operations afore-
mentioned. Such a recursive method finally results in a refined set of sender groups,



218 9 Collaborative Management of Uncertain Incast Transfer

Algorithm 9.1 The SD-based MSG method
Require: Given an uncertain Incast transfer with m flows in BCube(n,k), where the sender set of

each flow is Si (1≤i≤m)

1: Let S denote the union of all members in the sets S1, · · · , Sm .
2: Let Lgroups be a set of partitioned groups of S, which is empty.
3: for i = 0 to k do
4: ei ← i � i denotes a partition symbol
5: Tgroups←Partition(S, ei )
6: if Lgroups is empty or |Tgroups| < |Lgroups| then
7: Lgroups ← Tgroups

8: Return the output of Cleanup(Lgroups).
Partition(S, e j )
1: while S contains a sender with label xk · · · x1x0 do
2: Allocate this sender to a group labeled as xk · · · xi+1xi−1 · · · x0.
3: Remove this sender from the set S.
4: Return the resultant groups.
Cleanup(Lgroups)
1: Sort Lgroups in the descending order of the set cardinality.
2: for i = 0 to |Lgroups| do
3: Consider each node0 of the i th group in Lgroups. For each S j (1≤ j≤m) containing node0,

S j just keeps node0 while deleting all of other members. All of deleted members from S j should
be removed from other groups, so as to keep the consistency between S and Lgroups.

which satisfy the requirement of Definition 9.3. That is, each Si for 1≤i≤m just
contains one member; hence, the source of each flow becomes deterministic from
uncertain. Next, we analyze the time complexity of Algorithm 9.1.

Theorem 9.1 The time complexity of the SD-based MSG initialization method is
O(m2 + m×k).

Proof Algorithm 9.1 consists of two stages, the partition and cleanup. In the first
stage, the time complexity of Partition(S, ei ) is O(m) since it processes at most
3×m senders. The entire time complexity is O(m×k) due to identify the partitioned
result with the least number of groups under k + 1 partition symbols. In the second
stage, the time complexity due to sort groups isO(m2) since the number of partitioned
groups is at most 3×m in the best case. The time complexity of the cleanup operation
is O(m2), due to compare any pair of partitioned groups. Thus, the entire complexity
is O(m2 + m×k); hence, Theorem 9.1 is proved. �

2. A greedy MSG method based on multi-dimensions

Although the SD-based partition method is more efficient than the randomly ini-
tializing method, the following topological properties of data centers have not been
utilized to enhance its efficiency and performance.

First, each node, node0, may appear at more than one Si . That is, the intersection
of some pairs of Si are not empty for 1≤i≤m. This observation is true since a server
may host the required data of multiple tasks of a job. If all of such tasks are scheduled
to node0, the resulting flows from such tasks can be aggregated locally. This will
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considerably increase the gain of in-network flow aggregation and save the network
resource. Accordingly, such nodes should have priority to be selected by all involved
Si during the partition process in Algorithm 9.1.

Second, all members in Si for 1≤i≤m can be partitioned into the least number
of groups using e0 in the first stage. However, the partitioned result is not necessary
to keep the least number of groups after being refined by the cleanup function. As a
result, the output of Algorithm 9.1 may hold the least number of groups under other
partition symbols. Moreover, some isolated groups, each with only one member
under a partition symbol, still have the opportunity to be one-hop neighbors under
another partition symbol. For example, two isolated groups {v0} and {v12} under e1
actually can be one-hop neighbors under e0 in BCube(4,1); hence, they can form a
group {v0, v12}.

To fully exploit such benefits, we further design Algorithm 9.2, which consists of
three major stages, pre-processing, the partition, and the cleanup.

The basic idea of the first stage is to exploit the above first kind of property. Given
all of the uncertain sets S1, . . . , Sm , we first need to derive out the frequency of
each unique element. This can be simply realized by traversing all of the elements
in each uncertain set at the cost of O(m) time complexity. Note that the sum of
cardinalities for S1, . . . , Sm is 3×m. For any unique element node0 with non-one
frequency, those uncertain sets with it should just keep node0 while removing other
members. This can be completed at the cost of O(m2) time complexity, since each
unique element checks at most m − 1 uncertain sets, and the number of node0 with
non-one frequency is at most 3×m.

To exploit the second kind of property, Algorithm 9.2 needs to carefully re-design
the partition and cleanup operations. In the partition stage, the union of S1, . . . , Sm is
partitioned using each symbol ei independently, for 0≤i≤k. Let Lgroups record the
combination of partitioned results under all partition symbols, with the cardinality
of at most 3k×m. The cause is that the number of partitioned groups is at most 3×m
in the worst case for each partition symbol. Accordingly, we can derive that the time
complexity of the second stage is O(k×m).

Algorithms 9.2 and 9.1 differ in the cleanup function with the changed partition
stages. In the beginning, all groups in Lgroups are sorted according to their cardi-
nalities in descending order. The time complexity of this process is O(k2×m2) since
3k×m groups compare their cardinalities with each other in the worst case.

For each node0 in the first sender group with the largest cardinality, it also appears
at other k groups due to the partition from k + 1 dimensions. Therefore, node0 should
be removed from other groups with it. Additionally, we verify whether Sj contains
node0 for 1≤ j≤m. If it is true, the set Sj just keeps node0 while deleting all other
members. This operation makes the uncertain Sj become a deterministic one. At the
same time, those deletedmembers from Sj have to be removed from those partitioned
groups with them. If none of Si contains node0, node0 should be removed from that
group. For other available groups, we recursively perform the same operations in
order. Such a recursive method finally results in as few sender groups as possible,
which satisfy the requirement of Definition 9.3. We measure the time complexity of
the MD-based partition method in Theorem 9.2.
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Algorithm 9.2 The MD-based greedy MSG method
Require: An uncertain Incast transfer with m flows in BCube(n,k). The sender set of each flow is

Si (1≤i≤m)

1: Process the input via calling the Pre-process function.
2: Let S denote the union of all members in the sets S1, · · · , Sm .
3: Let Lgroups record the partition results of S.
4: for i = 0 to k do
5: ei ← i � denotes a partition symbol
6: Add the output of Partition(S, ei ) into Lgroups.
7: Cleanup(Lgroups)
8: Return Lgroups
Pre-process(S1, · · · , Sm )
1: for i = 0 to m do
2: For any member node0 of Si , if it also appears in other S j for i �= j , Si and S j keep node0

while remove all other members.
Cleanup(Lgroups)
1: Sort Lgroups in the descending order of the set cardinality.
2: for i = 0 to |Lgroups| do
3: For any node0 of the i th group in Lgroups, all of other groups need to remove it if possible.
4: For each S j containing node0 for 1≤ j≤m, S j just keeps node0 while deleting all of other

members.
5: All of deleted members from S j should be removed from other groups, so as to keep the

consistancy between S and Lgroups.

Theorem 9.2 The time complexity of the MD-based MSG method is O(k2×m2).

Proof Algorithm 9.2 consists of three major stages. For the pre-process stage, the
time complexity is O(m2 + m). The cause is that each of at most 3×m unique
element checks at most m − 1 uncertain sets. The time complexity of the partition
stage is O(k×m), due to call k + 1 rounds of Partition(S, ei ) function, whose time
complexity is O(m). We then calculate the time complexity of the cleanup stage. To
be specific, the sorting operation costs of O(k2×m2) time complexity. The operation
in line 3 of removing at most 3m node0s from potential 3k×m groups is of time
complexity O(k×m2). The operation in line 4 of updating related uncertain sets Si
is of time complexity O(m2), due to compare at most 3m node0 with m uncertain
sets. The final operation in line 5 is of time complexity O(k×m2) due to compare
node0, at most number of 3m, with at most 3k×m potential groups. Thus, the entire
complexity of the third stage is O(k2×m2). In summary, the entire time of complexity
of three stages is O(k2×m2). Theorem 9.2 is proved. �

9.3.3 Aggregation Tree Building Method for Uncertain
Incast

The above initialization methods select only one sender for each flow. Such senders
have been organized as a series of groups, G1,G2, . . . ,Gβ . In this way, an uncertain
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Incast transfer has been transferred as a weak, uncertain Incast transfer with an
uncertain receiver and a set of deterministic senders.

After selecting a receiver randomly, we can exploit the in-network aggregation
gain of the resultant deterministic Incast transfer. Assuming that the receiver of
the Incast transfer is R, and the sender set is S = {s1, s2, . . . , sα}. According to
Definition 9.3, the partition result of these senders are G1,G2, . . . ,Gβ . Note that α
is usually less than m since some servers may be senders for more than one flow.
For this reason, we use a variable ci to denote the multiplicity of each server si for
1≤i≤α in the union of S1, . . . , Sm .

For such an Incast transfer derived from that uncertain Incast transfer, our objec-
tive is to construct a minimal Incast aggregation tree in G = (V, E), that spans all
Incast members with minimal cost for completing the Incast transfer. The data flow
from each sender thus can be delivered to the receiver R along the formed tree. As
mentioned in Chap.7, building such an Incast tree for any Incast transfer is NP-hard
inmany data center networks. Prior incast-tree building approaches, relying on deter-
ministic incast transfers, are unaware of the gains of initializing uncertain senders.
Accordingly, we design an approximate method to fully exploit the benefits of the
initialization result of uncertain senders.

The aggregation Incast tree can be expanded as a directed multistage graph from
all of the senders towards the only receiver. The multistage graph is at most k + 2
stages. An intrinsic insight for deriving an aggregation incast tree is to first map all
of senders into those stages. Each sender si for 1≤i≤α should appear at the stage j if
it is a j-hop neighbor of the receiver. It is clear that the stage 0 only has the receiver.
During such a mapping process, the associated groups G1, . . . ,Gβ of the sender set
S exhibit the following characteristics. For any Gi for 1≤i≤β, the distance from it
to the receiver r is defined as j accordingly.

1. If |Gi | = 1, the only sender just appears at the stage j if it is a j-hop neighbor
of the receiver.

2. If |Gi |>1, all of its senders are mutual one-hop neighbors in a given dimension.
At most, one sender is ( j-1)-hop neighbor while other senders are j-hop neigh-
bors of the receiver. Thus, all senders of Gi appear at the same stage j or across
stages j and j-1.

Clearly, the membership of each partitioned group Gi is maintained well during
the mapping process. However, only such senders and the receiver in BCube(n, k)
are insufficient to form an Incast tree at the level of a generalized hypercube.We need
to identify a minimal set of additional servers for each stage and identify switches
across successive stages to constitute an Incast tree with a low cost. Recall that a pair
of neighboring servers across two successive stages connects to a common switch,
whose label and level can be derived from the labels of servers. For this reason, we
just focus on the selection of additional servers for each stage.

Identifying the minimal set of servers for each stage is an efficient approximate
method for the minimal Incast aggregation tree problem. For any stage, fewer servers
incurs fewer outgoing flows towards the receiver since all incoming flows at each
server will be aggregated as a single flow. The problem is translated to derive a

http://dx.doi.org/10.1007/978-981-16-9368-7_7
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common neighbor at stage j − 1 for as many servers at stage j as possible. In this
way, the number of total servers at stage j − 1 can be significantly reduced.

We recursively identify the minimal set of additional servers at each stage from
stage (k+1) to stage 1. We start with stage k+1, which just contains senders that
are (k+1)-hops neighbors of the receiver. Such servers fall into groups G1, . . . , Gβ ,
which are (k+1) hops from the receiver. Such groups are ranked and processed in
the order of their cardinalities.

For a group |Gi |>1, the labels of its all servers only differ in one dimension,
i.e., the partition symbol ei . Our design insight is that all flows from Gi should
be forwarded towards the common one-hop neighbor to be aggregated at stage k,
called an inter-stage aggregation scheme. Such a common neighbor can be simply
determined by ei . It has the same label with all servers inGi except the ei dimension.
Its label in the ei dimension is just equal to that of the receiver’s label. Such a common
neighbor may appear at the group Gi or not. If yes, it has been mapped to stage k.
Otherwise, it should be appended as a new server for stage k.

For a group with |Gi | = 1, it lacks a related partition symbol ei . The only sender
has a one-hop neighbor at stage k in each of those k dimensions. If the sender
randomly selects a one-hop neighbor for stage k, the resultant Incast tree losses non-
trivial aggregation opportunities. A reasonable way is that the sender selects such a
one-hop neighbor for the next stage, which is just a sender of the Incast transfer if
possible. Thus, the flow from group Gi and the local flow of the selected sender at
the next stage can be performed by the inter-stage aggregation. In a general scenario,
the inter-stage aggregation fails to be achieved for a single group when none of the
possible neighbors at the next stage is a sender of the Incast transfer.

Accordingly, for a single group with |Gi | = 1, we design an intra-stage aggrega-
tion scheme to identify an aggregation server at the same stage if possible. Consider
that the only sender node0 in Gi at stage k + 1 is isolated from other groups. Fortu-
nately, it may have a neighbor in one of other dimensions, {0, 1, . . . k}-{ei }, which
exists in other group G j with |G j |>1 with a partition symbol e j . In such a case,
node0 no longer needs to deliver its flow towards the next stage but to such a neigh-
bor at the same stage. The selected one-hop neighbor thus aggregates all incoming
data flows and the data flow by itself at stage k + 1.

For the only node in a single group with |Gi | = 1 at stage k + 1, it will select
the next server at stage k along with the partition symbol of the largest groups if
it realizes neither inter-stage aggregation nor intra-stage aggregation. Consider that
some partitioned sender groups may also appear at stage k. Thus, the set of all servers
on stage k are the union of two parts, the already existing senders at stage k and all
appended servers, derived from those sender groups at stage k + 1.

We can thus directly apply our approach to infer the required servers at the stage
k, k − 1, . . . , 1. However, two dedicated considerations can further reduce the cost
of the resultant Incast aggregation tree. First, those already existing senders form a set
of partitioned groups according to Algorithm 9.2. Thus, each appended new server
should be added into a group if it is a one-hop neighbor of all senders in that group.
Second, all of the rest nodes, which cannot be included in any existing groups, may
have a chance to be partitioned into a few new groups according to Algorithm 9.2.
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Finally, servers in all k + 2 stages and the directed paths across successive stages
constitute an aggregation Incast tree for an uncertain Incast transfer. Such a method
is called the group-based aggregation tree building method, and the resultant tree is
called the group-based Incast tree.

Theorem 9.3 For an uncertain Incast transfer with a given receiver and m non-
deterministic senders in BCube(n, k), the complexity of the group-based aggregation
tree buildingmethod is of O(m2×(log N )2), where N = nk+1 is the number of servers
in BCube(n, k).

Proof In the beginning, our method has to solve the associated MSG problem via
invoking Algorithm 9.2 at the cost of time complexity O(k2×m2). As a result, all
uncertain senders become deterministic and are partitioned into the least number
of groups, irrespective of the selection of the receiver. To take a step further, the
group-based method constructs an Incast aggregation tree from at most stage k+1
to stage 1 recursively. At each stage i(1≤i≤k + 1), the number of existing senders
and appended new servers is definitely less than m. We try to append those isolated
servers to existing groups at the cost of time complexity O(m2). Finally, we will
derive a next neighbor at stage i − 1 for each group or each isolated server at the
cost of time complexity O(m). Thus, the computation cost of deriving the Incast
aggregation tree is O(k×(m2 + m)) since it involves at most k+1 stages. The entire
computation cost of our method is O(k2×m2); hence, Theorem 9.3 is proved. �

9.4 Performance Evaluation

We start with the evaluation methodology and scenarios. We then evaluate uncertain
incast transfers and related work under different incast transfer sizes, data center
sizes, aggregation ratio, distributions of incast members, and the receiver diversity.

9.4.1 Evaluation Methodology and Scenarios

Before evaluating the benefits of aggregating uncertain Incast transfers, we first emu-
late data centers of BCube(n, k) from the aspect of overlay networks. One hundred
virtual machines (VMs) are hosted by ten physical servers connected together with a
switched Ethernet. One VM acts as the controller node, while each of the other VMs
emulates a series of virtual Bcube nodes (VBNs) on demand. Each VBN has the
ability to cache, and process data flows and can support the in-network aggregation
of Incast transfers.

To achieve an uncertain Incast transfer, the controller node then launches a job
similar to the wordcount job built-in Hadoop. Such a job will be scheduled overall
VBNs to perform a set of Map-like or Reduce-like tasks. Without loss of generality,
for each file block to be processed, its replicas are selectively deployed to threeVBNs.
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As a result, an uncertain Incast transfer forms between those uncertainMap-like tasks
and each deterministic receiver for a job. The root cause is that an uncertain map-like
task for each file block can be finally scheduled to one of three related VBNs. After
initializing an uncertain Incast transfer, the average flow size across the map and
reduce stages is one unit (about 10MB).

We evaluate the benefits of uncertain Incast transfers against the deterministic one
by comparing four metrics of each resulting Incast aggregation trees. They are the
resultant network traffic, the number of active links, the number of unique senders,
and the number of partitioned groups. More precisely, we construct multiple types
of Incast aggregation trees, resulting from the combination of different initialization
methods and tree-building methods. The initialization methods include SD-based
and MD-based MSG methods and the random non-MSG method. The tree-building
methods cover interstage-based and intrastage-based building methods as well as
the IRS-based method. The IRS-based Incast tree was proposed in Chap.7 for the
aggregation problem of deterministic Incast transfer.

Moreover,we regulate four essential factors to evaluate their impacts on the perfor-
mance metrics. They are the Incast transfer size, the data center size, the aggregation
ratio among inter-flows, and the distribution of Incast members.

9.4.2 Impact of the Incast Transfer Size

AMapReduce-like job often involves several hundred or thousands of Map tasks. To
measure the scaling properties of the methods proposed in this chapter, we deploy
a series of uncertain Incast transfers over BCube(8,4). For each uncertain Incast
transfer, the number of uncertain senders ranges from 100 to 4000 with the interval
100, while the receiver is fixed.

We collect the amount of network traffic and the number of active links after com-
pleting each uncertain Incast transfer along with different Incast aggregation trees.
We plot the changing trends of the performance metrics under the three tree-building
methods while the same MD-based initialization method in Fig. 9.3. The intrastage-
based and interstage-based Incast trees for an uncertain Incast transfer can save the
caused network traffic up to 33.85 and 27% on average than the prior IRS-based
Incast tree. It is clear that the intrastage-based tree building method considerably
outperforms the other two building methods. Note that similar evaluation results
under the SD-based initialization method are achieved.

Based on the above results, the intrastage-based tree building method should be
preferred among the three building methods. We then compare the performance
metrics under the varied initialization methods but the same intrastage-based tree
building method. Figure9.4a, b show that the MD-based and SD-based methods
outperform the random initialization method due to incur less amount of network
traffic and occupy fewer numbers of links.

The benefits of MD-based and SD-based methods are further evidenced by
Fig. 9.4c, d. First of all, the two MSG-based methods utilize fewer unique senders

http://dx.doi.org/10.1007/978-981-16-9368-7_7
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Fig. 9.3 For uncertain Incast transfers in BCube(8,4), the changing trends of two metrics with flow
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than the random initialization method. Actually, the two methods consider those
potential senders shared by some flows of the give uncertain Incast transfer. Second,
the MD-based and SD-based initialization methods also naturally partition the given
set of senders into fewer groups. As a result, more flows of an uncertain Incast trans-
fer will be locally aggregated at some senders or at one-hop neighbors, and hence
significantly decrease the resultant network traffic. Although similar ideas can be
used to partition those senders after the random initialization, they will bring more
partitioned groups, as shown in Fig. 9.4d.

Clearly, with the same intrastage-based tree building method, the performance
under different initialization methods varies greatly. More precisely, using the MD-
based and SD-based initialization methods can save the network traffic up to 22.6
and 16%, compared with the random non-MSG initialization method. At the same
time, the number of active links can be reduced up to 29 and 20%, respectively. Less
active links mean that the Incast tree occupies fewer servers and network devices.
Note that the MD-based method achieves more gains than the SD-based method.
Thus, the MD-based method should be the preferred one during the initialization
process.

9.4.3 Impact of the Data Center Size

After comparing the different Incast tree-building methods, we evaluate the impact
of the data center size on the performance of the resulting Incast tree. We emulate
BCube(8,k), k∈{3, 4, 5, 6, 7} and generate the uncertain Incast transfer with m =
1000 uncertain senders and any given receiver, which are randomly deployed in
BCube(8,k). The given uncertain Incast transfer will be complete alongwith different
Incast trees, formed by the preferred intrastage-based buildingmethod under the three
different initialization methods.

Figure9.5 shows that the amount of network traffic and active links of the three
Incast trees always grow up along the increase of the data center size, irrespective of
the used initialization method. The MD-based method exhibits remarkable advan-
tages over than other two methods for middle size data centers when k<5, while
it has similar performance when k≥5. Note that BCube(8,5) refers to a large-scale
data center with 262144 servers. The fundamental reason is that the benefit of the
two MSG methods becomes weak due to the extremely sparse distribution of all
members of an uncertain Incast transfer in huge-scale data centers. Figure9.5c, d
provide additional evidences for such an observation. The number of unique senders
under the three initialization methods exhibit trivial differences after k exceeds 5,
and the number of partitioned sender groups increases.
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Fig. 9.5 The changing trends of four metrics with data center size under different initialization
methods

9.4.4 Impact of the Aggregation Ratio

To ease the explanation, the prior analysis assumes that the size of new flow after
aggregating multiple flows, consisting of key-value pairs, equals that of the largest
flow. The evaluations indicate that it is not necessarily always true. For this reason,
we evaluate the performance of tree-building methods under different aggregation
ratios.

Given s data flows in a general uncertain Incast transfer, let fi denote the size of
the i th data flow for 1≤i≤s. Let δ denote the aggregation ratio among any number
of data flows, where 0≤δ≤1. Thus, the size of the resultant new data flow after
aggregation is given by

max{ f1, f2, . . . , fs} + δ × ( s∑

i=1

fi − max{ f1, f2, . . . , fs}
)

(9.1)
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Fig. 9.6 The changing trends of caused network traffic along with the increase of aggregation
factors, under two initialization and three tree building methods

Previous analysis just tackles a special scenario where δ = 0. Another special
scenario is that each key in one of such s data flows does not appear at other data
flows, i.e., δ = 1. In such a special case, an initialized uncertain Incast transfer
cannot achieve any gain from the aggregation among the s data flows. Such two
special scenarios rarely happen in practice. Therefore, we further evaluate the three
tree-building methods under the MD-based and random initialization methods for an
uncertain Incast transfer in a more general scenario where 0≤δ≤0.8.

Figure9.6 shows that the preferred intrastage-based tree building method always
outperforms the other two methods when δ≤0.8. Additionally, we can see that
the MD-based initialization always outperforms the random initialization method.
Assume that the value of the random variable δ follows a uniform distribution (if
any). In this setting, the intrastage-based Incast tree saves the network traffic by 35
and 33% under two initializationmethods, compared to the IRS-basedmethod. Thus,
our intrastage-based building method considerably outperforms other methods for
general uncertain Incast transfers, irrespective of the used initialization methods.

9.4.5 Impact of Distributions of Incast Members

Currently, all members of an uncertain Incast transfer are scheduled to idle servers in
the scope of the entire data center. That is, the senders and the receiver are somehow
randomly distributed in the data center. Such a random distribution makes the uncer-
tain Incast transfer occupy more data center resources and generate more network
traffic. This section extends ourMD-based initializationmethod and intrastage-based
tree building method to involve uncertain Incast transfers, whose members are dis-
tributed in a managed manner.
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Fig. 9.7 The performance metrics under two distributions of Incast transfer members

The key insight is to find the smallest subnet BCube(n, k1) in BCube(n, k) such
that allmembers of an uncertain Incast transfer satisfy their schedule constraints in the
subnet. In such a case, the hamming distance between the receiver and each potential
sender of the Incast transfer is at most k1 + 1, i.e., their labels just differ in at most
k1 + 1 dimensions. The intrastage-based Incast tree in the scope of BCube(n, k1) for
such an Incast transfer has at most k1+1 stages. In theory, it occupies fewer data
center resources and incurs less network traffic than the prior Incast tree in the entire
scope of BCube(n, k).

We generate a series of uncertain Incast transfers, each of which consists of 1000
uncertain senders under BCube(8,k) for 3≤k≤7. For each setting of k, we apply
the two distribution schemes (i.e., managed distribution and random distribution
schemes) to all its Incast transfers, under the same tree-building method but different
initializationmethods (i.e.,MD-based and random initializationmethods). Figure9.7
plots the network traffic and active links of each uncertain transfer under two different
deployment schemes. The twometrics of Incast trees under the managed distribution
are relatively stable, and always less than that in random distribution, irrespective
of the initialization method. However, the Incast trees with the random distribution
scheme exhibit increasing amount of network traffic and active links as the increase
of k. That is, the Incast trees with the MD-based and random initialization exhibit a
very similar performance in huge-scale data centers after k exceed 5.

The tree-building approach in the managed distribution scheme saves the network
traffic by 53 and 42%compared to that in the distribution schemeunder theMD-based
and random initialization methods, respectively. Such results indicate that our tree-
building methods and initialization methods can achieve more gains in the managed
distribution scheme.
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9.4.6 Impact of the Receiver Diversity

When designing the Incast tree-building methods in previous sections, we do not
focus on picking the best receiver due to the following two reasons: (1) Too many
potential receivers bring huge computation overhead to pick the best one, given the
set of deterministic senders. (2) The Incast tree-building methods proposed in this
chapter are not very sensitive to receiver selection. To verify the second reason, we
carry out two sets of experiments. In the first set, we study uncertain Incast transfers
with m = 100, m = 500, and m = 1000, each of which has 100 candidates of the
receiver. In the second set, we consider uncertain Incast transfers with m = 2000, m
= 3000, and m = 4000, each of which has 1000 candidates of the receiver.

Figure9.8 plots the changing trend of the caused network traffic under different
settings of uncertain Incast transfers. It is clear that those Incast trees exhibit trivial
differences in the amount of network traffic. Table9.1 shows the mean and standard
deviation of the amount of caused traffic under varied uncertain Incast transfers. The
standard deviation is always small even the amount of uncertain senders increases
up to 4000. Accordingly, we infer that our initialization and tree-building methods
can well address the problem of receiver diversity. That is, we can select a receiver
randomly.

Fig. 9.8 For uncertain Incast transfers, the changing trend of network traffic, resulting from Incast
trees under different receivers, is relative smooth

Table 9.1 The mean and standard deviation of the amount of caused traffic under varied uncertain
Incast transfers

m = 100 m = 500 m = 1000 m = 2000 m = 3000 m = 4000

μ 521.3 1764.7 2796.3 4518.2 6101.8 7535.7

σ 13.23 18.8 19.19 31.05 32.87 41.62
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Chapter 10
Collaborative Management of Correlated
Multicast Transfer

Abstract Multicast is designed to jointly deliver the same content from a single
source to a set of destinations; hence, it can efficiently save the bandwidth con-
sumption and reduce the load on the source. Distributed file systems in data centers
provide multiple replicas for each data block. In this case, the traditional Multicast
faces the diversity of senders since it is sufficient for each receiver to get a replica
from any sender. This brings new opportunities and challenges to reduce the band-
width consumption of a multicast transfer. This chapter focuses on such Multicast
with uncertain senders and constructs an efficient routing forest with the minimum
cost (MCF). MCF spans each destination by one and only one source, while min-
imizing the total cost (i.e. the weight sum of all links in one multicast routing) for
delivering the same content from the source side to all destinations. Prior approaches
for deterministicMulticast do not exploit the opportunities of a collection of sources;
hence, they remain inapplicable to the MCF problem. Actually, the MCF problem
for a multi-source Multicast is proved to be NP-hard. Therefore, we propose two
(2 + ε)-approximation methods, named P-MCF and E-MCF. We conduct experi-
ments on our SDN testbed together with large-scale simulations under the random
SDN network, regular SDN network and scale-free SDN network. All manifest that
our MCF approach always occupies fewer network links and incurs less network
cost for any uncertain Multicast than the traditional Steiner minimum tree (SMT) of
any related deterministic Multicast, irrespective of the used network topology and
the setting of Multicast transfers.

10.1 Introduction

Delivering the same content from a single source to a group of destinations separately
usually occupies excessive bandwidth since the source needs to achieve a Unicast
transfer with each destination. To solve this problem, academia and industry propose
many Multicast protocols, which save bandwidth consumption and reduce the load
on the sender. The root cause is that Multicast can avoid unnecessarily duplicated
transmissions among a set of independent Unicast paths towards destinations after
multiplexing a shared Multicast tree. Despite such bandwidth superiority, Multicast
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on the Internet has suffered many deploying obstacles during the past decades. Until
recently, it achieves a few successful network-level deployments in IPTV networks
[1], enterprise networks, and data center networks [2–4].

Software-defined networking (SDN) [5] is a flexible architecture for network
resource management and network application innovation. After separating the con-
trol plane and data plane, the controller is responsible for delivering a programmable
control plane. It collects users’ network requirements and jointly manages the under-
lying physical network in a centralized way. The response to users’ requirements will
be translated as a series of control policies delivered to involved network devices
to update their flow tables. Accordingly, SDN provides an excellent opportunity
for deploying various flexible protocols, such as traffic engineering, energy-saving,
Multicast protocols, etc. In this setting, Multicast for SDN still attracts much less
attention from both academia and industry.

Among existing Multicast routing protocols, PIM (protocol independent Multi-
cast) is the most widely used one [2], which connects the source and destination
via a shortest-path tree. An inherent drawback of this method is that those indepen-
dent shortest paths, from each destination to the same receiver, lack opportunities to
share more common links. Thus, the formed shortest-path tree fails to minimize the
number of used links; hence, Multicast traffic along it cannot considerably save the
bandwidth consumption. For this reason, many efforts focus on solving the Steiner
minimum tree (SMT) [6], an NP-hard problem. It aims to minimize the total number
of edges in a tree, spanning all members of any given Multicast group. The SMT
performs better than PIM; however, it is not adopted by current networks due to
the huge computation overhead even under heuristic methods and the challenge of
distributed deployment [7]. Fortunately, the emergence of SDN makes it possible to
realize novel Multicast protocols.

However, such Multicast methods assume prior knowledge of Multicast charac-
teristics, i.e., the source of each Multicast group is fixed in advance. We call this
case the deterministic Multicast. Unfortunately, in many cases, the characteristics
of a Multicast transfer are unknown a priori. It is not necessary that the source of a
Multicast transfer has to be placed in a specific location as long as certain constraints
are satisfied. A major reason is a widely used content replica design for improving
the robustness and efficiency in various networks [8]. When delivering a content file
to multiple destinations, the source of such aMulticast transfer can be anyone replica
in theory. This causes the uncertain Multicast due to the source flexibility.

In this chapter, we focus on a new type of multicast, named the uncertain Multi-
cast. Given destinations and uncertain sources, together with the network topology,
the uncertain Multicast problem aims to construct a forest. It ensures that each desti-
nation connects to just one source through a path in the forest. The proposed uncertain
Multicast is a general scheme,which is equivalent to the deterministicMulticast in the
special setting of a single source. The objective is to propose the construction meth-
ods of Multicast forest for uncertainMulticast and further minimize the transmission
cost of this uncertain Multicast. Compared with the SMT, finding the minimum
cost forest (MCF) for an uncertain Multicast is more challenging due to the flex-
ible usage of multiple sources and the impact on routing. We prove that the MCF
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problem is NP-hard. A potential approach is to divide an uncertain Multicast as a set
of deterministic Multicasts, each with a distinct source. The SMT with the least cost
among such Multicasts just acts as the MCF of the uncertain Multicast. This way,
however, suffers the complexity of solving a set of NP-hard SMT problems. More-
over, theMCF under non-single sourcesmay cause less total cost than the picked best
SMTwith any single source. Thus, prior approaches, relying on traditionalMulticast,
remain inapplicable to the uncertain Multicast proposed in this chapter.

To solve the MCF problem efficiently, we propose two (2 + ε)-approximation
methods, P-MCF and E-MCF, which can be deployed in SDN controllers. Such
methods use a part of sources to establish routing paths towards all destinations.
They can seek shared nodes among such paths to enhance the possibility of aggre-
gating more links, reducing the total cost of resultant MCF. We conduct small-scale
experiments on our SDN testbed and large-scale simulations to compare the uncer-
tain Multicast and traditional Multicast under the random network, regular network
and scale-free network, respectively. The evaluation results indicate that the MCF of
an uncertain Multicast occupies fewer network links and incurs less network cost,
irrespective of the used network topology.

10.2 Related Work

Given any Multicast group, many research work focuses on constructing Multicast
trees to satisfy various constraints. The SMT problem formulates a common con-
straint on the Multicast tree, i.e., the number of occupied links spanning all members
of a Multicast group. Many algorithms for the SMT problem have been proposed to
approximate the optimal solution. A fast and effective algorithm achieves a (2 + ε)-
approximation, which approximates the SMT problem using a minimum spanning
tree (MST) in Literature [9]. Several methods, based on greedy strategies achieve
better approximation ratio, such as 1.746 [10], 1.693 [11], 1.55 [12], but consid-
erably incur high time complexity than the (2 + ε)-approximation algorithm. The
algorithm proposed in Literature [12] achieves a 1.55-approximation. However, the
time complexity is too high due to many rounds of iterative computation, which is
hard to be terminated within the acceptable time. Actually, the round of iterations
is unpredictable for large-scale networks. Although the fast SMT algorithm does
not achieve the optimal approximation ratio, it significantly saves more computation
time than other algorithms. Hence, it is more suitable than other algorithms for large
Multicast groups and large-scale networks. HOWEVER, such SMT algorithms are
still inapplicable to theMCF problem proposed in this chapter due to the introduction
of multiple sources for each Multicast group.

Current networks have not adopted those Multicast algorithms due to the huge
computation overhead, and the challenge of distributed deployment [7]. Fortunately,
the emergence of SDN makes it possible to realize novel Multicast protocols. For
example, Literature [13] deploys a network virtualization application on SDNcontrol
planes, simplifying the unified management ofMulticast requirements andMulticast
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tree. In addition, Literature [13] proposes a reliable Multicast routing algorithm
in SDN, namely, RAERA. Given any Multicast group, it can construct a reliable
Multicast tree with the shortest paths. In this way, each receiver can find at least one
reliable recovery node from original receiving paths to obtain data when Multicast
transfer fails. RAERA constructs a reliable Multicast tree, significantly improving
the reliability of existing Multicast protocols.

The most related research work revolves around the multi-sourceMulticast in Lit-
erature [15], which delivers a stream frommultiple sources to a group of destinations.
TheMMForest algorithm can establish aMulticast forest to span all destinations and
sources under the constraint of achieving the maximal residual bandwidth for each
Multicast stream. Actually, MMForest is designed based on the existingWidest-Path
Forest algorithm, which prefers to select those links with higher residual capacity. It
means that differentMulticast streams have to design theirMMForests cooperatively.

TheMMForest method focuses on the design constraint of optimizing the residual
bandwidth under a set of Multicast streams. On the contrary, the MCF problem
proposed in this chapter aims to tackle thewidely used constraint, i.e., minimizing the
network resources assumed by each Multicast stream. Due to utilizing the minimal
number of links and assuming as little network bandwidth as possible, the MCF
problem can further improve the level of residual bandwidth when more Multicast
streams share the network concurrently. Moreover, the proposed MMForest exhibits
poor performancewhen addressing ourMCFproblem. The root cause is that the basic
idea is similar to the most straightforward Multicast tree. Each destination selects
one path with the largest residual bandwidth towards all sources and then merges
those selected paths from all destinations. Obviously, this method loses non-trivial
opportunities to maximize the number of shared links among individual paths.

10.3 Problem Statement of Uncertain Multicast

We start with the important observation about uncertain Multicast and then present
the problem statement of uncertain Multicast. Finally, we give a mixed-integer linear
programming model for the uncertain Multicast problem.

10.3.1 Observations

Multicast is a natural approach to deliver the same content to a group of destinations,
not a single destination. It benefits in efficiently saving the bandwidth consumption
and reducing the load on the sender, compared with Unicast. The total cost of a
Multicast tree,which spans all destinations and the single source, iswidely used as the
performancemetric of aMulticast.Without considering the diversity among network
links, the cost of Multicast tree mostly depends on the number of occupied links. To
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Fig. 10.1 An illustrative example of an uncertain multicast with the same destination set

minimize the tree cost, given a Multicast group, many approximation methods [16]
have been proposed to construct the SMT.

As aforementioned, the source of a Multicast transfer is usually unfixed. Any
replica can serve as a single source because of the widespread use of content replica
designs in data centers. Given the same set of destinations, the cost of a Multicast
group is sensitive to the selection of sources. Different selections of sources result
in diversity SMT and total link cost.

Figure10.1 plots an illustrative example of the diversity of SMT for Multicast
with different sources and the same destinations. Figure10.1a is a random net-
work topology, where the triangle nodes denote possible sources, the square nodes
denote the destinations, and the cycle nodes denote intermediate forwarding nodes.
Figure10.1b, c indicate twoMulticast treeswith s1 and s2 as the single source, respec-
tively. We can see that the Multicast tree with the source s1 is of cost 17, while the
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Multicast tree with the source s2 is of cost 16, even node s1 also participates in the
Multicast routing as a forwarding node.

Such facts motivate us to resolve the problem ofMulticast with uncertain sources,
i.e., the uncertainMulticast problem. As described above, an uncertainMulticast can
be initialized as a series of deterministic Multicasts with different sources. We can
further build a SMT for each deterministic Multicast, and the SMT with the least
tree cost should be the preferred one.

The source of a Multicast is not necessary to be placed in specific locations as
long as certain constraints are satisfied. A major reason is the widely used design
of content replica designs for improving the robustness and efficiency in various
networks. Thus, any replica can participate in the Multicast transmission by acting
as the single source, and the Multicast routing is a group of trees instead of a single
tree. Different selections of sources result in different Multicast trees and costs. For
example, the Multicast tree in Fig. 10.1c is a more desired one than that in Fig. 10.1b.
However, we find that the picked best SMT with any single source may not be
the optimal selection. A more efficient Multicast may exist when multiple sources
participate simultaneously. For example, the Multicast transmission in Fig. 10.1d
is just of cost 12 and outperforms any individual SMT. However, such a preferred
design cannot be achieved by prior approaches, relying on deterministic Multicast.

10.3.2 Problem Statement

In uncertain Multicast, a destination can get data from each potential source rather
than a specific one. Thus, it has the opportunity to further reduce the transmission
cost. This chapter aims to fully exploit the benefits of multiple sources and minimize
the transmission cost of uncertain Multicast.

More precisely, consider a network G(V, E), where V and E denote the set
of nodes (switches and servers) and edges (links), respectively. Each edge e∈E
is associated with a cost. The cost of an uncertain Multicast is calculated as the
total cost of its occupied links. We formalize the uncertain Multicast problem in
Definition 10.1.

Definition 10.1 Given a destination set D∈V and a potential source set S∈V , an
uncertain Multicast means to deliver the same content to all destinations in the set
D from partial even all sources in the set S. A constraint is that each destination just
reaches one and only one source in set S.

The uncertain Multicast is a general scheme of Multicast communication. Actu-
ally, it is equivalent to the deterministic Multicast when the set S contains only one
source.

However, Definition 10.1 considers no constraint on how to select source for each
destination d∈D. Thus, even in the case of |S|>1, an uncertain Multicast will be a
deterministic one when all destinations employ any s∈S as their common source. It
is clear that the usage strategy of such sources dominates the transmission cost of an
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uncertain Multicast. Therefore, we present the minimum cost forest (MCF) problem
in Definition 10.2 to minimize the transmission cost of an uncertain Multicast.

Definition 10.2 Given an uncertainMulticast, the problem ofMCF is to find a forest
satisfying the following two constraints. First, the forest spans each destination d∈D
with only one source s∈S. Second, the total cost of utilized edges in the forest is
minimized.

Accordingly, we can infer that the MCF does not necessarily contain all sources.
Any pair of sources s1 and s2, however, should be separated if they were connected in
the MCF. Otherwise, some destinations may reach more than one source, increasing
the cost of the resultant forest. The Multicast topology in Fig. 10.1c is not desirable
since two sources s1 and s2 are linked through a path, which introducing unnecessary
links into MCF and increasing the cost. That is, in the MCF containing α sources
which belong to S, there should be exactly α isolated trees, each of which using one
of the α sources as its root.

The uncertain Multicast becomes the deterministic Multicast when the source set
contains only one element. Thus, the MCF problem is equivalent to constructing an
SMT, which is NP-hard in a general graph. In a general setting, the MCF problem
involves more challenges than the SMT problem due to the flexible usage of multiple
sources.

Theorem 10.1 Given an uncertain Multicast with the source set S and destination
set D in a network G(V, E), the problem of calculating its MCF is NP-Hard.

Proof We prove the NP-hardness of MCF by giving a polynomial-time reduction
from SMT, an NP-hard problem, to MCF. We first consider the SMT problem of an
uncertainMulticast. Itmeans to find an SMT for spanning all destinations and sources
of that uncertainMulticast. Clearly, the optimal solution to this SMT problem cannot
be found within polynomial time. Note that |S|2 source pairs exist in the optimal
SMT, and each source pair is connected by only one path. The path between any two
sources has at least one redundant link. A link is redundant only if each destination
still reaches at least one source after removing that link. For example, links a→b
and s1→a in Fig. 10.1c are redundant. Therefore, the SMT problem of an uncertain
Multicast would be reduced to the MCF problem by removing all redundant links
in the optimal SMT. The process of removing potential redundant links should be
completed within polynomial time. The remaining links in the original optimal SMT
form a forest F , where each destination connects to only one source. Thus, the MCF
problem of an uncertain Multicast is NP-Hard; hence, Theorem 10.1 is proved. �

10.3.3 Mixed Integer Linear Programming

We further present a Mixed Integer Linear Programming (MILP) formulation for the
proposed MCF problem.
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Let Nv denote the set of all neighbor nodes of node v in G, and u is in Nv if eu,v

is an edge from u to v. Let S denote the source set of the uncertain Multicast group,
and D denote the destination set. The output minimal cost forest F needs to ensure
that there is only one path in F from every node d∈D to only one source s∈S. To
achieve this goal, our problem includes the following binary decision variables. Let
binary variable ωd,s denote whether a destination node d selects a source node s as
the root node. That is, there is a path from d to s if ωd,s = 1. In this setting, let binary
variable πd,u,v denote whether edge eu,v is in the path from the destination d to the
source s. Let binary variable εu,v denote whether edge eu,v is in the output forest F .
Intuitively, we should find the path from each destination d to just one source node
s with ωd,s = 1. Thus, every edge eu,v in the path has πd,u,v = 1. The routing of the
resultant forest with εu,v = 1 for every edge eu,v in F can be achieved by the union
of the paths from all destination nodes in D to at least one source node in S.

The objective function of the MCF problem is as follows.

min
∑

eu,v∈E
cu,v × εu,v,

where the weight cu,v denotes the cost of edge eu,v .
To find εu,v , our MILP formulation includes the following constraints, which

explicitly describe the routing principles for the uncertain Multicast.

∑
s∈S

ωd,s = 1,∀d ∈ D (10.1)

∑
v∈Ns

πd,s,v = 1, ωd,s = 1,∀d ∈ D, ∃s ∈ S (10.2)

∑
u∈Nd

πd,u,d = 1, ωd,s = 1,∀d ∈ D, ∃s ∈ S (10.3)

∑
v∈Nu

πd,u,v = ∑
v∈Nu

πd,v,u = 1, ωd,s = 1,

∀d ∈ D, ∃s ∈ S,∀u ∈ V, u �= d, u �= s (10.4)

πd,u,v ≤ εu,v,∀d ∈ D, ∃s ∈ S,∀eu,v ∈ E (10.5)

For each destination node d∈D, the first constraint ensures that there exists only
one source node s∈S such that there exists at least one path from d to s in the output
F . Formulas (10.2), (10.3), and (10.4) impose constraints on finding the path from
every destination d in D to its source s. More precisely, given any destination node
d, s is the source of the path towards d, and Formula (10.2) implies that only one
edge es,v from s to any neighbor node v needs to be selected with πd,s,v = 1. At
the same time, it ensures that there exists only one path from s to d and any pair of
source nodes in the output F is isolated. On the other hand, every destination node d
is the flow destination, and Formula (10.3) ensures that only one edge eu,d from any
neighbor node u to d must be selected with πd,u,d = 1. Furthermore, for any other
node u in G, we can infer from Formula (10.4) that it is either located in the path
from s to d or not. If u locates in the path, u has one incoming flow in the path with
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one binary variable πd,v,u = 1 and one outgoing flow in the path with one binary
variable πd,u,v = 1. Otherwise, πd,v,u as well as πd,u,v are 0. Note that, according to
the objective function,πd,v,u = 1 is set for just one neighbor node v so as tominimize
the cost of output forest F . Formulas (10.5) desires to find the routing of the output
F , i.e., εu,v . More specifically, εu,v must be 1 if edge eu,v is in the path between at
least one pair of source s and destination d, i.e., πd,u,v = 1. The output forest F is
the union of the paths from all destinations to their corresponding sources.

10.4 Efficient Building Methods of MCF

We start with designing a fundamental approximation method, P-MCF, to find the
minimum cost forest and then present a more efficient method, E-MCF.

10.4.1 Primary Approximation Method

As aforementioned, the MCF problem for an uncertain Multicast is NP-hard and
cannot be solved in polynomial time. Thus, we focus on designing efficient methods
to approximate the optimal forest [17] for the uncertain Multicast.

A straightforwardmethod is to treat an uncertainMulticast as a set of deterministic
Multicasts, each with a different source. Accordingly, we select the SMT with the
least cost as the MCF of the uncertain Multicast. This method suffers the complexity
of solving a set of NP-hard SMT problems. Moreover, the MCF involving multiple
sourcesmaycause less total cost than the pickedbest SMT.Thus, previous approaches
for traditionalMulticast remain inapplicable to the proposed uncertainMulticast. For
this reason, we design an approximation MCF method, called P-MCF, as illustrated
in Algorithm 10.1.

Given a network, its undirected graph model is G = (V, E). For an uncertain
Multicast with the source set S and destination set D, we derive the complete graph
G1 = (V1, E1) from the original graph D and two nodes sets, S and D. The node set
V1 is the union of source set S and destination set D. According to the definition of

Algorithm 10.1 P-MCF( )
Require: An undirected graph G = (V, E), the set of destinations D, and the set of sources S.
Ensure: A minimum cost forest F .
1: Construct the complete graph G1 = (V1, E1) from G and two sets, D and S.
2: Find a minimum spanning tree T for the graph G1.
3: Construct the subgraph T1 from T by deleting some edges, if necessary, so as to isolate all source

nodes.
4: Construct the subgraph F of G by replacing each edge in T1 by its corresponding shortest path

in G. Note that those isolated source nodes in T1 are also removed.
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the complete graph, there exists an edge between any pair of nodes in V1. For every
edge {vi , v j } ∈ E1, d({vi , v j }) denotes its cost, i.e., the length of the shortest path
from node vi to node v j in the original graph G. That is, each edge in G1 refers a
shortest path in G.

We then construct a minimum spanning tree T1 for the graph G1 = (V1, E1) such
that any pair of nodes in V1 is connected through only one path in T . Accordingly, any
pair of source nodes in S is also connected in the tree T . However, any two sources
should be separated if they are employed in the MCF, as discussed in the previous
section. For this reason, any pair of connected sources in T need to be separated
by removing the maximum-cost edge along their only path in T . If there are several
such edges in the path, it is reasonable to pick an arbitrary one. The challenging issue
is the processing order of those connected sources in the tree T . Thus, we record
the maximum-cost edge in each pair of connected source nodes’ paths and sort such
edges in the descending order of their costs. We remove the first edge from T and
update the sorted edges. Cutting edges are finished until the updated T1 no longer
contains any connected sources. Finally, we can build an MCF for the uncertain
Multicast by removing those isolated nodes in T1 and replacing each edge in T1 by
its corresponding shortest path in G.

Figure10.2a illustrates an example of uncertainMulticast in a small scale network.
Let S = {s1, s2, s3} be the set of source nodes and D = {1, 2, 3, 4, 5, 6, 7} be the set
of destination nodes. Figure10.2b shows a minimal spanning tree T of the complete
graph consisting of all sources and destinations. Figure10.2c shows the minimum
spanning tree T1 after removing edges {s2, 2} and {s3, 7} from T . Note that we may
remove different edges to ensure that any two sources are disconnected. For example,
it’s reasonable to deleting edges {s1, 6} and {s1, 1}. Figure10.2d shows the resultant
MCF of this uncertain Multicast with 11 links.

Theorem 10.2 Given any uncertain Multicast in a network G, the output MCF of
our P-MCF method obtains an approximation ratio of (2 + ε).

Proof Let a node set P denote the union of the source set S and the destination set D.
Let T (P) denote the generated MCF of the uncertain Multicast through our P-MCF
method. T (P)utilizes less links than theminimumspanning treemst (P), since T (P)

is derived from mst (P) after removing some edges. We can infer that the cost of
T (P) is less than that ofmst (P), i.e., |T (P)|≤|mst (P)|. Let smt (P) denote a Steiner
minimum tree spanning all nodes in P , which uses less links thanmst (P) because of
link aggregation [12]. There exists an Euler tour of smt (P), called TE , which passes
each edge in smt (P) two times. The distance function of the Steiner tree problem
conforms to the triangle inequality. The cost of any Euler tour is less than that of the
related minimum spanning tree. Hence, 2|smt (P)|≥|TE |≥|mst (P)|≥|T (P)| [18].
Let opt be the optimalMCFof the uncertainMulticast. If additionald edges are added
into opt to connect each trees as a new tree T ′, T ′ utilizes number of |opt | + d links,
which is more than smt (P). Thus, we have 2(opt + d) ≥ 2smt (P) ≥ mst (P) ≥
T (P). The approximation ratio of our P-MCF is T (P)

opt ≤ 2 + 2d
opt . Specially, the ratio

of d to opt is ε and is considerably less than 1 in most real networks. Thus, Theorem
10.2 is proved.
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Fig. 10.2 An illustrative example of our P-MCF method

We analyze the time complexity of the P-MCFmethod in the followingway.At the
beginning, number of (|S| + |D|)2 shortest paths have to be calculated for achieving
the complete graphG1. The time complexity of calculating one shortest path isO(V 2)

[18]. Thus, the time complexity of the complete graph is (|S| + |D|)2×|V |2 [19]. The
time complexity of finding the minimal spanning tree T from G1 is O((|S| + |D|)2)
[19]. The time complexity of finding and removing the maximum cost edge in paths
between sources will cost at most O(|S|). Thus, the total time complexity of the
proposed P-MCF method is (|S| + |D|)2×|V |2.
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10.4.2 Enhanced Approximation Method

The P-MCF method performs well in building MCF for uncertain Multicast;
however, it still can be improved and enhanced. In this section,we design an enhanced
approximation method, called E-MCF, to build theMCF for any uncertainMulticast.
The basic idea is originated from the observation about the shared nodes in MCF.
The major difference between the E-MCF and P-MCFmethods is the construction of
the complete graph G1 from G and the uncertain Multicast. The two methods share
the same process after deriving out the complete graph G1.

Definition 10.3 Those nodes, which frequently appear in the shortest paths from
sources to destinations, are called the shared nodes.

In the E-MCF method, the complete graph G1 contains not only nodes in sets
D and S but also some shared nodes. Those shared nodes are helpful to find which
links are more beneficial if they are involved in the constructed minimum spanning
tree T . Without such shared nodes, T usually involves more edges, which cannot be
aggregated along paths from destinations to such sources.

1. Observation of shared nodes

Note that, in the case of the P-MCF method, all nodes in the complete graph G1 are
just those source nodes and destination nodes. Thus, it’s hard to distinguish which
edges/paths in G1 are more possible to aggregate if they appear in the minimum
spanning tree T . We find that if some shared nodes are appended into the complete
graphG1, the formedminimal spanning tree and finalMCF are dramatically changed
since more paths can be aggregated. As a result, the total transmission cost of an
uncertain Multicast can be considerably reduced.

For example, as shown in Fig. 10.3, we add shared nodes f and c into G1.
Figure10.3a reports the resultant minimum spanning tree of G1, which differs with
the tree in Fig. 10.2b apparently. The three sources are connected in this minimum
spanning tree. After removing partial links to isolate the three sources, we get the

Fig. 10.3 An illustrative example of E-MCF method
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new structure shown in Fig. 10.3b. Clearly, more links aggregate at some nodes.
Figure10.3c shows the final MCF getting by replacing each edge with the corre-
sponding shortest path in G. This MCF for the same uncertain Multicast is of cost
9, which is much less than that of formed MCF in Fig. 10.2d.

Accordingly, we aim to introduce some shared nodes into the complete graph G1.
Thus, more edges with high aggregation probability will be added into the complete
graph. Finally, the output MCF can save more links and reduce its total cost.

2. Identification of shared nodes

Asmentioned above, shared nodes play a very important role in our E-MCF building
method. However, it is unknown how to identify potentially shared nodes for an
uncertain Multicast in the graph G. For this reason, we propose Algorithm 10.2 as
follows.

In Algorithm 10.2, the function Shortest Path calculates the shortest path
between any two nodes. Note that the shortest paths from destinations to sources
or those among destinations are involved, but that among sources are not involved
since all sources will be finally disconnected. Accordingly, we extract intermediate
nodes in each shortest path and count the times it is shared with other shortest paths
via the function I ntermediateNode. The function I sConnected(u, v) is used to
judge whether node u is connected with node v. An intermediate node is marked as a
shared node if its counted frequency in the above process exceeds a preset threshold.
This chapter sets this threshold as 3, while the more scientific and reasonable thresh-
old is related to the specific configuration of the network and uncertain Multicast.

Algorithm 10.2 Identification of shared nodes
Require: An undirected graph G = (V, E), the set of destinations D, and the set of sources S.
Ensure: A set of shared nodes P ′.
1: P ′ ← ø,L ← ø;
2: for ∀si ∈ S and ∀d j ∈ D do
3: L ← Shortest Path(si , d j )

4: for ∀di ∈ D and ∀d j ∈ D and di �= d j do
5: L ← Shortest Path(di , d j )

6: for ∀li ∈ L do
7: Candidate ← I ntermediateNode(li )
8: for ∀u ∈ Candidate do
9: Numberof Neighbor ← 0
10: for ∀v ∈ Candidate, u �= v do
11: if I sConnected(u, v) then
12: Numberof Neighbor ← Numberof Neighbor + 1
13: if Numberof Neighbor > 3 then
14: P ′ ← u

As an example, we compare Fig. 10.2b with Fig. 10.3a. It is clear that nodes f
and c are two branching points; hence, they are more possible to aggregate edges
if they are included in the complete graph G1. We can see shared nodes should be
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connected to many other nodes such that flow from such nodes will be immediately
aggregated at a shared node.

3. Analysis of E-MCF

The major difference between P-MCF and E-MCF is the design of the com-
plete graph G1. As shown in Fig. 10.3, such a novel design is very effective to
reduce the transmission cost of the same uncertain Multicast. Figure10.3a shows
the minimum spanning tree T of the new complete graph G1 with the node
set {1, 2, 3, 4, 5, 6, 7, s1, s2, s3, f, c}. Notably, two shared nodes f and c are also
included in G1. To disconnect each pair of sources, two edges {c, 4} and {s3, 7} are
removed from T , and the resulted T1 is shown in Fig. 10.3b. After replacing each
edge in T1 with the corresponding shortest path in G, we achieve the output MCF of
cost 9, as shown in Fig. 10.3c.

Theorem 10.3 Given any uncertain Multicast in a network G = (V, E), E-MCF is
more effective than P-MCF.

Proof Recall that the P-MCF method first constructs the complete graph G1 of all
members of the uncertain Multicast and then derives a minimum spanning tree T1
from G1. We collect all intermediate nodes located on the shortest paths. The most
frequent intermediate nodes among all shortest paths are selected as shared nodes. In
the E-MCFmethod, those shared nodes will be added into G1. Thus, a new complete
graph G2 and a minimum spanning tree T2 are achieved. We will prove that T2 might
exhibit less total weight than T1 due to the introduction of those shared nodes.

If adding a shared node v, some edges in T1 might change according to two
situations as follows. For each node u in T1, T2 will consider whether the new edge
eu,v should be adopted.

1. For an edge eu,w in T1, if the related shortest path in G traverses the shared node
v, T2 prefers to replace the edge eu,w with edges eu,v and ev,w. This will not
increase the total weight of T2 since the weight of eu,w is equal to that of eu,v

plus that of ev,w. If other edges of node u in T1, such as eu,w1 and eu,w2 , exhibit
the same property of eu,w, T2 will update edge eu,w1 with edges eu,v and ev,w1 ,
and update eu,w2 with edges eu,v and ev,w2 . Thus, the common edge eu,v is shared
repeatedly and can be aggregated. This fact will reduce the total weight of T2.

2. Otherwise, let eu,w be the edge with the highest weight among all adjacent edges
of u in T1. If edge eu,w has higher weight than edge eu,v , T2 will adopt edge eu,v

rather than edge eu,w. The total weight of T2 will be decreased by the weight of
eu,w minus that of eu,v . On the contrary, if the weight of edge eu,w is less than
that of eu,v , T2 still utilizes edge eu,w even a shared node v is used.

In summary, the total weight of T2 from E-MCF is less than that of T1 from
P-MCF. We have proved that P-MCF is (2 + ε)-approximation in Theorem 10.2.
Thus, E-MCF will achieve a better approximation ratio than P-MCF.

We analyze the time complexity of the E-MCF method in the following way. In
the beginning, we need to calculate (|S| · |D| + |D|·|D−1|

2 ) shortest paths from all des-
tinations to all sources and among destinations. The time complexity of calculating
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one shortest path is O(|V |2) [18]; hence, the time complexity of finding the complete
graph is O((|S| · |D| + |D|·|D−1|

2 ) × |V |2). The time complexity of finding all shared
nodes is O(|V |). The time complexity of forming the minimum spanning tree T
from G1 is O(|S| + |D| + |SharedNode|2), where |SharedNode| is the number
of shared nodes. At last, removing some edges needs discovering the highest-weight
edge in the path between any two sources in T . If each edge in T is checked, its
complexity is O(|S| + |D| + |SharedNode| − 1). In total, the complexity of our
E-MCF method is O((|S| · |D| + |D|·|D−1|

2 ) × |V |2).

10.5 Performance Evaluation

We start with the implementationmethod of uncertainMulticast in real networks.We
then evaluate the performance of uncertain Multicast based on small-scale experi-
ments. Finally, we conduct large-scale simulations to evaluate the uncertainMulticast
under different network settings.

10.5.1 Implementation of the Uncertain Multicast in SDN
Testbed

We execute the SMT method for traditional Multicast and our methods for uncer-
tain Multicast in a real SDN network. 16 OpenFlow switches and the widely used
controller RYU are adopted. We report the data plane and the control plane of our
testbed as follows.

(1) Data Plane. Our testbed includes 16 ONetSwitch20 Openflow switches [20],
each of which has four 1Gb data ports and one 1G management port. Each
ONetSwitch20 switch consists of the Zynq SoC and other components so as to
implement a line-rate packet switching. We select ONetSwitch20 as our data
plane since it can flexibly support the management and customization of the
flow table. Such ONetSwitch20 switches are connected randomly, and the avail-
able data ports of each switch are reserved for connecting computing nodes.
Figure10.2a plots the topology of our testbed, where all computing nodes are
omitted. In this section, we vary the number of source and destination nodes,
which connect to different switches.Whenwemention the source and destination
nodes of a Multicast or an uncertain Multicast, we just replace each Multicast
member with the related switch it appends in this section.

(2) Control Plane.Wedeploy theRYUcontroller [21] in the testbed since it is flexible
to support our evaluation. We realize three Multicast applications, including the
SMT, P-MCF, and E-MCF, on the RYU controller. The first task of the control
plane is to generate and maintain the SMT for any given Multicast and the MCF
for any given uncertain Multicast. The second task is to deploy the generated
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Table 10.1 Multicast flow entry

Match Actions

Multicast address Output:port 1

Output:port 2

SMT and MCF into the physical SDN network, according to the Openflow
specification [22]. The packet forwarding procedure should be transparent such
that switches need not know whether a packet belongs to a Multicast session or
not. One simple method is to configure special addresses for Multicast sessions
and configure Multicast flow entries, each of which consists of a set of output
instructions. Once a Multicast flow entry in an involved switch matches packets
with the address, the packet will be replicated and forwarded out from a given
set of ports. Our flow table is shown in Table10.1.

10.5.2 Evaluation Based on Small-Scale Experiments

In this section, we evaluate not only our P-MCF and E-MCF methods for uncertain
Multicast but also the widely used SMT method on our testbed, whose topology
is shown in Fig. 10.2a. The testbed keeps the topology unchanged but changes the
configurations of uncertain Multicasts.

Given each setting of an uncertain Multicast, we first construct the desired forest
using our P-MCF and E-MCF methods. At the same time, we derive a single-source
Multicast by randomly picking a source from all potential sources. The SMTmethod
establishes theminimum-cost tree for spanning the picked source and all destinations.
We evaluate the resultant SMT or MCF using two performance metrics for any
uncertainMulticast, including the total number of links and the flow completion time
(FCT). The longest, shortest, and average FCT indicates the maximum, minimum,
and average completion time among all flows in an uncertain Multicast, respectively.
Note that each source delivers 10MB of data towards related destinations.

1. Impact of the number of sources

We randomly fix 7 destination nodes while varying the number of sources from 2 to
6. Figure10.4 reports the evaluation results about the three methods in terms of four
metrics under the varied number of sources.

Figure10.4a indicates that E-MCF always incurs a lower cost than the SMTwhen
the number of sources increases from 2 to 6. This evidence proves the feasibility
and effectiveness of the proposed uncertain Multicast in this chapter. Such benefit is
more notable when an increasing number of sources are utilized. Additionally, the
E-MCF also outperforms the P-MCF, irrespective of the number of sources.
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Fig. 10.4 Impact on total link cost and FCTs of uncertain Multicast when varying the numbers of
sources from 2 to 6 in the testbed, while 7 destinations are fixed

Figure10.4b, c show that the E-MCF and P-MCF of the uncertain Multicast out-
perform the SMT of the traditional Multicast in terms of the shortest and the average
FCTs. Additionally, we find that the shortest and the average FCTs of P-MCF are
less than that of E-MCF. The reason is that the P-MCF prefers to use the shortest
path; hence, it contains the most amount of shortest paths from destinations to their
nearest sources among three building algorithms. The longest FCT records the time
duration until the last destination receives the data from sources; hence, it dominates
the users’ experience of the Multicast routing. In our small-scale testbed, the three
methods exhibit the similar value of the longest FCT, as shown in Fig. 10.4d.

For the traditional SMT method, no matter an uncertain Multicast contains how
many sources we consider a dedicatedMulticast with one given source. Accordingly,
the four performance metrics of the resultant SMT do not change with the increasing
number of sources. When an uncertainMulticast employs more sources, E-MCF and
P-MCF perform better than the SMT. The E-MCF is the desired one among the three
methods since it incurs the least cost and lowers FCT.
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Fig. 10.5 Impact on total link cost and FCTs of uncertain multicast with varied number of desti-
nations in the testbed, while two source nodes are fixed

2. Impact of the number of destinations

To evaluate the impact of the number of destinations, we randomly fix two source
nodes and vary the number of destinations from 3 to 9. For the traditional SMT
method, one source is randomly selected. Figure10.5 reports the results about the
three methods in terms of four metrics under the varied number of destination nodes.

Figure10.5a shows that the total cost of the three methods increases along with
increasing destinations. However, E-MCF and P-MCF always incur lower costs than
SMT. Figure10.5b, c, d report the shortest, average, and the largest FCTs under varied
Multicastmethods.We can see that the P-MCFmethod achieves the best performance
in terms of the three FCT metrics, irrespective of the number of destinations. On the
other hand, the E-MCF method incurs the lowest cost among the three methods, as
shown in Fig. 10.5a, and achieves acceptable FCTs.
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10.5.3 Evaluation Based on Large-Scale Simulations

Considering the limitations of the testbed scale, we carry out large-scale simulations
to evaluate the performance of the threemethods. Large-scale simulations differ from
small-scale experiments in network topology, parameter configurations of uncertain
Multicast, and evaluationmetrics.More precisely, we conduct simulations in random
networks, regular networks, and scale-free networks.

1. Simulation settings of large-scale networks

The above small-scale experimental results have demonstrated the benefits of our
uncertain Multicast and proved that the E-MCF achieves the best performance than
P-MCF and SMT. It is necessary to evaluate the performance of our methods under
large-scale networks, where the uncertain Multicast involves more sources and des-
tinations. Thus, we further conduct large-scale simulations under two performance
metrics. They are the total link cost and the longest hop delay of each resultant
Multicast routing structure. We use the largest hop length between destinations and
sources to refer to the longest hop delay to ease the presentation.

Among the three networks, the regular network has the property that all nodes
have the same degree. In the case of each network topology, we change the network
scale from 1200 switches to 2800 switches, the number of sources from 3 to 21,
and the number of destinations from 500 to 1000. The resultant network consists of
4800–10,000 hosts if each switch connects with four hosts. The two metrics are the
total link cost and the longest hop delay between source and destination.

2. Evaluation under random networks

Wefirstmeasure the performance of E-MCF, P-MCF, and SMT in large-scale random
networks. We start with uncertain Multicasts with 10 sources and 300 destinations
in varied scale random networks. Then the methods are evaluated under the case that
the number of sources and destinations are varied.

Impact of the network scale. Figure10.6 reports the evaluation results of the
three methods when the number of switches increases in a random network. We can
infer from Fig. 10.6a that the SMT of traditional Multicast causes the largest link
cost among the three methods. The benefits of our P-MCF and E-MCF methods for
the uncertain Multicast are more noticeable when the network scale becomes 2800.
More precisely, our E-MCF method can save the total cost of traditional SMT by
39.23%. Figure10.6b shows that our P-MCF is the best one among three methods in
terms of the longest hop delay since any destination just selects the shortest path to
its nearest source.

Although the P-MCF outperforms the E-MCF in terms of the longest hop delay,
the E-MCF and SMT always occupy the least andmost number of links, respectively.
In summary, our E-MCFmethod always incurs the least cost than others, irrespective
of the network scale.

Impact of the number of sources. In a random network with 2000 switches,
we fix 300 destinations for an uncertain Multicast. As shown in Fig. 10.7a, with the
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Fig. 10.6 Impact of varied number of switches on twometrics of uncertain multicast under random
networks
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Fig. 10.7 Impact of varied number of sources on two metrics of uncertain multicast under random
networks

increasing number of sources, the number of links based on the traditional SMT
remains relatively stable because it just randomly utilizes one given source. Mean-
while, the E-MCF always incurs fewer links than the P-MCF and the SMT. Addi-
tionally, newly added sources will not considerably reduce the link costs when the
number of sources increasing from 3 to 21. We can see from the evaluation results
that three data copies (three sources) are somehow efficient and sufficient for uncer-
tain Multicast in practice. Figure10.7b shows that the P-MCF causes the least hop
delay than the other two methods. It means that destinations can early receive data
from sources in P-MCF than in E-MCF. In conclusion, E-MCF can not only reduce
the hop delay of the SMT but also cause the least link cost among the three methods.

Impact of the number of destinations. In a random network with 2000 switches,
we fix 10 sources for an uncertainMulticast. Figure10.8 indicates that the addition of
more destinationswill naturally increase the link cost and the longest hop delay under
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Fig. 10.8 Impact of varied number of destinations on two metrics of uncertain multicast under
random networks

the three Multicast methods. Additionally, our two methods P-MCF and E-MCF,
always outperform the traditional SMT method in terms of the two performance
metrics. In summary, our E-MCF causes the lowest link cost while achieves the
acceptable hop delay.

3. Evaluation under regular networks

To prove the effectiveness of uncertain Multicast in networks except for random
networks, we evaluate the performance of the threemethods in regular networks. The
regular networks contain 1200–2800 switches. Under each set of network scale, we
set the uncertain Multicast with 10 sources and 300 destinations. We then construct
routing structures with P-MCF, E-MCF, and the traditional SMT, respectively. As
shown in Fig. 10.9a, it is clear that the total link cost caused by the three methods
increases along with the increasing network scale. Additionally, the E-MCF and P-
MCF always cause less cost than the traditional SMT, irrespective of the network
scale. Note that our E-MCF is the best one among those methods in terms of the total
link cost.

Then, we select 300 destinations in a regular network with 2000 switches. In this
setting, we change the number of sources from 3 to 21 and evaluate the performance
of uncertain Multicast. We can see from Fig. 10.9b that the E-MCF with multiple
sources is obviously better than the traditional SMTwith only one source. The impact
of more sources on the total link cost becomes weak when the number of sources
exceeds 3. That is, the total link cost in the E-MCF slowly decreaseswhen the number
of sources increases. In this evaluation set, the E-MCF still occupies fewer links than
the P-MCF and the traditional SMT.

Finally, we select 10 sources under the regular network, which includes 2000
switches. The number of destinations for uncertain Multicast changes from 500 to
1000. Figure10.9c reports the evaluation results of three methods under the varied
number of destinations. Similarly, our E-MCF always uses fewer links than the other
two methods, irrespective of the number of destinations.
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Fig. 10.9 The changing trends of the link cost under different environments in regular networks
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Fig. 10.10 The changing trends of the link cost under different environments in scale-free networks

4. Evaluation under scale-free networks

The Internet’s topology conforms to scale-free networks to some extent. Thus, we
further conduct simulations under scale-free networks in this section, evaluating the
performance of the three methods for the same uncertain Multicast.

Firstly, we construct scale-free networks with different scales. The number of
switches increases from 1200 to 2800. We randomly choose 10 sources and 300
destinations under each set of network scale. We then record the total link cost of our
P-MCF, E-MCF, and the traditional SMT. As shown in Fig. 10.10a, it is clear that the
total link cost of each method grows up along with the increasing network scale. It’s
noteworthy that the link cost of the SMT increases rapidly because it always utilizes
a single source. With the SMT method, 800 links are occupied when the network
involves 2800 switches. The increased link cost for our E-MCF and P-MCF is slow.
It is clear that our E-MCF incurs the least number of links.

Secondly, in a scale-free network with 2000 switches and 300 destinations, we
change the number of sources from 3 to 21. We can see from Fig. 10.10b that the
SMT Multicast is not affected by the number of sources. The link cost of E-MCF
and P-MCF becomes less when the number of available sources increases, and the E-
MCF method can always incur the least number of links than the other two methods.
Additionally, the impact of more sources on the E-MCF and P-MCF becomes weak
when the number of sources exceeds 3.

Finally, in order to evaluate the impact of the number of destinations, we ran-
domly choose 10 nodes as sources under scale-free networks with 2000 switches.
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The number of destinations changes from 500 to 1000. As shown in Fig. 10.10c,
three Multicasts need more links owing to the increase of receivers, and the E-MCF
Multicast always occupies fewer links than the other two algorithms.

In conclusion, the P-MCF and E-MCF methods are adaptive to different network
topologies, including random networks, regular networks, and scale-free networks,
since they significantly reduce the link cost of uncertain Multicast. Additionally, the
E-MCFmethod always incurs fewer links than the P-MCFmethod and the traditional
SMT method, irrespective of the network topology, the network scale, the number
of sources, and the number of destinations.
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