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This is the "Software & Theoretical Computer Science" issue of Communications of HUAWEI RESEARCH. Software is the core 

infrastructure of the digital world and is changing the digital world and physical world. To embrace the digital world, many modern 
enterprises and even countries are making relentless efforts in building basic software capabilities, in pursuit of breakthroughs in 
core software technologies.

In contrast to physical objects, software is a logical entity that is invisible and intangible. It is also probably the most complicated 
system designed by humans, as large software systems can have millions of lines of code. The development of software follows 
its unique rule. There is no silver bullet that solves all problems. Software includes basic software, application software, and utility 
software, and is oriented to smart devices, embedded devices, cloud, enterprise IT, and many other industries. Software development 
for different industries varies, and the ecosystem and requirements are also different. The life cycle and supply chain management 
of software is unique. To develop good software, we need to study and apply the continuously evolving theories and processes of 
software development.

Huawei is continuously investing in software and related theoretical research. Huawei has built its competence in various industries, 
including device, connection, computing, cloud, and intelligent driving, and is continuously improving software engineering and 
trustworthiness capabilities through trustworthiness and software engineering capability transformation. In addition, Huawei has 
established two ecosystems based on EulerOS and HarmonyOS, which facilitate the construction of open source communities such 
as openEuler, openGauss, MindSpore and OpenHarmony.

This issue of Communications of HUAWEI RESEARCH summarizes Huawei experts' opinions and latest achievements in basic 

software, software theories, and open source community construction.

In the basic software part, Operating System Evolution: History, Status Quo, and Prospect looks into the development, opportunities, 

and challenges of operating systems from the perspectives of industry evolution and hardware evolution, while also introducing the 
practices of openEuler and OpenHarmony in light of the technology evolution. GaussDB Kernel is a distributed database platform 
for enterprises developed by Gauss Dept of Central Software Research Institute. The paper GaussDB: Cloud-Native Distributed 

Database describes the architecture and key features of GaussDB Kernel. Open Source Ecosystem of AI Systems: Experience on 

MindSpore introduces the architecture and core technologies of the deep learning framework MindSpore, and elaborates on the 

practices in the ecosystem of AI systems. Following the summary and analysis of the technology evolution of compilers, Huawei 

BiSheng Compiler Innovations and Practices illustrates the technical innovation and practices of Huawei BiSheng compiler, analyzes 

its core features, and proposes the direction for evolution and innovation.

In the theoretical computer science part, Recent Advances in Online Matching takes you through the latest achievements in 

online matching. Learning Augmented Algorithm Design for Combinatorial Optimization  presents the research progress in 

using AI technologies to solve combinatorial optimization problems. Solvers are a very important type of utility software, and 
lay the foundation for industry software. Combining Random Walk with a Fitness Function for Boolean Satisability  introduces 

the breakthrough of applying random walk in SAT solvers. Domain Theory sets the mathematical foundation for programming 
languages and their analyzers. Domain Theory Meets Interaction reviews the development of Domain Theory from 1960s and 

explains how it is used to describe interaction and concurrency with the evolution of programming models.

"Software is eating the world, and open source is eating software." Formulation of Open Source Strategies and Measurement of 

Community Building shows how enterprises can take advantage of open source opportunities to develop the ecosystem economy 

and promote industry digital transformation from the aspects of open source strategy formulation and open source community 
construction of enterprises.

There are many excellent papers in this issue. They focus on key challenges in the software industry, and are in line with industry 
trends. We hope this issue will make for an inspiring read. Your comments and suggestions are most welcome.

Haibo Chen
Huawei's Chief Scientist for Basic Software

Pinyan Lu
Huawei's Chief Scientist for Theoretical Computer Science

Editorial Note
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Operating systems (OSs) serve upper-layer applications, manage and expose lower-layer hardware capabilities, and enable 
hardware and application ecosystems. This paper analyzes the development, innovation opportunities, and technical 
challenges of OSs from two dimensions: industry application evolution and hardware evolution. This paper also elaborates 
on some practices of openEuler and OpenHarmony.

Keywords

OS, openEuler, OpenHarmony

Abstract

Haibo Chen 1, Zhiyang Qian 1, Ning Jia 1, Xinwei Hu 1, Yi Li 2

1 Central Software Institute
2 Consumer BG Software Engineering Dept

Operating System Evolution: 
History, Status Quo, and Prospect



Communications of HUAWEI RESEARCH | 02 December 2022

1 Introduction

An operating system (OS) is defined as "a kind of system 
software that manages hardware resources, controls 
program running, improves the man-machine interface, and 
provides support for application software" in Encyclopedia 
of Computer Science and Technology (Third Edition) [1]. 
Since the first OS was developed, both the connotation and 
denotation of OSs have been continuously expanding. An 
early OS contained only the OS kernel and original Shell 
(e.g., command line terminal). In comparison, a modern OS 
supports more functions, such as OS services that extend 
OS kernel management and abstract hardware resources, 
and an application framework that creates an execution 
environment for applications and manages application 
execution, as shown in Figure 1.

An OS acts as an intermediary between applications 
and hardware. It provides runtime and development 
environment services for applications, and serves as the 

OS

Applications

System services

Kernel

Chip and hardware

Cloud services

Application framework

Figure 1 Positioning of the OS in the entire computing system

Figure 2 Symbiotic development history of OSs and industry applications
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portal for application ecosystems and cloud services in 
certain scenarios. In addition, an OS efficiently and securely 
manages hardware, maximizes the potential of hardware, 
and enables hardware ecosystems.

In this paper, we will start by reviewing the development 
of OSs from two dimensions: industry application evolution 
and hardware evolution. Then, we will discuss the prospect 
of OS innovations driven by application scenarios and 
that driven by hardware. Finally, we will introduce some 
innovative practices of openEuler and OpenHarmony.

2 OSs in Industry Evolution

2.1 Birth and Development of OSs 
with Industry Waves

Historically, notable OSs were born and developed along 
with industry waves and promoted industry advancement, 
as shown in Figure 2.

In early computers, software and hardware were deeply 
coupled, resulting in highly specialized and inefficient 
application program development. The requirements for 
facilitating computer use and computer-based application 
development directly promoted the birth of programming 
languages and OSs, and the continuous decoupling of 
software and hardware.

The GM-NAA I/O system [2] developed in 1956 was 
considered the prototype of modern OSs. It was essentially 
an input and output management system. It was not 
until the 1960s that a real OS was developed. Before that, 
the software and hardware of a mainframe were deeply 
coupled. It took years to develop and launch software 
that matched already-developed hardware, slowing down 
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the go-to-market pace of the entire system. OS/360 [3], 
announced by IBM in 1964, was the first OS to decouple 
software from hardware. The complex R&D process of 
this OS inspired the creation of the pioneering book The 
Mythical Man-Month: Essays on Software Engineering [4], 
which is still relevant even today in helping us understand 
the complexity involved in software. In 1969, Ken Thompson 
and Dennis Ritchie at Bell Labs, considering the Multiplexed 
Information and Computing Service (Multics) [5] OS they 
were working on too complex, simplified its design concept 
and developed the Unix OS (originally called Unics, where 
Uniplexed replaced Multiplexed in Multics) [6]. Based on 
the concept of Unix, a series of OSs, including Linux, were 
developed subsequently.

The OSs launched in the 1980s promoted the evolution 
from midrange computers to PCs and embedded systems. 
For example, QNX [7], which was developed in 1982, has 
been widely applied in embedded systems, and is currently 
used extensively in the intelligent vehicle field. VxWorks [8], 
also developed in 1982, is popular in embedded systems 
and industrial scenarios. Since its birth more than three 
decades ago, Windows has promoted the development of 
PCs and dominated the markets of PCs and PC servers. In 
addition, the Linux system — developed in 1991 — has 
driven the development of PC servers and cloud computing.

The emergence of mobile OSs (e.g., iOS and Android) has 
promoted mobile devices such as cell phones to evolve from 

feature phones to smart phones. iOS and Android have 

become the de facto OSs in the mobile internet era.

In the era of intelligent connection of everything, with 

the gradual convergence of information technology 

(IT), communication technology (CT), and operational 

technology (OT), and the development of technologies 

such as artificial intelligence (AI) and 5G, OSs will face new 

opportunities and challenges.

2.2 Success Factors of OSs Have Kept 
Evolving with the Industry

The value and success factors of OSs have continued 

to evolve. The positioning of OSs has gone through the 

following four phases: as an accessory of hardware, as an 

independent software product, as a portal for ecosystems 

and cloud services, and as an intelligence enabler for 

various industries (see Figure 3).

Early OSs (IBM OS/360, early Unix, etc.) served as an 

accessory of hardware, and therefore their value depended 

on the value of hardware. For example, IBM OS/360 

exhibited its value as an accessory of IBM mainframes. 

At that time, the performance of hardware devices was 

severely constrained, making performance the key success 

factor of OSs in this phase.

Figure 3 Evolution of the value and success factors of OSs
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Since the 1980s, OSs have gradually become an independent 
software product. Windows is a typical example in this 
phase. Software providers can gain significant value 
by selling software licenses, because software is highly 
reproducible. This is why Microsoft has been one of the 
world's most valuable IT companies for so long. In this 
phase, generality was the key success factor of OSs. The 
compatibility of Windows with different types of devices 
and applications promoted the development of OSs in the 
PC era.

Since 2000, the business model of OSs has gradually 
evolved to provide a portal for ecosystems and cloud 
services. Apple's iOS, iCloud, and App Store combination 
and Google's Android, GMS, and Google Play combination 
are two typical examples. An ecosystem portal and cloud 
connection form a powerful ecosystem. The main success 
factor is ecosystem stickiness.

In the future, digital will be brought to every person, home, 
and organization for a fully connected, intelligent world. 
The key to achieving this vision is to enable intelligence for 
various industries — the core success factors of OSs are 
flexibility and intelligence.

Note that the preceding four modes that emerged in the 
four phases are not substitutes for each other. Instead, they 
will all continue to evolve, and the early phases will remain 
in place for a long time. In the future, we will see the four 
modes coexist. For example, OSs will continue to support 

Figure 4 New missions of human-machine-material convergence and cloud-network-edge-device synergy [9]

the competitiveness of device products. The pattern in which 
OSs function as the portal for ecosystems and cloud services 
is thriving. In addition, the industry is actively exploring how 
to enable intelligence for various industries.

Device, IT, and CT technologies have gradually been 
converged to enable intelligence for various industries. To 
some extent, OSs will take on the new missions of human-
machine-material convergence and cloud-network-edge-
device synergy in the future, as shown in Figure 4. Faced 
with static, isolated network domains with secure physical 
resources in closed scenarios, OSs are static, closed, and 
restricted systems. In such scenarios, small-scale sampling 
data analysis is applicable. However, in scenarios oriented 
to various industries, OSs need to evolve toward being 
dynamic, open, and scalable. In such scenarios, full-sample 
large-scale data analysis is applicable, and the security of 

virtual resources needs more attention [9].

3 Prospect of Business Scenario-
driven OS Innovations

3.1 Paradox of Classis Insecta Calls 
for OSKA Architecture Innovations

Intelligent connection of everything brings numerous 
changes. One notable change is that products and 
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material 

convergence 
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Small-scale sampling data analysis
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Physical resource security

Dynamic, open, and scalable system
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application scenarios will evolve and hybridize explosively. 

When a traditional device is hybridized and integrated 

with other devices, new hardware forms that have higher 

added value than the original hardware may emerge, as 

shown in Figure 5.

Paradox of Classis Insecta is a vivid metaphor put forward 

by Ken Sakamura, a professor at Tokyo University, to 

describe the contradiction between individuality and 

generality. The more than 5000 species of mammals on 

Earth can be compared to traditional devices such as 

servers, PCs, and mobile phones, while the more than 1 

million species of insects can be compared to a variety of 

devices in the era of intelligent connection of everything. 

On the one hand, the cumulative value brought by a larger 

number of devices for intelligent connection of everything 

may exceed that brought by PCs and mobile phones. On 

the other hand, costs cannot be significantly cut due to the 

lack of hardware, software, and applications that can be 

replicated in large quantities, making it difficult to expand 

the market.

The continuous innovation of hardware forms in the 

era of intelligent connection of everything brings the 

Paradox of Classis Insecta challenge to OSs. Addressing the 

differences in resource size, function, performance, security, 

and ecosystem across a plethora of different scenarios is 

therefore an urgent requirement. OSs must implement 

component-based decoupling and on-demand combination 

to ensure architecture consistency and facilitate unified 

maintenance. Flexible combination can also be used to 

resolve a number of individual problems. We refer to the OS 
architecture that meets such design intent as the "One OS 
Kit for All (OSKA) architecture".

The goal of the OSKA architecture is OSKA. Specifically, 
we intend to build an OS capability set (OS Kit) that can 
be flexibly assembled, instead of a rigid one. Based on 
a highly elastic architecture, the capabilities in the OS 
Kit are combined into scenario-specific OSs that meet 
the requirements of various industry scenarios, thereby 
alleviating the Paradox of Classis Insecta challenge.

3.2 New Computing Forms Call for 
Innovative Computing Abstraction 
of OSs

Figure 6 shows the history of two mainstream computing 
abstractions: virtualization and containerization. 

Host

1960s

1980s

2000s

2020s

Figure 5 Explosive evolution and hybridization of hardware forms

Figure 6 Evolution of runtime abstraction in OSs
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Figure 7 Differences between reductionism and holism [9]

Virtualization emerged in the 1970s. While IBM OS/370 was 
the first OS to provide virtualization capabilities, VMware 
— founded in 1998 — ushered in the era of PC server 
virtualization. Containerization began to take shape in the 
1970s. For example, Unix V7, which was released in 1979, 
provided an early isolation environment. Following that, 
the industry-leading Linux container (LXC) and Docker 
emerged in 2008 and 2013, respectively. To some extent, 
both virtualization and containerization enabled the cloud 
computing revolution.

However, with the rise of function computing and edge 
computing, the limitations of computing abstractions such 
as virtual machines (VMs) and containers have become 
more noticeable. Take function computing as an example. 
New requirements for the runtime environment are 
becoming increasingly prominent, including but not limited 
to the following:

• 75% of function computing has a maximum execution 
time of only 10 seconds, and the runtime environment 
is expected to be extremely lightweight and have an 
ultra-short life cycle.

• 81% of function computing features low-frequency 
invoking (less than once per minute on average), and 
requires the resident memory to be reduced more 
efficiently to improve resource utilization.

• Traditional branch prediction has a high error rate when 
dealing with short functions, and therefore a more 
effective new scheduling mechanism is required.

• More open scenarios pose higher requirements for 
security isolation [10].

These new requirements for OSs differ greatly from the 
requirements for traditional OSs. The VM- and container-based 
abstraction features slow startup and increase runtime 
system overhead, and the security isolation capability needs 
to be improved. These requirements of new computing 
forms demand new runtime abstraction in the OS field.

3.3 Contradiction Between System 
Complexity and Agility Has Promoted 
the Emergence of Learned Systems

The contradiction between system complexity and agility has 
spawned the learned system, which is a combination of AI 
technologies and systems. A closed system uses a stable, closed 
OS with definite results. In such an OS, the whole is equal to the 
sum of its parts, and therefore experience-based optimization 

Stable and 
closed system

The whole is 
equal to the 
sum of parts.

Result 
certainty

Open and 
growing 

complex system

The whole is 
greater than the 

sum of parts.

Correlation 
evolution

Reductionism Holism

There are many OS parameters and both the service load 

and system status constantly change. As such, how to 

implement automatic optimization and O&M is a common 

challenge in the industry and a research hotspot in 

academia. In recent years, academia has made progress in 

this field. Such progress includes learning-based OS [11], 

learning-based extensible indexing [12], learning-based 

caching [13], and learning-based concurrency control [14].

4 Prospect of Hardware-driven OS 
Innovations

4.1 Heterogeneous Many-Core 
SoCs, XPU Collaboration, and New 
Computing Architectures Need New 
Computing Paradigms

From the perspective of computing power, OSs need to 

collaborate with and promote the evolution of computing 

is applicable. However, for an open, growing, and complex 
system, the whole of the system may be greater than the 
sum of its parts, and the system continuously evolves. 
Therefore, learning is more suitable for improving system 
efficiency [9]. Figure 7 illustrates the two kinds of systems. 
However, to use machine learning or AI to solve system 
problems, we need to consider how to effectively integrate 
machine learning with traditional experience-based or 
system design-based methods to bring the advantages of 
learned systems into full play.
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• Heterogeneous many-core SoCs: CPUs have evolved 
from single-core CPUs to multi-core CPUs, and then 
to the current many-core SoCs. In server scenarios, 
hundreds or even thousands of CPU cores are 
available. In addition, the big.LITTLE architecture and 
heterogeneous cores, which used to be applied to 
terminal devices such as mobile phones, are now also 
applied to PCs (e.g., Apple has used its M1 chip in 
desktops, notebooks, and tablets) and may even be 
utilized on servers in the future. Many challenging topics 
centered on heterogeneous many-core SoCs need to 
be researched, including but not limited to: combining 
massive scalable synchronization primitives [15], 
improving the reliability and scalability of synchronization 
primitives to reliably release concurrent computing power 
[16], non-uniform memory access (NUMA)+asymmetric 
multiprocessing (AMP) architecture awareness, and 
transient thread migration.

• XPU computing collaboration in Domain-Specific 
Architecture (DSA): Breakthroughs need to be made 
in efficient collaboration among XPUs (CPU, GPU, NPU, 
DPU, etc.) to enable OSs to evolve from individual 
OSs to a set of collaborative OSs on the SoC, thereby 
maximizing the overall energy efficiency of the SoC.

Figure 8 Computing power evolution

Figure 9 New media are converging memory and storage

Figure 10 Performance and scalability of interconnection technologies
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• Exploration of new computing architectures: The 
disadvantages of DSA have gradually become apparent. 
For example, vendors need to maintain multiple 
hardware architectures, overlapping functions result in 
waste, software stacks are difficult to share, and inter-
XPU coordination and scheduling efficiency cannot 
be improved significantly. Makimoto's Wave [17] 
holds that the semiconductor industry changes the 
direction between customization and standardization 
roughly every ten years. The industry also expects new 
computing architectures that differ from DSA. Under 
new computing architectures, the infrastructure and 
basic capabilities of traditional OSs will also undergo 
fundamental transformation.

4.2 New Storage Media and 
Interconnection Technologies Require 
New Data Management Paradigms 
from OSs

Traditional cache, memory, and storage differ greatly in 
speed and cost. They are CPU-centric and form a multi-layer 
storage structure. However, non-volatile memory, such as 
storage class memory (SCM), reduces the latency of storage 
media from milliseconds to microseconds, as shown in 
Figure 9. In addition, new high-performance, highly scalable 
interconnection technologies such as UB are emerging [18], 
as shown in Figure 10. All these changes pose challenges to 
traditional data management paradigms.

1 ns 10 ns 100 ns 1 μs 10 μs 100 μs 1 ms 10 ms 100 ms 1s

SRAM DRAM NAND HDD TapePM/SCM

Memory Storage

Scalability

Performance

RoCE/InfiniBand

PCIe

Memory bus

UB

14–224 Gbit/s

50 Gbit/s

4–64 Gbit/s

12.5–25 Gbit/s

paradigms in heterogeneous many-core systems on a chip 
(SoCs), XPU collaboration, and new computing architectures, 
as shown in Figure 8.
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Figure 11 Evolution trend of computing architectures and paradigms of OSs

While the latency of storage media is reduced from 
milliseconds to microseconds, the proportion of software 
stack latency in the entire I/O increases exponentially. 
Therefore, storage software stacks with ultra-low latency 
[19] and data consistency under high concurrency [20] have 
become research hotspots in recent years.

Driven by new media and new interconnection technologies, 
the two-layer (memory+storage) storage management 
architecture of traditional OSs may gradually evolve toward 
the data-centric single-level storage (SLS) architecture. 
That is, memory and storage are managed in an integrated 
manner at the logic level, greatly reducing data migration. 
A key question, then, is how to bring data closer to 
compute nodes to achieve service-centric effects? Near 
data computing (NDC) systems are needed to answer this 
question, as shown in Figure 11.

4.3 Confidential Computing 
Architecture Demands New Trust 
Paradigms in OSs

Confidential computing is a security technology that 
protects the code and data of secure computing tasks that 
run in an environment isolated by using trusted hardware. 
It has attracted more and more attention in the industry 
as data security and privacy regulation are continuously 
strengthened by regulations such as the European Union 
(EU) General Data Protection Regulation (GDPR) and 
Data Security Law of the People's Republic of China. Since 
ARM proposed the TrustZone architecture in 2002, various 
technical solutions and abstract evolutions of confidential 
computing have emerged, as shown in Figure 12 [21].
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Proposed by ARM in 2002, TrustZone is an isolation 

mechanism that isolates objects such as CPUs, memory, bus 

structures, and peripheral devices, and provides independent 

physical machine abstraction [22]. Currently, TrustZone 

is widely deployed on ARM-based mobile phones to 

implement security features such as biometric identification 

(e.g., fingerprint recognition, facial recognition, and iris 

recognition) and Android key management. Generally, a 

small, secure OS, such as Huawei iTrustee [23], OP-TEE [24], 

and Trustonic [25], runs in ARM TrustZone.

At ARM Vision Day 2021, ARM released its next-generation 

Armv9 architecture. Confidential compute architecture 

(CCA), a key component of the Armv9 architecture, 

introduced the Realm world, which is isolated from both 

Non-secure World and Secure World (i.e., TEE). CCA 

essentially transforms the trust paradigm from "trusting 

devices but not applications" in the device domain 

into "trusting applications but not necessarily trusting 

infrastructure providers" in the cloud computing domain. 

OSs need to support the Realm Manager mechanism 

and the trusted OS that run on Realm Manager in order 

to effectively support the trust paradigm transformation 

brought by ARM CCA [26].

In 2015, Intel officially announced the first-generation 

Software Guard Extensions (SGX) technology. SGX defines a 

secure area (named enclave) in the user-mode process. The 

code and data in the enclave are invisible to the outside. 

Programmers need to divide the code into the secure part 

(enclave) and non-secure part (app) in an explicit and static 

manner and specify the interfaces for interaction between 

the two parts. Because SGX's security threat model does 

not trust the OS, SGX defines a number of functions in its 

hardware design to check the behavior of the underlying 

untrusted privileged software. These functions include 

secure page table management, secure thread management, 

secure memory paging management, and secure memory 

integrity check. Enclave abstraction is part of the app, and 

the interfaces and interaction between the app and the OS 

are extremely complex and constantly evolve. As a result, 

the hardware design of SGX is complex, hardware needs to 

carry many software functions, and performance overheads 

are high. In January 2022, Intel announced that it would 

abandon all SGX features in its new desktop, notebook, and 

embedded processors, except for servers [27].

The successor to SGX is Trust Domain Extensions (TDX), 

Intel's new secure computing abstraction. TDX introduces an 

independent trusted hypervisor, also called virtual machine 

monitor (VMM), which shares the same physical host with 
the original cloud platform VMM. A trusted hypervisor 
(called the TDX module) is a small secure module that 
checks the interaction between a trusted VM in the trusted 
domain (TD) and an external untrusted VMM.

From the perspective of evolution trends represented by 
ARM CCA and Intel TDX, the evolution of mapping trust 
paradigms needs to be studied in the OS field to reduce 
the size of trusted computing base (TCB) in confidential 
computing abstraction by innovating the architecture design 
(e.g., microkernel architecture) of the OS. In addition, 
suitable methods, such as hardware-software collaborative 
security hardening, formal verification, and more secure 
languages (e.g., Rust), are required to ensure the security and 
trustworthiness of TCB in confidential computing abstraction.

5 openEuler and OpenHarmony 
Practices

5.1 openEuler Practices

In December 2019, Huawei initiated the openEuler project. The 
aim was to open up its OS capabilities accumulated over 
the years and to work with industry partners in order to 
help drive the OS industry. At the openEuler Summit held 
in November 2021, Huawei joined hands with community 
partners to officially donate Euler to the OpenAtom 
Foundation, transforming Euler from an enterprise-led 
open-source OS to an industry-led one [28].

From the perspective of industry applications, openEuler has 
built a flexible architecture to support ICT and OT scenarios 
(servers, cloud computing, edge computing, embedded 
systems, etc.), and has become a unified open-source OS 
oriented to digital infrastructure. From the perspective of 
hardware, openEuler supports collaboration of diversified 
computing capabilities, builds storage software stacks 
oriented to new storage media such as SCM, and provides 
an automatic, intelligent performance optimization engine.

With the joint efforts of multiple parties, openEuler and 
its derivatives had been applied in more than a dozen 
industries by March 2022. In addition, openEuler supports 
certification for more than 5000 types of software, is 
compatible with more than 60 devices and over 200 
mainstream board cards, and supports multiple processor 
architectures such as Kunpeng, x86, Phytium, Loongson, 
Sunway, and RISC-V [29].
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5.2 OpenHarmony Practices

Since 2020, Huawei has donated the basic capabilities of its 
smart device OS HarmonyOS to the OpenAtom Foundation, 
which has integrated the contributions of other participants 
to form the OpenHarmony open-source project. Huawei 
continues to help build this project.

OpenHarmony is a unified OS oriented to smart devices in 
the era of intelligent connection of everything. It provides 
a unified language for intelligence, interconnection, and 
collaboration of numerous devices, providing consumers 
with a simple, direct, smooth, continuous, secure, and 
reliable all-scenario interaction experience. OpenHarmony 
has three unique characteristics:

• One OS can meet the requirements of a wide range of 
devices and be deployed in a unified and elastic manner. 
OpenHarmony provides scalable hardware resources 
(with the memory size ranging from several hundred 
KB to several GB) through component-based and elastic 
design, and supports multiple processor architectures, 
including ARM, RISC-V, and x86.

• The devices running OpenHarmony are integrated 
into a hyper terminal at the system level so that the 
hardware capabilities of these devices can be flexibly 
scaled, implementing hardware cooperation and 
resource sharing among devices. The distribution 
capability of OpenHarmony enables quick discovery 

and interconnection among devices, efficient data 
transmission, and cross-device task coordination.

• OpenHarmony provides a cross-terminal application 
development framework and supports API consistency, 
implementing one-time development and multi-device 
deployment for developers.

The technical architecture of OpenHarmony complies with 
the hierarchical design philosophy, and consists of the kernel 
layer, system service layer, framework layer, and application 
layer from bottom to top. System functions are provided 
by level as follows: system > subsystem > component. In 
multi-device deployment scenarios, some non-essential 
components can be tailored as required.

5.3 Collaborative Innovations Between 
openEuler and OpenHarmony

openEuler focuses on digital infrastructure, whereas 
OpenHarmony focuses on smart devices. Collaborative 
innovations between openEuler and OpenHarmony are 
expected to enable a collaborative OS that covers cloud, 
pipe, edge, and device capabilities.

• Capability sharing between openEuler and OpenHarmony: 
The shared capabilities include the kernel, driver framework, 
collaboration bus, and device-cloud collaborative runtime 
environment, as shown in Figure 13.

Figure 13 Capability sharing between openEuler and OpenHarmony
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• Cloud-network-edge-device cross-domain convergence 
between openEuler and OpenHarmony: Based on 
technologies such as near-field and far-field soft bus 
convergence, openEuler and OpenHarmony implement 
capabilities such as self-discovery, self-connection, elastic 
scaling, and Service Level Agreement (SLA), experience-
aware link management, and cloud-network-edge-
device coordination of computing power. See Figure 15.

Figure 15 Cloud-network-edge-device cross-domain 
convergence between openEuler and OpenHarmony

Figure 14 Multi-domain combination of openEuler and OpenHarmony
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6 Conclusion

OSs serve upper-layer applications, and manage and expose 
lower-layer hardware capabilities. In this paper, we reviewed 
the development of OSs from two dimensions: industry and 
application evolution and hardware evolution.

From the perspect ive of industry and appl icat ion 
evolution, diversified product forms in the era of intelligent 
connection of everything call for elastic OS architectures. 
The emergence of new computing forms, such as function 
computing and edge computing, require new computing 
abstractions that are ultra-lightweight and securely isolated, 
and have short life cycles. The contradiction between system 
complexity and agility will promote the development of 
learned systems.

From the perspective of hardware evolution, the evolution 
toward heterogeneous many-core SoCs, XPU collaboration 
under DSA, and new computing architectures demands 
new computing paradigms in the OS field. New storage 
media and interconnection technologies require new data 
management paradigms. In addition, the CCA in the Armv9 
architecture is pushing the OS trust paradigm to transform 
from "trusting devices but not applications" in the device 
domain into "trusting applications but not necessarily 
trusting infrastructure providers" in the cloud computing 
domain, prompting the emergence of confidential 
computing OSs.

While openEuler focuses on digital infrastructure, 
OpenHarmony focuses on smart devices — collaborative 
innovations between them are expected to enable a 
collaborative OS that covers cloud, pipe, edge, and device 
capabilities.
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Link management 
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• Multi-domain integration and advantage fusion enabled 
by streamlining openEuler and OpenHarmony: In certain 
complex scenarios, for example, in scenarios where 
office PCs need to function smoothly, consume minimal 
power, and leverage existing productivity tools and 
application ecosystems, openEuler and OpenHarmony 
can be streamlined to implement hybrid deployment of 
multiple domains on one device, as shown in Figure 14.
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Huawei GaussDB is an enterprise-grade distributed database kernel developed by Gauss Department (under Central 
Software Institute of the 2012 Laboratories). It started as a prototype more than ten years ago and is now being widely 
used by enterprise customers around China, including large-scale financial institutions. Five of China's top seven banks have 
chosen GaussDB for their core business scenarios, including core banking, internet finance services, channel business, and 
customer relationship management (CRM)/enterprise resource planning (ERP). By the end of 2021, GaussDB had served 
more than 1500 enterprise customers in China. This article describes the architecture and some major features of GaussDB. 
GaussDB has the following competitive advantages: high availability, high performance, hybrid workload, security, and 
autonomy.

Keywords

distributed database, cloudification, high performance, high availability, hybrid workload, security, autonomy, openGauss, 
GaussDB
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1 Introduction 2 Architecture

As new services and infrastructures emerge, applications 
pose new technical requirements for databases. The 
popularization of the mobile internet is resulting in a large 
number of 2C services. Financial services, e-commerce 
applications on mobile devices, social applications, and 
Internet of Things (IoT) devices are generating various types 
of massive data. All these changes require a transformation 
in the traditional over-the-counter and centralized 
processing-based service models. Against this backdrop, 
databases have evolved from centralized databases to 
distributed databases, and then to cloud-based distributed 
databases. To meet the requirements of finance services, 
enterprise services, and related applications, and efficiently 
utilize cloud computing infrastructure, Huawei launched 
GaussDB, a self-developed, enterprise-grade, cloud-based 
distributed database. Different from databases that use 
the traditional distributed application architecture and 
distributed middleware architecture, GaussDB is designed 
to meet distribution requirements right from the start, and 
has a built-in Structured Query Language (SQL) engine, 
execution engine, and storage engine. GaussDB has the 
following competitive advantages: high availability, high 
performance, hybrid workload, security, and autonomy. 
GaussDB adopts the shared-nothing massively parallel 
processing (MPP) architecture and complies with the 
American National Standards Institute (ANSI) SQL 2008 
standard.

The rest of this article is organized as follows. Section 2 
presents an overview of the GaussDB architecture and the 
competitiveness of GaussDB in five dimensions. In section 3, 
we summarize our work and discuss future work.

This section first presents the architecture of GaussDB.

GaussDB is designed based on the shared-nothing 
architecture. A single set of GaussDB can be linearly scaled 
to hundreds of physical machines and handle various 
workloads in parallel. Database data is partitioned and 
stored in data nodes (DNs) according to certain conditions. 
The DNs meet the local atomicity, consistency, isolation, 
durability (ACID) property requirements. The system uses the 
two phase commit (2PC) mechanism and global transaction 
manager (GTM) to ensure cross-node consistency. 
GaussDB supports both row stores and column stores. 
Based on column store principles, GaussDB implements a 
vectorized execution engine to efficiently utilize the latest 
single instruction multiple data (SIMD) instructions of the 
processor, thereby achieving instruction-level fine-grained 
parallelism. The system-generated execution plans and 
executors are designed for distributed systems. The execution 
plans can be processed in parallel on hundreds of servers. 
Data is exchanged on demand across nodes and queries 
are executed in parallel. To minimize the performance 
deterioration of cross-node transactions, GaussDB uses the 
timestamp-based GTM-Lite technology. Logical instances 
of GaussDB include the operation manager (OM), cluster 
manager (CM), GTM, coordinator nodes (CNs), and DNs. An 
application sends an SQL statement to a CN, which compiles 
the statement into an execution plan and pushes the plan to 
the related DNs for query execution. The DNs aggregate the 
results to the CN, which returns the aggregation result to 
the application.

Figure 1 High-level logical system architecture of GaussDB
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2.1 High Performance
2.2 High Availability

Table 1 System instance description

GaussDB fully leverages hardware resources to deliver high 

performance. It reconstructs key data structures in the 

database kernel for Kunpeng processors, preventing cross-chip 

access of global shared data structures. As a result, it greatly 

reduces false sharing of CPUs. In addition, GaussDB uses the 

atomic Load Effective Address (LEA) instructions produced by 

Kunpeng processors to refactor the spin lock in the database, 

improving the spin lock performance by four times. Based on 

the storage class memory (SCM) and remote direct memory 

access (RDMA) technologies, the GaussDB team researched 

on memory-centric architectures and the next-generation 

distributed database communication network. All these 

factors enable GaussDB to provide a processing capability of 

1.5 million tpmC on a single-node 2-socket Kunpeng server, 

and a processing capability of over 2.3 million tpmC on a 

single-node 4-socket Kunpeng server, with a linear scaling 

ratio of 1.5.

In addition, GaussDB enhances system performance in the 

following four aspects:

• Shared-nothing architecture: GaussDB distributes data 

to DNs based on certain rules. When executing a query, 

a DN processes its own data locally and shuffles data 

across nodes as required.

• Symmetric multiprocessing (SMP) technology: To 

fully exploit the multi-core capabilities of modern 

CPUs, GaussDB adopts the SMP technology for query 

processing. Within a node, data is split into multiple 

pieces and processed in parallel by multiple threads. In 

Instance Function

CN
Receives SQL statements, generates 
execution plans, and coordinates DNs to 
complete execution plans.

DN Stores data. DNs collaborate with each 
other to complete SQL queries.

GTM Generates the global timestamp and 
provides global snapshots.

CM
Consists of CM Agent and CM Server, 
handles the cluster quorum, and provides 
high availability capabilities.

Gauss Data 
Source (GDS) Implements parallel data loading.

some compute-intensive queries, the system fully utilizes 
the CPU to accelerate query processing.

• Instruction-level parallelism (ILP): Implemented by 
GaussDB based on the SIMD capability of modern CPUs, 
the vectorized execution engine processes data in batch 
mode (1000 tuples per batch), enabling the system to 
achieve high scores in the TPC-H and TPC-DS benchmark 
tests.

• Dynamic compilat ion technology : The dynamic 
compilation policy is used to continuously improve 
processing performance. The Low Level Virtual Machine 
(LLVM) technology is used to reduce the number of CPU 
instructions involved in queries, thereby improving query 
performance.

The high availability capability of GaussDB consists of five 
parts: fault prevention, fault tolerance, fault correction, fast 
locating, and serviceability. Since its inception, the GaussDB 
architecture is designed to prevent single point of failure 
(SPOF) in the system, and hardware components such as 
switches, network adapters, and power supplies are configured 
in redundancy mode. For local disks, the system uses RAID 
5 to protect data and prevent service interruption if data 
corruption occurs on a single disk. For EVS disks on Huawei 
Cloud, the system uses their multi-copy mechanism to provide 
data availability. In addition to hardware redundancy, the 
system also uses the high availability architecture for instance 
roles. In the system, CNs use the multi-copy peer-to-peer 
architecture, DNs use the primary/standby copy mechanism, 
and the CM and GTM use the warm backup mechanism. 
The CM performs primary/standby arbitration for each role, 
whereas the Editable Text Configuration Daemon (ETCD) 
performs primary/standby arbitration for the CM. Serving 
as the brain of a cluster, the CM determines the primary/
standby role of each instance. The CM itself has multiple 
warm backups. When the primary instance of the primary 
CM in the system is faulty, the system selects a standby CM 
and promotes it to primary to take over the cluster quorum 
after arbitration by the ETCD. The primary instances and 
warm backup instances of roles such as the GTM and DNs 
periodically send heartbeat messages to the primary CM 
instance. The CM determines the primary instance of each role 
based on the received heartbeat messages and performs a 
switchover if the primary instance becomes faulty. In addition, 
GaussDB provides various types of log analysis tools, core 
dump analysis tools, and distributed tracing tools to efficiently 
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2.3 Hybrid Workload

Figure 2 High availability capability panorama of GaussDB

locate system faults. GaussDB also supports in-service O&M. 
The online upgrade and online scaling functions ensure that 
service work flows are not interrupted during the upgrade and 
scaling operations.

GaussDB provides multi-level high availability capabilities, 
such as single availability zone (single-AZ) high availability, 
cross-AZ high availability, and cross-region high availability, 
for production systems used in the financial industry, based 
on the specific high availability requirements of services. 
In an AZ, GaussDB provides the high availability capability 
(RPO = 0 and RTO < 10s) based on the no-SPOF design. 
In addition to ensuring AZ-level high availability, GaussDB 
can provide an ultra-high performance of 120 million tpmC 
on more than 100 physical nodes. GaussDB with cross-AZ 
cluster deployment provides strong consistency and high 
availability (RPO = 0 and RTO < 30s). If a service needs 
to provide cross-region high availability for an area with 
a radius greater than 1000 km, GaussDB can ensure an 
RPO less than 10s and an RTO within minutes. To meet 
high availability requirements in larger geographic areas, 
for example, an area with a radius greater than 2000 km, 
GaussDB provides the global database capability based on 
global clock consistency and provides 99.999% availability 
for the entire system. To sum up, GaussDB can meet the 
multi-level high availability capability requirements of 
different applications while ensuring high performance.

One of the standard capabilities of an enterprise-grade 

database is to support both online transaction processing 
(OLTP) and online analytical processing (OLAP) workloads. 
Mainstream databases such as Oracle and SQL Server have 
such a capability. It is difficult to classify the workload of an 
enterprise-grade service as OLTP only or OLAP only. The hybrid 
workload capability is essential for enterprise-grade databases. 
GaussDB greatly improves the complex query capability of 
the database by using the fully parallel architecture, including 
inter-node parallelism, intra-node parallelism, and instruction 
parallelism. GaussDB also uses the enterprise-grade distributed 
optimizer to implement functions such as view extension, 
parameterized path, and lazy aggregation. In the same 
hardware environment and test set, the distributed GaussDB 
database consumes 82% less time than other similar products, 
for complex queries. Based on the powerful complex query 
capability, the lightweight global snapshot GTM-Lite technology 
greatly improves the transaction processing performance of 
the system. The system performance increases linearly as the 
number of nodes increases. In actual applications, the number 
of nodes in the largest GaussDB cluster is approximately 1000, 
and the number of vCPU cores consumed by the cluster is 
nearly 100,000.

The performance of hybrid workloads is reliant on the 
availability of system resources. GaussDB depends on 
the global workload manager to control the number of 
concurrent queries. The workload manager optimizes the 
system throughput and prevents processing performance 
degradation caused by queries competing for system 
resources. The workload manager consists of three major 
parts: resource pool, workload group, and controller. The 
resource pool is used to allocate shared system resources, 
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such as memory and disk I/O, for queries running in the 
system, and to set various execution thresholds in order 
to determine the query execution modes. All queries run 
in the same resource pool, and the workload group is 
used to assign the arrived queries to the resource pool. 
The controller evaluates queries and dynamically makes 
execution decisions based on the resource requirements 
(i.e., cost) of the queries and the available system resources 
(i.e., capacity). If the estimated cost of a query is lower than 
the available capacity of the system, the query is executed. 
Otherwise, the query is queued. Resource recording and 
feedback mechanisms are used to track the available 
capacity of the system. When the available capacity of 
the system is sufficient, the query is de-queued and then 
executed by the execution engine.

2.4 Security

On the cloud, the distributed GaussDB database provides 

comprehensive security protection for customer data during 

data transmission, query processing, computing, O&M, and 

idle periods. To ensure data security during query processing, 

GaussDB provides the fully encrypted query function. Data 

is processed in the encrypted state to complete query 

requests and is decrypted only when data is returned to the 

client, ensuring data security during transmission and query 

processing. GaussDB uses trace chains to record all database 

changes and identify historical data changes during O&M. 

The system automatically detects and corrects tampered data 

if multiple parties are involved.

Due to the open environment and blurred network 

boundaries, cloud-based databases face more diverse and 
serious threats than ever before. Although most cloud-based 
database systems employ various protection mechanisms, 
such as data encryption, identity authentication, and auditing, 
these protection mechanisms are based on the same 
assumption: database users trust the cloud infrastructure 
and privileged users (e.g., the administrator). However, this 
assumption is fragile to a certain extent, and puts users' 
sensitive data at great risk. Given this, database systems 
generally adopt end-to-end defense mechanisms, such as 
fully homomorphic encryption and property-preserving 
encryption. Microsoft Azure SQL Database allows data 
owners to encrypt data at column-level granularity and utilize 
the trusted execution environment (TEE) to securely perform 
complex operations on ciphertext data. Therefore, even 
privileged users or infrastructure providers cannot gain access 
to users' sensitive data. However, protection mechanisms 
such as this pose challenges to database design and 
implementation. To tackle such challenges, a novel security 
mechanism called full encryption in GaussDB (FE-in-GaussDB) 
is proposed to protect data in both private and public cloud 
environments. FE-in-GaussDB combines the strengths of 
software and hardware modes and related security functions 
to achieve processing flexibility. The software mode includes 
data encryption and indexing schemes for efficient equality 
query and range comparison operations on ciphertext data, 
and runs in the rich execution environment (REE), i.e., the 
Normal World. The hardware mode leverages the hardware 
TEE (i.e., the Secure World) provided by the chip to securely 
handle the decryption and complex computations, such as 
string search operations and the aggregation function, on 
ciphertext data. FE-in-GaussDB supports full-scenario SQL 
query processing and has the following advantages:
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2.5 Autonomy

• Novel database security capability pattern that combines 
the existing data encryption scheme of the software mode 
and the TEE-based secure computation of the hardware 
mode.

• Full-lifecycle encryption, making FE-in-GaussDB 
transparent to database users and applications.

• Database-based execution mode that strikes a balance 
between security and performance.

• To implement the FE-in-GaussDB security mechanism, 
GaussDB modifies the optimizer and executor as follows:

• The optimizer is modified to determine whether the 
request is relevant to the cipher fields and whether it 
should be processed within the TEE.

• A two-level cipher index is built. Upper-layer indexes use 
labels to represent different processing ranges. Lower-layer 
indexes use the TEE to maintain sequential storage.

• Data definition language (DDL) operations and data 
manipulation language (DML) statements with equality 
query classes are directly processed in the database using 
the software mode without accessing the TEE.

• Both the software mode and hardware mode use the 
same client encryption driver and client parser module.

An autonomous database framework is built for GaussDB 
and integrated into openGauss. This framework consists of 
the following five parts:

• Learned optimizer: GaussDB proposes the learned query 
rewriter, learned cost/cardinality estimator, and learned 
plan generator (including join order selection and physical 
operator selection). The learned query rewriter uses a 
Monte Carlo tree search-based method to rewrite an 
SQL query into an equivalent, yet more efficient query by 
considering the benefits and orders of rewrite. The learned 
cost/cardinality estimator uses tree long short-term 
memory (Tree-LSTM) to simultaneously estimate cost 
and cardinality. The learned plan generator utilizes deep 
reinforcement learning (RL) to select a good join order 
and appropriate physical operators.

• Learned database self-monitoring and self-diagnosis: 
GaussDB uses learning-based self-monitoring, self-
diagnosis, self-configuration, and self-optimization 

techniques to monitor, diagnose, configure, and optimize 

databases. Self-monitoring tracks database metrics and 

uses the metrics to optimize the operational behavior 

of other components. Self-diagnosis uses Tree-LSTM 

to detect anomalies and identify the root causes of 

anomalies. Self-configuration uses deep RL to tune knobs. 

Self-optimization uses an encoder-decoder model to 

recommend views and a deep RL model to recommend 

indexes.

• Model validation: To validate whether a learned model 

is effective for workloads, the GaussDB team proposes a 

graph embedding-based performance prediction model. 

The system predicts the performance of models in the 

learned optimizer or learned advisor prior to model 

deployment. If the performance is predicted to improve, 

the model is deployed. Otherwise, the model is discarded.

• Model management: Most models in the learned 

optimizer and learned advisor are realized by combining 

multiple RL or deep learning algorithms. The GaussDB 

team provides a machine learning (ML) platform to 

implement unified resource scheduling and model 

management. This platform encapsulates the complexity 

of ML and provides developer-oriented training, prediction, 

and model management capabilities.

• Training data management: GaussDB collects runtime 

database metrics (e.g., resource consumption and lock/latch 

information), historical SQL queries (e.g., query latency), 

and system logs (e.g., anomalies) as the raw input data for 

model training, and organizes and manages the collected 

data as follows:

 – Judiciously organizes correlated columns into the same 

table to reduce join overhead

 – Judiciously selects training data to train a learned 

model

To improve system O&M capabilities, GaussDB leverages AI 

capabilities such as deep RL and graph neural network (GNN) 

to implement multiple functions, including tuner, system 

diagnosis, materialized view (MV) recommendation, and 

index recommendation, greatly improving system efficiency. 

Take the index recommendation function used by one of 

our customers as an example. After the customer used this 

function, the index redundancy was reduced by 83% and the 

occupied disk space was reduced by 70%, while improving the 

performance of the customer's production system.
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3 Conclusion

Figure 3 Logical architecture of the autonomous GaussDB database

We have conducted extensive research focused on database 
innovations. In recent years, we have cooperated with 
academic institutions, including Tsinghua University, and 
published more than 50 academic papers on Special Interest 
Group on Management of Data (SIGMOD), Very Large Data 
Base (VLDB) conference, and International Conference on 
Data Engineering (ICDE). The paper topics cover AI native 
databases, transaction processing, in-memory databases 
(IMDBs), and distributed database systems. In the future, we 
will deepen our cooperation with academia around the world 
and continue to focus on database innovation. Faced with 
the emergence of new application scenarios, new hardware 
architectures, and new technologies, we will also continue 
our exploratory research on in-depth collaboration between 
software and hardware, extreme scalability, serverless, and 
multi-model convergence. We will also continue to help make 
the openGauss community mainstream by promoting its 
development.
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MindSpore is an all-new deep learning framework that aims to enable easy development, efficient execution, and 
adaptability to all scenarios. To improve the ease of development, MindSpore leverages an auto differentiation (AD) 
mechanism based on source code transformation (SCT), where complex combinations are represented using control flows. 
With intermediate representations (IRs), functions are transformed into computational graphs that can be analyzed and 
executed on various devices. To improve the runtime performance and efficiency in device, edge, and cloud scenarios, 
several hardware-software co-optimization techniques (e.g., graph kernel fusion) are introduced to these graphs prior to 
their execution. Furthermore, MindSpore supports easy switching between dynamic and static graphs. To support effective 
training of foundation models on large datasets, MindSpore offers three flexible training approaches: data parallelism, 
model parallelism, and hybrid parallelism. In addition, MindSpore supports auto parallelism, which effectively searches 
in the strategy space for a fast parallelism strategy. MindSpore is compatible with a wide array of AI methods such as 
convolutional neural networks (CNNs) and graph neural networks (GNNs), giving it a distinct competitive edge over open-
source counterparts.

Thanks to the exceptional performance that MindSpore delivers on Huawei Ascend AI processors, its open-source ecosystem 
is booming. And with ever-growing attention from universities, enterprises, and communities, MindSpore has accumulated 
extensive experience in academic research, business promotion, and community operating practices. Technologies rooted in 
the MindSpore ecosystem are implemented in more and more enterprises and AI computing centers.

In this paper, we introduce the architecture and core technologies of MindSpore, and discuss our exploration in building an 
open-source AI ecosystem.

Keywords

deep learning framework, auto differentiation, auto parallelism, graph kernel fusion, dynamic/static graph unification, all-
scenario, foundation model, ecosystem building
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1 Introduction

Over the past few decades, there has been an explosive 
growth of deep learning research, along with successful 
applications in fields such as image recognition [1], speech 
recognition and synthesis [2], gaming [3], and language 
modeling and analysis [4]. The continuous development 
of deep learning frameworks [5–10] opens up access to 
computation resources in training neural networks on large 
datasets.

Current deep learning frameworks fall into two primary 
types. One, represented by TensorFlow [5], builds a static 
graph that defines each operation and the network 
structure prior to runtime. Simply put, this approach trades 
ease of use for training performance. The other, represented 
by PyTorch [6], uses dynamic computational graphs, which 
are dynamically built at runtime. While this approach offers 
flexibility and easier debugging, it does so at the expense of 
performance. Therefore, existing deep learning frameworks 
tend to make a trade-off between easy development and 
efficient execution.

In this paper, we introduce MindSpore — an innovative deep 
learning framework developed by Huawei — to achieve 
three goals: easy development, efficient execution, and 
adaptability to all scenarios. MindSpore consists of several 
major components, namely, MindExpression, MindCompiler, 
MindData, MindRE, and MindArmour. Table 1 shows the 
level of technical contributions these components make to 
MindSpore's intended goals.

1. MindExpression supports Python, and MindCompiler 
provides the IR-based just-in-time (JIT) compilation and 
optimization capability. The two components have the 
following features:

Table 1 MindSpore's components and their contributions to the three goals

Component

Goal

MindExpression & MindCompiler MindRE MindData

SCT 
AD

Dynamic 
graph

Auto 
parallelism

Graph 
manager

Runtime 
system

Training 
dashboard Profiler Auto 

augmentation
Auto data 

acceleration

Easy development ✓ ✓ ✓ ○ ○ ✓ ○ ✓ ○

Efficient execution ✓ ○ ✓ ✓ ○ ○ ✓ ○ ✓

Adaptability to all 
scenarios ○ ○ ○ ✓ ✓ ○ ○ ○ ○

Note: The ✓ symbol indicates major contribution and the ○ symbol indicates minor contribution.

−	 Auto different iat ion (AD):  The source code 
transformation (SCT)-based AD mechanism is 
applied to convert a Python code snippet into a data 
flow graph for training or inference. In this way, 
users can easily build sophisticated neural network 
models using native control logic in Python.

−	 Auto parallelism: As models and datasets become 
larger, parallelizing deep neural network (DNN) 
training across distributed devices has become 
a common pract ice.  Unfortunately,  exist ing 
frameworks such as TensorFlow, Caffe, and MXNet 
only offer simple and often suboptimal parallel 
training strategies. MindSpore, however, parallelizes 
training tasks in a transparent and efficient manner. 
Transparency is possible because the same Python 
implementation can adapt to different devices, with 
only one line of code needing to be reconfigured. 
And efficiency is achieved by selecting the optimal 
parallelism strategy with minimum cost, thereby 
reducing possible computing and communication 
overheads.

−	 Dynamic graph: MindSpore supports dynamic graphs 
without involving additional AD mechanisms (e.g., 
operator overloading AD). This significantly improves 
MindSpore's compatibility with both dynamic and 
static graphs.

2. MindData is responsible for data processing and 
implements high-performance data pipelines using 
the auto data acceleration technology. With various 
auto augmentation schemes predefined in MindData, 
developers no longer need to search for appropriate 
data augmentation strategies. MindData also provides 
debugging and optimization tools, including a training 
dashboard (which visualizes the whole training process 
with all datasets displayed in a centralized manner) and 
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a profiler (which facilitates performance optimization 
by measuring the execution time and memory usage 
statistics provided by the runtime blackbox).

3. MindArmour provides tools for defending against 
adversarial attacks to achieve privacy-preserving 
machine learning. MindArmour generates adversarial 
code, evaluates the performance of models in specific 
adversarial settings, and develops robust models while 
also providing ample capabilities for privacy protection.

4. MindRE is the AI network executer. It abstracts away the 
interface details in low-level hardware and is compatible 
with various runtime systems in device and cloud 
environments.

MindSpore is compatible with models developed under all 
popular deep learning frameworks (such as TensorFlow, 
PyTorch, and MXNet) and supports full-stack collaborative 
development across the device, edge, and cloud. This 
significantly reduces professional requirements and 
model development time for developers. By supporting 
AI computing on local hardware, MindSpore eliminates 
the industry's main concerns about privacy and security. 
MindSpore has attracted wide attention around the world 
and created the most active open-source community in 
China since becoming open source a year ago. Furthermore, 

MindSpore has a booming open-source ecosystem: it has 
hit 650,000 downloads, attracted 170,000 developers, and 
brought over 2000 apps online. In addition, MindSpore has 
been widely applied in 8 industries, taught in more than 100 
universities, attracted contributions from more than 1500 
core developers, and been the AI framework used in more 
than 300 papers published at top-level conferences.

The rest of this paper is organized as follows: Section 
2 provides an overview of the MindSpore architecture. 
Section 3 describes the framework's major components by 
illustrating the design details of its innovative technologies 
such as auto differentiation, auto parallelism, dynamic 
graphs, and graph kernel fusion, as well as MindSpore's 
extension in GNN applications. Section 4 shares MindSpore's 
success stories in building an open-source ecosystem and 
accomplishments of typical projects. Section 5 concludes this 
work and suggests possible directions for future research.

2 MindSpore Overview

2.1 MindSpore Architecture

Figure 1 shows the architecture of MindSpore.

Figure 1 MindSpore architecture
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2.2 Programming Paradigm

MindExpression provides a Python interface that enables 
developers to define user-level application programming 
interfaces (APIs) for building and training neural networks. 
And thanks to the SCT-based AD mechanism, programming 
in Python is easy.

MindCompiler is the core of high-performance network 
execution and SCT-based AD. Networks can run in either 
PyNative or graph mode. In PyNative mode, network 
operators are executed one by one. In graph mode, a 
pipeline is used to build a computational graph from Python 
code. Specifically, MindCompiler generates an abstract 
syntax tree by parsing the Python code and then converts 
the syntax tree into an A-normal-form (ANF) graph. 
Because ANFs are graphical rather than syntactic, they are 
easier to manipulate algorithmically. For network training, 
the pipeline automatically generates backward computation 
nodes and adds them to the ANF. In addition, the pipeline 
introduces several beneficial optimizations to the final 
graph, including memory reuse, operator fusion, and 
constant elimination. In distributed training scenarios, the 
pipeline applies the optimization strategy provided by auto 
parallelism. The back-end virtual machines run graphs on 
the back-end and control the lifetime of each graph using 
sessions.

MindData completes data processing pipelines in the 
training process, including data loading, argumentation, 
and transformation. It also provides easy-to-use APIs and 
supports data processing in a wide range of applications 
such as computer vision (CV), natural language processing 
(NLP), and graph neural networks (GNNs).

MindInsight provides the training dashboard, lineage 
visualization, profiler, and debugger. The profiler taps 
into the runtime blackbox to monitor the execution time 
and memory usage. The debugger visualizes the internal 
structure and input/output nodes of a training graph in 
graph execution mode. MindInsight analyzes training logs, 
providing insight into the training process.

MindArmour allows developers to build robust models that 
protect user privacy during model training and inference. 
It provides three modules for adversarial attack defense: 
attack, defense, and evaluation. The attack module produces 
adversarial examples under blackbox and whitebox attack 
settings. The defense module uses the adversarial examples 
received from the attack module to improve model 
robustness during training. And the evaluation module 
provides different types of evaluation metrics for measuring 
the robustness of a model in a visualized manner. To 

achieve privacy-preserving machine learning, MindArmour 
implements a collection of differential privacy-aware 
optimizers that automatically add noise to the gradients 
generated at training time.

Thanks to the SCT-based AD mechanism, MindSpore 
supports Python along with control statements native in 
Python and advanced APIs such as tuples, lists, and lambda 
expressions.

To maintain simplicity, MindSpore introduces as few 
interfaces and concepts as possible. For example, to train a 
simple neural network on a single-node platform, you need 
to understand only the following five basic components:

• Tensor: A tensor is a multi-dimensional matrix 
containing elements of a uniform data type. Tensors are 
convertible to NumPy objects. Unlike existing training 
frameworks, MindSpore does not have the concept of 
scalar variables. Instead, MindSpore determines whether 
to calculate the derivative of a tensor based on the auto 
differentiation attribute of the tensor.

• Dataset: A dataset is a separate asynchronous pipeline 
that prepares tensors to feed into the rest of the 
network with no delay in training.

• Operator: Operators are the basic computational unit 
of a neural network. In addition to the wide support 
of popular neural network operators (e.g., convolution, 
batch normalization, and activation) and math operators 
(e.g., add and multiply), MindSpore allows developers 
to create custom operators to adapt to specific 
hardware platforms and fuse a series of operators into a 
composite one.

• Cell: A cell is the base class for all neural network cells. 
Cells are a collection of tensors and operators and can 
be nested into a tree structure. The compute logic of a 
neural network is defined using the construct function 
within a cell. The defined compute operations are 
executed upon each call to this function.

• Model: A model is a high-level API that makes it easy to 
get started with inference and training on MindSpore. 
This component is optional, especially for those with 
knowledge of low-level APIs and who need fine-grained 
control over how computations are performed.

From the developer perspective, creating a program in 
MindSpore is to create a cell for a neural network. The 
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process begins with defining input tensors, followed by 
building a cell using appropriate operators. It ends with 
either encapsulating the cell into a model for training or 
directly feeding the input tensors into the cell for inference.

3 Core Components and 
Technology Innovations of 
MindSpore

3.1 MindExpression and 
MindCompiler

3.1.1 SCT-based AD

Unlike TensorFlow and PyTorch, MindSpore does not 
implement AD based on static or dynamic graphs. Instead, 
MindSpore adopts an SCT-based approach. Evolved from 
functional programming frameworks, this approach 
performs AD transformation on the IR (the data structure 
used by the compiler to represent a program in the 
compilation process) in JIT mode, as shown in Figure 2. 
AD of the control flow is supported, making it easy to 
build models like PyTorch. In addition, MindSpore performs 
static compiler optimization on neural networks, achieving 
performance as high as TensorFlow does. This novel 
approach avoids the performance optimization difficulty 
with dynamic graphs and the complexity involved in 
network building and debugging with static graphs.

MindSpore's implementation of AD can be understood as 
the symbolic differentiation of a program itself. MindSpore 
produces functional IRs that correspond intuitively to 
composite functions in basic algebra. As long as the 
derivative formula of a basic function is known, that 
of the compound function composed of arbitrary basic 
functions can be deduced. Each primitive operation in an 
IR corresponds to a basic function in basic algebra, and 
such basic functions can be used to build control flows with 
greater complexity.

As deep learning continues to advance, training datasets 
and DNN models are growing larger to support higher 
accuracy and wider applications. In order to train foundation 
models on large datasets, deep learning frameworks must 
therefore support not only data parallelism and model 
parallelism, but also a hybrid of both. Most of today's 
mainstream frameworks (such as TensorFlow [5], Caffe 
[7], and MXNet [8]) require DNN models to be manually 
partitioned in order to implement model parallelism. 
However, manual partitioning is a complex task and relies 
on expert experience. Implementing hybrid parallelism 
of data and the model at the same time adds significant 
development complexity.

MindSpore is designed to support transition between data 
parallelism and model parallelism during model training. 
To this end, tensor redistribution (TR) is introduced into the 
search of parallelism strategies. As shown in Figure 3, TR 
transforms the layout of an output tensor among devices 
before the tensor is fed into the subsequent operator. On 
this basis, MindSpore defines the corresponding backward 
operator to realize the derivation of the communication 
operator.  Doing so enables the AD procedure to 
differentiate the entire forward graph in one hit. In 
addition, MindSpore builds a cost model to select a suitable 
strategy that achieves a balance between computation and 
communication overheads. Two techniques are proposed to 
quickly find such a strategy for complex and large graphs: 
One is an algorithm that supports multi-graph operations 
and transforms the original graph into a linear one. The 
other is a strategy sparsification mechanism that effectively 
shrinks the search space while also guaranteeing the 
accuracy of the returned solution.

MindSpore supports flexible user-defined high-level strategy 
configuration, also referred to as semi-auto parallelism. 
Furthermore, MindSpore can find an effective parallelism 
strategy without manual intervention, avoiding repetitive 
strategy configurations every time a new model is trained.

3.1.2 Auto Parallelism

Static graphs generally offer better runtime performance 
because the compiler is fed with global information. 
Conversely, dynamic graphs offer greater ease of use, 
allowing users to build and edit models easily. To support 
both static and dynamic graphs, most frameworks need to 

3.1.3 Dynamic Graph  

Figure 2 SCT-based AD
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Figure 3 Transforming data parallelism to model parallelism

maintain two AD mechanisms: tape-based AD and graph-
based AD. This introduces maintenance costs and complexity 
in switching between the two modes.

MindSpore takes a different approach and implements 
a unified SCT-based AD mechanism to support both 
static and dynamic graphs, requiring only one line of 
code to switch from one mode to the other. In static 
graph mode, the neural network is compiled into a full 
computational graph before it is executed. This mode 
introduces graph optimizations in the process to improve 
runtime performance and facilitates large-scale deployment 
and cross-platform execution. In dynamic graph mode, 
operators in the neural network are delivered and executed 
one by one, making it easy to build and debug neural 
network models. In addition, MindSpore supports a staging 
mechanism that facilitates hybrid execution. To compile 
a function in static graph mode, we simply add the ms_
function decorator in front of the function.

3.1.4 Second-Order Optimization

convergence. In this regard, second-order optimization 
algorithms leverage the second-order derivative of the 
target function to correct the curvature and accelerate first-
order descent. Faster convergence enables these algorithms 
to better approximate to the optimal value and yield a 
geometric descent path that is closer to the optimal real-
world one. Compared with first-order algorithms, second-
order optimization algorithms update the weight based on 
the inverse matrix of the second-order information matrix. 
Typical second-order optimization algorithms are Newton 
method and natural gradient method, whose corresponding 
second-order information matrices are the Hessian matrix 
and Fisher matrix, respectively.

Although second-order optimization algorithms feature 
faster convergence, the time complexity involved in 
computing the inverse of a second-order matrix is extremely 
high. Because a deep learning model can have millions 
of parameters, it is extremely complex to compute the 
inverse of second-order matrices. Therein lies the crux of 
the matter: how to reduce the computational complexity of 
second-order matrix inversion.

To address this issue, MindSpore provides a novel algorithm: 
trace-based hardware-driven layer-oriented natural gradient 
descent computation (or THOR for short) [14]. This 
algorithm enhances second-order algorithms based on the 
natural gradient method in the following three aspects: (1) 
Matrix update frequency. The Frobenius norm (F norm) of 
the Fisher matrix changes acutely in the early stage and 
gradually becomes stable in the later stage. Therefore, it 
is assumed that the F norm is a Markov process and can 
converge to a steady-state distribution. Gradually increasing 
the update frequency of the Fisher matrix is sufficient 
to shorten the training time without compromising the 
convergence speed. (2) Layer-wise update. Fisher matrices 
are decoupled layer-wise, and some of these layers reach 

Optimizers are the core of backpropagation algorithms 
and play an important role in deep learning. Common 
optimization algorithms are classified into first-order and 
second-order optimization algorithms. Among first-order 
optimization algorithms, classical gradient descent (GD) 
is most widely used in machine learning. GD brings many 
algorithm variants, such as Momentum [11], AdaGrad [12], 
and Adam [13]. These improved variants are easier to tune 
and use, because they can adaptively update the step size 
by using historical information about stochastic gradients.

Given that neural networks have highly non-convex 
loss functions with unbalanced surface curvature, using 
more information in parameter updates helps speed up 
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the steady state faster than others do. This inspired us to 
finely adjust the update frequency of each layer based on 
the trace change of the second-order information matrix. 
(3) Hardware-aware matrix splitting. THOR assumes that 
Fisher matrices are decoupled layer by layer and that the 
input and output blocks at each layer are independent of 
each other. Based on this assumption, THOR further splits 
second-order matrices to improve computational efficiency.

3.2 Graph Kernel Fusion

As deep neural networks (like GPT-3 [15]) become larger, 
the runtime performance and efficiency of those networks 
become limited by our ability to optimize them. Existing 
compiler optimization techniques such as Accelerated Linear 
Algebra (XLA) [16] and Tensor Virtual Machine (TVM) [17] 
have achieved excellent results on different AI frameworks.

It is demonstrated that optimization methods that consider 
both graph and operator layers based on automatic 
operator compilation can effectively improve model 
performance and runtime efficiency. MindSpore proposes 
the graph kernel fusion technique, where transforming 
the graph facilitates the generation of efficient operators 
and, in turn, the operator generation rules guide how the 
graph is transformed. Graph kernel fusion optimizes graph 
performance from three dimensions: load/store fusion, 
parallel fusion, and cross-boundary kernel optimization.

Load/Store Fusion

A computational graph consists of operators connected 
by data or control links. On the one hand, using graphs 
maintains the computing integrity and independence of 
each operator and operator-specific optimization, but 
also eliminates the possibility of operator optimization at 
higher levels. On the other hand, when operators have 
large inputs/outputs, data loads and stores can significantly 
prolong model runtime and become a performance 
bottleneck. In the load/store fusion process, upstream 
and downstream operators are fused based on their load/
store patterns and special processing is applied on poor 
composite operators, thereby effectively reducing memory 
footprint with improved computing density.

To maximize the computing logic that an operator 
boundary can express while also minimizing the total 
operator boundaries, graph kernel fusion attempts to fuse 
as many operators as possible and then disassembles 
and reallocates the generated composite boundaries. 

Redesigning operator boundaries offers more optimization 
opportunities at acceptable load/store loss. MindSpore's 
Auto Kernel Generator (AKG) implements polyhedral-
based auto scheduling, covering auto vectorization, auto 
segmentation, thread/block mapping, dependency analysis, 
and data transfer. A range of optimizations are also 
introduced for the back-end, including Tensor Core enabling, 
dual buffers, memory expansion, and insertion of sync 
instructions. Thanks to its powerful analysis capability, the 
AKG can generate high-quality executable operators based 
on operator descriptions. To support graph kernel fusion, 
the AKG enables auto generation of operators with high 
performance.

Graph layer transformation is another important factor for 
operator performance. The AKG's experience in generating 
operators and backend optimization offers insights for 
the redesign of operator boundaries. To reduce loads/
stores and optimize computations related to operator 
boundaries, graph kernel fusion aggregates and then 
disassemble operators on the graph, thereby realizing 
computing optimization beyond operator boundaries. This 
steps over the optimization barriers involved in singular 
computing logic, without blindly expanding the fusion 
range — only boundaries that bring benefits (as per the 
evaluation result) are generated. As such, load/store is a 
means of performance improvement. With the capability 
of generating operators automatically, the AKG frees graph 
kernel fusion from the restrictions of one-to-one manual 
fusion and enables flexible and effective operator fusion 
possibilities. Load/Store fusion significantly improves the 
computing density and effectiveness for operators on the 
graph, and reduces inefficient loads/stores across operator 
boundaries, thereby improving the overall execution 
performance of the graph.

Parallel Fusion

Proper execution of a computational graph relies on the 
defined execution sequence of computing tasks. Such a 
sequence typically includes implicit execution dependencies. 
When many fine-grained computing tasks are loaded to 
hardware for execution, the hardware remains idle most 
of the time, resulting in a waste of compute resources. 
Parallel fusion is proposed to analyze the dependencies 
between operators on a graph before fusing operators with 
parallel properties and low hardware usage. For a generated 
parallel operator, each part is independently scheduled and 
allocated with independent compute resources. By fusing 
operators with low hardware usage into composite ones, 
parallel fusion improves hardware usage, avoids the waste 
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of compute resources, and improves execution performance 
of the graph.

Cross-Boundary Kernel Optimization

The computing logic of coarsely aggregated operators is not 
optimal and requires optimization before they are further 
disassembled. Prior to aggregation, however, a number of 
optimization barriers exist. For example, an operator can 
only be completely referenced due to operator boundary. 
Referencing a composite operator to use its partial output 
result will inevitably introduce redundant operations 
into the network. If two composite operators share 
similar operations, it is impossible to split or combine the 
operations before the operators are aggregated. Fortunately, 
such correlations become explicit and optimization becomes 
possible when the exposed computing logic is aggregated. 
With cross-boundary kernel optimization, we can eliminate 
common subexpressions and dead code in the aggregated 
operation blocks to remove unwanted operations with 
improved computing efficiency.

3.3 MindData

MindData is a separate asynchronous data processing 
pipeline that prepares input tensors for the model. Data 
is organized into rows and columns, and each column is 
identified with a name and can be accessed independently. 
The pipeline always starts with a source dataset operator, 
which reads data from disks (e.g., MindDataset) and 
provides flags for selecting between the shuffling and 
sharding strategies. An iterator for Python access and device 
queues that directly send data to accelerators are provided 
for access to data in the pipeline.

Data processing tasks are intrinsically pipelined and 
parallelized. The pipelines run asynchronously by default. 
Users can insert sync points into graphs to support real-
time feedback loops for pipeline operators. To optimize 
performance, users only need to configure default 
parameters, eliminating the need for manual tuning. In the 
future, pipelines will support dynamic tuning to fully utilize 
all available resources, including hardware accelerators for 
image processing or available memory for caching.

To enable quick migration to MindSpore, users can port 
existing Python data as custom operators and pass 
existing Python dataset classes as arguments to MindData. 
Workloads are emerging with new requirements for data 
processing to support greater flexibility. MindData allows 

users to adjust parameters (e.g., the mini-batch size) using 
user-defined functions or schedules. Users can also perform 
custom transforms on an entire mini-batch to support 
manipulations at the mini-batch level, including image size 
alterations and multi-row operations such as image mix-
up. For greater augmentation diversity, the augmentation 
of each sample can be randomly chosen from sets of 
transforms. External search is supported for selecting among 
transform candidates. It is demonstrated that randomly 
selecting transforms from a wide variety of candidates 
produces results comparable to those obtained without 
the additional search time. In addition, feedback from loss 
or other metrics collected during training can be passed 
back into the dataset to perform dynamic adjustments in 
MindData.

Before training data is read into MindDataset, it is stored and 
indexed in MindRecord according to different types and pages 
in a lightweight and efficient manner. MindDataset supports 
fast fetch of important metadata (e.g., dataset size or data 
layout) from the dataset to improve performance or simplify 
user access. In addition to supporting sequential I/O of small 
data blocks, MindRecord also supports efficient random row-
access and push-down filtering as per use-case requirements. 
As new use cases emerge, further optimized functions will be 
pushed down into the dataset.

3.4 MindInsight

MindInsight is MindSpore's visualized debugging and 
optimization tool. It displays the training process, optimizes 
model performance, debugs accuracy errors, and explains 
inference results in a visualized manner. It also provides 
a command line interface for developers to search for 
hyperparameters and migrate models. MindInsight allows 
developers to better observe and understand the training 
process with improved model optimization efficiency and 
developer experience, making it easy to obtain satisfactory 
model accuracy and performance.

MindInsight uses the summary file generated during 
model training as the input. By performing the file parsing, 
information extraction, data caching, and chart plotting 
steps, MindInsight transforms binary training information 
into intuitive charts displayed as web pages. It also 
visualizes the training process via the training dashboard, 
providing a training overview on one page. Modules on 
the training dashboard include training scalar information, 
parameter distribution, computational graph, data graph, 
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Figure 4 MindInsight training dashboard

and data sampling. Figure 4 shows an example of the 
training dashboard.

MindInsight also supports l ineage visualization by 
integrating lineage information of multiple training runs 
into tables and charts, where users can easily find the 
optimal data processing pipeline and hyperparameter 
settings. Lineage visualization covers model and data 
lineage visualization. Model lineage records key parameter 
information about model training, such as the loss functions, 
optimizers, number of epochs, and accuracy. Furthermore, 
MindInsight displays hyperparameters that are trained 
multiple times and the corresponding metrics, helping users 
select the optimal hyperparameter.

Another important feature of MindInsight is the profiler. 
It collects statistics such as execution time and memory 
footprint of each operator. MindInsight then sorts and 
analyzes the profile data and presents the analysis 
results from step trace, operator performance, timeline, 
and MindData profiling dimensions, providing valuable 
information for optimizing network performance.

During the training of neural networks, numerical errors 
such as infinity can prevent training from converging. 
Because computations are performed in a blackbox manner 
in the graph execution mode, locating these errors is 
difficult. The MindInsight debugger allows users to view the 
internal structures of a graph and inputs/outputs of each 
node in graph execution mode during training. For example, 
users can view the value of a tensor, map a node on the 
graph to Python code, and set a conditional breakpoint for 
a group of nodes in order to monitor the compute results of 
the nodes in real time.

3.5 MindArmour

Adversarial attacks [19, 20] have become an increasingly 
prevalent threat to the security of machine learning models. 
An attacker can compromise machine learning models by 
adding small perturbations that are difficult to spot to the 
original sample [21, 22]. To defend against adversarial 
attacks, MindArmour offers three main modules: attack 
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(adversarial example generation), defense (adversarial 
example detection and adversarial training), and evaluation 
(model robustness evaluation and visualization).

Taking a model and data as input, the attack module 
generates corresponding adversarial examples in both 
blackbox and whitebox attack scenarios using easy-to-use 
APIs. These examples are then fed into the defense module 
to improve the generalization and robustness of the model. 
The defense module also implements multiple detection 
algorithms, which can distinguish between adversarial 
examples and benign ones based on either malicious 
content or attacking behaviors. The evaluation module 
provides multiple evaluation metrics, enabling developers to 
easily evaluate and visualize the robustness of their models.

Privacy preservation is a major topic in AI applications. 
MindArmour provides effective solutions to the main 
privacy-preserving issues. In order to provide differential 
privacy guarantee to a trained model (which might leak 
sensitive information about the training dataset [23, 24]), 
MindArmour implements a series of differential privacy 
optimizers that automatically add noise to the gradients 
generated during backpropagation. Specifically, the 
optimizers adaptively add noise in the training process, 
achieving better model utility with the same differential 
privacy budget. Users can use these differential privacy 
optimizers in the same way as they would use normal 
ones, and they can dynamically monitor privacy budget 
consumption during training using the monitoring module.

Figure 5 MindSpore device-cloud collaboration architecture

3.6 Device-Cloud Collaboration

MindSpore aims to build an AI framework that covers 
all scenarios, from the device to the cloud. To this end, 
MindSpore implements a wealth of "device-cloud" 
collaboration capabilities, including model optimization, on-
device inference and training, and federated learning, as 
illustrated in Figure 5.

Model Generation and Optimization Toolkit

To help users deploy models on mobile and edge devices 
that have limited resources (such as power and memory), 
MindSpore implements a collection of optimization 
techniques (as shown on the left side of Figure 5). 
Model adaptive generation is a method that adaptively 
generates models according to specified device, latency, 
accuracy, and size settings using neural architecture search 
(NAS) technology [25]. A quantization strategy is used 
to approximately represent 32-bit floating-point data 
by using a data type with fewer bits. Both post-training 
quantization and quantization-aware training are supported 
in MindSpore.

On-Device Training and Federated Learning

Although deep learning models trained on large datasets 
can be generic to some extent, they do not apply to 
personalized user data or tasks in some scenarios.

MindSpore's on-device training solution allows users to 
train personalized models or fine-tune existing ones on their 
devices without facing data privacy, bandwidth limitation, 
and Internet connection issues. In the near future, various 
on-device training strategies — including training from 
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scratch, transfer learning, and incremental learning — 
will be brought to MindSpore. MindSpore also supports 
federated learning to share data by sending model updates/
gradients to the cloud. With federated learning, models can 
learn a greater volume of general knowledge.

Deployment on Mobile and Edge Devices

MindSpore provides a lightweight compute engine for 
executing models efficiently on devices. Typically, model 
conversion is necessary before pre-trained models can 
be deployed to the device side, potentially leading to 
unexplainable performance and accuracy degradation. In 
MindSpore, the on-device inference schema is compatible 
with on-cloud training, eliminating the need for such 
conversion and avoiding the potential performance 
degradation. Furthermore, MindSpore features a variety of 
built-in automatic optimization methods targeting devices, 
such as graph/operator fusion, fine-grained memory 
management, and hardware acceleration, as shown on the 
right side of Figure 5.

Figure 6 MindSpore GNN architecture

3.7 MindSpore Serving

returning the prediction results; managing the lifetime of 
models; managing the lifetime of services; and managing 
multiple models and versions.

3.8 GNN Framework

GNNs have attracted significant interest from both 
academia and industry. Application scenarios include drug 
identification and discovery, recommendations, traffic flow 
prediction, and chip design. Like CNNs, GNNs are also 
evolving quickly. However, existing GNN frameworks (e.g., 
DGL [26], PyG [27], PGL [28], and GraphLearn [29]) fail 
to provide a simple and easy-to-use programming model 
that fits GNN algorithms while also providing satisfactory 
training speed. The MindSpore developers worked with 
the Chinese University of Hong Kong to propose an easier 
and faster GNN framework. As shown in Figure 6, the 
framework is built on a node-centric programming model 
and a wealth of algorithms for deep graph learning and 
compilation optimization.

In GNN tasks, users need to transfer and aggregate 
information on given graphs (consisting of edges and 
nodes). This approach differs significantly from that used 
in CV tasks. Existing frameworks fail to support intuitive 
expressions like Python syntax for such operations. Users 
rely on the methods (e.g., message-passing) provided by 
GNN systems to realize information aggregation. Such 
a tensor-centric programming model creates a steep 
learning curve for users, compared with intuitive Python 
implementations.

MindSpore implements a node-centric programming model 
in its GNN framework. This model fits users' thinking 
and usage habits as closely as possible, enabling users 
to build a GNN model as easily as writing a common 

MindSpore Serving is a lightweight high-performance 
inference module designed to help MindSpore users 
efficiently deploy their online inference services in 
production environments. It allows users to create inference 
services based on pre-trained models exported from 
MindSpore.

MindSpore Serving helps users complete the following 
tasks: loading model files to generate an inference engine 
and providing the inference function; exchanging gRPC 
or RESTful messages of prediction requests and results; 
prediction interface calls, prediction processing, and 
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Python program. Furthermore, this model significantly 
reduces the threshold for developing new models and 
facilitates model implementation and iteration. It provides 
equivalent expression capabilities as the message-passing 
method and is compatible with all existing GNN models. 
Based on this programming model, MindSpore quickly 
reproduces the convolution library and model library of 
the Deep Graph Library (DGL) [26], the most popular 
GNN framework. Currently, more than 10 classic models 
are supported, covering homogeneous and heterogeneous 
models, recommendation models, knowledge graphs, and 
life sciences. This fully proves the utility and expression 
capability of this programming model.

The node-centric programming model faces the following 
challenges: First, adaptation to existing MindSpore code 
for seamless connection between the two programming 
models. Second, compatibility with MindSpore's existing 
features (e.g., auto parallelism, easy switching between 
dynamic and static graph modes, and compilation of 
computational graphs) and new features to be launched. 
Third, minimizing intrusions to the existing MindSpore 
framework. To address these three challenges, an innovative 
source code transformation method is proposed in the 
MindSpore GNN framework to convert user code into a 
format natively supported by MindSpore, allowing for 
data exchange and connection in tensor format between 
different programming models. The result of source code 
transformation is MindSpore code, which ensures full 
compatibility with MindSpore features without requiring any 
alterations to the existing framework. The GNN framework 
also provides a convenient tool for comparing the generated 
code against the source code line by line.

Typical GNN tasks are memory-intensive, and the core 
overhead of these tasks lies in frequent tensor movements 
between the RAM, cache, and processor core. Conventional 
methods use operator fusion to reduce memory movements. 
In existing GNN frameworks, available operator fusion 
optimization schemes are mainly a point-by-point 
optimization approach, where users have to manually 
define common GNN operator combinations and write 
forward and backward operator fusion code. This approach 
is not generic, requiring developers to manually define and 
optimize GNN operator fusion. Furthermore, the operator 
fusion opportunities are not fully realized, resulting in only 
average performance.

Conventional GNN tasks run in Gather-Injective (+/-/*// 
and activation)-Scatter (GIS) mode when homogeneous 
and heterogeneous graphs are converted into MindSpore 

computations through the scatter/gather process. To 
enhance performance and scalability, MindSpore proposes a 
new GIS mode for GNN operator fusion optimization based 
on the graph kernel fusion and auto operator compilation 
techniques built into the framework. This new GIS mode 
can fuse one or more Gather, Injective, and Scatter 
operators into one large operator. After operator fusion, the 
polyhedral-based technology is leveraged to automatically 
optimize and generate operators at the AKG operator 
compilation layer. For large data volumes, some operators in 
the resulting computational graph have ultra-large output 
results. Given that the bottleneck of fused operators lies in 
memory footprint rather than computation, we can improve 
the execution speed by introducing recomputation, thereby 
reducing the RAM usage. With reduced RAM instantiation 
of tensors, MindSpore's GNN framework outperforms DGL 
(the most popular existing framework) by an average 
of three to four times. This fusion method applies to the 
optimization of not only existing operator fusion in the 
existing framework, but also many more new operator 
combinations.

4 MindSpore Ecosystem

Since becoming open source a year ago, MindSpore has 
grown into the most active open-source community 
in China and there have been 12 versions released to 
date. MindSpore ecosystem is expanding swiftly across 
universities, competitions, institutes, and enterprises with 
rapid iterations of technological innovation. Put simply, 
MindSpore has created a virtuous "industry-education-
research-competition" cycle in the AI industry: The industry 
attracts and retains talent at the forefront of research and 
innovation, and this in turn drives the advancement of the 
industry.

Universities are the base for talent cultivation and the 
future of AI talent development. They are also the 
starting point of the MindSpore ecosystem (see Figure 7). 
China's Ministry of Education has initiated the "Emerging 
Engineering Education" plan, aiming to cultivate AI talent 
and build a world-class science center and talent resource 
pool. Against this backdrop, the MindSpore ecosystem 
has sought close cooperation with universities in order to 
streamline the "industry-education-research-competition" 
cycle, build an industry-driven AI knowledge system, and 
prime the talent pipeline for continuous AI innovation. In 
addition to building influence at the technological frontier 
through close cooperation with academia, MindSpore has 
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Figure 7 Virtuous "industry-education-research-competition" cycle of MindSpore ecosystem

Figure 8 MindSpore-based education in universities

been promoting industrial implementations (healthcare, 
transportation, finance, Internet, telecom, manufacturing, 
energy, etc.) while also improving AI model R&D efficiency 
and lowering the threshold of AI application implementation 
for customers from mature industries. MindSpore takes its 
root in AI infrastructure, develops a high-level application 

ecosystem, consolidates low-level hardware capabilities, and 
expands its reach internationally.

The following discusses our experience in MindSpore 
ecosystem building in academia and business perspectives 
as well as in community operations.
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4.1 Ecosystem Building in Academia

MindSpore cooperation with universities begins with three 
programs: Emerging Engineering Education, Intelligence 
Foundation, and Developer Program. MindSpore offers 
curriculum development and educator training for university 
teachers to prepare them to teach AI-related subjects based 
on MindSpore. After learning about MindSpore, junior 
undergraduates are encouraged to take part in developer 
activities and competitions in the community, Internet+ 
competitions recognized by the Ministry of Education, and 
the MindSpore racetrack of Huawei ICT Competition. For 
students interested in academic research, MindSpore and 
the Chinese Association for Artificial Intelligence (CAAI) 
have initiated an academic reward fund to provide them 
with technical, capital, hardware, and compute power 
support for scientific research based on MindSpore.

MindSpore Opening University Courses in This Autumn 
Term

MindSpore has completed 10 educator training sessions in 
eight cities (including Chengdu, Wuhan, and Shanghai) and 
started 416 courses in 101 of the top universities in China 
(including Tsinghua University and Peking University). It has 
reached over 1000 teachers and 35,000 students, covering 
important AI and computer science topics such as ML/DL, 
CV, and NLP. In the 2021 autumn term, 159 new courses 
led by more than 200 teachers are rolling out for 10,000 
students. More than 10 MindSpore Study Group (MSG) 
sessions have been held, attracting more than 5000 teachers 
and students (see Figure 8). MindSpore has promoted 
AI education in universities and achieved substantial 
breakthroughs in ecosystem building in academia.

Figure 9 MindSpore in Internet+ competitions

MindSpore in Internet+ and Huawei ICT Competitions

Hands-on practice is proven to be one of the most effective 
methods for enhancing learning. MindSpore has created 
questions in major AI competitions, attracting tens of 
thousands of students to learn and practice MindSpore and 
take part in the open-source community (see Figure 9).

1. In the industry racetrack of the Internet+ Competition, 
170 teams signed up for MindSpore-based contests. 
Among them, 13 teams won provincial gold medals and 
were shortlisted as the national top 300, and four teams 
were selected as the national 50 finalists.

2. More than 3000 teams have signed up for the NSFOCUS 
Cup. In the current golden stage, eight teams will be 
selected as MindSpore representatives to compete 
for the annual championship at the China Computer 
Federation (CCF) Conference in Xi'an from November 19 
to 20.

3. The Open Source Promotion Plan was executed 
successful ly.  More than 200 teams applied for 
MindSpore projects. As the projects successfully closed, 
the project code was contributed to the community and 
30 developers stood out as core community contributors.

4. There are a number of other ongoing MindSpore 
racetracks in the Huawei ICT Competition, CCF Big Data 
& Computing Intelligence Contest (CCF BDCI), AI+remote 
sensing and AI+manufacturing competitions founded 
by China Academy of Information and Communications 
Technology (CAICT), and more.



35 | Communications of HUAWEI RESEARCH  December 2022

Basic Software

4.2 Ecosystem Building in Business

40+ Joint Research Projects Published 170+ Papers

MindSpore is driving the growth of the AI ecosystem 
through research cooperation and technological innovation. 
MindSpore has cooperated with more than 20 top 
universities and research institutes around the world to 
enhance its competitiveness in fields such as AI+scientific 
computing, trillion-parameter super large models, and AI 
security. Furthermore, it has published a series of research 
achievements including remote sensing models, mobile 
electromagnetic simulation, and multimodal foundation 
models.

MindSpore and CAAI jointly initiated an academic reward 
fund that offers capital, compute power, and technical 
support for university and institute AI researchers. This fund 
aims to promote MindSpore-based academic application 
and paper publication in major national and international 
conferences and periodicals, while also bolstering global 
influence of China's AI research with incentives on 
originality.

To date, this fund has established partnerships with more 
than 45 university educators on many popular AI fields (CV, 
NLP, scientific computing, biology, autonomous driving, etc.) 
and supported the publication of over 170 MindSpore-based 
research papers at major conferences.

This year has witnessed the burgeoning rollout of AI 
computing centers in Shenzhen, Wuhan, Xi'an, Chengdu, 
and Nanjing. Among them, the Shenzhen and Wuhan 
centers have already been put into operation. These AI 
computing centers provide inclusive computing power 
to local universities and enterprises, support national 
and international efforts in joint innovation based on 
MindSpore, promote the domestic AI developer ecosystem, 
and empower industrial practices.

PCL-L: First Open-Source Chinese Pre-trained Language 
Model with 200 Billion Parameters

At Huawei China Ecological Conference, Peng Cheng 
Laboratory (PCL) unveiled PCL-L, the industry's first open-
source Chinese-language pre-trained foundation model with 
as many as 200 billion parameters. Based on Peng Cheng 
Cloud Brain II, this foundation model employs the auto 
hybrid parallelism approach provided by the MindSpore 
framework, and implements 200-bill ion-parameter 

distributed training on a 2048-card cluster. It is the first time 
for domestic full-stack AI infrastructure to support language 
model training on such a large scale. This demonstrates 
the breakthroughs of domestic exascale supercomputing 
platforms in core capabilities such as software and hardware 
co-optimization and large-scale distributed parallel training.

Large-scale distributed training has been a major obstacle 
to the development of foundation models. MindSpore 
tackles this obstacle by offering a full collection of hybrid 
parallelism choices: data parallelism, operator-level model 
parallelism, pipeline model parallelism, optimizer model 
parallelism, and recomputation. MindSpore introduces the 
combined use of multi-dimensional parallelism techniques 
in the graph compilation phase.

PCL-L enables industry-leading performance in a wide range 
of applications, especially in text generation fields such 
as Q&A, knowledge retrieval, knowledge inference, and 
reading comprehension. Against state-of-the-art (SOTA) 
benchmarks, PCL-L delivers the best performance indicators 
in 16 downstream tasks. Specifically, PCL-L achieves top 
marks in 11 zero-shot learning tasks, 12 one-shot learning 
tasks, and 13 few-shot learning tasks.

MindSpore and Wuhan University Create the First 
Remote Sensing–Dedicated Framework

Remote sensing technology is widely used in land resource 
planning, natural environment monitoring, and similar fields. 
Due to the nature of this technology, the interpretation 
of remote sensing images is more complex than that of 
general image recognition. As such, most remote sensing 
mapping tasks currently rely on manual interpretation. The 
application of AI and deep learning technologies in solving 
remote sensing problems requires a sufficiently large remote 
sensing image sample library, a dedicated deep learning 
framework, and a model specifically designed for remote 
sensing. As a tier one university teaching remote sensing 
majors, Wuhan University collaborated with Huawei Ascend 
and MindSpore to build the world's first deep learning 
framework LuojiaNet and sample library LuojiaSet for 
remote sensing usage (see Figure 10).

MindSpore parallelizes the processing and segmentation 
of ultra-high-resolution images to multiple devices and 
cards, solving the boundary computation problem of image 
segmentation. Built based on MindSpore, the LuojiaNet 
framework is dedicated for promoting remote sensing 
research and applications in China. It supports remote 
sensing images with a resolution of up to 30000 x 30000 
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Figure 10 Industry's first sample library and dedicated framework for remote sensing

Figure 11 Zidong.Taichu — industry's first three-modal foundation model

pixels and 256 channels and provides features such as 
abstract remote sensing knowledge graph. On top of the 
remote sensing sample library and the dedicated framework 
and model, Wuhan is cultivating its remote sensing industry 
by supporting startups such as Optics Valley Information 
and Leador Spatial Information.

MindSpore and Chinese Academy of Sciences Build a 
Generic AI Platform and Develop the First Three-Model 
Foundation Model

Pre-trained models like GPT and BERT have achieved 
major success. Such models learn different tasks without 
supervision and can be quickly migrated to different fields. 
Multimodal pre-trained models are considered the way 
forward for moving from weak AI to general AI. In recent 

years, audio and video data has grown at an unprecedented 
rate and contributed to over 80% of all data. However, the 
pre-trained models currently available are mainly designed 
for text workloads. The massive volumes of speech, image, 
and video data are not utilized and learned. In fact, human 
information acquisition, environment perception, and 
knowledge learning and expression are implemented in 
multimodal mode.

The Institute of Automation of the Chinese Academy of 
Sciences proposed a visual-text-speech three-modal pre-
trained model and successfully built the world's first three-
modal pre-trained foundation model "Zidong.Taichu" 
based on the MindSpore framework (see Figure 11). The 
model features cross-modal understanding and generation. 
Specifically, it can generate images from speech and vice 
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Figure 12 Intelligent radar image pre-trained model

versa, and it can realize unified semantic representations 
of images, text, and speech. This model is pre-trained on 
100 TB of three-modal data on a 100-card Ascend cluster 
in distributed mode. Distributed training of this model 
is significantly accelerated with lower optimization costs 
thanks to the multi-dimensional and full-type distributed 
parallelism strategies provided by MindSpore, from data 
parallelism, operator-level model parallelism, pipeline model 
parallelism, optimizer model parallelism, and heterogeneous 
parallelism, to recomputation and memory reuse.

The Zidong.Taichu foundation model achieves superior 
performance with efficient collaboration between text, 
visual, and voice models. It outperforms SOTA benchmarks 
in visual-text cross-modal understanding and generation, 
and it works efficiently in downstream tasks like cross-
modal detection, visual Q&A, and semantic description. 
Zidong.Taichu remarkably won the video understanding 
and video scene parsing challenges in ACM Multimedia 
2021 and ICCV 2021. The performance of Zidong.Taichu 
has attracted attention from enterprises like SAIC Motor, 
Weiqiao Pioneering, and iQIYI for cooperation projects in 
fields such as smart driving, industrial quality inspection, 
and film production.

MindSpore and Xi'an Universities Build Industry's First 
Chinese Speech Foundation Model and Intelligent Radar 
Remote Sensing Applications

In September 2021, Xi'an Future AI Computing Center 
commenced operations. MindSpore, Xidian University, 
Northwestern Polytechnical University, and Shaanxi Normal 

University reached a cooperation agreement on civilian 
application innovation, centering on building intelligent 
remote sensing and Chinese and multilingual speech 
foundation models.

Oriented to radar remote sensing images, Xidian's intelligent 
remote sensing technology enables all-day observation and 
analysis with immunity to weather interference, even in 
extreme weather conditions like earthquakes, rainstorms, 
and typhoons. This project mainly targets surface features 
extraction, registration, and change detection (see Figure 
12). This is especially useful in marine monitoring, mountain 
change monitoring, urban development, facility expansion, 
and vegetation changes, and particularly in post-disaster 
assessment and rapid disaster relief.

Speech is the most natural form of communication. Existing 
speech models are highly dependent on labeled data, 
but labeling speech data costs much more than labeling 
image and text data. MindSpore works with Northwestern 
Polytechnical University to develop large-scale speech pre-
trained models that can achieve system robustness with 
only a small amount of labeled data. The project aims to 
improve the comprehensive speech processing capabilities 
in different fields, dialects, and languages, and provide rich 
AI applications including self-service IVR, speech synthesis, 
spoken language understanding, speech-to-speech 
translation, and voiceprint recognition. The project has built 
four foundation models: (1) The world's first Chinese speech 
pre-trained foundation model. (2) The world's first speech 
pre-trained model for Chinese dialects, improving the 
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Figure 13 MindSpore-based intelligent manufacturing solution

comprehensive processing capability of accents and dialects; 
(3) A multi-language speech pre-trained model, improving 
the multilingual speech processing capability. (4) A pan-
audio foundation model for perceiving and understanding 
voices.

Enabling Industry Upgrade by Embracing Open Source 
and Openness

MindSpore has set up industry benchmarks in eight 
industrial cases (including healthcare, transportation, 
finance, manufacturing, and energy) and worked with 
industry partners to develop solutions for smart healthcare, 
smart finance, smart manufacturing, etc. More than 60 
industry partners have passed the MindSpore certification, 
and the number is expected to reach 100 by the end of this 
year.

The MindSpore-based smart manufacturing solution (see 
Figure 13) has been quickly replicated in the production 
lines of PowerLeader, Yangtze River Computing, Midea 
Hefei, and Haier. This solution has improved detection 
accuracy for the assembly workshop of Yangtze River 
Computing by 10% and enabled fast upgrade of production 
line algorithms within 2 hours. In terms of smart retail, 
Wesine launched a MindSpore-based intelligent AI loss 
prevention system to improve retail efficiency.

At the ecosystem partner workshop sponsored by 
MindSpore in Wuhan, Dofront Technology, Optics Valley 
Information, Leador Spatial Information, Douyu Network, 
Industrial Control Research Institute, Lottop, Wesine, Nasi 
Technology, JIMU Intelligent, and Welltrans O&E exchanged 
ideas on development trends and cooperation opportunities.

Pair Enables Intelligent Image Annotation, Freeing 
Doctors from Manual Annotation

Pair is an easy-to-use and intelligent portfolio of medical 

image annotation software (see Figure 14). It is developed 

by Professor Ni Dong and Doctor Yang Xin of the Ultrasonic 

Image Computing Lab of Shenzhen University.

Refined segmentation and labeling has always been the 

most time-consuming task in medical image annotation. 

Conventionally, doctors of different professions and 

qualifications have to perform point-by-point manual 

segmentation and labeling for different imaging modes, 

anatomy structures, and lesions. The Pair team developed 

the intelligent function AutoSeg to implement refined 

segmentation and labeling of common anatomy structures. 

This significantly improves labeling efficiency and promotes 

the implementation and popularization of AI image research 

results.

The auto segmentation and labeling functions of the 

Pair software are implemented based on the MindSpore 

framework. The inference engine of MindSpore Lite is used 

to complete the inference deployment of the segmentation 

model, achieving a speed boost of 30% compared with the 

original LibTorch library. The high-performance operators 

provided by MindSpore Lite meet accuracy requirements 

using only common CPUs of common PCs. This effectively 

balances the compute power and accuracy requirements 

while also shortening the inference time to less than 1 

second, greatly improving user experience of AutoSeg. The 

AutoSeg function of Pair shortens the segmentation and 

labeling time by about 70%.
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Figure 15 Typical applications of MindSponge

Figure 14 Pair for intelligent image labeling

4.3 Community Operations

MindSponge: Next-Generation AI Molecular Dynamics 
Simulation Software Framework

As an important theoretical research method, molecular 
simulation builds a bridge between the micromolecular 
world and the macroscopic observable measurement, 
thus providing a tool for us to understand the structure 
and dynamic properties of matter at the molecular level. 
Molecular simulation is widely used in sectors such as the 
chemical industry, biomedicine, energy, and materials. 
Despite the growth of this field aboard, there is few mature 
molecular simulation software with independent IP rights at 
home. In addition, there are still many technical, reliability, 
and efficiency problems in the applications of available 
molecular simulation software.

To address these problems, Peking University and Shenzhen 
Bay Lab Gao Yiqin Subject Team and Huawei MindSpore 
jointly developed MindSponge, a next-generation AI 
molecular dynamics simulation framework. This framework 
is a proprietary molecular simulation software library. It 
features high performance and modularization and allows 
scientists to efficiently and easily build computing modules 

required for molecular dynamics simulation. This framework 
can efficiently complete the molecular simulation process 
based on MindSpore features such as auto parallelism 
and graph kernel fusion (see Figure 15). With MindSpore's 
auto differentiation feature, MindSponge empowers 
traditional molecular simulation with AI methods and the 
high-performance computing feature of the MindSpore 
framework.

MindSponge aims to build the next-generation molecular 
simulation software platform that leads technology 
transformation in the computing era. It is China's first open-
source general-purpose molecular simulation software 
framework that enables AI-powered molecular simulation.

Open source communities are booming in recent years. 
According to Gitee (China's dominant platform for hosting 
open-source code), the number of open-source projects 
increased by 192% in 2020 and China ranked top by the 
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Figure 16 Robot-assisted governance of the MindSpore community

growth rate of open-source users. However, most open-
source users have limited understanding of open-source 
and community culture, bringing severe challenges to 
open-source community governance. In this context, the 
MindSpore community, which focuses on AI tech trends, has 
been exploring effective community governance solutions 
to bring ultimate experience to community users and 
developers.

Community development activities centered on issues 
and pull requests (PRs) are a major part of community 
governance. The key to community development is fast 
issue closure and efficient code integration. The MindSpore 
community operation team surveyed the engineering 
practices of top communities in the industry and set up a 
developer experience special interest group (SIG) in the 
MindSpore community with Professor Cao Jian from the 
Shanghai Jiao Tong University. The SIG aims to empower 
community governance and operation with AI-based 
community robots (see Figure 16), reduce the threshold for 
developers, improve the governance efficiency of operations 
personnel, and enliven the community atmosphere.

Figure 17 shows an example of issue transfer. The 
community mentor tags historical data in order to generate 
learning samples, builds a model based on CNN/GAN text 

Figure 17 Issue transfer in the MindSpore community

features, and uses the community robot to automatically 
recommend tags or developers, accelerating issue transfer. 
This service reduces the initial response time of community 
issues from 140 hours to 20 hours. Since the rollout in the 
MindSpore community, the robot has been called more than 
80 times per day. In the next phase, MindSpore will focus 
more efforts in developer profiling and relationship graph 
building through developer feature modeling. In this way, 
MindSpore will identify active and inactive developers and 
improve the developer retention rate in the community.

5 Conclusions and Future Work

AI frameworks constitute the core of the deep learning 
infrastructure. The first-generation AI frameworks, 
represented by Torch, Theano, and Caffe, lay a foundation 
for Python-based deep learning network building, auto 
differentiation, and graph-based model representation and 
execution. Among the second-generation AI frameworks, 
TensorFlow has found wide industrial applications with its 
distributed training and diverse deployment capabilities 
while PyTorch has attracted the attention of scientists and 
algorithm engineers thanks to the flexibility brought by its 
dynamic graph mechanism. Standing on the shoulders of 
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giants, MindSpore builds its competitive advantages through 
a series of technology innovations.

Looking beyond the trends, driving factors, and challenges 
of AI development, we expect MindSpore to lead the 
evolution of AI frameworks in the following aspects:

1. Ultimate AI experience

To evolve from a deep learning framework to a generic 
tensor differentiable computation framework, MindSpore 
will become compatible with more big data analysis and 
scientific computing tools such as Pandas, NumPy, and SciPy, 
enabling scientific computing expressions to be simplified. 
To extend the application catalogs, MindSpore will offer a 
generic AI compiler that achieves a better trade-off between 
flexible model representation and efficient model execution. 
MindSpore will realize visualized intelligent optimization to 
simplify the inference and training process. And to maintain 
its advantages in cross-scenario collaboration, MindSpore 
will leverage innovative techniques such as performance/
accuracy adaptation, heterogeneous parallelism, models, 
and code, as well as unified support for registration of 
proprietary and third-party chip drivers.

2. Ultra-large AI scale

With the development of brain-like science and feature 
learning, training of ultra-large-scale neural networks will 
revolutionize service performance and lead to the ever-
increasing scale and complexity of data and models. 
To address these challenges, MindSpore will enhance 
hybrid parallelism on the basis of data parallelism and 
model parallelism, support elastic training and high-
order optimization, and develop software/hardware co-
optimization.

3. AI-based scientific computing

The industry has been exploring the combination of AI and 
scientific computing in the following three directions: First, 
replace traditional computing models with AI models, for 
example, the Deep Potential Molecular Dynamics (DeePMD) 
method. Second, employ AI in solving scientific computing 
equations, for example, PINNs and PINN-Net. Significant 
challenges still exist in this direction, especially in terms of 
accuracy and convergence. Third, accelerate equation solving 
with the framework. That is, the framework is considered a 
distributed framework oriented to tensor computing, and 
the same framework used for deep learning is applied in 
equation solving with the model and scientific computing 
method unchanged. To implement mathematical solvers 

for typical scientific computing problems, MindSpore will 
leverage high-order hybrid differentiation, multi-mode data 
convergence, and multi-scale hybrid computing methods. 
In this way, it will evolve the framework workload from 
deep learning models only to generic tensor differentiable 
computing.

4. Secure and trustworthy AI

As the bearer of AI services, AI frameworks must consider 
AI responsibilities, including security, privacy, fairness, 
transparency, and explainability. Current AI frameworks 
face the following challenges: lack of common analysis 
methods, measurement systems, and scenario-aware 
automatic measurement methods for every aspect of AI 
responsibilities; AI model robustness, privacy protection 
methods, and encrypted AI having a major impact on model 
performance; and lack of theoretical and algorithm support 
for AI explainability and human-friendly explanations of 
inference results. MindSpore will continue to build native 
secure and trustworthy AI capabilities including adversarial 
training, differential privacy, encrypted AI, federated 
learning, and explainable AI, in order to gradually evolve 
from consumer-level AI to enterprise-level AI.

Technology is at the root of a strong ecosystem. The 
MindSpore open source ecosystem will grow and thrive as AI 
technologies continue to evolve. The MindSpore technology 
ecosystem is committed to helping the AI industrial 
ecosystem, accelerating industrial implementations of 
AI technologies, and providing solid underlying support 
for the development of intelligent economy and digital 
transformation of more industries.
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The ever-increasing service requirements of the computing industry, and the continuous improvement and innovation in 
the hardware architectures and micro-architectures, such as software-hardware co-design, software-defined hardware, 
and instruction set architecture (ISA) extension, keep posing new challenges to the research on compiler design and 
implementation. To cope with these challenges while addressing service pain points, Huawei BiSheng compiler, through 
a deep dive into the service requirements, research hotspots, and development trends in the industry and academia, 
introduces technological innovations at each stage of the legacy three-stage compiler architecture to build key differentiated 
competitiveness. With fast iterative evolution, the BiSheng compiler has been proven to empower Kunpeng and Ascend 
chips in delivering ultimate performance in typical scenarios, and is helping build a prospective technical ecosystem. In 
light of the future technology prospects, the BiSheng compiler is actively expanding and planning new innovative research 
directions. Based on insights into compiler technology evolution, this paper systematically introduces the technical 
innovations and practices of the BiSheng compiler, explains the key technical features, and predicts the technical directions 
for further evolution and innovation.
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2 Introduction to Compilers

1 Preface

Compilers are important basic software. They translate 
source code written in a high-level programming language 
into a set of machine-language instructions. In the process 
of translation, a compiler performs complex analysis and 
optimization on the programs to improve their execution 
performance. Meanwhile, the compiler needs to balance 
the correctness of high-level programming language 
implementation and the complexity of underlying target 
architecture processing. High-level software, including the 
operating system (OS), database, network protocol stack, 
and artificial intelligence (AI) and machine learning (ML) 
frameworks, demands effective support from the underlying 
compiler. Owing to its important role in the entire software 
stack, compiler is valued as the crown jewel in software 
development.

Compiler is also a discipline that closely combines theory 
and practice in computer science. Centering on the 
theoretical research and engineering practice of compilers, 
the academia and industry have studied many compiler 
design theories and implemented a lot of effective 
engineering practices. Typical ones include programming 
language type, syntax [1–3], type system, lattice- and 
floating point-based data flow analysis [4–6], graph 
theory and application [7, 8], and constraint solving. 
Yet, some outstanding issues remain open in compiler 
design, such as back-end register allocation [9, 10] and 
instruction scheduling [11, 12], which are all deemed as 
non-deterministic polynomial-time hardness (NP-hardness) 
issues. Exploration of these issues is still a hot topic in 
compiler research.

There have also been remarkable achievements and 
progress in compiler engineering. In addition to the open 
source compilers widely used in open source communities, 
many universities, research institutes, and companies 
have maintained or released their own open source or 
commercial compilers for different languages and target 
architectures. These compiler engineering practices have 
played an important role in promoting academic research 
and supporting business success.

Along with the changing requirements in new application 
scenarios, evolution of hardware architectures, and 
development of basic theories and technologies, great 
progress has been made in theoretical research and 
innovation as well as practical exploration of compiler 
technologies. These new innovations in compiler design 

and implementation pave the way for new application 
scenarios such as big data, cloud computing, heterogeneous 
computing, and deep learning. However, there is no latest 
literature providing systematic introduction and summary on 
the new achievements and progresses of compiler design, as 
well as a systematic perspective on new directions.

To help address the lacuna, this paper is intended 
to systematically summarize and introduce compiler 
technology innovations and practices based on Huawei 
BiSheng compiler [13], and explore the future development 
directions. It covers the following topics: 1) A retrospective 
look into compiler development, architecture, and industry 
status, and a summary of important compiler-related 
concepts based on an in-depth analysis of the latest 
progress of the most popular open source LLVM compiler. 
2) A deep dive into the architecture of Huawei BiSheng 
compiler, especially its advanced compilation optimization 
technologies, such as loop optimization and automatic 
vectorization, and a discussion on AI-assisted automatic 
compiler optimization. These features have made great 
contribution to the success of the BiSheng compiler. 3) An 
insight into the possible development directions and value-
adds of Huawei BiSheng compiler in the future.

A compiler is a computer program that converts the 

source code written in one programming language (source 

language) into a program written in another equivalent 

programming language (target language). Its main purpose 

is to translate source programs written in high-level 

programming languages that are easy to write, read, and 

maintain into programs (that is, executable files) written 

in low-level machine languages that can be interpreted 

and run by computers. The source language is usually a 

high-level language, for example, C, C++, Java, Rust, or 

Go, whereas the target language is generally an assembly 

language or the target machine object code (also called 

machine code), for example, x86, ARM, or RISC-V [14].

The compiler structure can be logically divided into two 

major parts: front-end and back-end. There is a clear 

division of responsibilities between them. The front-end 

focuses on understanding of the source program. It divides 

the source program into multiple lexical units, checks 

2.1 Basic Concepts
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whether the lexical units meet the syntax structure specified 
by the language and whether the source program complies 
with the program semantics, and generates an intermediate 
representation (IR).

The back-end focuses on mapping of the IR generated by 
the front-end to the target machine. Its major tasks include 
selecting the appropriate machine instructions for the syntax 
structure of the source program, allocating the appropriate 
resources of the target machine for the variables of the 
source language, and so on.

In modern optimizing compilers, an additional part, namely, 
the mid-end, is introduced. It is an intermediate phase 
that is relatively independent of a specific programming 
language and target machine. The introduction of the mid-
end brings two benefits: First, the front-end and the back-
end are decoupled. This allows the front-end of multiple 
languages to generate common mid-end code, which can 
be further used to generate different target machine object 
code. Second, program optimization algorithms that are 
irrelevant to programming languages and target machines 
can be designed and implemented at the mid-end to 
optimize program performance, scale, or other metrics.

Regarding the high complexity and large-scale application 
of compilers, the compiler design should be able to address 
the productivity, performance, and portability (3P) challenge 
from the following perspectives:

• Improve programming productivity of application 
developers by shielding hardware architectures to 
facilitate efficient programming.

• Enable ultimate hardware performance through static 
and dynamic compilation optimization and software-
hardware synergy.

• Improve software portability by porting software from 
open source communities to solve the hardware-specific 

cross-generation source code and binary compatibility 
issues as well as the compiler upgrade-specific software 
behavior and performance compatibility issues.

In addition, the compiler should be able to ensure the 
security and reliability of program code, and to implement 
error detection and correction by means of dynamic and 
static program analysis.

Due to the importance of compiler theories and practices, 
the compiler has always been at the core of computer 
science. Take the Turing Award, the highest award in 
computer science, as an example. The first award was 
presented to professor Alan Perlis, a programming language 
and compiler expert. Since then, there have been awards 
for programming language compiler research every three to 
five years on average.

Since the mid-1950s, compiler design has been an 
important research field in computer science. The Fortran 
compiler developed by IBM is the first widely used high-
level language compiler. It is a multipass system and has 
introduced many important concepts of modern compilers 
in its design and implementation. It is a multipass system 
and has introduced many important concepts of modern 
compilers in its design and implementation, including 
independent lexical analyzer, syntax analyzer, and program 
optimization algorithms like register allocation.

In the 1960s and 1970s, researchers studied and built many 
influential compilers. Among them are the classic optimizing 
compiler FORTRANH [15, 16], Bliss-11 and Bliss-32 
compilers [17], and portable BCPL compilers [18], to name 
just a few. These compilers can generate high-quality object 
code for various complex instruction set computer (CISC) 
architectures.

Figure 1 Compiler use case

Figure 2 Turing Award for compiler-related research

2.2 Development History
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Figure 3 Typical compiler architecture

In the 1980s, the advent of reduced instruction set computer 
(RISC) architecture had a profound impact on compiler 
design. This architecture requires compiler designers to track 
the characteristics of new programming languages and 
study and design new compilation algorithms to unleash 
the computing power of new hardware. These trends forced 
the new generation of compilers [19–21] to focus on more 
powerful mid-end code optimization, as well as back-end 
code optimization and generation technologies. The typical 
architecture of compilers in this phase is as illustrated in the 
following figure. Modern RISC-based compilers still follow 
this architecture model.

Since the 1990s, compiler researchers turned their focus 
to address the challenges posed by the microprocessor 
architecture ,  inc luding mult i funct ional  processor 
components, memory latency, and code parallelization. In 
fact, the compiler structure and organization proposed for 
the RISC architecture in the 1980s are still flexible enough 
to cope with these challenges. Researchers can construct 
new passes and insert them into the compiler’s optimizer 
and code generator to resolve the challenges posed by the 
architecture [22].

As the cost of independently developing proprietary closure 
compilers became increasingly high, Richard Matthew 

Figure 4 Typical architecture of optimizing compilers

Stallman decided to develop an open source GCC compiler, 
which turned out to have a far-reaching impact on the 
future development of compilers. It is the official compiler 
of GNU systems (including GNU and Linux families) and 
also a key compiler for other OSs, including the BSD family, 
Mac OS X, NeXTSTEP, and BeOS.

GCC with a three-stage architecture has proven to be the 
first choice for cross-platform software compilers. Unlike 
compilers that are limited to specific systems and operating 
environments, GCC uses the same front-end processing 
program on all platforms. This way, it produces the same 
IR that can be compiled on various other platforms and 
outputs the compiled program correctly [23].

2.3 LLVM Compiler

As the system architecture and programming language 
become more diverse, GCC is not flexible enough to quickly 
adapt to new requirements and build competitiveness. 
The open source LLVM compiler is based on the three-
stage architecture and uses a modular design and library 
implementation. Its ecosystem compatibility, friendly 
software licensing, community activeness, and learning cost 
are popular in the academia and industry, making LLVM a 
dominant trend in the compiler field.

LLVM applies to multiple programming languages and 
target processors. It is written in C++ and consists of the 
front-end, back-end, optimizer, as well as some library 
functions and modules. It is open source and compatible 
with existing scripts written for GCC. LLVM has been 

Figure 5 LLVM architecture
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BiSheng compiler is a Huawei-developed compiler that 
delivers high performance and diversified computing power. 
Based on the open source LLVM compilation framework 
[25], it provides common compilation optimization 
technologies with differentiated competitiveness to cater 
to diverse application scenarios, programming languages, 
and hardware architectures, and implements in-depth 
collaborative optimization specific to different architectures 
and application scenarios. Figure 7 is the overall architecture 
of the BiSheng compiler. The compiler converts programs 

recognized as a common architecture for implementing 
various static and runtime compilation languages. Currently, 
more than 140 companies have participated in the open 
source LLVM project, spanning a wide range of industries 
and hardware architectures. The LLVM community has 
maintained a high popularity in the past decade.

Major contributors include Apple, Google, and key chip 
vendors. With LLVM, they are able to support a variety of 
standard languages and self-developed languages, such 
as Swift, Rust, and Go, and empower chips with different 
architectures, such as x86, ARM, and RISC-V. In addition, they 
have developed some innovative technologies, for example, 
multi-level intermediate representation (MLIR) [21, 24].

Currently, key industry players have joined the LLVM 
project. In addition to contributing to the community, 
they build their own closed source compilers based on the 
LLVM architecture by using highly competitive compilation 
technologies. Apple, Google, Qualcomm, IBM, AMD, ARM, 
Intel, Facebook, Microsoft, and Huawei are backers for LLVM 
in diverse scenarios, including consumer device, 5G, general 
computing, high-performance computing (HPC), and server.

3.2.1 High-Performance Compilation 
Optimization Algorithms

Figure 6 A glimpse of LLVM applications

3 Huawei BiSheng Compiler

3.1 Introduction

Figure 7 Architecture of the BiSheng compiler

written in different programming languages into unified 
internal IRs. It then carries out a series of pass optimizations, 
such as loop optimization, memory layout optimization, 
and automatic vectorization, to implement IR optimization 
and conversion, explore the parallelism and locality in the 
programs, and make full use of hardware features like built-
in acceleration instruction. With the built-in Autotuner, the 
compiler automatically tunes the optimization parameters 
that cannot be determined during static optimization. 
Finally, it outputs high-performance executable programs 
targeted for the Kunpeng platform.

3.2 Key Competitive Technologies

The BiSheng compiler focuses on key competitiveness in 
multiple fields, such as high-performance compilation 
algorithm, custom acceleration instruction set optimization, 
and AI-assisted automatic tuning (Autotuner). Specifically, 
the compiler explores parallelism and locality in programs by 
using advanced high-performance compilation algorithms, 
selects proper custom instruction set acceleration programs 
through architecture-specific instruction optimization, and 
automatically tunes optimization parameters, which cannot 
be determined during static optimization, through AI-
assisted automatic tuning.

Traditional chips seek for universality and therefore are 

designed with complex microstructures. This hinders the 

software from bringing hardware performance into full play. 

To mine the potential of transistors in specific scenarios, on 

the premise that performance and power consumption are 

prioritized, targeted optimization can be performed based 
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on domain characteristics to improve the performance and 
power consumption ratio at the cost of software complexity. 
This is the main approach to further unleash performance in 
the industry.

David Patterson and John Hennessy, two heavyweights 
in the computer architecture field, in their speech at the 
Stanford University in 2017, highlighted that the program 
performance can be greatly improved by blending multiple 
architecture designs and compilation optimization 
algorithms [26].  Figure 8 shows the performance 
acceleration ratios of matrix multiplication computing under 
different implementations and optimization technologies.

Figure 8 Performance acceleration ratios of matrix multiplication computing

−	 Conversion from an integer of 32–64 digits to an 
integer of 8–16 digits

−	 Hybrid-precision calculation mode

From the preceding aspects, the BiSheng compiler has made 
targeted improvements to the compilation optimization 
algorithms.

3.2.1.1 Parallel Loop Optimization

Statements in a loop are usually executed for multiple 
times and hence loop-dedicated optimization is expected to 
yield significant benefits. Loop optimization is an important 
means to improve the compiler performance, and it involves 
a wide range of optimization algorithms. As mentioned 
in A new golden age for computer architecture  [26], 
loop parallelization can greatly improve performance in 
applicable scenarios. By utilizing different algorithms (such 
as vectorization and instruction scheduling algorithms), 
a compiler achieves significant improvement in loop 
optimization effects, including improved cache usage, 
reduced register pressure, fewer dynamic instructions, 
and reuse of load actions or computing values in different 
iterations to expose other optimization opportunities.

The BiSheng compiler is  bui lt  with mult iple loop 
optimization methods. Important optimization technologies 
used by the BiSheng compiler include:

1. Loop Unrolling and Jamming

This technology expands the outer loop of the nested loop 
and integrates the loop body of the inner loop to improve 
the cache usage, as shown below:

After compiler optimization:

Through the preceding conversion, the cache hit ratio is 
effectively improved.

To achieve better performance, the BiSheng compiler 
also focuses on the following aspects to make full use of 
hardware:

1. More effective parallelism for specific domains at 

different hierarchies

−	 Loop-level parallelism

−	 Instruction-level parallelism (ILP) and memory-
level parallelism (MLP)

−	 Superscalar, multi-thread, multi-core, single 
instruction, multiple data (SIMD), and single 
thread, multiple data (STMD)

−	 Very long instruct ion word (VLIW) versus 
speculation and disorder

2. More efficient memory usage in the case of space/time 
locality

−	 User control vs high-speed cache

−	 Cache access, memory transfer, and function block 
division

3. Elimination of unnecessary data precision

−	 Substitute of IEEE floating point arithmetic with 
low-precision floating point arithmetic
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2. Loop Fusion/Distribution

Loop Fusion combines the loop bodies of two loops 
in an attempt to create a new loop. The advantage of 
this approach is to identify reusable values and expose 
instruction scheduling opportunities.

Loop Distribution is the reverse process of Loop Fusion. It divides 
a loop body into two independent loop bodies. The advantage 
of this approach is to expose vectorization optimization 
opportunities and seek additional optimization space.

In the following example, the first two statements are 
saved together in order to reuse the loaded values while 
separating a third statement that cannot be vectorized.

After compiler optimization:

3. Loop Unrolling

This technology decreases loop iterations by copying loop 
bodies and hence reduces branch jumps and loop boundary 
checks. In addition, the expanded loop body can generate 
new reusable values, helping expose more instruction 
scheduling opportunities.

After compiler optimization:

4. Loop Unswitching

This technology extracts conditional branch statements that 
do not change conditions in a loop to reduce branch jumps 
and provide more local optimization opportunities.

1. Structure memory layout optimization

To improve the cache usage, the BiSheng compiler has 
enhanced structure memory layout optimization by way of 
whole-program optimization. The primary means is to convert 
structure arrays into array structures. Structures can be 
explicit, or can be inferred by checking array usage in a loop.

3.2.1.2 Memory Optimization

2. Structure pointer compression optimization

This technology improves the D-cache hit ratio by reducing 
the memory usage space.

The following example illustrates how the structure 
optimization technology works. As shown in the following 
figure, the member pointer P1 occupies eight bytes.

After compiler optimization:
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The domain member pointer is compressed and then 
extracted to reduce the memory size of each structure node. 
This increases the structure data that can be stored in a 
cache line and therefore improves the cache hit ratio.

The original domain member pointer is accessed by 
converting the global structure pointers ps_head and ps to 
the combination of the base address and relative offset.

3. Prefetch optimization

Software prefetch is an optimization technology that reads 
required data from the memory in advance by inserting 
prefetch instructions. The prefetch effect depends on 
the lead time. If data arrives too early, it will waste the 
cache space. If data arrives too late, it will need to wait 
for access. Therefore, factors including the cache line size, 
memory access delay, and loop size must be considered 
while determining the lead time of software prefetch. To 
address this requirement, the BiSheng compiler adjusts the 
software prefetch configuration specifically for the Kunpeng 
microarchitecture and selects accurate prefetch time to 
improve the D-cache hit ratio.

3.2.1.3 Floating-Point Precision Tuning

After HPC-based applications, such as Weather Research 
and Forecasting (WRF) and Global/Regional Assimilation 
and Prediction System (GRAPES) are migrated to Kunpeng 
servers, it is probable that the computing results are 
inconsistent with the original data. As shown in the 
following figure, the precision differences of computing 
results are mainly due to four factors: math library, compiler 
optimization, instruction architecture, and operating 
environment.

Sources of precision differences

The solutions to the precision differences are as follows:

• Compiler optimization: Support precision control 
options such as fp-model and optimize the compiler 
optimization behavior and precision.

• Instruction architecture: Analyze instruction differences 
using the transcoding tool and eliminate the differences 
using methods such as soft floating-point simulation.

• Math library: Rewrite functions in the math library, or 
use math libraries of different precisions.

• Operating environment: Support cluster and multi-
kernel environments, such as MPI and OpenMP.

• Computing result: Optimize and improve the floating-
point compilation algorithm in different precision modes.

Scenario 1:

• Replacing division with multiplication to enable pipeline

• Adapting Newton’s method to support on-demand 
precision adjustment

Scenario 2:

• Combining (complex number) multiply-add instructions 
to support dynamic precision optimization
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Customizing acceleration instructions is an important means 
of building chip competitiveness. The compiler plays an 
important role in optimization of instruction generation 
and instruction selection. One commonly used approach is 
vectorization optimization.

In parallel computing, automatic vectorization is a special 
case of automatic parallelization, where a program 
transforms from a scalar implementation that processes 
one pair of operands at a time, to a vector implementation 
that processes multiple pairs of operands simultaneously in 
one operation. For example, the AArch64-based Kunpeng 
920 processor has thirty-two 128-bit vector registers and 
therefore allows the program to simultaneously operate 
four channels of 32-bit data or two channels of 64-bit 
data. The BiSheng compiler focuses on loop vectorization 
and superword-level parallelism (SLP) vectorization 
optimizations, which aim to ensure program locality while 
efficiently improving performance in computing-intensive 
scenarios.

3.2.2 Acceleration Instruction Set 
Optimization

The following figure depicts how SLP vectorization works.

As shown in the figures, the BiSheng compiler automatically 
generates Kunpeng vector instructions through automatic 
vectorization. The following are two typical application 
scenarios of automatic vectorization optimization.

Scenario 1:

Scenario 2:

3.2.3 Automatic Tuning (Autotuner)

Automatic tuning is an automated iteration process that 
optimizes a given program by manipulating compilation 
options to achieve the optimal performance. According to 

Combination of complex number multiply-add instructions

The following figure depicts how loop vectorization works.Combination of multiply-add instructions
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Logical architecture of Autotuner

The ML-based search technology introduced by Autotuner 
boasts the following features:

1) Autotuner database: a knowledge base established 
based on static and dynamic analysis information to 
support decision-making system optimization.

2) Optimal configuration: a process of determining 
opt imizat ion measures  based on hotspot  and 
performance evaluation information and knowledge 
base information.

3) Performance evaluation: a process of hotspot marking, 
bottleneck detection, and performance measurement.

4) Search-dr iven feedback :  a  process  of  sending 
optimization suggestions provided by the optimization 
decision system to the compiler for implementing 
optimization.

Autotuner service process

The key steps of Autotuner service process are as follows:

1) Use the environment variable AUTOTUNE_DATADIR 
to specify the storage location of optimization-related 
data.

2) Add the compiler option -fautotune-generate to 
complete initial compilation and generate a tuning task.

3) Run the llvm-autotune command to initialize the 
tuning task. Keep the generated initial compilation 
configuration file for next compilation.

4) Add the compiler option -fautotune to read the current 
configuration in AUTOTUNE_DATADIR and perform 
compilation.

5) Run the program to obtain performance data based 
on your requirements. Then, run the llvm-autotune 
feedback command to request performance data 
feedback.

6) Based on the specified number of iterations, repeat the 
optimization compilation and performance feedback 
steps for optimization iteration.

7) After multiple rounds of iteration, end the optimization 
and save the optimal configuration file.

8) Use the optimal configuration file obtained in the 
previous step for final compilation.

3.3 Optimization Effects

Through synergy with the Kunpeng chip, the BiSheng 
compiler maximizes the chip performance to deliver 
exceptional service experience on the Kunpeng platform. 

earlier researches, ML-based automatic tuning has been 
proven to outperform manual tuning.

The AI-assisted automatic tuning of the BiSheng compiler 
is implemented by the BiSheng compiler together with the 
Autotuner command line tool.

• The BiSheng compiler has a built-in automatic 
tuning feature. It can invoke Autotuner to implement 
optimization in a finer granularity.

• Autotuner is a command line tool. It generates 
the parameter search spaces, produces different 
combinations of parameters, and drives the entire 
tuning process.
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3.3.2 Performance Improvement for 
Typical HPC Applications

As shown in the following figure, by working with the 
Kunpeng chip, the BiSheng compiler effectively improves 
performance experience in typical HPC applications.

4 Future Innovation and Evolution 
Directions of the BiSheng Compiler

The BiSheng compiler will seek all-round technological 

innovation from the following perspectives: basic theory 

innovation, software-hardware synergy architecture 

innovation, and service scenario-based precise tuning. Key 

research directions include:

1. Continuous program optimization (CPO): Compilation 

optimization is no longer limited to the development 

phase. The academia and industry are exploring high-

performance runtime optimization technologies. In 
the future, CPO will remain an important direction for 
performance optimization. A typical example is the 
low-cost program runtime performance monitoring 
technology proposed by IBM CPO, which analyzes 
behavior changes of running programs to identify 
opportunities that cannot be accurately predicted and 
optimized by static compilation [27]. Another example is 
the libVC dynamic real-time compilation framework put 
forward by Milan Polytechnic, which streamlines CPO 
throughout the software lifecycle, from optimization 
of offline compilation in the development state to 
optimization of online compilation in the running 
state [28]. Although these technologies probe into 
different optimization strategies, they all employ CPO 
to implement real-time optimization throughout the 
program lifecycle.

2. AI for compiler: The application of AI in compilation 
optimization has been widely studied by large 
companies. In the future, AI-assisted compilation 
optimization will be an important direction for 
compilation optimization. For example, Intel and UC 
Berkeley are embarking on a joint research of using 
deep reinforcement learning (DRL) to implement 
decision-making optimization and automation for loop 
vectorization. According to the research, embedding a 
stable prediction model into the automatic vectorization 
phase of compilation helps obtain an optimized 
vectorization result [29]. Similarly, Google proposes the 
AI-assisted inlining optimization strategy, which uses the 
ML model to replace the heuristic algorithm of inliner to 
determine whether to perform inlining for more refined 
optimization.

3. System-on-chip (SoC) compiler: SoC chips have become 
the main development trend in the industry. It is quite 
probable that SoC compilers will become a new research 
direction. Some typical examples are Apple’s M1 chip, 
PC processor made as mobile phone SoC chip, N-in-
one chip, and Intel Alder Lake processor. They use a 
single, highly scalable SoC architecture involving new 
technologies such as unified memory architecture (UMA) 
and hybrid SoC architecture featuring Performance cores 
and Efficient cores, making it a necessity to explore 
matching compilation technologies.

4. Super optimizer: The academia has been trying to 
extend the research on basic compiler theories. In recent 
years, super optimizers have been accelerating their 
move from theory research to industry application. 

3.3.1 Industry CPU Benchmarking

The following figure shows the performance delivered by the 
same test program that has been optimized by the BiSheng 
compiler, GCC 9.3 compiler, and LLVM 10.0 compiler on the 
Kunpeng platform. According to the test results, the BiSheng 
compiler delivers performance outcomes better than the 
other two compilers, achieving an average performance 
increase by more than 20% compared with SPEC 2017.

This section presents the test results of the BiSheng compiler 
in different benchmarking and application scenarios.
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5 Conclusion

The BiSheng compiler builds key competitiveness by using 
different compilation optimization methods to cater to 
different chips, application scenarios, and application 
characteristics. It takes multiple factors, such as performance 
benefit, code volume, compilation time, and debuggability, 
into consideration during compilation optimization and 
unleashes ultimate computing power of chips through 

software-hardware synergy.
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Recent Advances in Online Matching

Since the seminal work of Karp, Vazirani, and Vazirani [36], online matching stands as a cornerstone in the online 
algorithms literature. In 2013, Mehta [45] wrote a comprehensive survey on this topic and posed a number of interesting 
open questions that have guided the development of the literature. Nine years later, researchers have achieved breakthrough 
results answering those questions. Moreover, researchers have proposed novel online matching models, motivated by new 
scenarios such as ride sharing platforms.

In this paper, we survey these recent advances in online matching. We discuss the breakthrough results based on the 
classical one-sided vertex arrival model in section 1, and summarize those results in section 1.3. Then in section 2, we 
explore more recently proposed models that go beyond the one-sided vertex arrival setting.

Abstract 
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1 One-Sided Vertex Arrival

1.1 Weighted Models

Take advertising on the Internet as an example:

Assume we are running a search engine. Advertisers want to 
display their ads to users who search for certain keywords. 
When a user performs a search, the search engine needs to 
immediately pick an advertiser interested in the search term 
and show the corresponding ad to the user.

This situation can be modeled as an online bipartite 
matching problem. Consider an underlying bipartite graph 
with vertices corresponding to the advertisers and the 
searches. The vertices corresponding to the advertisers 
are known upfront to the search engine and called offline 
vertices . The vertices corresponding to the searches are 
called online vertices, and they arrive online in a sequence. 
Upon the arrival of each online vertex, its incident edges to 
the offline vertices are revealed. In this example, an edge 
between an online vertex and an offline vertex means that 
the keyword searched by the user meets the interest of the 
advertiser. The algorithm then immediately decides which 
edge to match.

To simplify our explanations, we will introduce some 
notations but not provide any analysis or proof throughout 
the survey. However, we will describe and provide insights 
into some elegant algorithms.

In 1990, Karp et al. [36] first formalized the online bipartite 
matching problem in the unweighted version to maximize 
the size of the matching selected by the algorithm.

Online Bipartite Matching (Unweighted)

We use G = (L ∪R,E) to denote the underlying bipartite 
graph, where L is the set of offline vertices and R is the set 
of online vertices. Each vertex can be matched once at 
most. The offline vertices in L are given upfront, and the 
online vertices in R arrive in a sequence. At the arrival of 
each online vertex, we reveal its incident edges to offline 
vertices. We then need to decide whether to match these 
edges immediately and irrevocably. Our objective is to 
maximize the cardinality of the matched edges.

Competitive Ratio: An algorithm's competitive ratio Γ is 

defined as the minimum ratio of the algorithm's (expected) 

matching size to the maximum matching size in hindsight, 

over all possible graphs and arrival orders of online vertices. 

Formally, given an underlying graph G = (L ∪R,E) and an 

arriving order σ(R) of online vertices, we should have the 

algorithm's solution: ALG(G, σ(R)) is at least Γ times the 
optimal offline maximum matching OPT(G) on G .

Competitive Ratio (Worst Graph and Worst Order)

• Γ = min
G,σ(R)

ALG(G, σ(R))

OPT(G)

• Γ = min
G,σ(R)

E[ALG(G, σ(R))]

OPT(G)
(for randomized algorithms)

1/2 Barrier: A greedy algorithm that simply matches 
a  ver tex  to  an arb i t rary  unmatched ne ighbor  i s 
1/2-competitive because it always produces a maximal 
matching, which is at least half the size of a maximum 
matching. Moreover, we can prove that it is the best 
algorithm among all deterministic algorithms.

This observation generalizes to the weighted and arrival 
variants we introduce later. Therefore, the most natural and 
fundamental research question is as follows: 

How can we design randomized online algorithms that 
give a competitive ratio better than 1/2?

Karp, Vazirani, and Vazirani proposed the celebrated Ranking 
algorithm that achieves the optimal competitive ratio of 
1− 1/e.

Ranking Algorithm

Ranking uniformly picks a random permutation over 
offline vertices at the beginning and then, upon the arrival 
of each online vertex, matches it to the first unmatched 
neighbor (if one exists) according to the permutation.

Theorem 1.1 [36] Ranking achieves a competitive ratio of 
1− 1/e for the unweighted online bipartite matching 
problem.

Theorem 1.2 [36] No randomized algorithms can achieve 
a competitive ratio larger than 1− 1/e for the unweighted 
online bipartite matching problem.

There are multiple weighted variants of the classical 
unweighted setting, each of which we describe in the 
following sections.

Vertex-weighted: In the vertex-weighted version, each 
offline vertex u is associated with a weight w(u). The goal is 
to maximize the total weight of matched offline vertices. 
Aggarwal et al. [1] generalized the Ranking algorithm and 
attained the same optimal competitive ratio of 1− 1/e.
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Edge-weighted: In the edge-weighted version, edges can 
have different weights. The goal is to maximize the total 
weight of the selected matching. It is found that this model 
does not admit any non-trivial result, even in the case of 
a single offline vertex. A common assumption is the free 
disposal assumption [16, 39]. It is allowed to dispose of 
previously matched edges to match new edges with larger 
weights. In 2020, Fahrbach et al. [15] achieves a 0.5086 
competitive ratio. This breakthrough is the first time that 
the long-standing 1/2 barrier has been overcome. Follow-up 
works [4, 22] have subsequently improved the ratio to 0.536.

AdWords: In the AdWords problem, each offline vertex u is 
associated with a budget Bu, and the edges are associated 
with a bid buv. The reward for matching it to a set of online 
vertices S  equals the minimum between its budget and the 
total weight (bid) of its incident edges to S ; specifically, 

ru = min
{
Bu,

∑
v∈S buv

}
. Therefore, this is also referred to 

as a budget-additive setting. A well-known assumption 
under this model is the small bid assumption, which assumes 
each edge's bid buv  is very small compared to the 
corresponding Bu . With this assumption, the MSVV 
algorithm proposed by [47] achieves the optimal competitive 

ratio of 1− 1/e . However, if we allow general bids, no 
algorithm could beat 0.5 until 2020. Huang, Zhang, and 
Zhang [31] gave a 0.5016-competitive algorithm, breaking 
the trivial 0.5 bound for the first time.

Submodular  Wel fare :  The  submodu la r  we l fa re 

maximization model is the most generalized. In this model, 

each offline vertex u is associated with a valuation function 
fu. Algorithms can allocate online vertices to offline vertices 

at their arrival time irrevocably. Each offline vertex u earns 

the revenue fu(Vu), where Vu is the set of online vertices 

allocated to it. The goal is to maximize the total welfare of 

offline vertices, specifically, 
∑

u∈L f(Vu). We can check that 
all the models described above are special cases of this 

generalized model (if we assume free disposal in the edge-

weighted model). Lehmann et al. [42] proved that a greedy 

algorithm can achieve 1/2 in this model, which is already 

optimal even among randomized algorithms. 

Negative results: The vertex-weighted variant, edge-

weighted (free disposal) variant, AdWords (general bids) 

problem, and submodular welfare problem share the same 

worst case as the unweighted version (1− 1/e by Karp et al. 

[36]) because they all generalize the unweighted model. We 

remark that it is the best known upper bound for them even 

with unlimited computation power. For the AdWords 

problem with the small bid assumption, although it is not 
directly generalized by the unweighted problem, Mehta et al. 
[47] proved that no randomized algorithm can beat 1− 1/e 
in this model. If we restrict the scope to polynomial time 
algorithms, no randomized algorithm can beat 1/2 in the 
submodular welfare problem unless NP = RP. 

1.2 Stochastic Arrival Models

Besides the weighted generalizations of the classical model, 
researchers have attempted to overcome the 1− 1/e barrier 
by relaxing the worst-case arrival order. Specifically, they 
apply the random arrival model and the i.i.d. arrival model 
with redefined competitive ratios. Both models have 
weighted variants, as described in the previous section. It is 
worth noting that the random arrival model is strictly harder 
than the i.i.d. arrival model. That is, if we consider the same 
weighted variant in those two models and the same 
algorithm, the competitive ratio defined in the random 
arrival model is always at most the competitive ratio in the 
i.i.d. model. We prove this observation after illustrating the 
definitions of competitive ratios in the two arrival models.  

Random Arrival Model

In the random arrival model, there is a uniformly random 

permutation π(R) of online vertices R , and the algorithm is 
qualified by its expected performance over the randomness. 
The competitive ratio is defined as the minimum ratio of 
the algorithm's expected solution to the offline optimal 
solution over all possible underlying graphs. 

Competitive Ratio for the Random Arrival Model  
(Worst Graph and Random Arrival)

Γ = min
G

E[ALG(G, π(R))]

OPT(G)

Results: If we apply the random arrival model to the 
unweighted online bipartite matching problem, Mahdian 
and Yan prove that Ranking can achieve a competitive ratio 
of 0.696 [43] (and 0.656 by Karande et al. [35]). Those 
works were the first two to beat 1− 1/e (achieved by a 
greedy algorithm) results in this model proposed in 2011. 
For the upper bound, Karande et al. provide an example 
that Ranking achieves a ratio of 0.726; Mahdian and Yan 
show that no (randomized) algorithm can beat 0.83 even in 
the known i.i.d. model. Since the known i.i.d. model is 
strictly easier than the random arrival model, it also implies 
an upper bound in the random arrival model. 
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In the vertex-weighted version, Huang et al.'s result in 2018 
[28] was the first to beat 1− 1/e, proving that the weighted 
Ranking is 0.653-competitive. Jin and Williamson [33] 
subsequently improved the result to 0.662. 

For the AdWords problem with the small bid assumption, a 
greedy algorithm can also achieve 1− 1/e by Goel and 
Mehta [23]. In 2009, Devanur and Hayes [9] gave the near-
optimal (1− ε)-competitive algorithm, and Mirrokni et al. 
proved a competitive ratio of 0.76 for the MSVV algorithm. 
Note that MSVV achieves a competitive ratio of 1− 1/e in 
the worst-case model with the small bid assumption. If we 
allow general bids in the AdWords problem, it is still open 
for improvements over the stronger worst-case model, or 
improvements over the generalized submodular welfare 
model (also random arrival model). 

In the submodular welfare model, Korula et al. [40] first 
beat 0.5 under the random arrival assumption. This result 
has subsequently been improved to 0.5096 by Buchbinder et 
al. [7].

i.i.d. Arrival Model

In the i.i.d. arrival model, algorithms recognize that the 
online vertices will be drawn from a given distribution of 
several possible types, and the type encodes the vertex's 
incident edges and weights (if they exist). All the arriving 
online vertices are independently drawn from this given 
distribution. Because the graph G  in this model is itself 
randomized, OPT(G) is correspondingly random. The 
definition of competitive ratio becomes the minimum ratio 
of the expectation of ALG(G) (over the randomness of the 
algorithm and the graph) to the expectation of OPT(G) (over 
the randomness of G). 

Competitive Ratio for i.i.d. Arrival  
(Worst Graph and Worst Distribution)

Γ = min
D

E[ALG(G)]

E[OPT(G)]

Why is the i.i.d. arrival model easier than the random 
arrival model? There are two specific settings in the i.i.d. 
arrival model: known i.i.d. setting and unknown i.i.d. setting. 
They differ in whether the distribution is given to the 
algorithm upfront. To prove that the i.i.d. model is easier 
than the random arrival model, we assume the following: If 
we have an algorithm that is at least Γ-competitive in the 
random arrival model, then it is a Γ-competitive algorithm 
in the i.i.d. model, even without any knowledge of the 
distribution. The events in the probability space of the i.i.d. 
model can be viewed as a random graph plus a random 

arrival model of online vertices. Considering each possible 
graph, the expected solution of a Γ-competitive algorithm 
in the random arrival model is better than Γ times OPT. 
Consequently, its expected solution is at least Γ times the 
expected OPT over the randomness of graphs.

Results: In the unweighted version, Feldman et al. [17] 
under the integral rate assumption was the first to beat 
1− 1/e. Manshadi et al. [44] provided the first work without 
this assumption, and Jaillet and Lu [32] subsequently 
improved the result to 0.706 (which was state-of-the-art 
before 2013). Then in 2021, Huang and Shu gave the state-
of-the-art 0.711-competitive algorithm. 

For the vertex-weighted variant, Huang and Shu [26]
improved the 0.662-competitive algorithm in the random 
arrival model to a 0.7009-competitive algorithm. 

For the edge-weighted version with free disposal, we can 
achieve 1− 1/e in both unknown i.i.d. and known i.i.d. models. 
This is implied from the (1− 1/e)-competitive algorithm in the 
unknown i.i.d. model for the submodular welfare problem.  

For the AdWords problem with the small bid assumption, 
Devanur et al. [10] gave a better near-optimal algorithm. 
Although this algorithm and the near-optimal algorithm 
[11] both achieve a competitive ratio of 1− ε , the ε 
parameter in this algorithm becomes better in the unknown 
i.i.d. model and even better in the known i.i.d. model. If we 
allow general bids, we know that a greedy algorithm 
achieves a competitive ratio of 1− 1/e in the unknown i.i.d. 
model, as proved by Devanur et al. [10].

For the submodular welfare problem, Kapralov et al. [34] 
illustrated a (1− 1/e)-competitive algorithm in the unknown 
i.i.d. model. This is also the state-of-the-art result for the 
known i.i.d. model.

Negative Results: These stochastic models help us to 
overcome the hardness barrier in the worst-case analysis. 
However, what is the best result that we can obtain? 
Manshadi et al. [44] proved that no randomized algorithm 
can beat 0.823 in the unweighted model with known i.i.d. 
arrival setting. Note that known i.i.d. is the easiest stochastic 
model of the three, so 0.823 can serve as the upper bound 
for unweighted, vertex-weighted, edge-weighted, AdWords 
(general bids), and submodular welfare generalization 
under the random, unknown i.i.d., and known i.i.d. arrival 
models.

For the AdWords problem with the small bid assumption, 
[10] proved that no randomized algorithm can achieve 
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1− o(
√
γ), where γ  is the maximum bid-to-budget ratio. 

(Here, γ  is small enough with the small bid assumption.) 

If we restrict the computational power, Kapralov et al. [34] 
proved that no randomized algorithm can beat 1− 1/e in 
the submodular welfare model under unknown i.i.d. arrival, 
unless NP = RP.

1.3 Results Conclusion

1.4 Other Variants

The following two tables summarize the results of different 
variants of the one-sided vertex arrival model. 

In Table 1, Bold indicates the advanced results after 2013, 
and arrows indicate that the ratio is derived by a stronger 
result. For example, the left arrow following the ratio 0.696 
in the unweighted unknown i.i.d. model indicates that 
the ratio comes from the 0.696 competitive ratio in the 
unweighted random arrival model (harder). 

In Table 2, we list the hardness results. We use a star ∗ to 

Table 1 State-of-the-art positive results for one-sided vertex arrival models

Table 2 State-of-the-art negative results for one-sided vertex arrival models

Worst Case Random Arrival Unknown i.i.d. Known i.i.d.

Unweighted 1− 1/e([36]) 0.696([43]) 0.696(←) 0.711([26])

Vertex-weighted 1− 1/e([1]) 0.662([33]) 0.662(←) 0.701([26])

AdWords (general bids) 0.5016([31]) 0.5096(↓) 1− 1/e([10]) 1− 1/e(←) 

Submodular welfare 1/2 0.5096([40]) 1− 1/e([34]) 1− 1/e(←)

Edge-weighted  
(free disposal)

0.536([4, 22]) 0.536(←)  1− 1/e(↑) 1− 1/e(↑)

AdWords (small bids) 1− 1/e([47]) 1− ε([11]) 1− ε([10]) 1− ε([10])

Worst Case Random Arrival Unknown i.i.d. Known i.i.d.

Unweighted 1− 1/e([36]) 0.823(→) 0.823(→) 0.823([44])

Vertex-weighted 1− 1/e(↑) 0.823(→) 0.823(→) 0.823(↑)

Edge-weighted  
(free disposal)

1− 1/e(↑) 0.823(→) 0.823(→) 0.823(↑)

AdWords (small bids) 1− 1/e([47]) 1− o(
√
γ)(→) 1− o(

√
γ)(→) 1− o(

√
γ)([10])

AdWords (general bids) 1− 1/e(↑) 0.823(→) 0.823(→) 0.823(↑)

Submodular welfare 1/2(∗, [34]) 1− 1/e(∗,→) 1− 1/e(∗, [34]) 0.823(↑)

indicate that the result needs a computational assumption. 
The γ  parameter denotes the bid-to-budget ratio in the 
AdWords problem.

Although the online matching problem is essentially driven 
by online advertisement, the presented variants are unable 
to precisely capture all real-world scenarios. That is why 
people still try to formulate different models to capture 
various aspects of real-world applications. In this section, we 
list some associated topics. 

Studying online matching problems on restricted graph 
instances raises interesting research questions. There is a 
line of work considering graphs with bounded degrees.
Buchbinder et al. [5] showed that we can achieve a 

competitive ratio of 1− (1− 1/d)d by a deterministic 
algorithm if the degree of each online vertex is at most d . 
Azar et al. [3] proved the ratio is optimal even among 
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2 Beyond One-Sided Arrival

2.1 Generalized Arrival Models

randomized  algorithms. If we additionally restrict the 
degrees of offline vertices to at least k, Naor and Wajc [49] 

p roved  a  compet i t i ve  ra t i o  o f  1− (1− 1/d)k  by  a 
deterministic  algorithm. The result implies that we can 

ach ieve  a  compet i t i ve  ra t io  o f  1− (1− 1/d)d  by  a 
deterministic algorithm on d-regular graphs. Focusing on d
-regular graphs, Cohen and Wajc [8] subsequently proposed 
a randomized algorithm that achieves a near-optimal 

competitive ratio of 1−O(
√

log d√
d

). 

Mehta and Panigrahi [46] formulated a variant called 
stochastic rewards. In the classical online bipartite matching 
model, when we decide to match an edge, we earn one 
reward, and the matched online and offline vertices are 
eliminated. However, in real-world scenarios, even if we 
display the advertisement to an online user, the user will 
click the advertisement with a predicted click-through-rate. 
On the other hand, although the online user is gone, we 
can match the offline unclicked advertisement again in the 
future. To this end, the stochastic reward model associates 
each edge with a success probability. We can determine 
whether the user (online vertex) clicks the displayed 
advertisement after we decide to match them irrevocably. 
The objective is to maximize the number of offline vertices 
that are successfully matched. Mehta and Panigrahi [46] 
first studied this model with the special case of equal 
probability and proposed a 0.534-competitive algorithm, 
and an upper bound of 0.621. They also studied the special 
case of vanishing probabilities (i.e., all success probabilities 
tend to zero) and showed a competitive ratio of 0.567 in 
the case of both equal and vanishing probabilities. Later, 
Huang and Zhang [27] improved the ratio to 0.576. Mehta 
et al. [48] proposed a 0.534-competitive algorithm that 
only needs vanishing probabilities. Huang and Zhang [27] 
subsequently improved this to 0.572.

Feng et al. [20] initiated the study of the two-stage 
stochastic online bipartite matching problem. In this model, 
one side of the vertices is divided into two parts: D1 and D2. 
In the first stage, D1 is revealed to the algorithm, which 
makes matching decisions for this set of vertices. In the 
second stage, D2 is drawn stochastically according to a prior 
known distribution, and the algorithm makes decisions 
based on the realization of the graph. They achieved a tight 
3/4 competitive ratio for this problem. 

Feng and Niazadeh [19] studied the K -stage variants of the 
classical vertex weighted bipartite matching and AdWords 
problems, where online vertices arrive in K  batches. They 

designed optimal (1− (1− 1/K)K)-competitive fractional 
matching algorithms for both settings.

Besides the weighted generalization, another interesting 
topic is generalizing one-sided online bipartite matching via 
the arrival pattern. The one-sided online model assumes 
that the underlying graph is bipartite and one-sided vertices 
are given upfront. Naturally then, one question this raises is: 

What if we allow all vertices to arrive online?

General Vertex Arrival: Wang and Wong [51] first 
formulated the general vertex arrival model in 2015. Let 
G = (V,E) be the underlying graph and all vertices  in V
arrive in an online fashion. At the arrival of each vertex, we 
reveal its incident edges with vertices that have already 
arrived. We can match v to its arrived unmatched neighbors 
at v's arrival time, or we can leave it unmatched for the 
future. Because we relax the restriction that one-sided 
vertices should be offline, defining problems on general 
graphs becomes natural.

Wang and Wong [51] studied the fractional online 
algorithm in the model and proposed a 0.526-competitive 
dual-based algorithm. In 2019, Gamlath et al. [21] first beat 
the 0.5 barrier by an integral algorithm with a small 
constant ε. On the negative side, the state-of-the-art result 
by Buchbinder et al. [6] shows that even fractional 
algorithms (stronger than any randomized integral 
algorithm) cannot achieve a competitive ratio of 0.591. 
(Very recently, however, this has been improved to 0.583.) 

Next, we consider online algorithms. Note that we only 
allow algorithms to reveal and make matching decisions for 

edges (u, v) at the later arrival time of u and v. So then, 
why can algorithms not make a better choice after revealing 
more edges? In the following model, we allow algorithms to 
match edges after the time we reveal them, but at most 
when one of u and v leaves.  

Fully Online (Vertices with Deadline): Huang el al. [29] 
first proposed the fully online matching model. Let 
G = (V,E) be the underlying graph, all vertices in V  arrive 

in an online fashion, and each edge (u, v) can be revealed 
after both u and v arrive. Each vertex corresponds to a 
deadline. We can match vertices any time before their 
deadline and assume that there is no edge between two 
vertices such that one arrives later than the other's deadline.

Huang et al. [29] first studied the well-behaved Ranking 
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algorithm in the fully online model and proved that 
Ranking is 0.567-competitive (tight for Ranking) if the 
underlying graph is bipartite and 0.5211-competitive for 
general cases. Later, Huang et al. [30] gave the balanced 
Ranking algorithm that improved the ratio to 0.569, and 
subsequently provided a fractional algorithm that achieves 
0.592-competitive (which has very recently been improved 
to 0.6). On the negative side, Eckl et al. [12] proved that no 
fractional algorithm can beat the ratio of 0.629.

We can further generalize the arrival patterns. 

Edge Arrival: Gamlath et al. [21] studied the most 
generalized and hardest arrival model, namely, the edge 
arrival model. Let G = (V,E) be the underlying graph and 
all edges in E  arrive in an online fashion. At the arrival of 
an edge, we need to decide whether to match it (if we can) 
immediately. 

Unfortunately, Gamlath et al. [21] gave a very strong 
negative result that no fractional algorithm can beat 0.5 in 
the model. This means that the trivial greedy algorithm is 
already optimal.

Conclusion and Comparison: Table 3 provides a summary 
of the results. The three models can be ordered by difficulty: 
Fully online ≤easier General vertex arrival ≤easier Edge 
arrival. The results in the table have already shown some 
separation among these three models. A fractional 
algorithm in the fully online model beat the hardness 
barrier in the general vertex arrival model, indicating that 
the fully online model is strictly "easier" than the general 
vertex arrival, at least in terms of fractional algorithms. 
Moreover, the edge arrival model has a strong hardness 
result of 1/2, meaning that it is strictly harder than the 
other two models. 

Table 3 State-of-the-art results for different arrival models in worst cases

Integral (Randomized) Fractional Hardness

One-sided  1− 1/e 1− 1/e 1− 1/e

Fully online (bipartite) 0.569 0.6 0.613

Fully online (general) 0.5211 0.6 0.613

General vertex arrival 1/2 + ε 0.526 0.584

Edge arrival 1/2 1/2 1/2

2.2 Weighted Models

Next, we move to the edge-weighted variants of the 
different arrival models mentioned earlier. Note that no 
non-trivial theoretical results can be achieved without 
making extra assumptions. Even in the classical one-sided 
arrival model with only one offline vertex, no constant 
competitive algorithm can be achieved if weighted edges 
are considered. 

The two most popular models studied in the literature 
assume the random arrival order of online vertices or 
the stochastic information of online vertices. The two 
models are also known as secretary matching setting and 
prophet matching setting. The secretary setting generalizes 
the classical secretary problem, and the prophet setting 
generalizes the prophet inequality. In the prophet setting, we 
assume online vertices are drawn from known distributions 
independently, while the distributions are not necessarily 
identical. To remain consistent with previous sections, we 
refer to the setting as stochastic non-i.i.d. setting. Note that 
the secretary and prophet settings are not comparable in 
general.

In addition to the secretary and prophet settings, the 
online windowed matching model by Ashlagi et al. [2] is a 
simultaneous and similar work to the fully online matching 
model by [29] that applies to edge-weighted graphs. To 
enable non-trivial theoretical results, the online windowed 
matching model makes extra assumptions. 

We summarize all known results in Table 4 and describe 
them later.

One-Sided Vertex Arrival: For the classical one-sided 
arrival model, tight competitive algorithms have been 
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Table 4 State-of-the-art results for the edge-weighted variants of different arrival models

Edge-Weighted Worst Case Random Arrival Stochastic Non-i.i.d.

One-sided (no disposal) - 1/e 1/2

General vertex arrival - 5/12 1/2

Edge arrival - 1/4 0.337

Online windowed 1/4 0.279 -

2.3 Other Variants

designed in the two models. Kesselheim et al. [37] 

generalized the classical 1/e-competitive algorithm for the 
secretary problem to the one-sided online bipartite 
matching setting. For the prophet matching setting, 
Feldman et al. [18] generalized the classical 1/2-competitive 
algorithm for the prophet inequality to the one-sided online 
bipartite matching setting. The two bounds are both 
optimal.

General Vertex Arrival: Ezra et al. [13, 14] studied the 
secretary matching and prophet matching under the general 
vertex arrival model and achieved tight competitive ratios of 
5/12 and 1/2. Interestingly, although the general vertex 
arrival model is a generalization of the one-sided arrival 
model in the worst-case arrival order, the hardness of 1/e

under the random arrival assumption does not carry over. 
The result of Ezra et al. [13] shows that it is indeed easier 
to match when all vertices arrive online in a random order.

Edge Arrival: The secretary matching and prophet matching 
settings under edge arrival are studied more extensively in 
the algorithmic game theory literature. The state-of-the-art 
algorithmic results are 1/4 and 0.337 competitive ratios by 
Ezra et al. [13, 14]. The best known hardness results are an 
upper bound of 1/e for the secretary matching, inherited 
from the classical secretary problem, and an upper bound of 
3/7 by Pollner [50].  Prior to that, the prophet setting was 
studied by [24] for bipartite graphs and by Kleinberg and 
Weinberg [38] in the constraint of matroid intersection, 
which subsumes bipartite prophet matching as a special 
case.  For secretary, Kesselheim et al. [37] established a 
competitive ratio of 1/2e , by a reduction from edge arrival 
to vertex arrival in hypergraphs. 

Edge -We ighted  On l ine  Windowed  Match ing : 
Simultaneous to the work of Huang et al. [29], Ashlagi et 
al. [2] introduced the online windowed matching model. 
This model is similar to the fully online matching model 
with an extra assumption of first-in, first-out , meaning that 
a vertex with an earlier arrival time would also have an 

earlier departure time. With this extra assumption, Ashlagi 
et al. [2] provided a 1/4-competitive algorithm for the 
edge-weighted graphs and a 0.279-competitive algorithm 
under the random arrival model. On the negative side, they 
showed an upper bound of 1/2.

Very recently, Gravin et al. [25] studied unweighted 
stochastic matching with edge arrival on bipartite graphs 
and achieved a 0.503-competitive algorithm, beating the 
0.5-barrier in the worst-case setting.

Lee and Singla [41] proposed the batched edge arrival 
model in online matching. That is, the edges of the graph 
are shown in batches at each time step. When the graph is 
revealed in 2 stages, they designed a 2/3-competitive 
algorithm. When the graph is shown in s stages, they 
presented a randomized algorithm with a competitive ratio 

of 12 + 2−O(s).
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Combinatorial optimization is one of the most important areas in computer science and is applied in various heterogeneous 
application domains. Traditional research mainly focuses on solving combinatorial optimization problems via theoretical or 
heuristic algorithms. Recently, there have been some initial studies on incorporating machine learning (ML) to help solve 
combinatorial optimization problems. In this proposal, we first survey and introduce the application of three paradigms 
to combinatorial optimization, including theoretical, heuristic, and ML algorithms, as well as their combinations. Then 
we summarize some limitations and challenges in current uses of ML algorithms and propose potential approaches and 
solutions  to overcome them. Our goal is to design unified frameworks that apply machine learning to augment traditional 
theoretical or heuristic algorithms for combinatorial optimization, both in theory and in application scenarios.

Abstract 

Learning Augmented Algorithm Design 
for Combinatorial Optimization
Lingxiao Huang, Yuyi Wang, Xiang Yan 
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2 Background

1 Problem Formulation 

Combinatorial optimization is one of the most important 
topics in computer science. It has a wide range of 
application in many industries, including electronic design 
automation (EDA), cloud computing, autonomous driving, 
compiler, database, supply chain, and finance. In general, 
combinatorial optimization can be viewed as finding an 
optimal object from a finite set of objects. Combinatorial 
optimization problems are usually difficult to solve because 
exhaustive search methods are not tractable in many 
such problems (i.e., NP problems). A large number of 
researches on combinatorial optimization have been carried 
out in the fields of operations research, algorithm theory, 
and computational complexity theory. Typical problems 
include the traveling salesman problem (TSP), resource 
management, routing, job scheduling, bin packing, and 
expression simplification, as shown in Figure 1.

Traditional solutions for combinatorial optimization are 
mainly theoretical algorithms or heuristic algorithms such 
as greedy, mixed-integer linear programming (MILP), and 
local search. The output solution may not be an optimal one 
but usually has a provable guarantee on either the solution 
quality or the execution time. Due to their importance, 
combinatorial optimization problems attract the attention 
of major companies, and a lot of traditional solution-based 
software has been developed, including OR-Tools (Google), 
CPLEX (IBM), MindOpt (Alibaba), Gurobi, and Z3 (Microsoft). 

Recently, with the rapid development of machine learning 
(ML), there are studies on applying ML models to 
combinatorial optimization in order to improve solution 
quality. A well-known example is AlphaGo (Google), which 
effectively combines heuristic algorithms (Monte Carlo tree 
search) and ML models (deep reinforcement learning). 
Other examples include Google's AlphaStar and AlphaFold 
(Google), as well as Facebook's ELF OpenGo and ReLA. 
Alibaba also incorporates ML models to improve its packing 
strategies [34].

However, the study of augmenting theoretical/heuristic 
algorithms by using ML is still in its initial stages. Also, 
due to specific properties of combinatorial optimization, 
there are several limitations and challenges that need 
to be addressed by incorporating ML, e.g., sensitivity, 
scalability, and adaptability. We aim to investigate more 
combination approaches between theoretical/heuristic and 
ML algorithms, and design unified augmented algorithmic 
frameworks that address existing limitations.

Figure 1 Classic combinatorial optimization problems

Generally speaking, a combinatorial optimization problem has 
the following form: given a ground set E = {1, 2, . . . , n}, a 

feasible region X , and an objective function f : 2
E → R , a 

minimization (resp. maximization) combinatorial optimization 
problem searches for an optimal solution x∗ ∈ X  such that 
f(x∗

) ≤ f(x) (resp. f(x∗
) ≥ f(x)) for all x ∈ X .
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In this section, we first introduce some important 
combinatorial optimization problems. Then we introduce 
three paradigms of algorithmic design for combinatorial 
optimization, including theoretical, heuristic, and ML 
algorithms, and analyze their advantages and disadvantages. 
Next, we introduce existing combinations between these 
paradigms. Finally, we list classic theoretical and heuristic 
approaches and review their current combinations with ML.

2.1 Combinatorial Optimization 
Problems

There are various types of combinatorial optimization 
problems. We roughly divide combinatorial optimization 
problems into three types: combinatorial optimization 
problems on graphs, scheduling and management, and logic 
problems. For each type, we list some examples that have 
major applications in Huawei.

Combinatorial Optimization Problems on Graphs

• Vertex cover. Given a graph G = (V,E) where V  is the 
vertex set and E  is the edge set, the vertex cover 
problem is to find a set S ⊆ V  with minimum cardinality 
|S| such that S  includes at least one vertex of each edge 
e ∈ E . Some applications are as follows: 

 – Wireless - wireless base-station location arrangement

• Maxcut. Let G = (V,E) be a graph with vertices V  and 
edges E . A cut of the graph G is a partition of the vertices 

of G into two disjoint subsets G1 = (V1, E1), G2 = (V2, E2) 
with V1 ∪ V2 = ∅. The size of a cut is the number of edges 
crossing the cut. The maximum cut is defined to be the 
cut of a graph G whose size is at least as large as any 
other cut. Some applications are as follows: 

 – EDA - graph partition

• TSP. Given a finite set of cities N and a distance matrix 

(cij)(i, j ∈ N), determine minπ

∑
i∈N

ciπ(i), where π runs 

over all cyclic permutations of N , and specifically, π(i) 
denotes the next city reached by salesman from city i 
along π. Some applications are as follows: 

 – EDA - drilling of printed circuit boards, chip insertion 
problems

 – Supply chain - the order-picking problem in 
warehouses

 – Computer network wiring

• Clustering. Graphs are structures formed by a set of 
vertices (also called nodes) and a set of edges that are 

connections between pairs of vertices. Graph clustering 
is the task of grouping the vertices of the graph into 
clusters taking into consideration the edge structure 
of the graph in such a way that there should be many 
edges within each cluster and relatively few between the 
clusters. Some applications are as follows: 

 – Cloud computing - data analysis

 – Huawei Mobile Services (HMS) advertising - 
community discovery

 – Database - quick index

Scheduling and Management

• Makespan. Given a list of n tasks where each task i has an 
execution time ti, and m parallel machines, the makespan 

problem is to construct an allocation scheme π : [n] → [m] 

such that the makespan time maxj∈[m]

∑
i∈[n]:π(i)=j

ti is 
minimized. Some applications are as follows: 

 – Compiler - pipeline arrangement

 – Distributed system - scheduling

• Bin packing. Given a finite list L = (a1, a2, ..., an) of real 
numbers in the range (0, 1], and a sequence of unit-capacity 
bins, BIN1, BIN2, ..., BINm extending from left to right. 
The problem is to find an assignment or packing of the 
numbers into the bins so that no bin has contents totaling 
more than one, and yet the number of bins used, i.e., 
nonempty, is minimized. Some applications are as follows: 

 – Supply chain - packing

• Routing. In Q-routing, the routing decision-maker at 

each node x makes use of a table of values Qx(y, d), 
where each value is an estimate, for a neighbor y and 
destination d , of how long it takes for a packet to be 
delivered to node d , if sent via neighbor y, excluding the 
time spent in node x's queue. When node x has to 
make a routing decision it simply chooses the neighbor 
y  f o r  w h i c h  Qx(y, d)  i s  m i n i m u m ,  n a m e l y 
Qy(z, d) = minz̄∈N(y) Qy(z, d). Some applications are as 
follows: 

 – Digital communication - router

 – Supply chain - vehicle scheduling

Logic Problems

• Constraint satisfaction problem (CSP). The problem is 
expressed by a set of variables and a set of constraints. 
The variables are the unknown of the problem and 
each of them has a finite domain of values. A solution 
is a complete assignment of the variables by a tuple of 
values from their respective domains, and has to respect 
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some conditions expressed by constraints. A constraint 
is a relation on some variables and restricts the values 
that the variables can take. The solution of a CSP is thus 
an assignment that satisfies the constraints. The set of 
available constraints provided by a solver is called the 
modeling language. As users are often interested in a 
specific solution which is described by an optimization 
condition, a modeling language called constraint 
programming (CP) is developed to solve CSPs [108]. 
Some applications are as follows: 

 – Compiler - scheduling, combinational equivalence 
checking, etc. 

 – Supply chain - planning

• Boolean satisfiability (SAT). Consider a Boolean 
(propositional) logic expression consisting of Boolean 
variables, parentheses, and the operators AND 
(conjunction), OR (disjunction), and NOT (negation). A 
literal is a Boolean variable or its negation. A clause is 
a disjunction of literals. A Boolean expression is a finite 
conjunction of clauses. The SAT problem consists of 
finding a Boolean assignment to all variables such that 
the given expression is true, or that no such assignment 
exists. Some applications are as follows:

 – EDA - model checking, automatic test pattern 
generation, etc.

 – Compiler - scheduling, combinational equivalence 
checking, etc.

 – Supply chain - planning

• Expression simplification. The problem of simplification 
has two aspects: 1) obtaining equivalent but simpler 
objects; 2) computing unique representations for 
equivalent objects. Let T  be a class of linguistic objects, 
and S  be an effective procedure. The first problem can 
be formulated as finding a function S  that maps T  to T  

and meets S(t) ∼ t, S(t) ≤ t for all objects t in T . The 
second problem consists in finding an S  that maps T  to 
T  and meets S(t) ∼ t, s ∼ t ⇒ S(s) = S(t) for all objects 
s, t in T . Some applications are as follows:

 – ML compiler - computing expression simplification

 – EDA - functional verification

2.2 Three Paradigms of Algorithmic 
Design for Combinatorial Optimization

heuristic, and ML algorithms. As an illustrating example, we 
consider the TSP [40] that is known to be NP-complete, 
which means that until now no exact polynomial-time 
algorithm has been designed yet and if such exact approach 
were ever to be proposed, then it will result in P = NP .  

As TSP has a lot of real-world applications in planning, 
logistics, manufacture of microchips, etc, there are lots of 
theoretical studies that focus on this problem. One main 
theoretical approach is to design exact algorithms to deal 
with this problem. The most direct solution is to try all 
permutations of vertices to check which one has the 
minimum weight. The running time for this approach lies 

within a polynomial factor of O(n!), which means that the 
algorithm will take a long time even if there are only 20  
vertices. The Held–Karp algorithm [50], which is a dynamic 
programming-based algorithm, solves the problem in time 

O(n22n). Other algorithms, such as various branch-and-
bound algorithms [75, 101], solve this problem with a better 
running time performance. But it is still not known if an 

exact algorithm for TSP that runs in time O(1.9999n) exists 
[116]. 

Another  main  theoret i ca l  approach i s  to  des ign 
approximation algorithms that run in polynomial time, 
while approximating the optimal solution. In general, if there 
are no restrictions on the edge weights, TSP cannot be 

approximated within any factor of poly(n), unless P = NP

[100]. But in practice, lots of TSP applications are on metric 
space, that is to say, the edge weights satisfy the triangle 
inequality. In this case, the algorithm of Christofides [25] 
approximates it within 1.5, which is known as the best upper 
bound for metric TSP. The state-of-the-art lower bound for 
metric TSP is 123/122 [65]. For Euclidean TSP, there is a 
polynomial-time approximation scheme (PTAS) [5, 89].

Exact algorithms that output an optimal solution have 
an advantage in performance, however, at the cost 
of time efficiency. Approximation algorithms have an 
advantage in the running time, but their worst-case or even 
practical performance might be very poor. In some cases, 
implementing existing approximation algorithms that have 
the best approximation guarantee is difficult. It is interesting 
to investigate the key ideas of such algorithms for practical 
implementation.

It is sometimes the case to approach and solve the problem 
heuristically, especially when the problem instance is of 
a large scale. A heuristic algorithm finds a sub-optimal 
solution, and delivers a good performance in practice, 
although without a theoretical guarantee. There is no 

In this section, we introduce three paradigms of algorithmic 

design for combinatorial optimization, including theoretical, 
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general framework for designing a good heuristic algorithm 
that works for any problem and finds a solution with 
good performance. Nevertheless, various heuristic search 
techniques have been developed and helped us obtain good 
solutions to difficult combinatorial optimization problems. 
Among them is a promising technique called metaheuristics, 
which tries to combine basic heuristic methods in higher-
level frameworks in order to efficiently explore the set of 
feasible solutions to a given combinatorial problem. Some 
examples include simulated annealing [69], tabu search 
[42–44], evolutionary algorithms like genetic algorithms 
[46], ant colony optimization [33, 32], iterated local search 
[82], variable neighborhood search [92], scatter search 
[45], path-relinking [45], and GRASP (Greedy Randomized 
Adaptive Search Procedures) [39].

Different from traditional theoretical or heuristic approaches 
that are human-designed and have a provably guarantee, 
ML algorithms usually learn a model automatically 
and may have a better performance but require a large 
training dataset. In recent years, ML scientists have been 
investigating how to incorporate ML to combinatorial 
optimization; see surveys [114, 87, 19] for a summarization. 
For instance, in the TSP problem, there have been several 
investigations on incorporating different ML models, e.g., 
pointer network [81, 84], attention [96], transformer [71, 
30, 117], structure2vec [68], and GNN [102, 99]. However, 
current ML algorithms still have several limitations. For 
example, most of the models have scalability issues due 
to the complexity of combinatorial optimization problems. 
Also, most of the existing works involve training an ML 
model to output solutions directly from the input instance. 
There have not been many investigations on combining ML 
algorithms with the existing theoretical/heuristic approaches 
mentioned earlier.

2.3 Combination of Paradigms for 
Combinatorial Optimization

not occur. As an example, we take a look at the linear 
programming problem, in which the goal is to maximize 
a linear function subject to linear constraints. There are 
some algorithms developed to solve this problem: the 
simplex method [28], the ellipsoid method [67], the interior 
point method [64], etc. We know from theory that the 
simplex method may run in exponential time in the worst 
case [70, 94], whereas the interior point method and the 
ellipsoid method run in polynomial time [67, 64]. But in 
fact, suitably optimized versions of the simplex method 
remain the most commonly used algorithms in practice. The 
empirical performance of the simplex method is excellent, 
most commonly with the running time being linear to 
the number of variables. The most satisfying explanation 
comes from the "smoothed analysis theory" developed by 
Spielman and Teng [113]. The takeaway from this theory is 
that the simplex method provably runs in polynomial time 
on "almost all" instances.

3 Combination of Theoretical 
Algorithms and ML

Traditional algorithms always have little information about 
the environment. Although there are studies that focus on 
the environment having good properties, the assumptions 
are usually so strong that they are not consistent with the 
actual situation. On the other hand, artificial intelligence 
(or specifically machine learning), which is currently 
developing at a tremendous speed, learns and predicts 
the world well. In general, one can hope that ML, which 
knows the world well, can help us design algorithms 
with better performance.  This brings us to a hot topic in 
recent years, called "algorithms with predictions" [91], 
with applications on counting sketches [53], scheduling 
[103], online matching [31], etc. The high-level idea is 
that the algorithm uses an ML algorithm that provides us 
with predictions about the input, and uses the prediction 
to make a more effective algorithm; see Figure 2 for the 
structure. For theoretical analysis, one should analyze the 
performance of the algorithm as a function of how accurate 
the prediction is; ideally, the better the prediction, the better 
the performance. In Section 3.1, we survey recent works on 
algorithms with predictions in detail.

Specific for solving combinatorial optimization problems, 
there is another similar research direction called "learning 
to optimize", which looks deeper into how the learning 
procedure itself influences the algorithm designs. Intuitively, 
before solving combinatorial optimization problems, one 

We then introduce existing combinations of different 
paradigms. We first present several famous combinations of 
theoretical and heuristic algorithms, as they have been the 
trend before the rise of ML. Then in the following sections, 
we focus on how traditional theoretical/heuristic algorithms 
are combined with ML algorithms.

Traditional theoretical analysis always looks at the 
performance of an algorithm from a worst-case point 
of view. But in practice, these worst-case scenarios may 



73 | Communications of HUAWEI RESEARCH  December 2022

Theoretical Computer Science

Figure 2 ML model augments a theoretical/heuristic algorithm with valuable pieces of information

3.1 Algorithms with Prediction

3.1.1 Online Algorithms with Prediction

• Robustness. The performance of the algorithm 
should degrade gracefully with bad predictions. More 
specifically, the algorithm performance should be 
bounded even with a bad predictor. 

Ski rental. The first online problem equipped with 
predictions is ski rental [104], in which a skier is going to ski 
for an unknown number of days and on each day can either 
rent skis at unit price or buy them for a higher price b so 
that there is no need to rent from then on. The uncertainty 
is in the number of skiing days, which a predictor can 
estimate. The best known deterministic algorithm for ski 
rental is the break-even algorithm: rent for the first b− 1 
days and buy on day b. It is easy to observe that the break-
even algorithm has a competitive ratio of 2 and no 
deterministic algorithm can do better. On the other hand, 
[63] designed a randomized algorithm that yields a 

competitive ratio of e

e−1
≈ 1.58, which is also optimal.

Let x be the actual number of skiing days, which is unknown 
to the algorithm, and y be the predicted number of days. 

Then η = |y − x| is the prediction error.  Let λ ∈ (0, 1) be a 
hyperparameter. For the ski rental problem with a predictor, 
[104] first obtained a deterministic online algorithm that is 
(1 + 1/λ)-robust and (1 + λ)-consistent. The idea of the 
algorithm is to trust the prediction cautiously, that is if y ≥ b, 

then buy on day ⌈λb⌉, otherwise buy on day ⌈b/λ⌉. They next 
improved these bounds by obtaining a randomized algorithm 

that is 
(

1

1−e−(λ−1/b)

)
-robust and 

(
λ

1−e−λ

)
-consistent, where b 

is the cost of buying. 

(Non-clairvoyant) Job scheduling. The second problem 
considered is non-clairvoyant job scheduling. In this problem 
a set of jobs, all of which are available immediately, have to 
be scheduled on one machine; any job can be preempted and 
resumed later. The objective is to minimize the sum of 
completion times of the jobs. The uncertainty in this problem 
is that the scheduler does not know the running time of a job 
until it actually finishes. Note that a predictor in this case can 
predict the running time of a job, once again, by building a 
model based on the characteristics of the job, resource 
requirements, and its past behavior. Non-clairvoyant job 
scheduling, introduced by Motwani et al. [93], is a basic 
problem in online algorithms with a rich history and, in 

usually builds a model or fixes an objective function f , and 

then designs algorithms on model inputs. Here, the inputs 

vary among different models, for instance, a given instance 

with all model parameters, e.g., a weighted graph for the 

shortest path/TSP/minimum spanning tree problems, or an 

implicit value oracle of f , e.g., a coverage number oracle for 

the coverage problem. However, in practice, we may not 

have enough information to obtain accurate inputs, for 

instance, we may only learn/estimate the passing time of 

traffic roads by historical data which contains randomness 

or noises. Consequently, it is interesting to design "robust" 

optimization algorithms on learned instances that contain 

noises. In Section 3.2, we survey recent works on learning to 

optimize in detail.

Another idea of using ML to configure theoretical algorithms 

is to guide the selection of hyperparameters [20, 51]. 

Complex optimization algorithms usually have a set of 

hyperparameters to be selected during optimization, e.g., 

the learning rate/step size of (stochastic) gradient descent. 

Carefully selecting these parameters can dramatically 

improve the performance of the optimization algorithms, 

and hence, we may use ML to learn good parameters for 

given instances. As there are few theoretical analyses on this 

direction, we will not survey them in detail.

Online algorithms, whose quality is usually measured by the 
competitive ratio, deal with uncertainty from future input 
data. The competitive ratio of an algorithm is defined as the 
worst-case ratio of the algorithm cost to the offline 

optimum. In our setting, this is a function c(η) of the error η 
of the predictor. We say that an algorithm is γ -robust if 
c(η) ≤ γ  for all η , and that it is β-consistent if c(0) = β .

• Consistency. The performance of the algorithm should 
improve with better predictions, i.e., the algorithm 
should actually use the predictor.
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addition to its obvious applications to real-world systems, 
many variants and extensions of it have been studied 
extensively in the literature [16, 15, 55, 54]. Motwani et al. 
[93] showed that the round-robin algorithm has a competitive 
ratio of 2, which is optimal. [104] obtained a randomized 

algorithm that is (2/(1− λ))-robust and (1/λ)-consistent. [56] 
proposed another error measure because the ℓ1 error measure 
violates a natural and desirable Lipschitz-like property for the 
total completion time objective. The new error measure better 
captures the sensitive nature of the objective and allows the 
researchers to obtain an algorithm with a competitive ratio of 

at most (1 + ǫ)opt+Oǫ(1) · v(p, p̂), where v(·, ·) is the new 
error measure.

Online caching (paging). The online caching (or paging) 
problem considers a system with two levels of memory: a 
fast memory of size k and a slow memory of (almost) 
infinite size. A caching algorithm is faced with a sequence 
of requests for elements. If the requested element is in the 
fast memory, a cache hit occurs and the algorithm can 
satisfy the request at no cost. If the requested element is 
not in the fast memory, a cache miss occurs, the algorithm 
fetches the element from the slow memory, and places it in 
the fast memory before satisfying the request. If the fast 
memory is full, then one of the elements must be evicted. 
The eviction strategy forms the core of the problem. The 
goal is to find an eviction policy that results in the fewest 
number of cache misses.

Several O(k)-competitive deterministic and O(log k)-competitive 
randomized algorithms are known [1] , as well as lower bounds 
of Ω(k) and Ω(log k) on the competitive ratio.

Online caching problems have been extended to allow an 
oracle that imperfectly predicts the next arrival of a 
requested element. [83] demonstrated that following the 
oracle's recommendations may lead to very poor performance, 
even when the average error is quite low.  They also showed 
how to modify the Marker algorithm to take into account the 
oracle's predictions, and proved that this combined approach 

achieves a competitive ratio of O(1 + min(
√

η/opt, log k)) 
when the overall ℓ1 prediction error is bounded by η , and opt 
is the cost of the optimal offline algorithm. This ratio 
decreases as the oracle's error decreases, and is always 

capped by O(log k), which can be achieved without any 
oracle input. [106] provided an improved algorithm with 

a competitive ratio of O(1 + min((η/opt)/k, 1) log k) and a 
lower bound of Ω(logmin((η/opt)/(k log k), k)). Recently, 
[115] obtained a deterministic algorithm with a competitive 

ratio of 2min(min(1 + 2η/opt, 2 + 4η/((k − 1)opt)), k), and a 
randomized algorithm with a competit ive ratio of 
(1 + ǫ)min(min(1 + 2η/opt, 2 + 4η/((k − 1)opt)), Hk)  w h e r e 
Hk is the k-th harmonic number and the trade-off in ǫ and 

the additional cost is additive. [115] also showed that the 
competitive ratio bound for any deterministic learning-
augmented online caching algorithm must be at least 
1 + Ω(min(η/(k · opt), k)). 

Value-maximization secretary problem. In the secretary 

problem there is a set {1, · · · , n} of secretaries, each with a 
value vi ≥ 0  for i ∈ 1, ..., n , that arrive in a uniformly 
random order. Whenever a secretary arrives, we have to 
irrevocably decide whether we want to hire that person. If 
we decide to hire a secretary, we automatically reject all 
subsequent candidates. The goal is to select the secretary 
with the highest value. There are two versions of the 
secretary problem. In the classical secretary problem, the 
goal is to maximize the probability with which the best 
secretary is chosen. There is a slightly different version, 
where the goal is to maximize the expected value of the 
chosen secretary, which is the so-called value-maximization 
secretary problem. The (optimal) solution [77, 37] to both 
variants of the secretary problem is to first observe a 

fraction of n/e secretaries. After that, the first secretary with 
a value higher than the best value seen in the first fraction 

is selected. This yields a 1/e-approximation for both versions.

The machine-learned advice in this problem is a prediction 
p∗ for the maximum value OPT = maxi vi  among all 
secretaries, and not which secretary has the highest value. 
[4] showed that for any λ ≥ 0 and c > 1,  there is a 
deterministic algorithm for the (value-maximization) 

secretary problem that is asymptotically gc,λ(η)-competitive
in expectation, where 

gc,λ(η) =



max{

1

ce
, [f(c)(max{1−

λ+η

opt
, 0})]} if 0 ≤ η < λ

gc,λ(η) =
1

ce
if η ≥ λ

.

 

The function f(c) is given in terms of the two branches W0 
and W−1 of the Lambert W-function and reads 
f(c) = exp{W0(−1/(ce))} − exp{W−1(−1/(ce))}. 

Online bipartite matching. The online bipartite matching 
problem is the problem in which the set of nodes L of a 

bipartite graph G = (L ∪R,E), with |L| = n and |R| = m , 
arrives online in a uniformly random order [73, 66]. Upon 
arrival, a node reveals the edge weights to its neighbors in 

R . We have to irrevocably decide if we want to match up 
the arrived online node with one of its (currently 
unmatched) neighbors in R . Kesselheim et al. [66] gave a 

tight 1/e-competitive deterministic algorithm for this setting 
that significantly generalizes the same guarantee for the 
classical secretary algorithm [77, 37]. The prediction in this 

setting is a vector of values p∗ = (p∗1, . . . , p∗m) that predicts 
the edge weights adjacent to the nodes r ∈ R in some fixed 
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optimal (offline) bipartite matching. That is, the prediction 
p∗ indicates the existence of a fixed optimal bipartite 
matching in which each node r ∈ R is adjacent to an edge 
with weight p∗r. The prediction error is then the maximum 
prediction error taken over all nodes in r ∈ R and minimized 
over all optimal matchings. This generalizes the prediction 
used for the classical secretary problem. This type of 
prediction closely corresponds to the vertex-weighted online 
bipartite matching problem [2]. [4] showed that for any 
λ ≥ 0 and c > d ≥ 1, there exists a deterministic algorithm 
for the online bipart ite matching problem that is 

asymptotically gc,d,λ(η)-competitive in expectation, where 

gc,d,λ(η) =



max{

1

c
ln(

c
d
), [

d−1

2c
(max{1−

(λ+η)|ψ|

opt
, 0})]} if 0 ≤ η < λ

1

c
ln(

c
d
) if η ≥ λ

 

and |ψ| is the cardinality of an optimal (offline) matching ψ 
of the instance.

Bin packing. Bin packing is a classic optimization problem 
and one of the original NP-hard problems. In the online 
variant, the set of items is not known in advance, but is 
rather revealed in the form of a sequence. Upon the arrival 
of a new item, the online algorithm must either place it into 
one of the currently open bins, as long as this action does 
not violate the bin's capacity, or place it into a new bin. 

Assume that the size of each item is an integer in [1, k], 
where k is the bin capacity. This is a natural assumption on 
which many efficient algorithms for bin packing rely, e.g., 
[27, 41, 110]. Furthermore, without any restriction on the 
item sizes, [88] showed that no online algorithm with 
advice of size sublinear in the size of the input can have 
competitive ratio better than 1.17 (even if the advice is 
error-free). This negative result implies that some restriction 
on item sizes is required so as to leverage frequency-based 

predictions. Consider an input sequence σ. For any x ∈ [1, k], 
let nx,σ denote the number of items of size x in σ. Define 
the frequency of size x in σ, denoted by fx,σ, to be equal to 
nx,σ/n, hence fx,σ ∈ [0, 1]. Algorithms use these frequencies 
as predictions. Namely, for every x ∈ [1, k], there is a 
predicted value of the frequency of size x in σ , which is 

denoted by f ′

x,σ. The predictions come with an error, so in 
general, f ′

x,σ ̸= fx,σ. To quantify the prediction error, let fσ 
and f ′

σ denote the frequencies and their predictions in σ, 
respectively, as points in the k-dimensional space. In line 
with previous work on online algorithms with predictions, 
e.g., [104], the error η is the L1 norm of the distance 

between fσ and f ′

σ. 

Metrical task systems. Initially, we are given a metric space 
M  of states, which can be interpreted, for example, as 

actions, investment strategies, or configurations of some 
production machine. We start at a predefined initial state x0. 
At each time t = 1, 2, . . ., we are presented with a cost 

function ℓt : M �→ R
+ ∪ {0,+∞} and our task is to decide 

either to stay at xt−1 and pay the cost ℓt(xt−1), or to move 
to some other (possibly cheaper) state xt and pay 
dist(xt−1, xt) + ℓt(xt), where dist(xt−1, xt) is the cost of the 
transition between states xt−1 and xt. The objective is to 
minimize the overall cost incurred over time. At each time t, 
the predictor produces a prediction pt of the state where the 
algorithm should be at time t. The prediction error with 
respect to some offline algorithm OFF is 

η =

T∑
t=1

ηt; ηt = dist(pt, ot),

where ot denotes the state of OFF at time t and T  denotes 
the length of the input sequence. [3] proved two general 
results. First, let A be a deterministic α-competitive online 
algorithm for a problem P  belonging to a metrical task 
system (MTS). There is a prediction-based deterministic 
algor ithm for P  achieving a compet it ive rat io of 
9 ·min{α, 1 + 4η/OFF} against any offline algorithm OFF, 
where η is the prediction error with respect to OFF. Second, 
assume that A is a randomized α-competitive online 
algorithm for an MTS P  with metric space diameter D . For 

any ϵ ≤ 1/4, there is a prediction-based randomized 
a l g o r i t h m  f o r  P  a c h i e v i n g  a  c o s t  b e l o w 
(1 + ϵ) ·min{α, 1 + 4η/OFF} · OFF +O(D/ϵ), where η is the 
prediction error with respect to OFF. Thus, if OFF is (near-)
optimal and η ≤ OFF, the competitive ratio is close to 1 + ϵ.

3.1.2 Stream Algorithms with Prediction

The data stream model is a fundamental model for 
processing massive data sets with limited memory and fast 
processing time. [60] explored the full power of an oracle, 
called heavy hitter oracle, which predicts whether a data 
element will appear more frequently than some given 
threshold. They show that the oracle can be applied to a 
wide array of problems in data streams, sometimes resulting 
in the first optimal bounds for such problems, and 
sometimes bypassing known lower bounds without such an 
oracle. They applied the oracle to count distinct elements on 
the difference of streams, estimate frequency moments, 
estimate cascaded aggregates, and estimate moments of 
geometric data streams. For the distinct elements problem, 
this technique bypasses the known lower bound and obtains 
a new space-optimal algorithm. For estimating the p -th 
frequency moment for 0 < p < 2, this work obtains the first 
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algorithms with optimal space and update time. For 
estimating the p-th frequency moment for p > 2 , they 
obtained a quadratic savings in memory, bypassing known 
lower bounds without an oracle.

In the data stream model, we assume there is an underlying 
frequency vector x ∈ Zn initialized to 0n, which evolves 
throughout the course of a stream. The stream consists of 

updates of the form (i, w), meaning xi ← xi + w . Suppose 

M  is such that ||x||∞ = maxi∈{1,...,n}
|xi| ≤ M  throughout 

the stream. At the end of the stream, we are asked to 

approximate f(x) for a function f : Zn → R . Because of the 
sheer size of the stream, most algorithms are approximate 
and randomized. Typically, such algorithms output an 
estimate Z for which P{(1− ε)f(x) ≤ Z ≤ (1 + ε)f(x)} ≥ 2/3, 
where the probability is over the randomness used by the 
algorithm, and not of the input stream, which may be a 
worst-case stream. The success probability 2/3 can be 
rep laced wi th  any constant  greater  than 1/2  by 
independently repeating the algorithm a constant number 
of times and taking the median estimate. The space 
complexity of the algorithm is measured in bits and the 
goal is to use much less than the trivial n bits of space 
required to store x. 

We consider estimating the following common functions 
f(x) in the data stream model.

• Distinct Elements: f(x) = ||x||0,  where ||x||0  is the 
number of nonzero coordinates of x , defined as 
||x||0 = |{i : xi �= 0}|. This quantity is useful for detecting 
denial-of-service attacks and for database query 
optimization [61].

• Fp-Moment: f(x) = ||x||pp , where the ℓp-norm of x  is 

defined as ||x||p = (
∑

i
|xi|

p
)
1/p. For 0 < p < 2, these are 

often more robust than the Euclidean norm [57]. For p > 2, 
these are used to estimate skewness and kurtosis [58]. 

• (k, p)-Cascaded Norm: In this problem x is an n× d 
matrix that receives updates to its individual entries, and 

f(x) = ||x||k,p := (
∑

i
(
∑

j
|xij |

p
)
k/p

)
1/k. These are useful 

for executing multiple database queries [26, 59].

We assume access to a heavy hitter oracle, which receives 
an input i ∈ [n], and outputs whether xi will be a heavy 
hitter at the end of the stream. The definition of heavy 
hitter varies for different data stream problems. There are 
two kinds of oracles. The first kind indicates whether or not 
|xi| ≥ T  and the second kind indicates whether or not 
|xi|

p ≥
1

T
||x||

p

p, where T  is a pre-determined threshold 
associated with the problem. We shall use an oracle of the 
first kind for the distinct elements problem and oracles of 
the second kind for all other problems. 

The current best algorithm for estimating L0 = ||x||0, in the 
presence of additions and deletions to coordinates of x, is 
due to [61]. [61] showed that with the trained oracle, there 
is an algorithm for (1± ε)-approximating L0 using space 
O(ε−2(logn)log(1/ε)) with a success probability of at least 
2/3, and with O(1) update and reporting times. 

[61] also showed the following results.

Under the perfect assumption of a heavy hitter oracle, 

one can est imate ||x||pp  with in a factor 1± 2ε  in 
O(ε−4

n
1/2−1/p log(n) log(M)) bits with a success probability of 

at least 3/5. If the probability that the oracle gives us an 

incorrect prediction is δ > 0, then we can estimate ||x||pp within 
a factor 1± 2ε in O(ε−4(n)1/2−1/p log(n) log(M)) bits of space 
when δ = O(1/

√
n), or in O(ε−4(nδ)1−2/p log(n) log(M)) bits 

of space otherwise. Both guarantees hold with a success 
probability of at least 3/5.

Let 0 < p < 2 and 0 < ε < 1/2. With a perfect heavy hitter 
oracle, there exists a randomized algorithm which outputs 
(1± 3ε)||x||

p

p with a probability of at least 0.7 using 
O(ε−2 max log(nmM), log3(1/ε) log log(1/ε)) bits of space. 
The expected amortized update time is O(1). The reporting 

time is O(1/ε
2
). In the case of a noisy oracle, we assume 

that for a fixed s, the oracle will not identify more than O(s) 

items xi as heavy hitters (meaning that |xi| > 1

s
||x||pp). 

Suppose that the heavy hitter oracle errs with probability 

δ = O

(
ε2

log2(1/ε) log log(1/ε))

)
. There exists an algorithm with 

the same guarantee.

For cascaded norms, let ε > 0 and k ≥ p ≥ 2 be constants. 
There exists a randomized algorithm which receives an n× d 
matrix x in a stream of additions and deletions to its 

coordinates, and outputs a (1 + ε)-approximation to ||x||k,p, 

with a probability of at least 2/3 using Õ(n1−
1
k
−

p
2k d

1
2
−

1
p ) 

space. 

Besides, under the assumption of a heavy hitter oracle, 
there is a rectangle-efficient singlepass streaming algorithm 

which outputs a (1± ε)-approximation to ||x||pp with the 
probability 1− δ for p > 2. It uses O∗(∆d(1/2−1/p)) bits of 
space and O∗(∆d(1/2−1/p)) time to process each rectangle 
in the stream. 

3.2 Learning to Optimize

In this section, we review the current progress on the topic 
of "learning to optimize" through two main directions, 
"optimization from samples" and "optimization with noises". 
In the following, we mainly introduce the mathematical 
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models of these directions, as well as the impossibility 
results and algorithmic results under different settings.

3.2.1 Optimization from Samples

In this section, we regard historical data as samples drawn 
from a certain underlying distribution, and our goal is to 
study how to optimize objective functions from sample 
data. We consider (constrained) combinatorial optimization 
problems whose form is

max
S∈M

f(S),

1

 

where f : 2N → R

1

 is an objective function and M ⊆ 2N

1

 is a 
constrained collection. And suppose there exists a value 

oracle Of  that returns value f(S) for a subset S ⊆ [N ]. To 
evaluate the ability of samples for optimization, Balkanski 
et al. [11] first propose the following model called 
optimization from samples (OPS).

Definition 3.1 (OPS model). Given a function f : 2
N → R , 

we say S := {Si, f(Si)}
t

i=1 is a collection of samples, where 
each Si is i.i.d. drawn from a certain underlying distribution D. 
Given parameter  α ∈ (0, 1], we say a function family 
F : 2

N → R is  α-approximable with respect to distribution 
D and constraint  M if there exists an algorithm A  that 
given error parameter δ ∈ (0, 1) and a collection S  of 
samples as inputs, outputs S ∈ M satisfying that 

Pr
S1,...St∼Dt

[
EA[f(S)] ≥ α · max

T∈M
f(T )

]
≥ 1− δ.

1

Here, α is called the approximation ratio and t is the sample 
complexity. Also note that we do not require A to be a 
polynomial algorithm, because we concentrate on the 
power of samples under the OPS model.

Obviously,  the distr ibut ion D  heavi ly  affects  the 
approximability of F . For instance, if D always returns an 
empty set or a fixed subset, then we cannot expect to learn 
enough information for optimization from the samples. 
Hence ,  one would l ike  to  cons ider  " reasonable" 
distributions, and investigate whether approximable 

functions under the query model Of are still approximable 
under the OPS model, e.g., submodular function. To this 
end, people consider a function family called probably 
mostly approximately correct learnability (PMAC), proposed 
by Balcan et al. [8]. Roughly speaking, we say a function f  
is PMAC-learnable with respect to some distribution D, if for 
an arbitrary subset S ∼ D , we can learn f(S) with high 
probability by a collection S  of samples. PMAC contains a 
large amount of function families, including coverage 

functions and influence functions, which are the most 
studied functions under the OPS model. We first define the 
coverage function.

Definition 3.2 (Coverage maximization). Given a bipartite 
graph G = (L,R,E) where L and R  represent the left and 
right set of nodes, and E  represents the edge set between L 
and R . A coverage function f : 2

L → R
≥0 is defined to be the 

number of neighbors of a subset S ⊆ L, i.e., f(S) = |N(S)|. 
The coverage maximization problem is to select a subset 
S ⊆ L  o f  s i z e  k ≥ 1  t h a t  m a x i m i z e s  f(S) ,  i . e . , 
maxS⊆L:|S|=k f(S).

Note that the coverage maximum problem is PMAC-learnable 
[6] and admits a (1− 1/e)

1

-approximation greedy algorithm 
under the query model [98]. Next, we define the influence 
function, which can be regarded as a generalization of the 
coverage function to general directed graphs and is widely 
used in social networks.

Definition 3.3 (Influence maximization). Given a directed 
graph G = (V,E, p) where V  is the node set, E  is the edge 
set, and pe is the probability vector on each edge e ∈ E, the 
state of each node is either active or inactive. Given a seed set 
S0 as active at time t = 0, we activate other nodes as follows: 
At time t = 1, 2, . . . , first let St = St−1, and then for any 
v /∈ St−1, let N in

(v) denote the collection of nodes u with 
(u, v) ∈ E. Each node u ∈ N in

(v) ∩ (St−1 \ St−2) activates v 
with probability puv  independently, and finally all active 
nodes v are added to St. Consequently, we have a sequence 
of active subsets S0 ⊆ S1 ⊆ S2 ⊆ · · · until there are no new 
active nodes. Given S0, define φ(S0) to be the collection of 
final active nodes and define influence function f : 2

V → R to 
be f(S) = E[|φ(S)|], that is, the expected active number of 
seed set S0. The influence maximization problem is to select a 
seed set S  of size at most k such that f(S) is maximized. 

Note that both the coverage function and the influence 
function are submodular.1

Intuitively, we may divide the OPS model into two steps: 

1. Construct a function f̃  as an estimation of f  from 
samples by the PMAC-learnable guarantee.

2. Optimize the original problem under the query model of f̃ .

1 We say f  is submodular if for any S ⊆ T ⊆ N  and u /∈ T , we 

have f(S ∪ u)− f(S) ≥ f(T ∪ u)− f(T ).
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However, we will see that although both two steps are not 
hard to implement, their combination may not provide a 
reasonable (approximation) algorithm. Next, we introduce 
the current impossibility and algorithmic results under the 
OPS model, specifically including the coverage maximization 
problems and the influence maximization problems.

Impossibility results. Balkanski et al. [11] first studied the 
coverage maximum problem under the OPS model and 
presented the following theorem.

Theorem 3.4 (Impossible result for coverage maximization 
[11]). For any distribution D, there is no algorithm for 
coverage maximization whose approximation is better than 

n−1/4

1

 that observes fewer than exponentially many samples 
and this bound is tight.

This result is somehow surprising since coverage maximization 
is proven to be PMAC-learnable [6]. The main idea is to 
construct a class of functions that can be learned well on most 
subsets (with respect to D), but cannot be learned well on 
(approximate) optimal solutions, and consequently, samples 
do not provide enough information for optimization.

Impossibility results also appear in other problem settings. 
Balkanski et al. [12] constructed a class of submodular 

minimization problems f : 2
N → [0, 1] and proved that no 

algorithm with polynomial samples can provide an additive 
(1/2−O(1))-approximation. This result can be extended to 
convex minimization [13]. Overall, we note that the 
approximability under the query model and the OPS model 
can be very different, even if the function is PMAC-learnable. 
In the following, we show the current progress that aims to 
overcome the impossibility results provided above.

Algorithmic results. In general, there are three types of 
attempts. The first attempt is to assume f  satisfies additional 
properties. For instance, Balkanski et al.[10] considered 
monotone submodular functions with curvature c ∈ [0, 1].1 

They provided a tight (1− c)/(1 + c+ c2)-approximation 
algorithm. This matches the intuition where a linear function 
can be solved under the OPS model. However, the curvatures 
for both the coverage and the influence functions are 1. For 
the influence maximization problem, Balkanski et al. [9] 
assumed that the social network G  is generated by the 
stochast ic  b lock model  and presented a constant 

1 Curvature measures how much a submodular function is close 
to linear. As curvature is close to 0, the submodular function is 
more close to linear.

As discussed above, the main difficulty under the OPS 
model seems to be that we may not be able to estimate the 
value of the optimal solution from samples. Then one might 
wonder whether optimization can be done if we can 
estimate all subsets. This opens another direction called 
optimization with noises, in which we can learn a function 

f̃  as an estimation of underlying objective f  such that for 
any S ⊆ 2

N , f̃(S) ∈ (1± ε)f(S). Here, ε ∈ (0, 1) is a noisy 
parameter and we usually want a small ε . Such an 

3.2.2 Optimization with Noises

approximation algorithm. Overall, this attempt does not 
change the OPS model and hence, we need to design specific 
properties for different optimization problems. 

The second attempt is to weaken the objective of the OPS 
model. Instead of optimizing over the whole function, 
Rosenfeld et al. [107] proposed a DOPS (distributional 
optimization from samples) model, whose goal is to use a 
small collection of samples to find the optimized sample 
among another unknown large collection of samples drawn 
from the same distribution. They proved the equivalence 
between approximable under the DOPS model and PMAC-
learnable. This attempt is to provide an explanation of 
PMAC-learnable under the sampling model. However, one 
may still want to achieve the global optimal with respect to 
reasonable distributions D.

The third attempt is to assume that we not only have the 
values f(Si) of samples Si, but also obtain additional 
structured information. Chen et al. [23] first investigated 
this approach on coverage maximization, and proposed the 
following OPSS (optimization from structured samples) 
model: Each sample is represented by (Si, NG(Si)) where 
NG(Si) is the collection of neighbors of Si. They proved that 
the coverage maximum problem admits an O(1)-approximation 
under the OPSS model if D satisfies some mild assumption 
(e.g., D is some uniform distribution). Further, Chen et al. [24] 
extended this result to the influence maximization problem, in 
which each sample is of the form (Si,0, Si,1, . . . , Si,n−1) that 
consists of the full passing path. Assuming that D  is a 
p roduc t  d i s t r i bu t ion ,  they  p rov ided  a  cons tan t 
approximation algorithm. In conclusion, we observe that the 
additional structured information may complete the gap 
between learnable and approximable. Moreover, the 
structured information is varied as the problem changes, 
and it is interesting to investigate more suitable structured 
information for other problems. 
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estimation f̃  can be learned from historical samples, e.g., 
through a neural network or constructing a sketch. 

Surprisingly, even if we have such f̃ , the optimization 
problem may still be hard to solve. In the following, we 
discuss two settings: erroneous oracle and noisy oracle.

Erroneous oracle. Hassidim et al. [48] proposed the 
following erroneous oracle in which for any S ∈ 2

N , 

f̃(S) = εS · f(S),

where εS ∈ [1− ε, 1 + ε]. Here, εS  can be selected by the 
adversary. They proved the following theorem that shows that 
submodular maximization is hard with an erroneous oracle.

Theorem 3.5 (Impossibility results with erroneous oracles [48]). 
No randomized algorithm can obtain an n−0.5+δ-approximation 

for maximizing a monotone submodular function under a 

cardinality constraint with less than an exponential number of 

queries to an ε-erroneous oracle. 

Their main idea is to construct two functions f1 and f2 
that  a re  c lose  in  a lmost  a l l  subsets  S ∈ 2

N ,  say 
f1(S) ∈ (1± ε)f2(S), and hence, the adversary can select 
noise parameters εS such that one cannot distinguish f1 and 
f2 on these subsets. However, the values of the optimal 
solutions of f1 and f2 differ by a lot. Hassidim et al. [48] 
proved that a polynomial number of queries is not enough 
to distinguish f1 and f2 in this setting. 

To get rid of this impossibility result, Hassidim et al. [48] 
proposed a noisy oracle, in which εS ∼ D  are i.i.d. drawn 
instead of being selected by the adversary. They provided a 
(1− 1/e− ε)-approximation using access to a noisy oracle. 
However, their algorithm requires nO(1/ε) queries, which still 
needs to be reduced.

In this section, we review existing progress on optimization 
from samples and optimization with noises. These work is 
interesting but there remain several open problems, e.g., 
more reasonable models are required to get rid of the 
impossibility results, and how to decrease the sample/query 
complexity of existing algorithmic results.

4 Combination of Heuristic 
Algorithms and ML

to assist in lower-level decisions. This learning augmented 
framework is summarized in Figure 3. Intuitively, it is 
common that an algorithm is designed to solve a general 
class of problems, namely being able to take any feasible 
instance from the class as input and return the desired 
solution. Furthermore, theoretical studies usually provide 
analysis for the algorithms' properties, such as convergence 
rate and approximation ratio, for the worst cases among all 
problem instances. However, in practice, the performance 
of an algorithm for each specific instance is usually very 
sensitive to the choice of the algorithm's parameters and 
the initial solution (if an initial solution is not preset for the 
algorithm). Thus, it is natural to consider learning the best 
instance-dependent control policy for an algorithm, without 
changing the algorithm itself.

In this section, we name this kind of approach as "learning 
augmented algorithms", and review current progress on 
this topic. We shall introduce two representative directions, 
"learning control policies" and "learning to warm start", and 
a rising direction called "adaptive learning augmentations".

Figure 3 The combinatorial optimization algorithm repeatedly queries the 
same ML model to make decisions. The ML model takes as input the current 

state of the algorithm, which may include the problem definition.

Next, we focus on the combination of heuristic algorithms 
and ML. In comparison with applications of ML in theoretical 
works, one can consider that the heuristic algorithm 
controls the high-level structure while calling an ML model 

4.1 Learning Control Policies

The control policies for an algorithm mainly refer to its 
hyperparameters, for example, update rate for an iterative 
algorithm, or searching strategies for a heuristic algorithm.  
In this section, we introduce an application of the branch-
and-bound algorithm as an example, and summarize other 
similar learning augmented algorithms in the scheme of 
learning control policies.
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Branch-and-bound, BnB for short, is mainly referred to as a 
paradigm for solving discrete optimization problems. We 
consider a problem of minimizing a real-valued function f  
over a feasible set S , where S  is discrete. BnB usually starts 
with a single root state and maintains a queue L of active 
nodes, representing subsets of S , as well as global upper/
lower bound for the objective. While the queue L is not 
empty, BnB pops a node Si ∈ S from L at each step, with 
some node selection strategy, and computes the bound for 
the objective restricted to the subset Si, by applying necessary 
relaxation and efficient solvers. According to the local and 
global bounds, BnB distinguishes three possible cases:

1. The local lower bound is larger than the current global 
upper bound, and as a result it is not possible to obtain 
a better solution by further branching the subset. Then 
this subtree (subset) is pruned. 

2. The local lower bound and local upper bound match, 
and then the optimal solution restricted on the subtree 
(subset) is found. 

3. Otherwise, Si is branched into all its children, which are 
pushed back onto L . 

In cases 2 and 3, the global lower and upper bounds are 
updated accordingly. The algorithm terminates when L is 
empty or the gap between the global lower and upper 
bounds is small enough.

The most important control policy of a BnB algorithm is 
the node selection strategy, to be precise, how to choose 
the next subset from the queue to compute the bounds 
and decide whether to branch. Generally speaking, one 
would expect a good strategy to find the optimal solution 
as quickly as possible. That means the strategy must choose 
proper branching subsets first, such that good solutions 
are found early and most unnecessary subtrees (subsets) 
are pruned. Several strategies are popular in traditional 
applications, such as the well-known first-in-first-out (FIFO), 
last-in-first-out (LIFO), and the best-first strategy, which 
relies on another priority queue, for example sorting the 
nodes on their local lower bounds.

On the other hand, it is straightforward to consider 
leveraging some training data for the problem to be solved, 
and learning a good strategy. Despite the customized 
representations for the problems as well as the queues, the 
intuition for the learning procedure is to learn the most 
possible node in each queue, to which the optimal solution 
of the problem instance belongs.

Bai et al. [7]  applies this paradigm to solve the maximum 

common subgraph (MCS) between two input graphs. In 
their design, the subsets to branch are possible node pairs 
between the input graphs, and the reinforcement learning 
is applied to learn the node pairs by maximizing the 
sizes of found common subgraphs. A similar approach is 
considered by Liu et al. [79] , who set the learning objective 
as minimizing the branching times. Both of these learning 
augmented BnBs achieve better performance compared 
with end-to-end learning based solvers for MCS problems.

He et al. [49] applied this paradigm to solve the mixed 
integer linear programming (MILP) problem. The subsets to 
branch are naturally the variables and districts they belong 
to. In addition to learning the proper branching variable 
for each state, the authors also learnt a pruning policy, 
which predicts whether the optimal solution belongs to 
a subtree (subset). The pruning policy further accelerates 
the algorithm as the computations of the local upper/
lower bounds for most subtrees, which are predicted not to 
contain the optimal solution, are ignored. With both control 
policies, BnB achieves better performance in terms of speed 
and optimal gap, when compared with the SOTA solvers for 
MILP. Other approaches also design different ML techniques 
to learn the branching decisions made at every node on 
the branch-and-bound tree for MILP [68, 80, 52]. Similarly, 
Kruber et al. [74] use ML on MILP instances to first decide 
whether or not applying a Dantzig-Wolfe decomposition 
will be effective. Bonami et al. [21] use ML to decide if 
linearizing the problem will solve it faster. Meanwhile, the 
aggressiveness of a MILP solver and the heuristic building 
framework could also be selected by ML [62, 85]. Further, 
for quadratic programming (QP), Baltean-Lugojan et al. [14] 
use ML to select promising cutting planes.

Drawbacks. Applying the learnt control policies, which 
are usually represented by neural networks, also requires 
computation resources and time budgets. In the mentioned 
examples for BnB, the algorithms should call the policies each 
time they decide a branching node. This means the learnt 
control policies must improve the performance of the original 
algorithms a lot, so that the extra cost can be covered.

4.2 Learning to Warm Start

Although many heuristic algorithms construct initial 
solutions as their first iterative steps, when compared with 
the control policies, whether the initial solutions are good 
or not seems to be less important. A similar scenario occurs 
in theoretical analysis of many algorithms. Except for those 
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algorithms which specifically identify initial solutions, the 
properties of convergence and optimality are usually proved 
for random initialization or arbitrary worse initialization.

However, being able to predict a proper initial solution for 
a specific problem instance, namely a warm start, definitely 
helps improve the corresponding algorithm's performance. 
Intuitively, for example, it will probably take an iterative 
algorithm less time to obtain the optimal solution if it starts 
with a solution close enough to the optimal one. This is the 
exactly the motivation of recent literature. Basically, these 
works learn prediction models based on training data for 
some problem instances with their optimal solutions. Then 
for unseen problem instances, traditional algorithms are 
applied with warm starts being the predicted solutions.

For example, Bemporad and Naik [18], as well as Masti and 
Bemporad [86], use this idea to learn warm starts for BnB to 
solve mixed-integer quadratic programming. Duan et al. [35]. 
show similar improvements when using a predicted solution 
as the warm start of traditional algorithms solving Nash 
equilibrium, in the sense of both computational efficiency 
and approximation to the optimality.

Drawbacks. The approaches of learning to warm start share 
the same drawback as "learning control policies", because 
an extra inference of neural network is needed before 
solving each problem instance. On the other hand, there are 
few works aimed at learning the optimal warm starts for a 
specific algorithm. Theoretically speaking, it is still unknown 
whether the closer an initial solution is to the optimal 
solution, the better it is as a warm start.

The opposite direction. An interesting observation is that 
the idea of "learning to warm start" may also be regarded 
as augmenting machine learning through traditional 
algorithms. For example, Li et al. [76] designed a learning 
framework to solve combinatorial optimization problems, 
mainly three equivalent problems: maximum clique (MC), 
maximum independent set (MIS), and minimum vertex cover 
(MVC). The designed learning framework outputs a group 
of solutions for each input instance, and the local search 
algorithm is applied to improve these solutions and finally 
find the optimal one. However, it is common in traditional 
solvers of MC/MIS/MVC that use a simple way to generate 
an initial solution and then apply the local search algorithm. 
In other words, the learning part of this approach is indeed 
learning a group of good warm starts for the local search.

4.3 Adaptive Learning Augmentations

The previous two schemes of learning augmentation can 
be regarded as "static augmentation", because the learning 
model for the control policies or the warm starts is fixed 
during the running process of the augmented algorithms. In 
contrast, a recent work [118] designs a learning procedure 
that learns the augmentation along with the running process 
of the algorithm by taking each problem instance as the 
input. In this section, we briefly introduce the studied problem, 
augmented heuristic algorithm, and learning framework.
The traveling salesman problem (TSP) is defined on a 
complete undirected graph, where each edge has a cost 
representing the distance between its two endpoints. The 
problem is to find a Hamiltonian route to minimize the total 
cost of the edges along the route. The Lin-Kernighan-
Helsgaun (LKH) algorithm is a famous heuristic based on 
local search for solving the TSP. Starting from an initial 
solution, LKH iteratively runs a special local search 
technique called k-opt. Each k-opt process considers k 
edges in the current solution, tests a series of other k 
connections among the 2k endpoints of these edges, and 
replaces the k edges with the optimal choice (minimal total 
cost). The key in LKH is to choose the k edges according to 
the α-value (and its extensions). Ignoring the detailed 
calculation, it is believed that an edge with smaller α-value 
is more likely to appear in the optimal solution of TSP.
Zheng et al. [118] designed a reinforcement learning 
procedure, replacing 2-opt process.  Specifically, a Q-value 
of each edge is initiated based on α-value. Then at each 
step, the state of the system is a node pi, an action is one 
of its adjacent edge (pi, pi+1) chosen according to the 
Q-value, and the system transits to the next node pi+2, 
which connects to pi+1 in the original solution (this 
operation is actually to replace two edges (pi−1, pi) and 
(pi+1, pi+2) in the previous solution with another two edges 
(pi, pi+1) and (pi+2, pi−1) without violating the feasibility). 
By setting the reward for each state action pair as the 
improvement of the solution, standard reinforcement 
learning is applied to update the Q-value.
This approach combines the reinforcement learning 
technique and traditional heuristic procedure, achieving 
better performance in solving large TSP instances when 
compared with LKH. The Q-value plays an important role as 
an augmentation to α-value. The elegant design of its 
adaptive update, on the one hand, provides a novel 
potential for learning augmentations, whereas on the other 
hand, it relies on a lot of domain information both about 
the problem structure and the heuristic algorithm itself.
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5 Mechanism Design with Learning

Mechanism design can be regarded as a special process of 
algorithm design, being aware of rational agents. Precisely 
speaking, we can define an algorithm as designed to be able 
to take any instance from a specific problem as the input 
and return the output, satisfying some desired property. 
The input instances of a designed mechanism are provided 
by agents, who benefit from the mechanism's outputs. As a 
result, when designing a mechanism, we have to consider 
both its objective and the agents' incentive of misreporting.

The natural intuition for mechanism design is to design 
a game for agents to play, with agents' actions being its 
input, such that the Nash equilibrium of the game leads 
to desired output. Fortunately, according to the famous 
revelation principle, one can focus on designing "truthful 
mechanisms", under which the equilibrium strategy of 
each agent is honestly reported. Intuitively, this is because 
if a mechanism optimizes an objective when agents play 
equilibrium strategies, then there is an equivalent truthful 
mechanism taking the agents' honest reports and simulating 
the optimal mechanism.

However, mechanisms in general are still hard to design, 
especially in scenarios where each agent reports multiple 
inputs. Generally speaking, traditional works usually try 
to provide closed-form implementations for a designed 
mechanism and theoretically prove its (approximated) 
optimality. This in some sense limits the studies on 
mechanism design for large-scale problems. In contrast, 
a rising research direction, using deep neural networks to 
represent complicated mechanisms, shows its potential to 
overcome this drawback. In this section, we call this direction 
"mechanism design with learning" and summarize recent 
works. We first introduce the most representative mechanism 
design problem, auction design, also known as mechanism 
design with money, which involves most related works. Then 
we introduce some learning applications on mechanism 
design without money. Finally, we introduce another 
combination of auction design and machine learning.

5.1 Machine Learning for Auction Design

• A set of n bidders with independent private value 
vi : 2

m → R
≥0 , for i = 1, 2, . . . , n.

• Each bidder i's value follows a known distribution 
vi ∼ Fi.

• An auction mechanism presented by an allocation rule 
g(·) and a payment rule p(·). This is, when bidder i bids 
bi and other bidders bid b−i,

 – gi(bi, b−i) denotes the probability (vector) that the 
items are allocated to bidder i ;

 – pi(bi, b−i) denotes the payment of bidder i ;

 – then bidder i's utility is defined as 
ui(vi, bi, b−i) = v

T

i
· gi(bi, b−i)− pi(bi, b−i).

• Design a mechanism to maximize the expected revenue 
Ev1∼F1,...,vn∼Fn

[
∑

i
pi(vi, v−i)], under the constraints of

 – Incentive compatible (IC): 
∀i, vi, bi, v−i, ui(vi, vi, v−i) ≥ ui(vi, bi, v−i);

 – Individual rational (IR): ∀i, vi, v−i, ui(vi, vi, v−i) ≥ 0.

For m = 1, Myerson [95] provides the revenue maximized 
auction mechanism, but even for m = 2 , there is no 
complete analytical result. Many works that follow design 
optimal auctions for the multiple items setting with 
assumptions on fixed numbers of bidders (mostly two), or 
value distribution with finite support (two). Other works 
fo cu s  on  de s i gn ing  mechan i sms  w i th  cons tan t 
approximation ratio compared with the optimal revenue.

Duetting et al. [36] first introduced deep neural networks to 
represent an auction mechanism. By doing so, they 
transferred the auction design problem into a deep learning 
task, which not only approximately recovers known optimal 
mechanisms, but also achieves more expected revenue than 
those approximate opt imal  mechanisms under 
corresponding settings. To be precise, the allocation rule 
g(·) and payment rule p(·) are parameterized by neural 

networks, denoted by gθ(·) and pθ(·).  Specifically, 
p
θ
i = αi(v

T
i · gθi ) w i t h  αi ∈ [0, 1] ,  s u c h  t h a t  t h e  I R 

constraint is directly satisfied. The IC constraint is 
t ran s fe r red  i n t o  a  g roup  o f  l o s s  f un c t i on s 

rgt
θ
i = Ev1∼F1,...,vn∼Fn

[maxb
i
u
θ
i (vi, bi, v−i)− u

θ
i (vi, vi, v−i)] , 

namely each agent's regret for not misreporting. Then 

the IC constraint is satisfied if for all i, rgtθi = 0. Thus, the 
training process samples bidders' value from the known 
distributions, combines the negative expected revenue 

−Ev1∼F1,...,vn∼Fn
[
∑

i
pθi (vi, v−i)]  a n d  rgtθi ,  a n d  u s e s 

stochastic gradient descent (SGD) to update the neural 
networks' parameters θ.

We focus on the following setting of the auction design 
problem.

• A seller with a set of m items.
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Following them, Feng et al. [38] applied this approach to 
settings with budget constraints. Sakurai et al. [109] further 
included the false-name-proof constraints, that is, no 
bidder can benefit from manipulating fictitious identities to 
participate in the auctions, through a similar loss function 
as the IC constraints. Shen et al. [112] also adopted similar 
idea of the parameterizing mechanism by neural networks, 
but replaced the loss function related to IC constraints with 
another network representing the bidders' optimal actions 
with respect to the given mechanism. In other words, they 
do not leverage the revelation principle but search for the 
optimal auction mechanism in a larger parameterized space. 
Rahme et al. [105] further modeled the interaction between 
the mechanism network and the bidder network as a two-
player game. On the other hand, Cai et al. [22] extended 
this line of learning assisted auction design to a dynamic 
setting. They considered running the auctions repeatedly, so 
that both the mechanism and the bidders may evolve along 
with time. However, to obtain a convincing performance, 
they restricted the design space of the auction mechanism 
as a second-price auction with reserve price, and used 
reinforcement learning to find the optimal reserve price 
for each time period. Recently, Liu et al. [78] applied the 
learning-based auction mechanism in a real-world scenario, 
to display ads auctions where the value distributions of 
bidders were assumed to have specific structures.

Other related works. The literature introduced above 
mainly considers learning-based approaches to design 
mechanisms. There are plenty of papers studying how many 
samples we need to learn an auction mechanism through 
theoretical analysis. Although this is more of a fundamental 
question, we will not survey the related works.

beneficial to all agents. They used a similar idea as [38] to 
represent the "location rule" by a neural network, taking 
the agents' reports as input and the facility's location as 
output. The neural network is trained to minimize the total 
(weighted) distance between the output facility location and 
each agent. Each agent's incentive of misreporting (in order 
to make the facility's location as close to itself as possible) is 
also transformed into a loss function used in training.

5.2 Machine Learning for Mechanism 
Design Without Money

5.3 Auction Design w.r.t. Learning Agents

Auction design can be regarded as a situation where the 
seller designs the rule of a game for buyers to play. The 
works mentioned above mainly use machine learning to 
augment the seller, while assuming buyers are rational, that 
is, buyers are able to find their optimal bids. To be precise, 
the revenue of the revenue-maximized auction mechanism 
is defined in the sense that each buyer's bid follows the 
Nash equilibrium, and the revelation principle further 
transforms the Nash equilibrium into truthful bidding. 
However, in practice, buyers may not be able to find the 
equilibrium. Thus, it is important to consider auction design 
with respect to non-rational buyers, especially learning 
agents, before applying an auction mechanism in real world.

A typical situation is that a seller repeatedly holds auctions 
for items of the same type, while independent buyers, 
probably with identical value distribution, use the no-regret 
learning algorithm to find bids achieving maximal long-term 
utility (minimizing regret). Nekipelov et al. [97] initialized 
the studies on this situation. They focused on second-price 
auction and showed how to estimate buyers' value from their 
bids by assuming they are all no-regret learners. Recently, 
Deng et al. [29] considered first-price auction, for which the 
Nash equilibrium has not been theoretically characterized, 
and showed that there exists a no-regret learning algorithm 
for buyers to obtain the Nash equilibrium. 

Compared with the auction mechanisms represented by 
pairs of allocation rules and payment rules, many other 
mechanism design problems cannot involve payment rules. 
These problems are commonly referred to as mechanism 
design without money. Because there is no unified setting 
for them, we only introduce one recent work which 
leverages machine learning to augment the mechanism 
design problem.

Golowich et al. [47] considered the facility location 
problem, where the government asks agents to report their 
own locations and then find a location to build a facility 

6 Limitations and Challenges

We summarize some current limitations and challenges by 
incorporating ML for combinatorial optimization. We first 
discuss the differences between combinatorial optimization 
and pattern recognition, which induces several difficulties.  
Then we propose some properties of augmented algorithms 
that are required to be addressed in current researches.
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6.1 Combinatorial Optimization v.s. 
Pattern Recognition

In the following, we summarize the difficult ies of 
combinatorial optimization for incorporating ML when 
compared with pattern recognition.

1. Not easy to construct a high-quality training dataset. 
Nowadays, training an ML model with good performance 
usually requires a large training dataset, and hence, to 
obtain a high-quality dataset is an important problem. 
In pattern recognition, a data point usually consists of 
features and labels. To obtain training data, we have 
several ways that come with an acceptable cost, e.g., 
hiring people to mark labels. However, the label of a 
combinatorial optimization instance is usually an optimal 
solution. The cost of computing an optimal solution is 
expensive, especially for large scale instances, and it is 
unlikely that a human can mark this "label", as can be 
done in pattern recognition. Hence, it is a challenge to 
construct a high-quality dataset that consists of various 
instances with different scales.

2. Sensitive to perturbations/noises. In pattern recognition, 
an important requirement for an ML model is its 
robustness, i.e., ML models should not be sensitive to 
small perturbations or noises. To achieve this goal, we 
may slightly perturb training data while maintaining 
labels to increase the robustness of the learned ML 
models. However, combinatorial optimization problems 
may have a different property: The optimal solution can 
be very sensitive to small perturbations/noises. For 
instance, in the TSP, adding a single edge can make the 
optimal solution different; see Figure 4 for an example 
that adding an edge (A,D)

1

 changes half of the edges in 
the optimal solution. Another sensitive case is the SAT 
problem in which adding a clause may change the state 
from satisfiable to unsatisfiable. Also, adding one 
constraint to CSP or removing one tuple in a constraint 
relation of CSP may change an easy satisfiable problem 
into a hard one. This sensitivity of combinatorial 
optimization also makes it difficult to construct a high-
quality training dataset because one cannot construct 
various instances via a small perturbation as can be done 
in pattern recognition. Consequently, we hope that the 
learned ML models can recognize this sensitivity, which is 
a different requirement from pattern recognition and also 
a big challenge.

Figure 4 A traveling salesman instance that shows the sensitivity

6.2 Desired Properties of Augmented 
Algorithms

Despite recent progress in incorporating ML into combinatorial 
optimization, there are still many research challenges that 
need to be addressed for designing augmented algorithms. 
Challenges come from specific properties of combinatorial 
optimization, lack of understanding of theoretical/heuristic 
approaches, and practical needs.

1. Scalability. Due to the challenge in achieving training 
data of large scales, current ML models for combinatorial 
optimization usually train on small scale datasets, 
say at most 1000 variables. However, we expect to 
design augmented algorithms that also have a good 
performance on inputs with a larger size. Hence, we care 
about the scalability of the incorporated ML models, 
which has been listed as a future research direction in 
several recent surveys [114, 87, 19]. There have been 
some works [111, 68, 90] that attempt to scale to much 
larger instances. However, many existing augmented 
frameworks do not have good scalability: the quality 
of the solution drops quickly when the instance size 
increases [114].

2. Adaptability. In application scenarios, we usually have 
additional objectives or constraints compared to the classic 
combinatorial optimization problems. To reduce the cost 
of redesigning algorithms when the problem changes, we 
expect that the learned augmented framework can adapt 
to perturbations in the problem sets or other problems 
from the same family. There have been some initial works 
[96] that investigate the adaptability of ML models.

3. Theoretical guarantees. Traditional theoretical algorithms 
usually have provable guarantees, including  execution 
time, approximation ratio, and generalization bound. It 
is a challenge to maintain these theoretical guarantees 
when incorporating ML algorithms, which can improve the 
interpretability of learned models.
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Execution time is one of the most relevant factors along 
with the model performance, for practical implementation. 
Designed augmented algorithms are aimed at decreasing 
the running time while maintaining the quality of output 
solutions. There are some initial studies [17, 72] that 
achieve close solution performances with a faster time 
and focus on improving the efficiency of ML models. 
However, their framework can only handle 100 nodes, 
which is still quite far from being state-of-the-art.

Approximation ratio is to provide a theoretical guarantee 
for the quality of output solutions. One way to achieve an 
approximation guarantee is to incorporate approximation 
algorithms with ML methods, e.g., the vertex cover 
problem and the TSP problem [68]. However, existing 
combinations usually consider some basic theoretical/
heuristic approaches, e.g., greedy algorithms or branch-
and-bound. It is interesting to consider approximation 
algorithms that may be more complicated but can 
achieve a better approximation ratio. The combination of 
ML methods and better approximation algorithms may 
provide us with a better approximation guarantee.

Generalization reflects the ability of the learned models 
to perform well on unseen instances, for the models to 
be of practical interest. Traditional theoretical algorithms 
consider the worst-case bound and hence naturally satisfy 
generalization. However, the learned models of ML usually 
depend on the training dataset and generalization is an 
important problem of ML. It is interesting to investigate how 
to maintain generalization while incorporating ML methods.

Sample complexity is relevant to all the above factors. 
The number of samples usually decides the training time 
and the quality of learned models, which may affect 
the approximation ratio of the augmented algorithms. 
Also, if training data and testing data are drawn from 
the same distribution, the generalization bound usually 
relates to how well the training dataset estimates the 
underlying distribution, which heavily depends on the 
sample complexity.
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The satisfiability problem (SAT) plays a central role in computer science. While many heuristic algorithms can solve SAT, 
they are usually evaluated through experimentation, and theoretical analysis is rare. In this paper, we mainly focus on 
random walk (RW), which we improve by combining it with a fitness function. To demonstrate the performance of our 
improved version of RW, which we call RWF, we analyze and compare the expected runtime of RW, a typical evolution 
algorithm named (1+1) EA, and RWF in three SAT formulas. The results show that RWF can outperform RW and (1+1) EA in 
some instances.
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1 Introduction 

The Boolean satisfiability problem (SAT) is the problem 
to test whether there is an assignment to the variables 
that makes a given propositional formula true. It plays a 
central role in computer science. SAT is the first problem to 
be proven NP-complete, meaning that all problems in the 
complexity class NP are at most as difficult to solve as SAT. 
Besides the significant importance in theory, SAT algorithms 
are also used extensively in real-world applications, 
including in hardware verification, cryptography, resource 
allocation and planning.

In theory, SAT is a very challenging problem. To date, no 
efficient algorithm has been found, and no one can break 
the trivial bound O∗(2n) given by the simple brute force 
algorithm trying all 2n assignments of the n variables. 
Indeed, the strong exponential time hypothesis (SETH) is 
the conjecture that the SAT problem cannot be solved in 
time O∗(cn) for some constant c < 2 [7]. Most theoretical 
algorithms have focused on the random k-SAT problem with 
a fixed k, where each clause consists of k random literals. 
Among these algorithms, a local search algorithm by 
Schöning [11] and the encoding-based algorithm called 
PPSZ [10] stand out as two typical examples of fast 
algorithms.

Local search has become one of the two main practical 
methods for solving SAT. The other is the conflict-driven 
clause learning (CDCL) method [2], which integrates 
powerful reasoning techniques and evolved from the 
backtracking DPLL algorithm. Typically, local search 
algorithms start from a complete assignment and flip the 
value of one variable in each step, aiming to find a solution. 
One key technique in local search for SAT is random walk 
(also known as focused random walk), which always selects 
a variable to flip from a randomly unsatisfied clause. This is 
the core idea of Schöning’s local search algorithm, leading 

to an O(poly(n)(2(1− 1/k))n) time complexity for k-SAT. 
Besides theoretical interest, RW has also been used in 
successful practical local search SAT solvers, such as 
WalkSAT [4], ProbSAT [1], and CCAnr [3]. However, there 
remain limited works on theoretical analyses of local search 
algorithms for SAT [5, 12]. 

Zhou et al. [12] compared the expected runtime of RW 
heuristic algorithms on some SAT instances, and in [5], the 
authors introduced a random local search algorithm based 

on Hamming balls. Conversely, a great deal of effort has 
been devoted to analyzing evolutionary algorithms (EAs) 
for SAT, for example, local search algorithms with particular 
operations such as mutation. Zhou et al. compared the 
expected runtime of a simple random local search with a 
simple EA denoted as (1+1) EA on a few crafted instances 
[12]. EAs are guided by a fitness function, which is missing 
in RW.

In this paper, we focus on a popular stochastic local search 
(SLS) method named RW, which has been used in many 
successful SLS solvers for SAT (e.g., WalkSAT [4], ProbSAT [1], 
and CCAnr [3]). We propose to improve RW by combining 
it with a fitness function typically used in EAs, leading to an 
improved version called RW with Fitness evaluation (RWF). 

We compare RW, (1+1) EA, RWF with three SAT formulas. 
Two of them taken from previous literature, and the last 
is proposed in this work. We analyze the worst case or 
average case complexity for the instances with Markov 
chains used mainly. The runtime analysis of the three 
heuristic algorithms can be exponential time or polynomial 
time. In other words, they have their own advantages and 
disadvantages in solving different SAT instances.

The remainder of the paper is organized as follows. Section 
2 introduces some prerequisite knowledge about the SAT 
problem, absorbing Markov chains, and two vector norms. 
In Section 3.1, we introduce these three heuristic algorithms, 
and in Section 3.2, we analyze and compare the expected 
time complexity of RW and RWF on two 2-SAT instances. 
Then in Section 3.3, we analyze and compare the expected 
time complexity of the three heuristic algorithms on a 3-SAT 
instance.

2 Preliminaries

2.1 Boolean Satisfiability Problem 
(SAT)

In Boolean logic, a literal is a variable or its negation (i.e., 
x or x). A clause is a disjunction of literals (e.g., x ∨ y  is a 

clause with two literals). A formula in conjunctive normal 

form (CNF) is a conjunction of clauses. A k-SAT instance is a 

CNF formula where each clause has exactly k literals. SAT is 

the problem of whether the variables of a given Boolean 

formula can be assigned values to make the formula to true.
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m = (It∗t −T)−11.

||m||∞ = max
i∈S

{mi}

2.2 The Absorbing Markov Chain

Let {Xt} be a discrete absorbing Markov chain with finite state 
space S . T  is the transient state set, and A=S–T  is the 

absorbing set. Let | · | denote the cardinality of the set. 
Assuming that |T | = t and |A| = r, then the transition matrix is:

where I is the matrix of r-by-r, R is a nonzero matrix of 
t-by-r, and T is a nonzero matrix of t-by-t.

Theorem 2.2.1 Given that the absorbing Markov chain starts 
in state i, let mi be the expected number of steps before it 
hits the absorbing state. We denote m = [mi]i∈T . Then

Proof: See [8].

2.3 Two Vector Norms

• Average vector norm: For vector X = [xi]i∈S  , let 
P (X0 = i) be the initial distribution. Then

   

• The maximum vector norm:
 

Norm ||m||1 presents average case in the time complexity 
analysis, while ||m||∞ presents the worst case.

3 Comparison of Three Heuristic 
Algorithms

3.1 Introduction

Evolutionary algorithms (EAs) have been applied to SAT 
problems and typically use a fitness function to guide the 
search process. In the MaxSAT problem, a canonical fitness 
function fit is the number of satisfied clauses. Specifically, 
given a CNF formula consisting of clauses c1, · · · , cm, for 
any assignment x to the variables,

                              (1)

where, for 1 ≤ i ≤ m ,  ci(x) = 1 if ci is  sat isf ied by x ; 
otherwise, ci(x) = 0 .

fit(x) = c1(x) + c2(x) + · · · + cm(x),

Throughout this paper, we will use the mentioned fitness function.

RW is one of the basic incomplete algorithms introduced by 
Papadimitiou [9]. It randomly selects an unsatisfied clause 
in the first step, and randomly flips a variable in the selected 
clause in the second step (see Algorithm 1).

Algorithm 1 Random walk (RW) 

1: Select an initial bit string x at random;
2: while the formula is not satisfied do
3:    Randomly select an unsatisfied clause c ;
4:    Randomly select a variable xi in c and flip its value
5: end while

The design of EAs is inspired from modeling the processes 
of natural selection and genetic evolution. Here we consider 
a simple EA using mutation and selection approaches with 
a population size of 1 denoted as (1 + 1) EA [6]. (1 + 1) 
EA is a simple but effective random hill-climbing EA and 
generally uses two kinds of mutation, called local mutation 
and global mutation.

• Local mutation randomly chooses a bit xi(1 ≤ i ≤ n) 
from the individual x = (x1 · · ·xn) ∈ {0, 1}n and flips it.

• Global mutation flips each bit of individual 
x = (x1 · · ·xn) ∈ {0, 1}n independently with the 
probability of 1/n . The expected number of bit flips for 
the global mutation is 1

Throughout this paper, we use the local (1+1) EA. 

Algorithm 2 Local (1+1) EA

1: Select an initial bit string x at random;
2: while the formula is not satisfied do

3:     Randomly choose a bit xi from x = (x1, · · · , xn) and flip 
it, producing a solution y;

4:    if fitness(y)>fitness(x), x:=y
5: end while

The following algorithm, which combines RW and a fitness 
function, is the focus of our analysis. In each step, we use a 
fitness value to guide the search process.

Algorithm 3 RW with Fitness evaluation (RWF)
1: Select an initial bit string x at random;
2: while the formula is not satisfied do
3:    Randomly select an unsatisfied clause c ;
4:   Randomly select a variable xi in c and flip its value, 

producing a solution y;
5:    if fitness(y)>fitness(x), x:=y
6: end while

(
I 0

R T

)
,

||m||1 =
∑
i∈S

P (X0 = i)mi
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3.2 Comparison between RW and 
RWF

In order to obtain a theoretical understanding of RW and 
RWF, we analyze their time complexity (both average and 
worst) on two SAT instances. 

Instance 3.2.1 For x = (x1 · · ·xn) ∈ {0, 1}n, the SAT instance 
ψ1(x) is defined as

The satisfying assignments are (0 · · · 0) and (1 · · · 1).

Proposition 3.2.1 For SAT instance ψ1, the expected runtime 

of RW is ||m||1 = Θ(n2).

Proof: See [12].

Proposition 3.2.2 For SAT instance ψ1, the expected runtime 

of RWF is ||m||1 = O(n).

Proof: Throughout the rest of this paper, we will use |x| to 
denote the number of 1 in x.

According to Eq.(1), the fitness function of ψ1 is

The fitness function is completely determined by the x1 and 
|x|. Specifically, it decreases monotonically with |x| if 
x = (0 ∗ · · · ∗); otherwise, it increases monotonically. The 

fitness function fitψ1
(x) with n = 20 is shown in Figure 1.

ψ1(x) = (x1 ∨ x2) ∧ · · · (x1 ∨ xn) ∧ (x1 ∨ x2) ∧ · · · (x1 ∨ xn).

fitψ1(x) =



2(n− 1)− |x|, x = (0 ∗ · · · ∗),

n− 1 + |x| − 1, x = (1 ∗ · · · ∗).

Figure 1 The fitness function of ψ1 with n = 20

For simplicity, we assume that n is even.

We further divide the search space S  into 2n subspaces:

Le t  Xt ∈ {0, 1}n (t = 0, 1, . . . ) be  the  random var iab le 
describing the state of RWF solving SAT instance ψ1 at time t. 
In this case, the transition probabilities can be described as 
follows.

When k = 0, we have: 

When 1 ≤ k ≤
n

2
− 1:

For Xt ∈ S0,k , the unsatisfied clauses have the form of 
x1 ∨ xi. If the algorithm leads x1 to 1, the fitness function 
will decrease. Consequently, the mutation will not remain:

When 
n

2
≤ k ≤ n− 1:

For Xt ∈ S0,k , the unsatisfied clauses have the form of 
x1 ∨ xi. If the algorithm leads x1 to 1, the fitness function 
will increase. Consequently, the mutation will remain:

Similarly, we have the following results.

When k = n:

When 
n

2
+ 1 ≤ k ≤ n− 1:

When 1 ≤ k ≤
n

2
:

If we introduce an auxiliary homogeneous Markov chain 
Zt (t = 0, 1, . . . ) with the state space 
{z0,0, z0,1, . . . , z0,n−1; z1,1, z1,2, . . . , z1,n}, the transition 
probabilities are defined by

where u, v ∈ 0, 1, and h, k ∈ 0, . . . , n.
S0,k = {x|x = (0 ∗ · · · ∗), |x| = k} (k = 0, . . . , n− 1),

S1,k = {x|x = (1 ∗ · · · ∗), |x| = k} (k = 1, . . . , n).

P (Xt+1 ∈ S0,k|Xt ∈ S0,k) = 1.

P (Xt+1 ∈ S0,k|Xt ∈ S0,k) =
1

2
,

P (Xt+1 ∈ S0,k−1|Xt ∈ S0,k) =
1

2
.

P (Xt+1 ∈ S0,k−1|Xt ∈ S0,k) =
1

2
,

P (Xt+1 ∈ S1,k+1|Xt ∈ S0,k) =
1

2
.

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) = 1.

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) =
1

2
,

P (Xt+1 ∈ S1,k+1|Xt ∈ S1,k) =
1

2
.

P (Xt+1 ∈ S0,k−1|Xt ∈ S1,k) =
1

2
,

P (Xt+1 ∈ S1,k+1|Xt ∈ S1,k) =
1

2
.

P (Zt+1 = zv,h|Zt = zu,k) = P (Xt+1 ∈ Sv,h|Xt ∈ Su,k)
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In this case, Zt is an absorbing Markov chain with the 
absorbing state z0,0 and z1,n. For any 
x ∈ Su,k(u ∈ 0, 1, k ∈ 0, . . . , n), the mean first hitting time 
mx equals mzu,k .

According to the absorbing Markov chain theory, the mean 
first hitting time of stochastic process Zt is given by

In the following, we prove

When k =
n

2
, we obtain

 

As such m0,k ≤ 2k holds for k =
n

2
. Assuming this is true for 

k ≥
n

2
 (i.e., m0,k ≤ 2k), we have:

   

Therefore, 

We can obtain a similar conclusion for m1,k. We summarize 
them as follows:

Therefore, ||m||1 = O(n).

For SAT instance ψ1, the O(n) expected runtime bound of 

RWF is better than the O(n2) expected runtime bound of 
RW. However, the opposite situation occurs under certain 
conditions for SAT instance ψ2. 

Instance 3.2.2 The SAT instance ψ2 has the following 
clauses:





m0,k = 2k 1 ≤ k ≤
n

2
− 1,

m0,k =
1

2
(m0,k−1 + 1) +

1

2
(m1,k+1 + 1)

n

2
≤ k ≤ n− 1.

m1,k = 2(n− k)
n

2
+ 1 ≤ k ≤ n− 1

m1,k,=
1

2
(m0,k−1 + 1) +

1

2
(m1,k+1 + 1) 1 ≤ k ≤

n

2
.

m0,k ≤ 2k where
n

2
≤ k ≤ n− 1.

m0,n
2
=

1

2
(m0,n

2
−1 + 1) +

1

2
(m1,n

2
+1 + 1)

=
1

2
(2(

n

2
− 1) + 1) +

1

2
(2(

n

2
− 1) + 1)

= n− 1.

m0,k+1 =
1

2
(m0,k + 1) +

1

2
(m1,k+2 + 1)

=
1

2
m0,k + n− k − 1.

m0,k+1 ≤ k + n− k − 1 ≤ 2(k + 1) k ≥
n

2
.



m0,k ≤ 2k 0 ≤ k ≤ n− 1,

m1,k ≤ 2(n− k) 1 ≤ k ≤ n.

The only satisfying assignment of SAT instance ψ2 is 
(1, · · · , 1).

Proposition 3.2.3 For SAT instance ψ2, the expected runtime 

of RW is ||m||∞ = Ω(n2).

Proof: See [12].

Proposition 3.2.4 For SAT instance ψ2, the expected runtime 
of RWF is

Proof: First, we divide the search space into n+ 1 subspaces:

 

Here, the satisfying set is Sn.

For |x| = k, the fitness function of SAT instance ψ2 is given as

It is a polynomial in k of degree 2. If the initial selected 

solution of RWF is x(|x| <
n− 1

2
), according to the process 

of RWF, it will reach the local optimum (0, . . . , 0), rather 

than the global optimum (1, . . . , 1). When k <
n− 1

2
, the 

RWF starting from Sk will never reach the satisfying 

assignment (1,· · · ,1), because the fitness decreases as |x| 

increase. 

When k ≥
n− 1

2
, we have:

  
By the definition of expectation:

Thus, we complete the proof.

Contrary to the prior result that the expected runtime of 
RWF for SAT instance ψ1 is better than that of RW, here we 
demonstrate that for SAT instance ψ2, the expected runtime 
of RW is better than that of RWF.

We note that the analysis of RW for SAT is highly dependent 
on the fitness function. Because of the obstacles involved in 
writing out the expression of the fitness function, analyzing 

xi, xi ∨ xj where i, j ∈ {1, . . . , n} , i �= j.

mi =




+∞, i <
n− 1

2
,

Θ(n), i ≥
n− 1

2
.

fitψ2
(x) = k2 + k(1− n) + n(n− 1).

Si = {x||x| = i, x ∈ {0, 1}n} i = 0, 1, . . . , n.

P (Xt+1 ∈ Sk|Xt ∈ Sk) =
1

2

k

1 + k
,

P (Xt+1 ∈ Sk+1|Xt ∈ Sk) = 1−
1

2

k

1 + k
.

n− i ≤ mi =

n−1∑
k=i

2k + 2

k + 2
≤ 2(n− i) where i ≥

n− 1

2
.
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the expected runtime of RWF for a general SAT problem is difficult. In the following, we construct an SAT instance ψ3(x), for 
which we analyze the expected runtime of RWF without writing the fitness function expression.

3.3 Comparison of RW, Local (1+1) EA, and RWF

Instance 3.3.1 For x = (x1 · · ·xn) ∈ {0, 1}n, the SAT instance ψ3(x) is formed by the following clauses: 

 

and

   

and

and

The satisfying assignments are (0 · · · 0) and (1 · · · 1).

Note that there are two identical clauses with two literals. The following results are easy to obtain.

Lemma 3.3.1 For any assignment x ∈ {0, 1}n, there are twice as many unsatisfied clauses with two literals as there are 
unsatisfied clauses with three literals.

Lemma 3.3.2 When x1 flips from 1 to 0 or from 0 to 1, it does not change the number of unsatisfied clauses with three 
literals.

Proposition 3.3.1 For SAT instance ψ3(x), the expected runtime of RW is ||m||∞ = O(2n).

Proof : Let S = {0, 1}n be the search space, S∗ be the satisfying assignment set, d(x) = miny∈S∗ {H(x, y)} denote the 
Hamming distance between a point x ∈ S  and the set S∗, and Di = {x ∈ S|d(x) = i} , i = 0, 1, · · · , n. Then the search space 

S  is partitioned into n+ 1 subspaces: S =
⋃n

i=0 Di

The probability that RW transfers x to some string y ∈ Di−1 is at least 
1

3
, and the probability that RW transfers x to some 

string y ∈ Di+1 is at most 
2

3
.

We construct an auxiliary homogeneous chain with the transition matrix

According to the absorbing Markov chain, we have

(x1 ∨x2 ∨x3), (x1 ∨x2 ∨x3), (x1 ∨x4 ∨x5), (x1 ∨x4 ∨x5)...(x1 ∨xn−1 ∨xn), (x1 ∨xn−1 ∨xn).

(x1 ∨ x2), · · · (x1 ∨ xn), (x1 ∨ x2) · · · (x1 ∨ xn),

(x1 ∨ x2), · · · (x1 ∨ xn), (x1 ∨ x2) · · · (x1 ∨ xn),

(x1∨x2∨x3), (x1∨x2∨x3), (x1∨x4∨x5), (x1∨x4∨x5) · · · (x1∨xn−1∨xn), (x1∨xn−1∨xn),




1 0 0 · · · 0 0 0
1

3
0

2

3
· · · 0 0 0

· · · · · · · · · · · · · · · · · · · · ·

0 0 0 · · ·
1

3
0

2

3
0 0 0 · · · 0 1 0




mn = 2(n− 1) + 6(2n−2 + n− 3)
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Hence

  
The result is probably not tight because the bound for k-SAT 
is O((k − 1)n). 

Proposition 3.3.2 For SAT instance ψ3(x), the expected 
runtime of the local (1+1) EA is ||m||∞ = Ω(n lnn).

Proof: We divide the search space S  into 2n subspaces:

  
 

Let  Xt ∈ {0, 1}n (t = 0, 1, . . . ) be the random var iable 
describing the state of local (1+1) EA solving SAT instance 
ψ3 at time t. The transition probabilities can be described as 
follows.

When k = 0, we have:

When 1 ≤ k ≤
n− 1

2
, we have: 

For Xt ∈ S0,k , if the algorithm flips xi from 0 to 1, the 
fitness function will decrease. Consequently, the mutation 
will not remain.

When n+ 1

2
≤ k ≤ n− 1, we have: 

For Xt ∈ S0,k , if the algorithm flips x1 to 1, the fitness 
function will increase. Consequently, the mutation will 
remain:

Similarly, when k = n, we have:

When n+ 1

2
≤ k ≤ n, we have: 

For Xt ∈ S1,k , if the algorithm flips x1 from 1 to 0, the 
fitness function will decrease. Consequently, the change will 
not remain.

||m||∞ = O(2n)

S0,k = {x|x = (0 ∗ · · · ∗), |x| = k} (k = 0, · · · , n− 1),

S1,k = {x|x = (1 ∗ · · · ∗), |x| = k} (k = 1, · · · , n).

P (Xt+1 ∈ S0,k|Xt ∈ S0,k) = 1.

P (Xt+1 ∈ S0,k|Xt ∈ S0,k) = 1−
k

n
,

P (Xt+1 ∈ S0,k−1|Xt ∈ S0,k) =
k

n
.

P (Xt+1 ∈ S0,k−1|Xt ∈ S0,k) =
k

n
,

P (Xt+1 ∈ S0,k|Xt ∈ S0,k) = 1−
k + 1

n
,

P (Xt+1 ∈ S1,k+1|Xt ∈ S0,k) =
1

n
.

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) = 1.

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) = 1−
n− k

n
,

P (Xt+1 ∈ S1,k+1|Xt ∈ S1,k) =
n− k

n
.

When 1 ≤ k ≤
n− 1

2
, we have: 

For Xt ∈ S1,k , if the algorithm leads x1 to 0, the fitness 
function will increase. Consequently, the change will remain.

Here we introduce an auxiliary homogeneous Markov chain 
Zt (t = 0, 1, . . . ) with the state space 
{z0,0, z0,1, . . . , z0,n−1; z1,1, z1,2, . . . , z1,n}. The transition 
probabilities are defined by

where u, v ∈ 0, 1, and h, k ∈ 0, . . . , n. 

In this case, Zt is an absorbing Markov chain with the 
absorbing state z0,0 and z1,n. For any 
x ∈ Su,k(u ∈ 0, 1, k ∈ 0, . . . , n), the mean first hitting time 
mx equals mzu,k. 

According to the absorbing Markov chain theory, the mean 
first hitting time of stochastic process Zt is given by

This means that ||m||∞ = Ω(n lnn).

Proposition 3.3.3 For SAT instance ψ3(x), the expected 
runtime of RWF is ||m||1 = O(n).

Proof: Let S = {0, 1}n be the search space.

We divide the search space S  into 2n subspaces:

We define qi,k  as the probability that RWF chooses an 
unsatisfied clause with two literals in the first step when the 
current search point is in Si,k.

According to Lemma 3.3.1, qi,k ≥
2

3
.

Let  Xt ∈ {0, 1}n (t = 0, 1, . . . ) be the random var iable 
describing the state of RWF solving SAT instance ψ3 at time 
t. The transition probabilities can be described as follows.

When k = 0, we have:

  P (Xt+1 ∈ S0,k|Xt ∈ S0,k) = 1.  

P (Xt+1 ∈ S1,k+1|Xt ∈ S1,k) =
n− k

n
,

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) = 1−
n− k + 1

n
,

P (Xt+1 ∈ S0,k−1|Xt ∈ S1,k) =
1

n
.

P (Zt+1 = zv,h|Zt = zu,k) = P (Xt+1 ∈ Sv,h|Xt ∈ Su,k)



m0,k = n(1 + · · ·+

1

k
) 1 ≤ k =

n− 1

2
,

m1,k = n(1 + · · ·+
1

n− k
)

n+ 1

2
= k ≤ n− 1,

S0,k = {x|x = (0 ∗ · · · ∗), |x| = k} (k = 0, · · · , n− 1),

S1,k = {x|x = (1 ∗ · · · ∗), |x| = k} (k = 1, · · · , n).
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When 1 ≤ k ≤
n− 1

2
, we have:

For Xt ∈ S0,k, if the algorithm leads x1 to 1, the fitness function will decrease. Consequently, the mutation will not remain.

When n+ 1

2
≤ k ≤ n− 1, we have: 

For Xt ∈ S0,k, if the algorithm leads x1 to 1, the fitness function will increase. Consequently, the mutation will remain.

Similarly, when k = n, we have:

  

When n+ 1

2
≤ k ≤ n, we have:    

For Xt ∈ S1,k, if the algorithm leads x1 to 0, the fitness function will decrease. Consequently, the mutation will not remain.

When 1 ≤ k ≤
n− 1

2
, we have:   

For Xt ∈ S1,k, if the algorithm leads x1 to 0, the fitness function will increase. Consequently, the mutation will remain.

Here we introduce an auxiliary homogeneous Markov chain Zt (t = 0, 1, . . . ) with the state space 
{z0,0, z0,1, . . . , z0,n−1; z1,1, z1,2, . . . , z1,n}. The transition probabilities are defined by

where u, v ∈ 0, 1, and h, k ∈ 0, . . . , n.

In this case, Zt is an absorbing Markov chain with the absorbing state z0,0 and z1,n, and for any x ∈ Su,k(u ∈ 0, 1, k ∈ 0, . . . , n). 
The mean first hitting time mx equals mzu,k.

According to the absorbing Markov chain theory, the mean first hitting time of stochastic process Zt is given by

P (Xt+1 ∈ S0,k|Xt ∈ S0,k) =
1

2
q0,k +

2

3
(1− q0,k),

P (Xt+1 ∈ S0,k−1|Xt ∈ S0,k) =
1

2
q0,k +

1

3
(1− q0,k) ≥

1

3
.

P (Xt+1 ∈ S0,k−1|Xt ∈ S0,k) =
1

2
q0,k +

1

3
(1− q0,k),

P (Xt+1 ∈ S0,k|Xt ∈ S0,k) =
1

3
(1− q0,k),

P (Xt+1 ∈ S1,k+1|Xt ∈ S0,k) =
1

2
q0,k +

1

3
(1− q0,k).

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) = 1.

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) =
1

2
q1,k +

2

3
(1− q1,k).

P (Xt+1 ∈ S1,k+1|Xt ∈ S1,k) =
1

2
q1,k +

1

3
(1− q1,k) ≥

1

3
.

P (Xt+1 ∈ S1,k+1|Xt ∈ S1,k) =
1

2
q1,k +

1

3
(1− q1,k).

P (Xt+1 ∈ S1,k|Xt ∈ S1,k) =
1

3
(1− q1,k).

P (Xt+1 ∈ S0,k−1|Xt ∈ S1,k) =
1

2
q1,k +

1

3
(1− q1,k).

P (Zt+1 = zv,h|Zt = zu,k) = P (Xt+1 ∈ Sv,h|Xt ∈ Su,k)




m0,k ≤ 3k 1 ≤ k ≤
n− 1

2
,

m0,k =
1

2
(m0,k−1 + 1) +

1

2
(m1,k+1 + 1) +

1− q0,k

2 + q0,k

n+ 1

2
≤ k ≤ n− 1.

m1,k ≤ 3(n− k)
n+ 1

2
≤ k ≤ n− 1,

m1,k =
1

2
(m0,k−1 + 1) +

1

2
(m1,k+1 + 1) +

1− q1,k

2 + q1,k
1 ≤ k ≤

n− 1

2
.
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In the following, we prove

 m0,k ≤ 3k where
n+ 1

2
≤ k ≤ n− 1.

When k =
n+ 1

2
, we obtain:

As such, m0,k ≤ 3k holds for k =
n+ 1

2
. 

Assuming this is true for k ≥
n+ 1

2
(i.e., m0,k ≤ 3k), we have

Therefore,

  

We can obtain a similar conclusion for m1,k. We summarize 
them as follows: 

Therefore, ||m||1 = O(n). 

4 Conclusion

We use two 2-SAT instances, construct a 3-SAT instance, 
and provide analytic comparisons among RW,  local (1 + 
1) EA, and RWF on these instances. We show that these 
heuristic algorithms have their own advantages and 
disadvantages in solving these three SAT instances and that 
their expected runtime ranges from a polynomial time to 
an exponential time. Our analysis provides insight into the 
runtime behavior among these heuristic algorithms. RWF 
performs better in a situation where no local optimum 
is present (because a local optimum causes the worst 
expected runtime to infinity).
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m0,k ≤ 3k where 1 ≤ k ≤ n− 1.



m0,k ≤ 3k 0 ≤ k ≤ n− 1

m1,k ≤ 3(n− k) 1 ≤ k ≤ n

We summarize our comparison of the three SAT instances in 
the following table. 

Local (1+1) 
EA

RW RWF

ψ1 Θ(n lnn) Θ(n2) O(n)

ψ2 +∞ Θ(n2)  +∞

ψ3 Ω(n lnn) O(2n) O(n)
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Domain theory and denotational semantics were formulated in the late 1960s by Dana Scott and Christopher Strachey, 
who together provided the first mathematical foundation for the semantics of programming languages and their analysis 
tools. Domain theory has been extremely influential and is still an active area of research, especially in its extensions to 
probabilistic, quantum programming, and differentiable programming. This article traces domain theory from its origins 
as a theory of computable functions, through its limitations, to its recent connections with interactive computation via 
concurrent games and strategies.

Abstract 

Domain Theory Meets Interaction
Glynn Winskel 
Edinburgh Research Center
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2 Early Beginnings

1 Introduction

After more than 50 years of development, domain theory 
permeates computer science. While it has limitations, 
domain theory has set a compelling paradigm in the 
formalization and analysis of computation. It interprets 
types as domains and programs as (continuous) functions. 
In many contexts, its models and reasoning techniques are 
the simplest we could hope for. If for this reason alone, 
domain theory is here to stay. It developed alongside 
the methodology of denotational semantics, which gives 
meaning to programming languages and systems in a 
compositional fashion. This methodology is the only way 
to manage the complexity of programming languages and 
systems, and its achievement tests our understanding and 
the robustness of our models.

The historical importance of domain theory is sometimes 
forgotten in the rush of practice and innovation. Domain 
theory and denotational semantics have played key roles in 
many areas. For example, they were critical in the evolution 
of functional programming languages, and they were where 
continuations (widely used in compilation) originated. 
Furthermore, abstract interpretation — a cousin that shares 
the same techniques — is at the foundation of many 
static analyzers, and linear logic, through domain theory, 
provides the important theory behind the popular system-
programming language Rust. As this article explains, the 
techniques of domain theory and denotational semantics 
marry well with interactive computation and are still highly 
relevant today.

Domain theory grew out  of  a  funct ional  way of 
understanding computation. It began to meet its limits, 
unsurprisingly, with the shift to a more interactive form of 
computation. While the functional paradigm has a long 
history, theories of interactive computation have been more 
unsettled.

The article concludes with an indication of recent work 
that combines the methodology of domain theory with 
interaction through distributed/concurrent games. The role 
of domains is replaced by games and that of functions by 
strategies, so types are games and programs are strategies. 

Central to any compositional theory of interaction is 
the dichotomy between a system and its environment. 
Concurrent games and strategies address the dichotomy in 
fine detail, in a local fashion, through distinctions between 
Player moves (events of the system) and Opponent moves 
(those of the environment). 

A functional approach has to handle the dichotomy more 
ingeniously, through its blunter distinction between input 
and output (with the role of the environment captured as 
input). This has led to a variety of functional approaches 
that specialize in meeting particular interactive demands. 
Examples of such approaches include Girard's Geometry 
of Interaction; Gödel's Dialectica interpretation; lenses 
and optics; and the latter's extensions to containers in 
dependent lenses and optics. Surprisingly, at least for the 
author, domain-theoretic expressions of these functional 
approaches arise from special, rather simple, cases of 
concurrent games.

For a deeper dive into domain theory and its history, 
the author wrote the book "The formal semantics of 
programming languages", which is available in both English 
and Chinese [1]. And for a more advanced examination of 
domain theory, see the book chapter [2]. The latter part 
of this article, on concurrent games and strategies and 
their relation with functional paradigms, is expanded on 
informally in a newsletter [3] and more technically in [4].

I have tried to be as informal as possible in writing this 
article. In this article, additional information included to 
supplement understanding is marked in italics.

The history of domain theory is fairly well known. In the 
mid 1960s, Christopher Strachey realized he needed new 
techniques to understand the sophisticated programming 
languages he was developing — he needed a mathematical 
model with which to give semantics of programming 
languages. How else could he verify the correctness of his 
programs? 

Over lunch, in Wolfson College, Oxford, the physicist Roger 
Penrose suggested that Strachey investigate the lambda 
calculus, a tool of logicians for describing and reasoning 
about computable functions. Meanwhile, the logician Dana 
Scott, at Princeton, was highly critical of the untyped nature 
of the lambda calculus. Specifically, he criticized it because it 
allowed such paradoxical phenomena as self-application (i.e., 
the application of a function to itself), which is forbidden 
in traditional set theory. The paradoxical combinator 
allowing recursive definitions in the lambda calculus relies 
on self-application. When Strachey and Scott met, there 
were bound to be fireworks of one kind or another. They 
got on very well, marking the beginning of their famous 
collaboration.   
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Scott persuaded Strachey to move to the safe typed lambda 
calculus and formalized a logic of computable functions 
(LCF) as a foundation for Strachey's ambitions. As a logician, 
Scott was concerned with mathematical foundations from 
the beginning. He introduced the idea that types denoted 
domains — simple forms of topological spaces — built on 
an order of approximation. Although a computable function 
can act on an infinite input (e.g., a computable function 
can act on a function on the natural numbers), it can only 
do so via finite approximations to the input. Accordingly, 
Scott promoted the idea that a computable function be 
understood as a continuous function from the domain 
of its input to the domain of its output. On domains, the 
usual topological definition of continuity amounted to the 
function preserving the approximation order and least upper 
bounds of chains.

The simplest form of a domain is a complete partial order, 
that is, a partial order (D,⊑D) of approximation with a least 
element �D and least upper bounds ⊔n dn, a form of limit 
point, of chains of d0 ⊑D d1 ⊑D ⋯ ⊑D dn ⊑D ⋯ in D. A function 
F from a domain (D,⊑D) to a domain (E,⊑E) is continuous if 
F(d) ⊑E f(d′) when d ⊑D d′, and ⊔n F(dn) = F(⊔n dn) for 
any chain d0 ⊑D d1 ⊑D ⋯ ⊑D dn ⊑D ⋯ in D. Based on earlier 
ideas of Kleene [1], a continuous function F  from a domain 
to itself has a least fixed point fix(F) constructed as the 
least upper bound, ⊔n Fn(�) =∶ fix(F).

One remarkable feature of domains and continuous 
functions is that, unlike topological spaces in general, under 
the pointwise order on functions the set of continuous 
functions from a domain D to a domain E  itself formed a 

domain, the function space [D → E]. Also, the product of 
domains D ×E , consisting of pairs of elements, formed a 
domain when ordered coordinatewise. In particular, a 
recursively defined function from D to E  could be readily 
understood as a least fixed point of the continuous function 

F  on [D → E] associated with the body of its recursive 
definition. LCF included a useful inequational logic for 
reasoning about recursive programs with tools such as Scott 
induction for establishing properties of least fixed points. 

Scott's 1969 article on LCF was circulated widely and 
became very influential. However, it wasn't until much later, 
in 1993 [5], that it was published. This is because Scott had 
suddenly realized that the techniques for understanding 
recursive functions as least fixed points could be pushed to 
the level of types, thus providing a nontrivial domain D 

isomorphic to its domain of continuous functions [D → D] 
— a model of the (untyped) lambda calculus. His objections 
to the lambda calculus had vanished [6, 7]. Scott's discovery 
led to a flurry of activity.  

3 The Word Spreads

Researchers outside Oxford joined in the effort. David Park, 
at Warwick, showed that in Scott's model, the paradoxical 
combinator of the lambda calculus denoted its least fixed 
point operator. A young Gordon Plotkin, at Edinburgh, and 
Scott independently discovered universal domains, within 
which all manner of types could be defined recursively by 
describing them as certain functions on the domain. Plotkin 
and Mike Smyth, then a postdoc at Warwick, extended 
Scott's ideas to a categorical treatment of recursively 
defined domains. This provided an understanding of a 
very broad range of recursive types. The mathematical 
foundations of functional programming were set.  

Meanwhile, at Stanford, Robin Milner, Malcolm Newey 
and Richard Weyrauch had forged ahead with the 
mechanization of proofs in LCF [8, 9]. In the process, Milner 
invented the functional language ML to support assisted 
proofs securely. ML was inspired both by the functional 
nature of LCF itself and Peter Landin's language ISWIM [10].1  
With its watertight type discipline, ML ensured that only 
programs yielding legitimate LCF proofs would receive the 
type "Theorem". At Stanford, Milner began the push into 
the semantics of concurrent computation through "oracles" 
to settle nondeterministic choices. These roots continued 
at Stanford with the work of Zohar Manna and his student 
Jean Vuillemin on reasoning about recursively defined 
programs [11].  

Domain theory forged new links between computer science 
and logic. Programming languages and computing systems 
were amenable to mathematical analysis. Computer 
scientists approached programming languages with a new 
confidence born out of a belief that sensible language 
constructs could be given a mathematical definition. 
Ultimately, the guidelines of domain theory influenced 
the design of programming languages and provided a 
foundation for functional programming.

By the mid 1970s, it seemed only a matter of time before 
domain theory could tackle all features of programming 
languages. Through continuations, Strachey and Christopher 
Wadsworth had shown how to provide semantics to jumps 
in imperative languages [12]. Plotkin, building on earlier 
ideas of Egli and Milner, had extended domain theory to 
a treatment of nondeterministic and parallel programs 
through his powerdomain [13] — his treatment avoided 
the non-associativity and non-commutativity of parallel 

1 ISWIM is Peter Landin's joke acronym for 
"If You See What I Mean."



Communications of HUAWEI RESEARCH | 106 December 2022

4 Limitations — Early Signs

composition Milner had met through using oracles. 
Nasser Saheb-Djahromi began constructing a probabilistic 
powerdomain, so enabling the denotational semantics of 
probabilistic programs. And young researchers in France 
were beginning to lend their own brilliant vision and 
mathematical expertise. 

Domain theory has given us a lasting vision of a mathematical 
approach to the semantics of programming languages. It 
supported the method of denotational semantics, whereby 
the semantics of a programming language is defined 
compositionally by structural induction on its syntax.

However, there were signs of domain theory's limits in very 
early work. Gilles Kahn showed how dataflow fitted easily 
within the scheme — it was a simple matter to represent 
dataflow processes as continuous functions from streams of 
input to streams of output, and handle loops in the network 
through the fixed point treatment of recursion that domain 
theory provided [14]. But, the extension to nondeterministic 
dataflow was to be problematic. The difficulties in giving a 
compositional semantics to nondeterministic dataflow was 
stressed much later in 1981 by Brock and Ackerman [15, 
16]. While there are ways to give denotational semantics 
to nondeterministic dataflow, they lie outside traditional 
domain theory. 

From LCF, Plotkin got the idea of studying its core 
programming language PCF (Programming Computable 
Functions), a tradition that continues in testing new theories 
with some extra feature or other in the presence of function 
spaces [17]. He invented the concept of full abstraction 
— the name is due to Milner. Full abstraction provides a 
way to formalize full agreement between the denotational 
and operational semantics of a language. Plotkin did this 
through the vehicle of PCF. Traditional domain theory did 
not provide a fully abstract model, because Scott's domains 
contained "parasitic" elements such as "parallel or," 
undefinable in PCF, on which operationally equivalent terms 
disagreed.

This sparked off the search for more operationally tuned domain 
theory, one that could capture the sequential evaluation of PCF 
and lambda-calculi. Both Milner and Vuillemin gave early, albeit 
slightly different, definitions of what it meant for a continuous 
f u n c t i o n  f : D1 × · · · ×Dm → E1 × · · · × En  b e t w e e n 
products of domains to be sequential: for a particular input 
(x1, · · · , xm) ,  w h e r e  f(x1, · · · , xm) = (y1, · · · , yn) ,  a n y 

increase in an output place yj had to depend uniformly on 
an increase in a critical input place xi. A problem with such 
a definition is that it depends on the particular way one 
decomposes a domain into a product.

This was remedied in 1975 by Kahn and Plotkin's definition 
of sequential function between concrete domains, in 
which there is an inbuilt notion of place (which they called 
a cell) [18]. Put simply, the elements of a concrete domain 
consist of a set of events, where an event is the filling of 
a cell with a particular value. As events occur, further cells 
become accessible and can be filled by at most one of 
several values. According to Kahn and Plotkin's definition, 
a sequential function between concrete domains is a 
continuous function for which, at any input, the filling of 
an accessible output cell depends on the filling of a critical 
accessible input cell. Note that there can be several critical 
cells. The problem was that space of sequential functions 
wasn't itself a concrete domain. Concrete domains didn't 
appear suitable for giving a denotational semantics to PCF. 

Gérard Berry suggested two remedies. In his first, he 
proposed restricting continuous functions between domains 
to those that were stable — an approximation to being 
sequential [19]. Technically, stable functions preserve 
greatest lower bounds of compatible subsets of elements. 
More intuitively though, in a stable function, any part of 
the output depends on a unique minimum part of the input 
(reading "part of" as below in the order). Significantly, once 
the domains are axiomatized appropriately (producing what 
Berry called dI-domains), they have function spaces: the set 
of all stable functions between dI-domains, when ordered 
by a refinement of Scott's order (the stable order), forms a 
dI-domain. Two functions are in the stable order if they are 
in the Scott order and they share the same minimum inputs 
when producing common output. Berry went on to consider 
bidomains, which possessed both a Scott and stable order. 
Berry's stable domain theory received extra impetus in the 
mid 1980s with Jean-Yves Girard's use first of qualitative 
domains in models of polymorphism [20], and then again 
with his path-breaking discovery of linear logic through 
special kinds of dI-domains called coherence spaces related 
by stable functions [21].

Stable functions have their own importance; however, as a 

treatment of sequentiality, they are just an approximation. 

With student Pierre-Louis Curien, Berry showed that there 

was a way to construct a domain theory for sequentiality, 

within which one could give a denotational semantics to 

PCF, albeit at the cost of departing from functions. They 

showed that concrete domains did indeed have a form of 
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function space if, instead of sequential functions, they used 
sequential algorithms [22]. Sequential algorithms can 
be expressed in terms of local decisions, deciding whether 
to output a value or inspect a cell for its value. Berry and 
Curien's pioneering work is a precursor to game semantics. 
As described by François Lamarche, a sequential algorithm 
is a form of strategy in which decisions of the sequential 
algorithm correspond to moves [23]. However, as Berry and 
Curien showed, a sequential algorithm can also be viewed 
as a sequential function together with an auxiliary function; 
given input and a cell accessible from the output, the 
auxiliary function returns a specific critical cell accessible 
at the input. (This characterization anticipated lenses in 
functional programming.)

In sequential algorithms, we begin to see a more interactive 
view of computation, not simply as the calculation of 
a function from input to output, but one in which the 
algorithm actively queries and makes demands on the input, 
and assigns values to cells. Without it being so obvious at 
the time, both sequential algorithms and stable functions 
were part of a growing chorus suggesting computation be 
based on interaction.

The Brock-Ackerman anomaly of nondeterminist ic 
dataflow: As Kahn demonstrated, deterministic dataflow 
is a shining application of simple domain theory. However, 
nondeterministic dataflow is beyond its scope. This was 
an early indicator of the need for a more interactive 
view of computation. The compositional semantics of 
nondeterministic dataflow needs a form of generalized 
relation that specifies the ways  input-output pairs are 
realized. This was shown in the early work of Brock and 
Ackerman, who were the first to emphasize the difficulties 
in giving a compositional semantics to nondeterministic 
dataflow, though our example is based on simplifications 
in the later work of Rabinovich and Trakhtenbrot [24], and 
Russell [25].  

Consider the following dataflow context:

the input channel, as shown in the figure. Process A1 
behaves nondeterministically: Either it outputs a token and 
stops, or it outputs a token, waits for a token on input, and 
then outputs another token. Process A2 has a similar 
nondeterministic behavior: Either it outputs a token and 
stops, or it waits for an input token and then outputs two 
tokens. For both processes, the input-output relation 
associates empty input to the eventual output of one token, 
and associates non-empty input to one or two output 
tokens. C[A1] can output two tokens, whereas C[A2] can 
output only one token. Notice that A1 has two ways to 
realize the output of a single token from empty input, 
whereas A2 has only one. It is this extra way, not caught in 
a simple input-output relation, that gives A1 the richer 
behaviour in the feedback context.

Over the years, there have been many solutions to giving a 
compositional semantics to nondeterministic dataflow.  They 
all hinge on a form of generalized relation to distinguish 
the different ways in which output is produced from input. 
A compositional semantics can be given using stable 
spans, which extends Berry's stable functions to include 
nondeterminism [26]. Stable spans have re-emerged as a 
special form of concurrent strategy — see Section 8.

Concurrent processes can proceed independently but 

with points of interaction. Their treatment has long been 

a bugbear of traditional domain theory. While special 

cases such as deterministic dataflow could be expressed 

easily within domains, and Plotkin's powerdomains with 

a recursively defined domain of resumptions supported 

parallel composition through the nondeterministic 

interleaving of actions [13], in general the denotational 

semantics of parallel programs could seem convoluted. 

Indeed, after initial excursions into domain models, these 

complications led Robin Milner to forsake domain theory 

and denotational semantics in favor of a calculus of 

communicating systems (CCS) based on Plotkin's structural 

operational semantics and the process equivalence of 

bisimulation [27]. Instead, Tony Hoare, with Steve Brookes 

and Bill Roscoe, proposed a purpose-built domain of 

failure sets for communicating sequential processes (CSP) 

[28]. Both Hoare and Milner settled on synchronization, 

possibly with the exchange of values, as their primitive of 

communication. Concurrency became a relatively separate 

field of study for a number of years, and it remains 

somewhat syntax-driven.  

5 Interaction

There are two simple nondeterministic processes: A1 and 
A2 . While they both have the same input-output relation, 
they behave differently in the common feedback context 
C[−], illustrated earlier. The context consists of a fork 
process F  (which copies every input to two outputs), 
through which the output of the automata Ai is fed back to 
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Since the early 1960s, Carl Adam Petri and others worked 
on developing a radically new model of computation, Petri 
nets. Petri nets are based on events making local changes 
to conditions representing local states. A state of a Petri net 
is captured by a marking, which picks out those conditions 
that currently hold. The Petri net's dynamics — how one 
marking changes to another — is based on the key idea 
that the occurrence of an event ends the holding of its 
preconditions (those conditions with arrows leading to the 
event) and begins the holding of its postconditions (those 
conditions with arrows from the event).

The structures defined by Petri were remarkably similar to 
those Kahn and Plotkin had uncovered as representations of 
concrete domains in their investigations of sequentiality. In 
fact, through the intermediary concept of event structure, 
comprising a set of event occurrences with relations of 
causal dependency and conflict, Mogens Nielsen, Gordon 
Plotkin, and the author of this article were able to transfer 
concepts across the two communities, around Petri nets and 
domains. Just as transition systems unfold to trees, so Petri 
nets unfold to event structures [29, 30]. Notably, Petri's 
notion of confusion freeness in Petri nets coincided with 
the restrictions Kahn and Plotkin were making to localize 
nondeterministic choice to cells. A little later, it was realized 
that Berry's dI-domains were the domains of event structure 
configurations ordered by inclusion [31, 32].

In its simplest form, an event structure  is (E,≤,#) ,

comprising a partial order of causal dependency  ≤ and a 
symmetric, irreflexive binary relation of conflict  # on  

events  E. The relation e′ ≤ e expresses that event e causally 
depends on the previous occurrence of event e′. e#e′ means 
that the occurrence of one event, e or e′, excludes the 
occurrence of the other. Together, the relations satisfy two 
axioms: An event causally depends on only a finite number 
of events, and events that causally depend on conflicting 
events are themselves in conflict. A state or history of an 
event structure is caught in the definition of configuration: 
configuration  of an event structure consists of a subset of 
an event which is down-closed with regards to ≤ and 
conflict-free. Two events are considered to be causally 
independent — referred to as concurrent  — if they are not 
in conflict and neither one causally depends on the other. 

Diagrammatically, events are depicted by squares, 
immediate causal dependencies by arrows, and immediate 
conflicts by wavy lines. For example,  

represents an event structure with five events. The event 
on the far right is in immediate conflict with one event (as 
shown by the wavy line). It is also in conflict with all events 
except that on the lower far left, with which it is concurrent.

Whereas Petri nets were largely used to model concurrent 
processes, the corresponding structures in domain theory 
were being used as representations of domains (types of 
processes). This was a curious mismatch. The reconciliation 
of these two views came much later in generalizations of 
domain theory, in which both types and processes denoted 
event structures — as is the case in concurrent games and 
strategies.

From the burgeoning world of richly structured models 
and their equivalences in concurrency, it became clear that 
concurrent computation wasn't going to fit neatly within 
traditional domain theory. For instance, a Petri net carried 
much more structure than could be supported by a point in 
a domain of information.  

Fortunately, category theory helped organize models for 
concurrency: an individual model (e.g., Petri nets, event 
structures, or a transition system) carried its own style of 
map to form a category. The maps represented a form of 
event-respecting simulation and could be used, for instance, 
to relate the behavior of a parallel composition to that of its 
components. Relations between the different categories of 
models could be expressed as adjunctions, and they helped 
systematize the equivalences on concurrent processes  
[33, 34]. This separated models of concurrency from the 
syntax and operational semantics in which they were so 
often embedded.

For example, a map of event structures from E  to E′ is a 
partial function f  on events which respects configurations 
and events: it sends a configuration x of E, by direct image, 
to a configuration f x of E′ such that no two distinct events 
in x go to the same event in f x. While causal dependency 
need not be preserved by f , it is reflected locally: if the 
e, e′ ∈ x and f(e) ≤ f(e′), then e ≤ e′. Consequently, maps of 
event structures automatically preserve the concurrency 
relation on events.  

This taxonomy was based on existing models. However, 
it suggested a more general class of models with the 
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versatility to be adapted in the same way as domain 
theory — a form of generalized domain theory [35, 36]. 
In several early domain models of processes, a process 
had been identified with the set of computation paths 
it could perform. One well-known model of this kind is 
Hoare's "trace" model of CSP, in which a process denotes 
the set of sequences of visible actions it can perform. The 
generalized domain theory was similar, but instead of a 
process being a set of computation paths, it represented 
a process by a presheaf of computation paths. Essentially, 
a presheaf is like a generalized characteristic function but 
where the usual truth values are replaced by sets, to be 
thought of as sets of ways to realize truth. By modelling a 
process as a presheaf, one allowed for the process possibly 
following several computation paths of the same shape 
and kept track of how the paths of the process branched 
nondeterministically. Presheaf models for concurrency 
connected concurrent computation with rich mathematics, 
in particular the mathematics of species. However, their 
operational reading could be challenging. Sometimes, a 
denotational semantics in terms of presheaves could be 
represented by event structures. Technically, the category of 
elements of the presheaf denotation took the form of the 
configurations of an event structure. By bringing the role of 
event structures to the fore, this eventually led to a game 
semantics based on event structures — see Section 8.

6 French Influence

Jean-Yves Girard is an imposing figure in French logic and 
computation. He has a distrust of what he sees as the too 
simplistic and over-arching use of algebra to structure 
and analyze logic. He has been been highly critical of 
Alfred Tarski's definition of truth in a model for first-
order logic, and indeed about denotational semantics, to 
which his work has nevertheless contributed enormously.1 

Girard's work emphasizes an operational understanding of 
proof and computation. This is far from saying it forsakes 
mathematical models, or concentrates on syntax in the way 
of traditional proof theory. On the contrary, the models he 
has developed and inspired have considerable ingenuity 
and depth, and they have shifted interest to new ways of 
understanding proof and computation.  

Through his reinvention of stable domain theory in the more 
restricted setting of coherence spaces, Girard was led to the 
important discovery of linear logic in the mid 1980s [21]. 

This gave a deconstruction of traditional logic into a more 
fundamental resource-conscious logic. That work helped 
turn the emphasis of domain theory away from function 
spaces and "currying", with respect to a product, to function 
spaces with respect to more general tensor products. In 
the jargon of category theory, it shifted the emphasis from 
cartesian-closed to monoidal-closed categories. In semantics 
of computation, we now see models of linear logic 
everywhere. Girard's coherence spaces correspond to a very 
special form of event structure in which causal dependency 
is the trivial identity relation.  

In studying the proofs of linear logic, Girard discovered  
geometry of interaction (GoI) [38]. Although originally 
explained in terms of the mathematical structures of 
quantum mechanics, GoI was shown by Samson Abramsky 
and Radha Jagadeesan to have a more traditional, domain-
theoretic reading in which the mechanism of interaction was 
achieved in the manner of Kahn networks, using least fixed 
points [39]. GoI was related to Jean-Jacques Lévy's optimal 
reduction of the lambda-calculus by Martin Abadi, George 
Gonthier, and  Lévy and has influenced the implementation 
of programming languages, notably via token-based 
computation [40]. Today, GoI is perhaps most often viewed 
as an early form of game semantics — see Section 8.3.

1 For instance, in domain models of polymorphism [37] and 
through linear logic [21].

7 Game Semantics

There was some vagueness about what was entailed in 
realizing a solution to the full-abstraction problem for PCF.

The 1980s had seen several technical successes through the 
use of representations of domains:  concrete data structures 
[18] and event structures [32] to give an operational 
description of how functions compute; and information 
systems, owing to Scott and the author of this article, to 
give a logical presentation and considerably simplify the 
recursive definition of domains and their logical relations 
[41–43]. Girard's work also often exploited the fine structure 
of such representations.

Given this history, it is not surprising that several early 
attempts to construct a fully abstract model for PCF were 
based on adjoining extra structure to domains or their 
representations. Some examples are the use of both the 
Scott order and stable order on functions in bidomains and 
bistructures [44], via Ehrhard's hypercoherences [45], and 
O'Hearn and Riecke's powerful logical relations [46]. These 
attempts were put paid to, or at least compromised, by 
Ralph Loader. In a tour de force, Loader showed that the 
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1 The author first came across this idea in a talk John Conway 
gave on Numbers and Games in the early 1970s to the 
Archimedeans — the mathematical society of the University of 
Cambridge.

full-abstraction problem for PCF, as originally understood, 
couldn't be achieved effectively. In other words, the 
presentation of a fully abstract domain model for PCF 
would be non-computable [47].

This left open the intermediate question of whether there 
were other more independently motivated models in which 
all the finite elements were definable by PCF terms. From 
this, a (non-effective) domain model could then be obtained 
by quotienting. To this question, called "intensional full-
abstraction", two different affirmative answers were given 
and pioneered the highly informative use of games in the 
semantics of programming languages. Samson Abramsky, 
Radha Jagadeesan, and Pasquale Malacaria invented 
AJM games [48], while Martin Hyland, Luke Ong, and 
independently Hanno Nickau discovered HO games [49]. 
In many ways, game semantics fitted the bill for a more 
operationally tuned domain theory — the role of domains 
was replaced by games, and that of continuous functions 
was replaced by strategies. The role of games was extended 
beyond functional to imperative programs.

To give a flavor of the game semantics of programs, we 
present games and strategies in a slightly unconventional 
way as event structures. They are instances of concurrent 
games and strategies described in Section 8. We first 
describe the game generally associated with the type of 
Booleans as an event structure. In this game, the first move 
is by Opponent (representing the environment) asking for a 
value, the event ⊟ . Player (representing the program) may 
then respond to this with a move providing a value, either 
True (represented by the event ⊞T ) or False (represented by 
the conflicting event ⊞F ):

With an eye to illustrating type constructions on games, 
let's simplify the game. Imagine a type with a single value. 
We can represent this by a game in which Opponent's initial 
move is to ask for a value, the event ⊟

1

. Player may then 
respond to this with a move providing a value, the event ⊞

1

. 
We can draw this game as the event structure:

Suppose we want to represent the type of pairs of values as 
a game. We can do this simply by putting two copies of the 
single-value game in parallel, forming the event structure:

Opponent may ask for a value on the left, a value on the 
right, or both, to which Player may or may not respond.  

For the next step, we ask how we can represent the type of 
programs from pairs  to a value, a form of function type, as 
a game. While it is typical to consider a strategy in  a game, 
the idea of a strategy from  one game to  another is less well 
known but still quite widely used.1 According to this idea, 
explained a little further in Section 8, a strategy from the 
game of pairs to the single-value game is a strategy in the 
following game:

The game is built as the parallel composition of the two 
games (one for input of pairs and the other for output), but 
with the role of Player and Opponent reversed in the game 
for pairs. A strategy in this game is essentially a program. 
For example, consider the following event structure: it 
represents the strategy (or program) which first inspects 
input in the left component of a pair, then inspects the right 
component before yielding an output value.

In general, a strategy in the preceding game, if it responds 
to the initial move of Opponent, will either output a value 
directly or demand more input from which to play further. 
Hopefully this gives an idea of how programs can be viewed 
as strategies. As here, a great deal of traditional game 
semantics is not concerned with winning conditions, though 
they have a role in describing programming languages (e.g., 
in ensuring a program is correct or progresses).
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However, the game story was far from complete. For one 
thing, it wasn't clear, at least initially, how to reconcile the 
two different versions, AJM and HO, of game semantics. 
For another, more significantly, the games were based on 
sequential plays in which Player and Opponent moves 
alternated.   

The bias toward sequentiality has handicapped the theories 
of games in general. In game theory, this bias has led to 
a menagerie of different kinds of games, with each kind of 
game specialized to cope with one feature or another. In this 
case, concurrency is handled in a piecemeal fashion, often 
through extra structure to capture imperfect information, 
limiting the ways that the games and strategies of game 
theory can be composed. While game semantics is very 
much concerned with structure and composition, its games 
are predominantly sequential. In most cases, concurrency is 
represented indirectly via the interleaving of atomic actions 
of the participants. This rarely does justice to the distributed 
nature of the system described, inhibits analysis of its causal 
dependencies, and is often accompanied by compensatory,  
ad hoc fairness assumptions.  

What was lacking was a rich algebraic theory of distributed/
concurrent games in which Player and Opponent are more 
accurately thought of as teams of players, distributed over 
different locations and able to move and communicate. 
Although there are glimpses of such a theory in earlier 
work [50–54], a considerable unification occurs with the 
systematic use of event structures to formalize concurrent 
games and strategies through their causal structure [55, 56].

Distributed/Concurrent games answer the need to rethink 
the foundations of games, foundations that provide a more 
flexible grounding where such games truly belong, in the 
models and theories of interaction of computer science. The 
driving idea is to replace the role of game trees in more 
traditional developments with event structures. 

A concurrent game is represented by an event structure 
together with a polarity marking its events to identify 
whether they are moves of Player, marked + (the system), 
or Opponent, marked − (the unknown environment). Games 
often have extra features such as winning conditions, 
describing those configurations at which Player wins, or a 
payoff functions assigning a reward to each configuration. 
For simplicity, here we assume that games are race-free. 
Specifically, there is no immediate conflict between a Player 

8 Concurrent Strategies

and an Opponent move. While there may be a conflict 
between Player and Opponent moves, such a conflict must 
be inherited either from the conflict between two Player 
moves or from that between two Opponent moves.

With games as event structures, the history of a gameplay 
is no longer described by a sequence of moves, but instead 
by a partial order expressing their causal dependency. The 
transition from total to partial order brings in its wake 
technical difficulties and potential for undue complexity 
unless it's done artfully. Fortunately, one can harness the 
mathematical tools developed for interacting processes, 
specifically on event structures [32, 33].

There are two fundamentally important operations on two-
party games. One is that of forming the dual game, in 
which the roles of Player and Opponent are interchanged. 
On an event structure with polarity A, this amounts to 
reversing the polarities of events to produce the dual A⊥. A 
strategy in a game implicitly refers to a strategy for Player. 
A strategy for Opponent, known as a counterstrategy, in a 
game A is identified with a strategy in A⊥. The other 
operation is a parallel composition of games, achieved on 
event structures A and B  by simply juxtaposing them, 
making events from different components non-conflicting, 

to form A∥B.

Following the ideas described by Conway and Joyal [57, 58], 
a strategy σ from a game A to a game B  is taken to be a 

strategy in the compound game A⊥∥B . Given another 
strategy τ  from the game B  to a game C , the composition 
τ⊙σ is provided essentially by playing the two strategies 
against each other over the common game B , and then 
hiding that interaction.

But what is a strategy in a concurrent game? The article 
[55] provides a detailed answer and its rationale. Essentially, 
a definition of strategy is chosen precisely to make the 
copycat strategy the identity with regards to composition. A 
strategy in a concurrent game prescribes moves for Player 
and their dependencies; it should both obey the constraints 
of the game and not constrain Opponent's behavior beyond 
the constraints of the game. The axioms on strategies 
entail a formal connection with presheaf models mentioned 
earlier in Section 5 and through them with Scott domains 
[59]. In general, strategies may be nondeterministic, but we 
can restrict the scope to deterministic strategies in which all 
nondeterministic behavior stems from Opponent.

As an example, consider the copycat strategy in the game 
A⊥∥A , which — following the spirit of a copycat — has 
Player copy the corresponding Opponent moves in the other 
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8.1 Winning Conditions

component. The copycat strategy CCA is obtained by adding 

extra causal dependencies to A⊥∥A , so that any Player 
move in either component causally depends on its copy —
an Opponent move — in the other component. This is illustrated 
below when A is a simple game comprising a Player move 
causally dependent on a single Opponent move:

Strategies are not always obtained by simply adding extra 
causal dependencies to the game. In general, a strategy in a 
game A is expressed as a map of event structures σ ∶ S → A 
describing the choices of Player moves by the event 
structure S. For example, consider a game comprising two 
Opponent moves in parallel with one Player move, and the 
strategy for Player is to make its move if Opponent makes a 
move. The example is represented by the following map

This takes the two conflicting Player moves on the left 
to the single Player move on the right, and takes each 
Opponent move on the left to the corresponding Opponent 
move on the right. 

Not all maps of event structures σ ∶ S → A

1

 are strategies. 
There are two further axioms on maps if they are to be 
deemed strategies: receptivity  and (linear) innocence. 
Intuitively, they prevent Player from constraining Opponent's 
behavior further than is allowed by the game. Receptivity 
expresses that any Opponent move allowed from a 
reachable position of the game is present as a possible 
move in the strategy. Innocence says a strategy can only 
adjoin new causal dependencies of the form ⊟� ⊞

1

, where 
Player awaits moves of Opponent beyond those inherited 
from the game. Silvain Rideau and the author of this article 
have shown that the axioms are precisely those that make 
copycat the identity for the composition of strategies [55].  

A strategy from  a game A to  a game B  is a strategy in  the 
compound game A⊥∥B . As such, a strategy is a map 
σ ∶ S → A

⊥∥B. Given another strategy τ ∶ T → B
⊥∥C from B  

to a game C , the composition  τ⊙σ is obtained by playing 
the two strategies off against each other over the game B . 
To do this precisely, it is useful to harness two operations 
associated with maps of event structures: (1) pullback, to 
produce the interaction  τ ⊛ σ ∶ T ⊛ S → A

⊥∥B∥C , which 

"synchronizes" matching moves of S  and T  over the game 
B; and (2) a partial-total factorization  of partial maps of 
event structures, to hide the synchronizations and produce, 
as its defined part, the strategy composition  τ⊙σ, namely, T⊙S → A

⊥∥C, namely, 
τ⊙σ, namely, T⊙S → A

⊥∥C.

A strategy σ ∶ S → A

1

 is deterministic  if all conflict in S  is 
inherited through causal dependency on conflicting 
Opponent moves. Deterministic strategies can be composed. 
That copycat is deterministic, so an identity for the 
composition of deterministic strategies, is due precisely to 
games being race-free. The strategy illustrated earlier is not 
deterministic. 

The winning conditions of a game A take the form of a 
subset W  of its configurations. An outcome in W  is a win for 
Player. A strategy for Player is winning if it always prescribes 
moves for Player to end up in a winning configuration, 
regardless of Opponent's activity or inactivity [60].

Formally, a strategy σ ∶ S → A is winning if σx is in W  for all 
+-maximal configurations x of S. A configuration is +-maximal 
if no additional Player moves can occur from it. This can be 
shown to be equivalent to al l  plays of σ  against 
counterstrategies of Opponent resulting in a win for Player.

As the dual of a game A with winning conditions W , we 
again reverse the roles of Player and Opponent to get A⊥ 
and take the winning conditions to be the set-complement 
of W . In a simple parallel composition of games with 
winning conditions A∥B , Player wins if they win in either 
component. With these extensions, we can take a winning 
strategy from a game A to a game B  — where both games 
have winning conditions — to be a winning strategy in the 
game A⊥∥B . The choices ensure that the composition of 
winning strategies is winning. Because games are race-free, 
copycat will always be a winning strategy.

8.2 Imperfect Information

In a game of imperfect information, some moves are 
masked (or inaccessible), and strategies with dependencies 
on unseen moves are ruled out. One can extend games with 
imperfect information in a way that respects the operations 
of concurrent games and strategies [61]. Each move of a 
game is assigned a level in a global order of access levels. 
Moves of the game or its strategies can only causally 
depend on moves at equal or lower levels.
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In more detail, a fixed preorder of levels  (Λ,⪯) is pre-
supposed. A Λ-game  comprises a game A with a level 

function l ∶ A→ Λ such that, if a ≤A a′, then l(a) ⪯ l(a′)  for 
all moves a, a′ in A . A Λ-strategy  in the Λ-game  is a   
strategy σ ∶ S → A for which if s ≤S s′ then lσ(s) ⪯ lσ(s′) for 
all s, s′ in S . The access levels of moves in a game are left 
undisturbed in forming the dual and parallel composition of 
games. As before, a Λ-strategy from a Λ-game A to a Λ-game 
B is a Λ-strategy in the game A⊥∥B . It can be shown that  
Λ-strategies compose together to give a Λ-strategy.

8.3 Old from New

The additional complexity of event structures over trees 
shouldn't obscure direct connections between strategies 
on concurrent games and the more familiar notions on 
games as trees. Event structures subsume trees. An event 
structure is tree-like when any two events are either in 
conflict or one causally depends on the other. In this case, 
its configurations form a tree with regards to inclusion, with 
root the empty configuration.  

A tree-like game is one for which its underlying event 
structure is tree-like. Because games are race-free, at any 
finite configuration of a tree-like game, the next moves 
(if any) are purely those of either Player or Opponent. In 
this sense, positions of a tree-like game belong to either 
Player or Opponent. At each position belonging to Player, 
a deterministic strategy chooses either a unique move or 
to stay put. In contrast to many presentations of games, in 
a concurrent strategy, Player isn't forced to make a move 
(however, that can be encouraged through suitable winning 
conditions). Winning conditions specify those configurations 
at which Player wins. Consequently, in a tree-like game, 
such conditions can be both finite and infinite branches in 
the tree of configurations. 

Clearly then, the dual of a tree-like game is tree-like. A 
counterstrategy, as a strategy in the dual game, picks moves 
for Opponent at its configurations. When the counterstrategy 
is deterministic at each Opponent configuration, it chooses 
to stay or make one particular move. As expected, the 
interaction determines a finite or infinite branch in the 
tree of configurations, which in the presence of winning 
conditions will be designated as a win for one of the two 
players.

On tree-like games, we recover familiar notions. More 
surprising is that, by exploiting the richer structure of 
concurrent games, we can recover other familiar paradigms, 

not traditionally tied to games, or if so only somewhat 
informally.

For example, by restricting to deterministic strategies 
between concurrent games where all moves are Player 
moves, we rediscover Berry's stable domain theory, of which 
Girard's qualitative domains and coherence spaces are 
special cases. For such restricted games, general, possibly 
nondeterministic strategies correspond to stable spans, 
a model discovered and rediscovered in compositional 
accounts of nondeterministic dataflow.

In more detail, consider a strategy σ from one such purely 
Player game A to another B . This is a map σ ∶ S → A

⊥∥B 
which is receptive and innocent. Notice that  in A⊥∥B  all the 
Opponent moves are in A⊥ and all the Player moves are in B .  
By receptivity any configuration of A is copied as possible 
initial input in S .  By innocence, the only new immediate 
causal connections, beyond those in A⊥ and  B ,  that can be 
introduced in S  are those from Opponent moves of A⊥ to a 
Player move in B. Beyond the causal dependencies inherited 
from the two games, S  can only make a Player move in B  
causally depend on a finite subset of moves in A⊥. For this 
reason any Player move s in S  is associated with both an 

output event out(s) in B  and a demand on input dem(s), a 
finite configuration of A needed for s to occur. A strategy 
between purely Player games corresponds to a stable span 
involving two (special) functions from the event structure S+ 
obtained by restricting S  to Player moves. For a general 
strategy, the output events for a particular input may be in 
conflict—the output is nondeterministic. When σ  is 
deterministic, all conflicts are inherited from conflicts 
between Opponent moves.  Then the strategy σ corresponds 
to a stable function from the domain of configurations of A 
to the domain of configurations of B .

Only marginally more complicated than those purely Player 
games are games that consist of two parallel components, 
one a purely Player game and the other with purely 
Opponent moves. The deterministic strategies between such 
games yield the Abramsky-Jagadeesan model for GoI built 
on stable functions [39].  

Adjoining winning conditions and imperfect information 
to these games, so Opponent can see the moves of Player 
but not the converse, we recover a dialectica category [62] 
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(i.e., Gödel's dialectica interpretation) from deterministic 
strategies. Dialectica categories, studied by Valeria de Paiva 
in her Cambridge PhD, mark an early occurrence of "lenses" 
used in functional programming, where they were invented 
independently to make composable local changes on data-
structures [64, 65].

Generalizing dialectica games a little, they become examples 
of "container types", and deterministic strategies become 
"dependent lenses" [66]. Lenses generalize to "optics" in 
the context of general tensor products [67]. Optics based on 
stable spans are recovered when we allow the strategies to 
be nondeterministic. 

Because concurrent games and strategies have been 
enriched, for example, to provide semantics to probabilistic 
and quantum programs [68–71], such enrichments remain 
for these special cases. For example, they show how to add 
probability to strategies between dialectica games. All of 
this is dealt with in more detail in [4], and informally and 
more accessibly in [3].

The preceding examples concern ways of handling 
interaction within a functional approach. They have evolved, 
often independently. Any compositional theory of interaction 
is forced to handle the dichotomy between a system and 
its environment. Concurrent games and strategies address 
the dichotomy in fine detail, through polarities on events. 
As the examples show, a functional approach has to 
handle the dichotomy much more ingeniously, through its 
cruder distinction between input and output — with basic 
interaction treated through the application of a function to 
its argument. Within concurrent games, we can more clearly 
see what separates and connects the differing paradigms.  

The examples do not cover all the ways in which functions 
are extended to cope with interaction. A notable omission 
in this article is the theory of effects in programming 
languages. That theory uses the technology of monads and 
algebraic theories to refine the influential work of Eugenio 
Moggi and, essentially, to describe computation in terms of 
enriched computation trees [72, 73]. Concurrent strategies 
have been enriched to address probabilistic and quantum 
computation. There is further work to do in connecting 
concurrent games and strategies with the theory of effects.

Although this article discusses the limitations of domain 
theory, it also demonstrates the theory's lasting power. 
Concurrent games and strategies provide a general model 
of interaction. Their generality can provide guidance in the 
form a model or its enrichment should take. In special cases, 
they simplify to easier domain models. In one direction, 
concurrent strategies help build domain models. In the 
other, when domain models are available, they can simplify 
concurrent strategies enormously. It would be foolish to use 
a complicated model when a simpler one is available. In 
many contexts, domain theory provides the simplest models 
we know!

9 Conclusion
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With the development of the digital industry, more and more enterprises are embracing open source and incorporating it 
into their development strategies. Centering on the formulation of open source strategies and the building of enterprise-
class open source communities, this paper explains how enterprises can leverage open source to develop their ecosystem 
economy and promote digital transformation. In addition, this paper proposes community measurement methods for 
community developers and managers to help enterprises build high-growth and high-loyalty open source communities in 
support of their open source strategies.
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With early forms of software, source code was widely 

disclosed and spread across academic and scientific research 

institutions. Even suppliers and customers often used source 

code for upstream and downstream delivery. However, at 

that time, this could not be termed ''open source software'', 

because it lacked basic elements such as open source 

licenses, open source communities, and collaborative 

contributions.

Before the term ''open source software'' appeared, free 

software had become prevalent and developed into a 

movement. At this time, basic principles (four basic elements 

of freedom) came into being, and relevant organizations, 

groups, and star projects — such as the Free Software 

Foundation (FSF) and GNU (GNU's Not Unix!) — also 

emerged. Later, in order to gain more support from business 

organizations and further explore practical value in the 

business world, the term ''open source software'' was formally 

proposed [1]. This paper will not dive into the origins or 

political standing of open source software and free software 

[2]. Today, most people use the term ''open source software'' 

to refer to both concepts on most occasions.

Open source software has become ubiquitous. The industry 

has deepened its understanding of open source software, 

and it continues to gain more and more knowledge. The 

major participants in open source have gradually shifted 

from individuals to enterprises, ultimately leading to a truly 

closed-loop business model (Project -> Product -> Profit 

-> Project) and promoting the sustainable development of 

open source. Nowadays, enterprises embrace open source to 

not only reduce costs, but also quickly develop new products 

— this remains a key driver for many enterprises (Figure 

1). In recent years, with the development of the ecosystem 

economy, digital transformation, and ''software-defined 

everything'', more and more enterprises want to achieve the 

aforementioned goals more quickly through open source 

(Figure 2).

Centering on the formulation of open source strategies and 

the building of enterprise-class open source communities, 

this paper explains how enterprises can leverage open 

source to develop their ecosystem economy and promote 

digital transformation. In addition, this paper proposes 

community measurement methods for community 

developers and managers to help enterprises build high-

growth and high-loyalty open source communities in 

support of their open source strategies.

1 Introduction

2 Formulation of Open Source 
Strategies

2.1 Element 1: Business Model

Generally, the following six elements need to be considered 
in the formulation of an open source strategy [3]: business 
model, intellectual property rights (IPR) strategy, open 
source technology strategy, project governance and 
community platform strategy, ecosystem building strategy, 
and success measurement. This section focuses on the 
first five elements. Section 3 ''Measurement of Community 
Building'' describes the last element.

Figure 1 Proportion of open source uses in each industry [source: OSSRA]

Figure 2 Proportion of proactive open source in vertical industries

What business models to support and how to monetize 
them are the fundamental basis for supporting other 
elements and must therefore be determined at the outset. 
Enterprises do not open source out of charity. Without 
business monetization, open source will not obtain 
continuous investment, not to mention development.

Typically, open source supports the following business 
models:

• Subscription and support (SnS): Sell subscription services 
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centered on open source code and provide commercial 
support. Red Hat Enterprise Linux (RHEL) and Pivotal 
Cloud Foundry adopt this model.

• Feature enhancement and charging (open core): 
Open only the base version, but charge for additional 
components of proprietary code. Prominent examples 
include GitLab Enterprise and products from numerous 
device vendors, including Huawei GaussDB and 
commercial software built on OpenStack, K8S, or other 
open source software.

• Associated products (traffic diversion): Utilize open 
source software to reach more users and divert traffic 
to other services. For example, Android Open Source 
Project (AOSP) and Mozilla Firefox provide traffic 
diversion for Google Search.

• Dual software licenses: Provide software with both a 
free and a proprietary software license. A free license, 
which is also a copyleft open source license, is used 
to attract users and co-builders. An example is the 
GNU General Public License (GPL). With a proprietary 
software license, although it involves charges, users are 
not restricted by open source licenses like GNU GPL and 
can enjoy SLA assurance and services from commercial 
companies. Linux desktop system Qt is a good example.

• (Cloud) services: Sell open source software as cloud 
services, such as Amazon OpenSearch Service and 
Google Kubernetes Engine.

• Hardware: Sell hardware products but open related 
software on the hardware to attract and create 
convenience for developers. For example, Intel Clear 
Linux OS supports and enables Intel x86 CPUs.

It is worth noting that an open source project is not a 
commercial product, even if they share the same source 
code. When building a business model for a commercial 
product based on an open source project, consider the 
following aspects:

• Compared with the open source project, the product 
must have sufficient business value.

• Compared with the open source project, the product 
must be positioned more clearly.

• The product needs to compete with software in the 
open source project.

• Different companies may compete using software from 
the same open source projects.

To explain these aspects, we will use RHEL as an example. 
Because RHEL always adheres to the ''Upstream First'' 
or even ''Upstream Only'' principle, all of its source code 
comes from upstream communities. It even incorporates 
self-developed features into upstream communities prior 
to its own products. To RHEL, the following points are of 
particular importance:

First, unique business value. Linux's server operating system 
(OS) is complex. Through SnS, RHEL provides enterprise-
class services for customers in terms of usage, management, 
configuration, and maintenance, as well as various 
northbound/southbound authentication mechanisms. Open 
source projects cannot provide such business value.

Second, clear product positioning. RHEL achieves a trade-
off between advanced community features and OS stability 
as well as long-term maintenance and support, which is 
important for enterprises. Compared with upstream open 
source projects that focus on new feature development 
and limited version maintenance in a short period, RHEL 
has clearer product positioning and it better meets the 
requirements of enterprise users.

Third, compete with software from other projects. Although 
RHEL has unique value and positioning compared with 
upstream projects, it is inevitable that some users may 
directly obtain software from upstream projects and 
integrate, install, and maintain the software themselves. 
Instead of ignoring this, RHEL built (or rather, acquired) 
the CentOS community with RHEL versions but removed all 
RHEL trademarks from it. As RHEL versions are periodically 
maintained and updated in the CentOS community, users 
can enjoy the same product quality and maintenance as 
with RHEL free of charge. Although CentOS appears to 
be competing with RHEL, it actually attracts and retains 
potential RHEL customers, and helps prevent a significant 
number of users from leaking away to self-built OSs or 
competitors.

Fourth, compete with other products based on the same 
open source project. In the field of commercial Linux 
distributions, RHEL faces competition from SUSE Linux 
Enterprise, Ubuntu, and others. These products depend on 
the same open source project and therefore have similar 
features. After long-term competition and cooperation, they 
gradually form their own customer groups and ecosystems. 
Although RHEL dominates the market, these products will 
co-exist for a long time.
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2.2 Element 2: IPR Strategy

Open source software has complete IPR. In this sense, 
intellectual achievements in the public domain are not open 
source software, because they do not have related IPR.

Formulating IPR for open source software involves 
professional legal issues. Therefore, this paper does not 
provide any detailed guidance on how to formulate IPR 
strategies. Instead, we discuss four aspects that you should 
consider with your IPR lawyers or legal professionals when 
developing IPR strategies:

• Open source license

A license must be selected for open source software 
that is proactively opened to the public. (To adapt to 
different scenarios or integrate with different open 
source software, multiple licenses may be selected 
for the same open source software.) In general, once 
the software creator selects an open source license, 
the code contributed by other contributors will also 
use the selected license. Integrated distributions are 
an exception. Take openEuler as an example. As an 
OS distribution, openEuler integrates thousands of 
pieces of open source software from native upstream 
communities. Because the licenses of these pieces of 
software may be different, the compatibility between 
the licenses determines whether different software can 
be integrated. Given that developers may introduce new 
open source software to enhance OS functions in the 
future, the license compliance strategy will be reviewed 
on a per-order basis and updated periodically. Generally, 
integrated distribution communities adopt the good/bad 
licensing mode. For example, the Fedora and openEuler 
communities both have similar mechanisms (https://
fedoraproject.org/wiki/Licensing:Main#Good_Licenses).

Open source licenses also have other challenges, 
including the identification of incomplete licenses in 
software, diversity of license application granularities 
(software, module, or file level), diversity of licensed 
scenarios (even the same license has different rights 
and obligations in different scenarios such as user mode 
or kernel mode and static link or dynamic link), and 
changes to software licenses. Such challenges require the 
in-depth involvement of relevant tool systems (https://
compliance.openeuler.org/) and legal professionals.

• Copyright

Regardless of whether open source software is hosted 
to an open source foundation for open governance or 
controlled by the software company itself, its copyright 
ownership belongs to the original developer or employer 
of the original developer and will not be transferred with 
open source contribution. Open source grants a wide 
range of rights — such as using, copying, distributing, 
and modifying software — to users (including open 
source foundations) under the restrictions of licenses 
or similar contributor agreements (CLA or DCO). 
Sometimes, these rights are even permanent, non-
exclusive, and non-reclaimable. (For details, see the 
content of open source licenses and OSI's definition 
of open source software.) However, granting of such 
rights does not mean that the copyright is transferred. 
Misunderstandings often arise about this, especially 
when the original developer or enterprise donates 
the software to an open source foundation for open 
governance. This is also common practice in mainstream 
open source foundations, including the Linux Foundation, 
Apache Foundation, and OpenStack Foundation. 
Nevertheless, certain open source foundations, such as 
FSF (https://www.gnu.org/licenses/why-assign.en.html), 
do require copyright transfer. This is largely due to 
its ''software freedom'' principle and the convenience 
of rights protection. Such a copyright strategy is not 
proactively adopted across the industry (especially 
large enterprises). It should be noted that, even in FSF, 
the transfer of copyright is not mandatory. Rather, it is 
performed only when contributors want FSF to take full 
charge of copyright protection. Recently, we noticed that 
some FSF-owned projects had canceled this strategy; for 
example, GCC no longer requires transferring copyright 
(https://news.slashdot.org/story/21/06/05/0246247/gcc-
will-no-longer-require-copyrights-be-assigned-to-the-
fsf).

• Patent right

 – Some licenses clearly authorize free use of patents, 
but we still need to be prudent that open source 
may eliminate our right to sue for patents.

 – For key patent fields, Huawei should be cautious 
about contributing and participating in open source 
software.
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 – In terms of patent isolation, the most thorough 
method is to set up separate companies (like 
Qualcomm, Ericsson, and Microsoft did) that are 
focused on open source contributions.

• Trademark

 – If an open source project is donated to an open 
source foundation, the ownership of the project 
trademark will also be transferred.

 – If the project trademark conflicts with a product 
trademark, prepare a new project trademark before 
contributing it to the foundation.

 – The right to use a project trademark, especially in 
open governance scenarios (hosted to foundations), 
is generally common to all users. No exclusive rights 
can be reserved.

2.3 Element 3: Open Source 
Technology Strategy

2.4 Element 4: Project Governance 
and Community Platform Strategy

source components were so fragmented that they 
could not form unified app development interfaces. 
As a result, upper-layer app development could 
not be normalized, and no unified app market was 
available for app distribution and monetization. 3) 
There was a lack of interconnection with emerging 
cloud services, such as map and search services. 
4) There was a lack of man-machine interfaces 
(MMIs) that represented next-generation capacitive 
touchscreen sliding experience (iPhone had such 
MMIs). In some cases, third-party components 
needed to be developed or purchased. The launch 
of AOSP solved these problems. This explains why 
AOSP attracts so many northbound/southbound 
developers and its ecosystem grows so rapidly.

 – Great vision (ECOMP): Figure 3 illustrates the vision 
of telecom network cloudification.

Figure 3 Vision of telecom network cloudification

The open source technology strategy is divided into two 
dimensions:

• Technical selling points

There are countless open source projects. The key to 
standing apart from others lies in how competitive and 
advanced our technology is.

It must be able to solve real-world problems:

 – From unavailable to available (O3DE): Before Open 
3D Engine (O3DE) was introduced, mainstream 
3D game engine software available commercially 
was closed-source. While there were a very limited 
number of open source engines available in the 
market, they either were 2D engines or could not 
provide AAA-level image quality for gaming. After 
acquiring CryEngine code, AWS refactored, enhanced, 
and opened the source code to break the industry 
landscape and quickly migrate O3DE computing to 
cloud.

 – From available to better (AOSP): Before AOSP 
appeared, Linux-based mobile OSs had several pain 
points, including: 1) Key components lacked high-
quality open source software. For example, the 
telephone subsystem RIL, browser, and Java virtual 
machines needed to be purchased from commercial 
companies. 2) The versions and models of open 

• What to open and what to close

Take RHEL as an example again. Based on the ''Upstream 
First'' and ''Upstream Only'' principles, all RHEL code 
comes from upstream communities. How can RHEL 
build differentiated competitiveness?

For this, RHEL does not open the following:

 – Building a tool chain, including compilation options 
(to gain competitiveness 1: binary optimization of 
commercial RHEL versions).

 – Developing test suites and related tools (to gain 
competitiveness 2: efficiency of vulnerability fix in 
commercial RHEL versions).

• Project governance: including open governance and 
closed governance. In Figure 4, the horizontal axis 
represents whether the participants are individuals 
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Figure 4 Open governance model

Figure 5 Code engineering and community operation platform

or companies, and whether the community accepts 
developers from other companies .  There is no 
relationship between whether the community is 

controlled by its own company [3].

• Code engineering and community operation platform: 
including code hosting platforms, software engineering 
tools, and operation tools (DevOps pipeline, CICD, 
contribution check & access control, developer portal, 
and official website), as shown in Figure 5.

Some tools may have service continuity risks. The following 
policies might help mitigate such risks:

• Gradually switch commercial tools/services to trusted 
suppliers.

• Convert open source components to commercial services 
in China.

• Gradually shift to independent maintenance and 
evolution of risky open source components.
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Figure 6 Contributors in the OpenDayLight project

2.6 Element 6: Success Measurement

 – Communicate with other companies in advance 
to agree who will lead and who will maintain the 
architecture. (Figure 6 uses the Cisco OpenDayLight 
project as an example.)

2.5 Element 5: Ecosystem Building 
Strategy

Community leaders need to guide different types of 
ecosystem partners to discover the value of participating in 
their communities. The following describes the strategies for 
four common types of ecosystem partners [3]:

• User:

 – Develop the user ecosystem by increasing adoption.

 – Create a complete distribution for user-centric 
projects.

 – Focus on promoting downloads and integrating with 
other open source ecosystems.

• Developer:

 – Generally, it is best to contribute open source 
projects to open source foundations to attract more 
developers with open governance.

 – Focus on frameworks, platforms, or tools rather than 
complete distributions, helping improve developer 
productivity.

 – Focus on easy integration with other open source 
development.

• Other companies (including competitors):

 – Select an existing foundation to reduce the legal 
work brought by newcomers.

 – ''Project development first, community adaptation 
next''. Here are a few examples: Kubernetes -> Cloud 
Native Computing Foundation (CNCF), OpenStack 
-> OpenStack Foundation, Ceph -> Ceph Foundation, 
and Apache Incubator -> Apache Project.

 – Kick off projects through prominent channels. For 
example, Kubernetes was kicked off at DockerCon 
2014, and OpenStack was kicked off at Open Source 
Convention (OSCON) 2010.

 – Make intentions known in advance to recruit 
members. For example, the Linux Foundation 
announced its intention to set up Hyperledger in 
2015, with the setup starting the next year.

 – Recruit end users with vendors to ensure that 
the project provides value and it is promoted. 
For example, the Hyperledger project was jointly 
launched with CME Group, Deutsche Börse, State 
Street, and Wells Fargo.

• Standards and industry organizations

 – Reference implementation in open source software: 
EFSP (JCP) -> Jakarta EE

 – Leading standards: Docker -> OCI

Success can be measured from two dimensions: final 
business results and community development process. The 
business result dimension is relatively simple and is an 
ultimate measurement for closed-loop open source strategy 
formulation and execution effect. However, it takes a long 
time to obtain business results, making it difficult to master 
the process and implement prompt adjustments. In terms 
of the second dimension, this section provides several 
intermediate result measurements and their potential 
impact on business decision-making.

• User quantity measurement (website portal or user 
survey):

 – Number of users/downloads

 – Community size

 – Number of users/companies (Company X has 
downloaded our project 200 times, so we can try to 
sell the product to it.)

 – Users' geographical locations (30% of downloads are 
made by Chinese users, so we should open a sales 
office in China.)
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Figure 7 Developer's skill cloud

3.1 Two Measurement Perspectives

3.2 Measurement from a Developer's 
Perspective

3.2.1 Developer Portrait

3 Measurement of Community 
Building

• Measurement of other ecosystem activities (foundation 
measurement platform or community insight tool):

 – Members

 – Activities

 – Contributors

 – Training

 – Developer activeness

 – Downstream projects

''Community'' refers to a group of people or organizations 
who gather for the common good. Fundamentally, creating 
a successful community means creating an ecosystem where 
members can do meaningful work and quickly improve 
themselves. Their enduring motivation for growth is the key 
to building a constantly popular community.

After the open source strategy of the project is determined and 
announced to the public, we need to build a community. The 
ultimate goal is to run a sustainable open source community 
with high growth and loyalty. During community building 
and operations, a host of problems may occur. Such problems 
may include no reply to issues for a long time, poor developer 
satisfaction, and developer churn. To solve these problems, a 
complete community measurement system must be built.

The purpose of community measurement is to determine 
whether the community fulfills all set goals in different 
phases. Specifically, we need to develop an effective 
quantitative solution, design expectations based on 
measurement standards, and improve the solution based on 
timely insights into measurement results. This ensures that 
the community will develop in a healthy direction.

The success of a community can be measured from two 
perspectives: developer and community manager.

Members are the core force of a community, and developers 
are the most important role among members. Therefore, 

efficient developers are one of the key factors for a 
community to succeed.

Before explaining how to conduct measurement from 
a developer's perspective, we briefly describe the basic 
principles for creating member portraits [6]:

• Determine the portrait types of key members based on 
the vision, mission, and phased goals of the community. 
Such types include user, evangelist, event organizer, 
issue supporter, and developer portraits. Note that the 
roles of some portraits may overlap. Because portrait 
creation is time-consuming work, pay more attention to 
the quality rather than quantity of portrait types.

• When creating member portraits, focus on the following 
elements: capabilities, experience, motivation, concerns, 
expected rewards, and fields of interest.

The following describes how to create a developer portrait.

Developer portrait creation is a practice of user portrait 
technology in community development settings. Developer 
portraits consist of various features of community 
developers and their relationships.

• Developer features are usually a series of labels. In 

Figure 7, each label represents a skill of the developer.

Contribution, as another feature of developers, refers 
to what a developer has done for a specific community. 
It reflects how active and proficient the developer is 
in the community. Contribution covers all activities 
performed by the developer, such as participating in 
projects or committing code on the Gitee platform, or 
answering questions in the Stack Overflow community.  
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Figure 9 Developer relationship graph

Figure 10 Participation journey framework for a developer community

In Figure 8, each label represents a project in which 
the developer has participated in the community. The 
diameter of each circle indicates the contribution of the 
developer to the project. The larger the diameter, the 

more they have contributed.

3.2.2 Community Participation Journey 
Framework

Each type of relationship encompasses detailed 
collaboration relationships. The relationship type 
and relationship strength are viewed as attributes 
of collaboration relationships. In the development 
activities of developers, social relationship refers to 
the interpersonal relationships between developers 

in a specific community. Although not directly related 
to development activities, a relevant study found 
that joining the same projects as friends did would 
significantly increase developers' contribution rate [5]. 
Social relationships can be classified into ''Follow'' and 
''In organization'' relationships, indicating whether 
developers are following each other and whether they 
belong to the same organization, respectively. Direct 
collaboration means that developers directly interact 
with each other. That is, when handling the same task, 
two developers need to closely communicate and 
cooperate with each other. Assuming that developers D1 
and D2 have ''Answer to'' and ''Call API'' relationships, 
D1 must have answered questions raised by D2, and 
when implementing functions, D1 called some interfaces 
provided by D2. The frequency of such collaboration 
is expressed numerically. Such close collaboration 
relationships may also be embodied in many activities 
(e.g., modifying the same code files, and developing and 
testing the same code). Indirect collaboration means 
that developers indirectly interact with each other. It 
is a weak collaboration relationship compared with 
direct collaboration, but it plays a role in the overall 
development task. For example, if developers D1 and 
D2 both answer a question or commit code to an 
open source project, they are in the ''Co-answer'' and  
''Co-commit'' relationships.

Figure 8 All the projects that a developer has contributed to

• Their association with other developers can be 
represented by a developer relationship graph, which 
visualizes the interaction between developers to quantify 
the collaboration strength within the community. Using 
the developer relationship graph, we can identify the 
trend of developers' — especially core developers' — 
participation in a community, and determine whether 
developers tend to leak away from the community. As 
shown in Figure 9, the developer relationship graph 
is generally divided into social relationship, direct 
collaboration relationship, and indirect collaboration 

relationship [4].

When developer portraits are finished, we need to establish 
a community participation journey framework (Figure 10) 
to measure the value created by developers in different 
phases [6].

The framework covers three key parts of community 
participation. Different types of member portraits require 
different community participation journey frameworks.
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Figure 11 Community portrait maturity model

Figure 12 Definition of NPS

3.2.3 Developer NPS Measurement 
Model

• Guidance for newcomers: The left of the pentagram 
represents what the community can do to help 
newcomers create value in the simplest way. The value 
belongs to both newcomers and the community.

• Status transition: On the right of the pentagram, the 
developer starts to switch between three key identities, 
i.e., casual, regular, and core.

• Incitement: To promote community development and 
maintain member participation, we will take a series of 
measures (blue boxes in the figure) to help community 
members accumulate experience, develop new skills, 
and maintain activeness.

Following the creation of developer portraits and 
community participation journey frameworks, the next 
step is to introduce a community portrait maturity model  
(Figure 11). This model provides a set of tools to define the 

success of developer portraits in each phase.

members in the community.''

• Leadership value: What measurable value does a 
member portrait bring to community leadership?

Along the horizontal axis are the phases in community 
participation journey frameworks, including newcomer, 
casual, regular, and core. Success criteria need to be defined 
for each phase, and metrics in different dimensions are 
required to facilitate measurement.

• Personal value: What measurable value should a 
member portrait bring to the member? For example, for 
the newcomer phase, the success criteria for the issue 
supporter portrait can be defined as ''propose new issues 
in the community and obtain answers.''

• Community value: What measurable value does a 
member portrait bring to the community? For example, 
for the newcomer phase, the success criteria for the 
issue supporter portrait can be defined as ''solve the 
issues proposed by other community members.''

• Peer value: What measurable value does a member 
portrait bring to other members in the community? For 
example, for the regular phase, the success criteria can 
be ''provide one-on-one guidance or training for other 

To measure the value that developers create for the 
community in different phases (newcomer/casual/regular/
core), a net promoter score (NPS) measurement model 
needs to be built from the perspective of developers [7]. 
Through measurement and insights provided by this model, 
the community and developers can bring more value 
to each other. NPS is a common metric adopted by the 
industry to measure user experience. It is an effective tool 
for managing user experience and improving customer 
satisfaction. Ultimately, it asks the question: How likely is 
it that you would recommend our community to a friend 
or colleague, and why? The NPS approach clearly classifies 
users into three categories and calculates an easy-to-
understand value (Figure 12) based on which you can make 

improvements and achieve success.

Figure 13 Developer NPS measurement model

The developer NPS measurement model (Figure 13) 
consists of two parts: NPS measurement system and the 
NPS feedback system. The NPS measurement system, when 

=
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3.3.2 Support from Core Organizations

community created value according to their 
responsibilities?

 – Attendance rate: How many people attend online 
and offline activities?

 – Effectiveness: Is the operation mechanism of the 
entire community smooth enough?

• Measure both ''quality'' and ''quantity''.

Indeed, tracking the quantity of different types of 
contributions is a good way to measure activeness and 
delivery rate. The quality of contributions is also an 
important aspect. We need to measure both quality and 
quantity.

• Quantify measurement.

When measuring whether goals are fulfilled, we should 
be able to answer with a clear ''Yes'' or ''No'' instead of 
''Maybe''.

• Limit the number of metrics.

To keep things simple and focused, reduce the number 
of metrics and track only key metrics.

used in conjunction with developer portraits, can identify 
problems in a community and developers' requirements 
through the NPS questionnaire. The NPS feedback system 
gives prompt solutions and adjusts the governance 
mechanism of the community. In this way, both developers' 
satisfaction and loyalty to the community are improved.

3.3 Measurement from a Community 
Manager's Perspective

From the perspective of community managers, many 
metrics and models can be used to measure the success of 
an open source community. The problem is that open source 
projects face an unparalleled amount of data — any objects 
with obtainable data can be collected and tracked. The 
metrics that each organization tracks — and how they deal 
with data — largely depend on the strategic goals of their 
community and the unique challenges in the marketplace 
and community. In particular, large organizations are 
unlikely to track all objects and derive meaning from it, 
since they have so many projects. To eliminate this dilemma, 
managers need to consider the strategic goals of their 
communities when selecting metrics and domains [8].

3.3.1 Metric Selection

Setting strategic goals for a community involves the 
following: design the vision and mission of the community, 
specify the value that the community provides for people/
organizations, and set phased goals. During implementation, 
the work results of the community need to be measured.

When setting specific metrics, ensure that goals can be 
clearly and accurately measured — never be ambiguous. In 
this sense, we need to adhere to the following rules [6]:

• Measure key dimensions.

Communities have seven key dimensions:

 – Growth rate: How many newcomers have joined the 
community? How does it change with time?

 – Retention rate: How many people continuously 
participate in community activities?

 – Activeness of community members

 – Activeness of collaboration between organization 
and community members

 – Delivery capability: Have all contributors in the 

As community founders and leaders, core organizations 
need a broad range of skills, covering aspects such as 
planning, development, interaction, and community 
experience improvement, if they want to truly create a 
successful community. In addition to these skills being 
developed, support systems also need to be established 
within the organizations.

The process for an organization to develop these skills can 
be divided into three phases [6]:

1. Incubate new skills: Create a resource, education, 
strategy, and execution environment that can introduce 
new skills, provide training for personnel, and help 
members apply these skills.

2. Establish mechanisms: After learning from the 
experience and lessons in the incubation phase, establish 
mechanisms, deepen understanding within teams, and 
improve standards.

3. Integrate: Promote these mechanisms to all teams in the 
organization.

By combining these three phases with the target skills of 



129 | Communications of HUAWEI RESEARCH  December 2022

Software Technology and Ecosystem

3.4.1 Developer Retention Through 
Portraits

3.4.2 Developer Experience 
Improvement Through the Developer 
NPS Measurement Model

3.4 Community Experience Improvement

Figure 14 Organization capability maturity model

Figure 15 Developer labels in the openEuler community

Figure 16 Collaboration relationship graph for the MindSpore community

professional domains, we propose the following organization 

capability maturity model.

As shown in Figure 14, the organization capability maturity 
model is split across seven rows top down, each representing 
a professional domain. Each professional domain spans all 
three phases of skill development.

When using this model, organizations need to periodically 
review it, collect feedback from related departments, and 
integrate improvement plans into the next iteration.

In the openEuler community, by providing skill labels (Figure 
15) for developers in different special interest groups 
(SIGs), we found that most developers had participated in 
CVE vulnerability fixing. With this knowledge, community 
managers can develop a simpler vulnerability fixing process 
and introduce automated vulnerability identification and 
fixing tools to greatly improve developer experience.

In the MindSpore community, we built a developer issue 
interaction graph (Figure 16), helping community managers 
identify more than 10 inactive developers. Then through 
questionnaires and offline communications, the managers 

Based on the relationships between community health 
measurement systems and developer portraits, we worked 
together with Professor Wei Wang from East China Normal 
University and Professor Jian Cao's team from Shanghai Jiao 
Tong University to improve the experience of the openEuler 
and MindSpore communities led by Huawei.

This section provides a real-world application of the developer 
NPS measurement model in the openEuler community.

Table 1 defines the entire journey that a developer may 
experience after being recruited into the community 
through activities like meetup. Throughout the journey, each 
stop is provided with different developer portraits specific to 
the developer's role (newcomer/casual/regular/core). Then 
through NPS questionnaires, different questions are sent for 
different portraits to obtain clear feedback from developers. 
In this way, the community can detect its own problems 
and take measures to improve developers' loyalty to the 
community.

successfully retained some developers who were planning 
to leave. In addition, by building a developer interest graph, 
we set up community security, front-end, data, and scientific 
computing SIGs in the MindSpore community, improving 
the overall activeness of the community.
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Global navigation satellite system real-time kinematic (GNSS-RTK) positioning is an indispensable source for providing 
absolute positioning for autonomous driving vehicles (ADVs), due to its high accuracy when a fixed solution is obtained. 
However, its performance degrades dramatically in urban areas, due to signal blockage, reflection and diffraction from 
buildings. To fill this gap, this paper proposes a novel method to exclude the potential GNSS non-line-of-sight (NLOS) 
receptions using the local environment mapping generated from 3D LiDAR and inertial sensor, to further improve the 
GNSS-RTK in urban canyons. The local environment description, the 3D point cloud map (PCM), is built via LiDAR/inertial 
integration using the factor graph optimization. Then the potential GNSS NLOS receptions are detected and removed by 
using the 3D PCMs before GNSS-RTK positioning. Finally, the improved GNSS-RTK positioning is adopted to correct the 
drift of the 3D PCM derived from LiDAR/inertial integration. The effectiveness of the proposed method is verified by a test 
dataset in challenging urban environments collected by the automotive-grade low-cost GNSS receiver.

Keywords

GNSS, RTK, NLOS, LiDAR, urban canyon
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1 Introduction

The global navigation satellite system real-time kinematic 
(GNSS-RTK) is widely used for high precision aerial mapping 
[1] and positioning for level-4 fully autonomous driving 
vehicles (ADVs) [2]. Typically, the GNSS-RTK positioning 
involves two steps: (1) The float solution is estimated 
based on the received GNSS measurements. (2) The integer 
ambiguity is resolved using least-squares algorithms (e.g 
LAMBDA [3]) based on the derived float solution as an 
initial guess. Centimeter-level positioning accuracy can be 
achieved based on the double-differential carrier and code 
measurements in the open area when the fixed solution 
is obtained. Unfortunately, the accuracy of GNSS-RTK is 
significantly degraded in urban canyons due to the NLOS 
and multipath receptions caused by GNSS signal reflection 
and blockage from surrounding buildings. In practice, the 
significantly degraded GNSS-RTK positioning accuracy in 
urban canyons is mainly due to the occurrence of GNSS 
NLOS receptions. A part of the received GNSS signals is 
significantly polluted involving large noise. According to 
our previous research in [4], the majority of the received 
GNSS signals can be multipath or NLOS receptions in highly 
urbanized areas. This degrades the accuracy of the float 
solution estimation that is based on the differential carrier 
and code measurements, making it more difficult to resolve 
for the integer ambiguity.

Numerous researches [5–7] have been conducted to 
improve the GNSS-RTK positioning performance in urban 
canyons in the past decades. The work in [6] proposed to 
employ multiple antennas to improve the robustness of 
GNSS-RTK against outlier measurements. However, the 
method relied on the percentage of the polluted GNSS 
signals (multipath or NLOS receptions). The recent work in 
[5] proposed to improve the GNSS-RTK in urban canyons 
by excluding polluted GNSS signals with the help of 3D 
building models. The increased fixed rate was obtained 
after selecting the line-of-sight (LOS) measurements. 
However, the satellite exclusion relies on the availability 
of accurate 3D building models and the initial guess of 
the GNSS receiver's position. Another research stream was 
to employ the additional sensors via sensor fusion. The 
integration of the GNSS-RTK and inertial measurement unit 
(IMU) was widely studied due to their complementariness. 
The work in [8] showed that with the help of better signal 
availability, high-grade dual-frequency multi-GNSS-RTK can 
achieve correct ambiguity integer fixing rates of 76.7% on 
a 1-hour drive along in a typical urban scenario. However, 

the overall performance relies heavily on the cost of the 
IMU sensor during the GNSS outage [9]. The work in [10] 
[11] proposed to tightly integrate the GNSS-RTK with the 
vision measurements in GNSS-challenged environments. 
Unfortunately, the vision measurements are sensitive to 
the illumination conditions and density of dynamic objects 
[12]. Moreover, the recovery of the scale of the visual 
measurement relies heavily on the quality of the GNSS 
measurements. Instead of using visual measurements, 
some previous researches in [4, 13–15] have proposed to 
continuously improve the GNSS single point positioning 
(SPP) in urban canyons by using 3D LiDAR sensors that are 
robust irrespective of illumination conditions. The 3D point 
clouds from the 3D LiDAR sensor are employed to describe 
the surrounding environment to further exclude [4] or 
correct GNSS NLOS receptions [13]. The latest work in [16] 
combines both the GNSS NLOS correction and remodeling 
to improve the urban GNSS SPP based on the incrementally 
built environmental description (3D PCMs). However, only 
the code measurements are applied and the potential of the 
carrier-phase measurements is not explored.

Inspired by related previous works on 3D LiDAR aided GNSS 
SPP [4, 13], in this paper, we propose to improve the GNSS-
RTK positioning in urban canyons using a 3D LiDAR sensor 
by essentially solving the problem of GNSS-RTK caused 
by signal reflections and blockage. First, LiDAR/inertial 
odometry (LIO), which loosely integrates LiDAR and the 
IMU measurements using factor graph optimization (FGO) 
based on the recent work in [17], is performed to estimate 
the relative motion between two epochs and generate the 
3D PCM, which is the so-called the local environmental 
description. Second, the potential GNSS NLOS satellites are 
detected and excluded with the help of the generated PCM 
based on the previous research work in [16]. Therefore, the 
problem of poor GNSS measurement quality is alleviated 
by excluding the potential GNSS NLOS receptions. Secondly, 
the float solution can be estimated based on the surviving 
GNSS satellite measurements. Then the LAMBDA algorithm 
is applied to perform the ambiguity resolution. Finally, 
the estimated fixed GNSS-RTK positioning solution is used 
with the LIO to further correct the drift of the 3D point 
clouds. In short, the proposed method effectively combines 
the complementariness of LIO (locally accurate in a short 
period and provides environmental description for GNSS 
NLOS detection) and GNSS-RTK (free of drift with globally 
referenced positioning but affected by the GNSS NLOS). The 
contributions of this paper are listed as follows:
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(1) This paper proposes to use the LiDAR/inertial 
integration to detect and exclude the GNSS NLOS 
to further improve GNSS-RTK positioning.  To the 
best of the author's knowledge, this is the first work 
that enables GNSS NLOS exclusion for GNSS-RTK 
positioning using LiDAR/inertial integration.

(2) This paper proposes to adopt the improved GNSS-RTK 
positioning to correct the drift of 3D point clouds, and 
therefore, improve the overall positioning accuracy.

(3) This paper evaluates the performance of the proposed 
method using the dataset collected using a low-cost 
GNSS receiver.

The remainder of this paper is organized as follows. An 
overview of the proposed method is given in Section 2. 
The generation of the local environmental description is 
elaborated in Section 3. In Section 4, the proposed NLOS 
detection and GNSS-RTK positioning are presented. An 
experiment is performed to evaluate the effectiveness of 
the proposed method using a dataset collected in urban 
canyons of Hong Kong, in Section 5. Finally, conclusions are 
drawn, and further work is presented in Section 6.

2 Overview of the Proposed Method

3 Local Environmental Description 
Generation

An overview of the method proposed in this paper is 
shown in Figure 1. The system consists of two parts: (1) 
The real-time environment description generation based 
on clouds from 3D LiDAR and an IMU, together with the 
correction from the GNSS-RTK solution. (2) The GNSS 
NLOS detection and exclusion based on the real-time 
environment description, and the GNSS-RTK positioning 
based on surviving satellites. In this paper, matrices are 
denoted in uppercase with bold letters. Vectors are denoted 
in lowercase with bold letters. Variable scalars are denoted 
in lowercase italic letters. Constant scalars are denoted in 
lowercase letters. Meanwhile, the state of the GNSS receiver 
and the position of satellites are all expressed in the east, 
north, up (ENU) coordinates.

To make the proposed pipeline clear, the following major 
notations are defined and followed by the rest of the paper.

• The pseudorange measurement received from a satellite 

s at a given epoch k is expressed as ρsr,k. The subscript 
r and k denote the GNSS receiver and the time index, 
respectively. The superscript s denotes the index of the 
satellite.

• The carrier-phase measurement received from a satellite 

s at a given epoch k is expressed as ψs

r,k. 

• The variable expressed in the earth-centered, earth-fixed 
(ECEF) frame or ENU frames is denoted by superscripts 
G and L. For example, the transformation of poses and 
positions from the ENU and the ECEF frame is defined 

as TG

L
= [R

G

L
, tG

L
], where the RG

L  and the tGL denote the 

rotation and translation, respectively.

• The body frames of AHRS, LiDAR, and GNSS receiver 
are denoted by superscripts BI, BL, and BR. For example, 

PBL
k  denotes a frame of 3D point clouds from 3D LiDAR 

at epoch k.

• The extrinsic parameters between the GNSS receiver and 

the 3D LiDAR are denoted as TBR

BL
= [R

BR

BL
, tBR

BL
]. The 

extrinsic parameters between the IMU and the 3D LiDAR 

are denoted as TBI

BL
= [R

BI

BL
, tBI

BL
].

• The position of the satellite s of ECEF frame at a given 

epoch k is expressed as ρs
k
= [ρ

s
k,x

, ρ
s
k,y

, ρ
s
k,z

]
T.

• The position of the GNSS receiver at a given epoch k in 
the ECEF and ENU frames are expressed as 

p
G
r,k

= [pG
r,k,x

, pG
r,k,y

, pG
r,k,z

]
T and [pLr,k,x, pLr,k,y , pLr,k,z ]T. 

The rotation in the ENU frame is denoted as 

R
L
r,k = [α

L
r,k,x

, β
L
r,k,y

, γ
L
r,k,z

]
T.

• The clock bias of the GNSS receiver at a given epoch k is 

expressed as δr,k, with the unit in meters. δsr,k  denotes 
the satellite clock bias in meters.

This section presents the methodology for the local 
environmental description generation based on LiDAR/
inertial sensor, together with the correction from the 
GNSS-RTK. The LiDAR/inertial integration is first adopted 
to generate the 3D PCM using a local FGO (see Figure 1). 
Then the 3D PCM is employed to detect the GNSS NLOS 
receptions. However, the LiDAR/inertial integration is 
subjected to drift over time. Therefore, the improved GNSS-
RTK positioning result is employed to correct the 3D PCM by 
integrating the GNSS-RTK with the LIO using a global FGO 
(see Figure 1). It should be noted that the PCM is denoted 
in the ENU frame. The extrinsic parameters between 
the ENU frame and the original of the LiDAR frame are 
calibrated using the first several fixed solutions from GNSS-
RTK [18].
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The IMU unit measures angular rate and the specific force 
of the system given in the IMU body frame. It's corrupted 
with the additive noise and a slowly varying bias of 
acceleration and gyroscope [19]:

The LiDAR/inertial integration employed in this paper is 
based on the recent work in [17], where a sliding window-
based loosely coupled integration using FGO is developed. 
Although this is not the major contribution of this paper, 
we still present it here concisely for completeness. The k-th 
state of the IMU under the world frame, that is the state of 
the IMU at the time when the k-th frame of the LiDAR point 
cloud is captured, can be written as:

where xBL
(0)

k
 consists of the position, velocity, rotation in 

quaternion form, accelerometer bias bak and gyroscope bias 
bg

k. Therefore, the state set (XBL
(0)) inside a local window 

of the FGO can be denoted as:

where the K  denotes the size of the sliding window of the FGO.

3.1 LiDAR/Inertial Integration Using 
Local FGO

3.1.1 IMU Preintegration Model
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Figure 1 Overview of the proposed method. The inputs are the raw 
measurements from IMU, 3D LiDAR, and GNSS receiver. 
The output is the state estimation of the GNSS receiver.

xBL(0)

k =
[
pBL(0)

BIk
,vBL(0)

BIk
,qBL(0)

BIk
,bak,bgk

]
(1)(1)

XBL(0)
=

[
xBL(0)

0 ,xBL(0)

1 , · · · ,xBL(0)

K

]
(1)(2)

ãBI = RBI
BL(0) (a

BL(0)
− gBL(0)

) + ba+ na (1)(3)

(4)ω̃BI = ωBI + bg + ng (1)

ã
BI is the raw IMU acceleration measurement in the IMU 

body frame, and aBL
(0) is the noise-free acceleration of 

the system in the ENU frame. gBL
(0) is the gravity in the 

world frame. RBI

BL(0) ∈ SO3 is the rotation matrix from the 
ENU frame to the IMU body frame. ba represents slowly 
varying acceleration bias, whose derivative is in Gaussian 

distribution. na ∼ N(0,σ2
a) is the additive noise of the 

acceleration. ω̃BI  is the raw IMU gyroscope measurements 
in the IMU body frame, ωBI  is the noise-free rotation rate. 
bg is the bias of ωBI . We also assume its derivative subjects 

to be in Gaussian distribution. ng ∼ N(0,σ2
g) is the additive 

noise of ωBI . Considering the high-frequency properties 
of IMU measurements, the IMU pre-integration technique 
is adopted to stack a series of IMU measurements into a 
single factor [19]. Therefore, IMU pre-integration under the 

local frame {·}Bk is formulated as:

α
BIk
BIk+1

=

∫∫ tk+1

tk

q
BIk
BIt

(ãBIt − bak)δt
2 (1)(5)

β
BIk
BIk+1

=

∫ tk+1

tk

q
BIk
BIt

(ãBIt − bak)δt (1)(6)

q
BIk
BIk+1

=

∫ tk+1

tk

q
BIk
BIt

⊗

[
0

1
2
(ω̃BIt − bgk)

]
δt (1)(7)

where αBI
k

BI
k+1

, βBI
k

BI
k+1

,  and qBI
k

BI
k+1

 are the pre-integration 
of position, velocity, and rotation separately. In practice, 
IMU measurements are discrete and are synchronized 
with the LiDAR frames by linear interpolation. We use 
median integral as follows instead of continuous numerical 
integration shown above. BIt and BIt+1 are assumed to be 
two consecutive time instants between two epochs BIk and 
BIk+1 , and δt is the time interval between BIt and BIt+1.

The median integralacts as the measurements of relative 
motion between two IMU states to constrain them. The 

residual rIMU(z
BIk
BIk+1

,XBL(0)
) can be defined as [19]:

rIMU(z
BIk
BIk+1

,XBL(0)
) =




(qBL(0)

BIk
)−1(pBL(0)

BIk+1
− pBL(0)

BIk
− vBL(0)

BIk
δt− 1

2
gBL(0)

δt2)−α
BIk
BIk+1

2
[
(q

BIk
BIk+1

)−1 ⊗ ((qBL(0)

BIk
)−1 ⊗ qBL(0)

BIk+1
)
]
xyz

(qBL(0)

BIk
)−1(vBL(0)

BIk+1
− vBL(0)

BIk
− gBL(0)

δt)− β
BIk
BIk+1

bak+1 − bak

bgk+1 − bgk




(1)(8)

where the operator [·]xyz extracts the imaginary part of 

a quaternion. The zBI
k

BI
k+1

 denotes the pre-integration 
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Therefore, the residual rL(TW

L
k

,X)  of the LiDAR scan-

matching can be defined as the difference between TBL
(0)

BL
k

 

and xBL
(0)

k
:

measurements which are a combination of αBI
k

BI
k+1

, βBI
k

BI
k+1

,  

and qBI
k

BI
k+1

.

rL(T
BL(0)

BLk
,XBL(0)

) =


 pBL(0)

BLk
− p̃BL(0)

BLk

2
[
(q̃BL(0)

BLk
)−1 ⊗ qBL(0)

BLk

]
xyz


 (1)(10)

3.1.2 LiDAR Scan-matching 
Measurement Model

3.2 LIO/GNSS-RTK Integration Using 
Global FGO

3.1.3 Solving Local FGO

TBL(0)

BLk
=

[
p̃BL(0)

BLk
, q̃BL(0)

BLk

]
(1)(9)

The scan-matching method proposed in [20] is employed 
to derive the relative motion between consecutive 
frames of 3D point clouds. By accumulating the relative 
motion between consecutive frames of point clouds, pose 
estimation of LiDAR odometry at a given epoch k can be 

denoted as TBL(0)

BLk
 satisfying the following [17]:

XBL(0)∗
= arg min

1

2
{

K∑
k=0

ρ(
∥∥∥rL(TBL(0)

BLk
,XBL(0)

)
∥∥∥
2

CLk

)

+

K−1∑
k=0

ρ(
∥∥∥rIMU(z

BIk
BIk+1

,XBL(0)
)
∥∥∥
2

C
BIk
BIk+1

) }

(1)(11)

The detailed derivation of the scan-matching can be found 
in our previous work in [17].

Based on the residuals derived above, the combined 
objective function can be formulated as follows to optimize 

the state set XBL(0) inside the sliding window [21]:

where the rL(TBL
(0)

BL
k

,XBL
(0)

) represents the residuals of LiDAR 

scan-matching factor, zBI
k

BI
k+1

 and rIMU(z
BI

k

BI
k+1

,XBL
(0)

) 
represent the measurements and the residuals produced 

by the IMU pre-integration factor, respectively, XBL
(0)∗ are 

the optimal states to be estimated. The CL
k denotes the 

covariance matrix of the LiDAR scan-matching factor which 

is derived based on [17]. The CBI
k

BI
k+1

 denotes the covariance 
matrix of the IMU pre-integration factor. The ρ(∗) denotes 
the robust loss function and the Cauchy kernel [22] is 

selected in this paper. Finally, the Ceres solver [23] is used to 
solve this nonlinear problem and we exploit the Levenberg-
Marquardt (L-M) algorithm [24] to iteratively minimize the 
cost function (11). Therefore, the PCM can be acquired by 
accumulating the raw 3D point clouds inside the sliding 

window of local FGO based on the state set XBL
(0), which 

is denoted as MBL
(0)

k
.

The global FGO integrates the pose estimation from the 
LIO presented in Section 3.1, and the GNSS-RTK positioning. 
Similar to the LIO, the state set inside the sliding window 
is optimized. The k-th state of the IMU frame in the ENU 
frame can be written as:

xL
k =

[
pL
BIk

,qL
BIk

]
, (1)(12)

XL =
[
xL
0 ,x

L
1 , · · · ,xL

K

]
, (1)(13)

where xL
k  consists of the position, and rotation in quaternion 

form in the ENU frame. Therefore, the state set (XL
k) inside 

a local sliding window of the FGO can be denoted as:

zGr,k =
(
pGr,k,x, p

G
r,k,y , p

G
r,k,z

)T
(1)(14)

rGNSS(z
G
r,k,X

L) =
[
(TG

L )−1(zGr,k − tGL )− pL
BIk

]
(1)(15)

where the K  denotes the size of the sliding window of the 
FGO. Assuming the position estimation from the improved 
GNSS-RTK is denoted as follows:

rLIO(xBL(0)

k−1 ,xBL(0)

k ,xL
k−1,x

L
k ) =

 (P1 −P2)− (pL
BIk

− pL
BIk−1

)

2
[
((R2)−1R1)⊗ (pL

BIk−1
⊗ pL

BIk
)
]
xyz


 (1)(16)

where the zGr,k is denoted in the ECEF frame. Therefore, the 
residual of the zGr,k can be derived as follows:

where the rGNSS(z
G

r,k
,XL

) denotes the residual associated 
with zGr,k . Based on the LIO, the observation at a given 

epoch k is xBL
(0)

k
 and xBL

(0)

k−1
 at epoch k − 1. The residual 

can be formulated as follows:

with
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4.1 GNSS NLOS Exclusion Based on 
PCM

4.2 GNSS-RTK Positioning Based on 
Surviving Satellites

(17)

(19) (20)





P1 = (pL
BL(0) )

−1((RBI
BL)

−1(pBL(0)

BLk
− tBI

BL)− tL
BL(0) )

P2 = (pL
BL(0) )

−1((RBI
BL)

−1(pBL(0)

BLk−1
− tBI

BL)− tL
BL(0) )

R1 = (qL
BL(0) )

−1qBL(0)

BLk
(RBI

BL)
−1

R2 = (qL
BL(0) )

−1qBL(0)

BLk−1
(RBI

BL)
−1

(1)

(18)

XL∗
= arg min

1

2
{

K∑
k=0

ρ(
∥∥rGNSS(z

G
r,k,X

L)
∥∥2

CGNSS
)

+

K−1∑
k=0

ρ(
∥∥∥(xBL(0)

k−1 ,xBL(0)

k ,xL
k−1,x

L
k )

∥∥∥
2

CLIO

) }

(1)

4 NLOS Exclusion and GNSS-RTK 
Positioning

The pseudorange measurement from the GNSS receiver, ρsr,k,  
is denoted as follows [25].

ρsr,k = rsr,k + c(δr,k − δsr,k) + Isr,k + T s
r,k + εsr,k (1)

where rsr,k is the geometric range between the satellite 
and the GNSS receiver. Isr,k represents the ionospheric delay 
distance; T s

r,k indicates the tropospheric delay distance. 
ε
s

r,k represents the errors caused by the multipath effects, 
NLOS receptions, receiver noise, and antenna phase-

related noise. The atmosphere effects (T s

r,k and Isr,k) are 
compensated using the conventional models (Saastamoinen 

Figure 2 Demonstration of NLOS detection based on PCM. The red circles denote the 
GNSS NLOS satellites. The blue circles denote the LOS measurements.  

The number inside the circles denotes the elevation angle of the satellites.

and Klobuchar models, respectively) presented in RTKLIB 
[26]. Given the PCM in the ENU frame, satellite elevation 
and azimuth angles which can be calculated using least 
squares estimation based on pseudorange measurements, 
the GNSS NLOS can be detected using the fast searching 
method proposed in [16]. An illustration of the GNSS NLOS 
receptions detection is shown in Figure 2. 

In terms of the measurements from the GNSS receiver, each 

carrier-phase measurement, ψs
r,k, is written as follows [25].

λψs
r,k = rsr,k + c(δr,k − δsr,k) + Isr,k + T s

r,k + λBs
r,k + δψs

r,k + εsr,k (1)

where the P1 and P2  are defined for better representation. 
Based on the residuals derived above, the combined 
objective function can be formulated as follows to optimize 
the state set XL inside the sliding window [21]:

where the rGNSS(z
G

r,k
,XL

) represents the residuals of the 

GNSS factor and rLIO(x
BL

(0)

k−1
,xBL

(0)

k
,xL

k−1
,xL

k
) represents 

the residual of the LIO factor, respectively, XL
∗ are the 

optimal states to be estimated. The CGNSS  denotes the 
covariance matrix of the GNSS factor. The CLIO  denotes 
the covariance matrix of the LIO factor. Similar to the local 
FGO, the Equation (18) is also solved using the Levenberg-
Marquardt (L-M) algorithm [24] via Ceres-solver [23]. 
Therefore, the PCM can be corrected by accumulating the 
raw 3D point clouds inside the sliding window of global 

FGO based on the state set XL, which is denoted as ML

k . 
Different from our previous work in [16], the generated PCM 
is free of drift with the help of the integration of GNSS-RTK 
positioning, which is one of the contributions of this paper.

Assume the received satellite set at epoch k is denoted 

as SVr,k = {SV 1

r,k
, · · · , SV i

r,k
, · · · , SV N

r,k
}  which involves 

both the LOS and NLOS satellites. The variable N denotes 

the number of satellites received at epoch k. The SV i

r,k 

denotes the measurements of satellite i. After the GNSS 
NLOS detection and exclusion, the remaining satellite set is 

denoted as SSVr,k = {SV 1

r,k
, · · · , SV i

r,k
, · · · , SV M

r,k
} where 

the variable M  denotes the number of remaining satellites.

The variable λ denotes the carrier wavelength. The variable 
δψ

s

r,k denotes the carrier-phase correction term including 
antenna phase offsets and variations, station displacement 
by earth tides, phase windup effect, and relativity correction 

on the satellite clock. εsr,k represents the errors caused 
by the multipath effects, NLOS receptions, receiver noise, 

and antenna delay.  Bs

r,k is the carrier-phase bias, which 
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is calculated in the following equation. The detailed 
formulation of the carrier-phase correction can be found in 
[26]. 

Bs
r,k = ψr,0,k − ψs

0,k +Ns
r,k (1)(21)

(25)

(26)

(27)

(28)

(29)

(30)

(31)

(23)

(24)

(22)ρsDD,k = (ρsr,k − ρsb,k)− (ρwr,k − ρwb,k) (1)

The variable ψr,0,k represents the initial phase of the 

receiver local oscillator. Similarly, the ψs

0,k  stands for the 
initial phase of the transmitted navigation signal from the 

satellite. The variable Ns

r,k denotes the carrier-phase integer 
ambiguity. 

The double difference (DD) pseudorange measurement 

(ρsDD,k) of satellite s is formulated as follows:

ψs
DD,k = (ψs

r,k − ψs
b,k)− (ψw

r,k − ψw
b,k) (1)

The variable ρwb,k and ρsb,k  stands for the pseudorange 
measurements received by the reference station which is 
denoted by the subscript b. Generally, the satellite with 
the highest elevation angle tends to involve the lowest 
multipath and NLOS errors. Therefore, the satellite w, 
with the highest elevation angle, is selected as the master 
satellite. After applying the DD process to the pseudorange 

measurements, the derived ρsDD,k is free of the clock bias 
and atmosphere effects [26]. Similarly, the DD carrier-phase 

measurement (ψs

DD,k) of satellite s is formulated as follows:

xfloat
r,k = (pG

r,k,∆N1
rb,k,∆N2

rb,k, · · · ,∆NM−1
rb,k )T (1)

The variables ψs

b,k and ψw

b,k  stand for the carrier-phase 
measurements received by the reference station. Similarly, 
the clock bias and atmosphere effects are waived from 
ψ
s

DD,k. The ψs

DD,k involves the DD ambiguity [26], which is 
to be estimated.

The float solution of GNSS-RTK can be represented as 
follows: 

where the variable xfloat

r,k
 denotes the state of the GNSS 

receiver at epoch k which consists of position (pG

r,k) in the 
ECEF frame, and the DD ambiguities. The variable ∆N

M−1

rb,k  
denotes the DD carrier-phase ambiguity bias corresponding 
to satellite M − 1. In other words, each DD carrier-
phase measurement involves a specific ambiguity bias. 
Therefore, the observation model for the DD pseudorange 

measurement (ρsDD,k) is expressed as follows:

ρsDD,k = hs
DD,ρ,k(xr,k,p

s
k,p

w
k ,pb) + ωs

DD,ρ,k (1)

hs
DD,ρ,k(xr,k,p

s
k,p

w
k ,pb) = (

∥∥xr,k − ps
k

∥∥− ‖pb − ps
k‖)

− (
∥∥xr,k − pw

k

∥∥− ‖pb − pw
k ‖)

(1)

the variable ωs
DD,ρ,k denotes the noise associated with the 

ρ
s

DD,k . The function hs
DD,ρ,k

(∗) denotes the observation 

function connecting the state of the GNSS receiver and the 

DD measurement ρsDD,k. Therefore, the error factor for the 
DD pseudorange measurement is as follows:

∥∥esDD,ρ,k

∥∥2

Σs
DD,ρ,k

=
∥∥ρsDD,k − hs

DD,ρ,k(xr,k,p
s
k,p

w
k ,pb)

∥∥2

Σs
DD,ρ,k

(1)

The variable Σs
DD,ρ,k stands for the covariance associated 

with the ρsDD,k which is calculated based on the elevation 
angle and Signal-to-Noise Ratio (SNR) of the received 
satellite measurement [27]. Similarly, the observation model 
for the DD carrier-phase measurement is expressed as 
follows:

ψs
DD,k = hs

DD,ψ,k(xr,k,p
s
k,p

w
k ,pb) + ωs

DD,ψ,k (1)

hs
DD,ψ,k(xr,k,p

s
k,p

w
k ,pb) = (

∥∥xr,k − ps
k

∥∥− ‖pb − ps
k‖)

− (
∥∥xr,k − pw

k

∥∥− ‖pb − pw
k ‖) + ∆Ns

rb,k

(1)

The variable ωs
DD,ψ,k denotes the noise associated with the 

ψ
s

DD,k. The variable ∆Ns

rb,k denotes the DD ambiguity of 
the carrier-phase measurement. Therefore, the error factor 
for the DD carrier-phase measurement is as follows:

∥∥esDD,ψ,k

∥∥2

Σs
DD,ψ,k

=
∥∥ψs

DD,k − hs
DD,ψ,k(xr,k,p

s
k,p

w
k ,pb)

∥∥2

Σs
DD,ψ,k

(1)

The variable Σs
DD,ψ,k stands for the covariance associated 

with the ψs
DD,k. Therefore, the objective function for the 

float solution estimation of GNSS-RTK is formulated as 
follows:

xfloat∗
r,k = arg min

∑
s,k

(
∥∥esDD,ψ,k

∥∥2

Σs
DD,ψ,k

+
∥∥esDD,ρ,k

∥∥2

Σs
DD,ρ,k

) (1)

The variable xfloat∗

r,k
 denotes the optimal estimation of 

the float solution. Therefore, the float solution for GNSS-
RTK at the current epoch can be obtained by solving the 
above objective function (31) via Ceres-solver [23]. After 
obtaining the float solution of the GNSS-RTK, the ambiguity 
resolution algorithm is used to estimate the fixed solution. 

The variable ∆Ns

r,k should be an integer value when the 
carrier-phase measurement is free from noise. This paper 
makes use of the popular LAMBDA algorithm [28] to solve 
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the integer ambiguity resolution problem and the resolved 

fixed solution is denoted as xfix

r,k
. Then the fixed solution 

is fed to the global FGO to correct the drift in the PCM 
presented in Section 3.2.

To verify the effectiveness of the proposed method, we 
collect the dataset in a typical urban scenario in Hong 
Kong. Figure 3 shows the data collection vehicle installed 
with multiple sensors. The test scenario is shown on the 
bottom right of Figure 3. It is a challenging environment for 
the GNSS-RTK positioning, with tall buildings and trees on 
either sides of the street.

5 Experimental Results and 
Discussion

5.1 Experimental Setup

5.2 Performance Evaluation in an 
Urban Canyon

3D LiDAR IMU  Sensor 

u-blox Receiver

SPAN-CPT

Figure 3 Illustration of the data collection vehicle and tested scenarios

During the experiment, a u-blox M8T GNSS receiver 
was used to collect raw GPS/BeiDou measurements at a 
frequency of 1 Hz. A 3D LiDAR sensor (Velodyne 32) was 
deployed to collect raw 3D point clouds at a frequency of 
10 Hz. The Xsens Ti-10 IMU was used to collect data at a 
frequency of 200 Hz. In addition, the NovAtel SPAN-CPT, 
a GNSS (GPS, GLONASS, and Beidou) RTK/INS (fiber-optic 
gyroscopes, FOG) integrated navigation system was used 
to provide ground truth of positioning. The gyro bias in-run 
stability of the FOG is 1 degree per hour, and its random 
walk is 0.067 degrees per hour. The baseline between the 
rover and the GNSS base station is about 5 km. All the data 
was collected and synchronized using a robot operation 

The results of the preceding three methods are compared in 
Table 1. The first row shows the number of satellites being 
used in the positioning estimation. A mean number of 17 
satellites are received for GNSS positioning. After applying 
the proposed GNSS NLOS exclusion, the mean number of 
satellites decreases to 15.8. The second column shows the 
2D positioning error of the u-blox receiver. The positioning 
result is based on standard NMEA messages from the u-blox 
receiver. A mean error of 6.25 meters was obtained, with 
a standard deviation of 7.31 meters. The maximum error 
reached 38.53 meters. The GNSS solution was available 
throughout the experiment. The third column shows the 
conventional GNSS-RTK positioning result. The mean 
error decreases to 2.43 meters after using both the raw 
measurements from the u-blox receiver and the reference 
station. The standard deviation (STD) and the maximum 
error decrease to 1.16 meters and 7.20 meters, respectively. 
We can see that the fixed rate is only 1.0% due to the 
poor measurement quality. With the help of the proposed 
method by excluding the GNSS NLOS measurements, 
the mean error decreases to 1.95 meters with a standard 
deviation of 1.003 meters. However, the maximum error 
increases from 7.20 (GNSS-RTK) to 12.40 meters (GNSS-
RTK-C). Fortunately, the fixed rate increases slightly to 1.6% 

system (ROS) [29]. The coordinate systems between all the 
sensors were calibrated before the experiments. 

We analyzed the performance of GNSS-RTK positioning by 
comparing several methods, as shown below. The objective 
of this analysis was to validate the effectiveness of the 
proposed method in improving the GNSS-RTK positioning. 
The accuracy is evaluated in the ENU frame by selecting the 
first point as the reference position.

(a) GNSS-RTK: conventional GNSS-RTK positioning 
solution [26] via the raw measurements from the 
u-blox M8T receiver. The ambiguity is solved by an 
epoch-by-epoch basis.

(b) u-blox receiver: commercial GNSS positioning solution 
output from the u-blox receiver M8T receiver, without 
the correction from the reference stations.

(c) GNSS-RTK-C: GNSS-RTK positioning solution aided by 
GNSS NLOS exclusion using the proposed method, via 
the raw measurements from the u-blox M8T receiver. 
The ambiguity is solved by an epoch-by-epoch basis.
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after excluding the NLOS receptions. The improved GNSS 
positioning results demonstrate the effectiveness of the 
proposed method in mitigating the effects of NLOS signals. 

Items u-blox GNSS-RTK
GNSS-
RTK-C

Mean 
satellite 
number

17 17 15.8

Mean error 6.25m 2.43m 1.95m

STD 7.31m 1.16m 1.003m

Maximum 
error

38.53m 7.20m 12.40m

Fixed rate N/A 1.0% 1.6%

Table 1 Positioning Performance Comparison

The trajectories of the evaluated three methods together 
with the ground truth are shown in Figure 4. The positioning 
errors throughout the experiment are shown in Figure 5. 
Interestingly, we can see that near epoch A annotated 
by a circle in Figure 5, the positioning error arising from 
the proposed method is significantly larger than the 
conventional GNSS-RTK which is due to the excessive 
exclusion of the GNSS NLOS. The scenario near epoch A 
is shown in the middle of Figure 4 which involves dense 
foliage. The bottom panel of Figure 5 shows the number of 
satellites being excluded. Four of the satellites are detected 
as NLOS using the generated PCM. As a result, the geometry 
of the satellite distribution is significantly distorted, leading 
to increased positioning error. Similar phenomenon were 
also found in previous literature [4, 30, 31].

In summary, the proposed method (GNSS-RTK-C) effectively 
detects and excludes the potential GNSS NLOS, leading to 
improved performance, compared with the conventional 
method (GNSS-RTK). However, the fixed rate is still limited 
at 1.0% for GNSS-RTK and 1.6% for GNSS-RTK-C. The major 
problem is caused by the poor geometry of the satellite 
distribution due to the proposed GNSS NLOS exclusion.

GNSS-RTK positioning is currently still the indispensable 
source for autonomous driving localization which requires 
accurate and absolute positioning. Unfortunately, the 
application of GNSS-RTK positioning in urban canyons is 
still limited due to the signal reflection and poor satellite 
geometry. This paper opens a new window for improving 
the GNSS-RTK by detecting and excluding the potential 
GNSS NLOS using onboard sensing (LiDAR/inertial 
integration). The accuracy of the GNSS-RTK is improved 
from 2.43 to 1.95 meters in the evaluated dataset with the 
help of the proposed NLOS exclusion.
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Figure 4 Trajectories of the evaluated methods. The black curve denotes  
the ground truth (GT). The red, green, and blue curves denote the solutions  

from GNSS-RTK, u-blox receiver, and GNSS-RTK-C, respectively. 

Figure 5 The top panel shows the errors of the evaluated methods. The red, green, 
and blue curves denote the solutions from GNSS-RTK, u-blox receiver,  
and GNSS-RTK-C, respectively. The bottom panel shows the number  

of excluded GNSS NLOS satellites during the experiment.
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According to the results, the fixed rate of GNSS-RTK is still 
limited in the evaluated dataset due to the poor satellite 
geometry after the GNSS NLOS exclusion. In the future, 
more environmental features will be exploited as pseudo-
satellites to obtain better satellite geometry, in order to 
further increase the integer ambiguity fix rate of the GNSS-
RTK in urban canyons. Also, multiple 3D LiDARs will be 
employed to generate more comprehensive and detailed 
PCM to improve the FOV of the environment reconstruction.
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Different display devices, such as televisions, computers, mobile phones, and tablets, have different display capabilities. The 
same content is displayed differently on all these devices. Usually, the image quality on these devices is not as good as the 
image quality achieved during production. Consumers cannot fully experience the artistic intentions of creators. To alleviate 
this problem, content creators must compromise on video quality during content production. Some industry standards have 
been formulated to ensure the display effect on different display devices. However, the display effect perceived by consumers 
is still not up to the standard required by creators. This paper proposes high dynamic range (HDR) Vivid video technology  
to analyze content characteristics during production, generate metadata, and adapt the luminance, contrast, and color on 
display devices based on the metadata, characteristics of the human visual system, and display capabilities of the devices, 
in order to faithfully reproduce artistic intentions. HDR Vivid optimizes various characteristics, including luminance, contrast, 
and color, and accurately tunes colors to improve visual effects and fully reproduce artistic intentions on different consumer 
devices, bridging the gap between creators and consumers.
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1 Introduction

High-quality images depend on five elements: resolution, bit 
depth, frame rate, color gamut, and dynamic range.

Resolution is the number of pixels in a digital image [1]. 
For a given display size, a higher resolution indicates more 
pixels and finer details. According to BT.709 [2] released 
by the International Telecommunication Union (ITU), the 
resolution of high definition (HD) images is 1920 × 1080. In 
2012, the ITU released the BT.2020 [3] to define 4K (3840 × 
2160) and 8K (7680 × 4320) resolutions.

Bit depth is the number of color bits that can be displayed 
per pixel [4]. A larger bit depth indicates that more colors 
can be displayed, producing a more natural gradient of the 
entire image. BT.709 defines 8-bit encoding for HD images. 
BT.2020 increases the bit depth to 10 bits and 12 bits to 
meet the requirements of 4K and 8K images.

Frame rate is the number of images that are continuously 
displayed in a unit time (1s) [5]. The frame rate of a movie 
is usually 24p (24 frames per second). According to BT.709, 
the maximum frame rate of HD images is 60p. According 
to BT.2020, the maximum frame rate of 8K TV programs is 
120p. At this frame rate, the smoothness of moving images 
is almost the same as that perceived in the real world.

Color gamut describes a range of colors that can be 
displayed [6]. The colors in the visible spectrum in nature 
form the largest color gamut, including all the colors that 
can be seen by human eyes. A larger color gamut indicates 
that more colors can be reproduced on a display device. 
BT.2020 extends the color gamut from Rec.709 (in BT.709) 
to Rec.2020, further expanding the color range.

Dynamic range is the difference between the maximum and 
minimum values of an object, often in the format of ratio 
[7]. The dynamic range of an image indicates the difference 
in luminance. A larger dynamic range indicates more bright 
and dark details in the image, which delivers a more vivid 
experience to consumers. BT.2020 significantly promoted the 
development of these elements, except for dynamic range. It 
was not until 2016 that ITU released BT.2100 [8] to officially 
define the parameters for HDR images.

The development of HDR technology requires the advanced 
capabilities of display devices. The UHD Alliance proposed 
the UltraHD Premium standard [9] for devices (such as 
televisions). Take luminance of a display device as an 
example. To pass HDR certification, the maximum luminance 

needs to reach 1000  nits  (cd/m2), and the maximum 
blackness (lowest luminance that can be displayed on the 
screen when it is not turned off) needs to be less than 
0.05 nits  (cd/m2); alternatively, the maximum luminance 
needs to reach 540  nits  (cd/m2), and the maximum 
blackness needs to be less than 0.0005  nits  (cd/m2). 
However, high-quality HDR images produced by creators 
often have a larger dynamic range, which creates a 
daunting challenge: how to correctly display these images 
on devices with a lower dynamic range to fully reproduce 
the artistic intentions of creators. Tone mapping is a process 
of reducing the dynamic range while maintaining the 
contrast and details of the original image [10].

Research on tone mapping began years ago. Reinhard [11] 
developed a global tone mapping operator based on the 
response of cone cells in human eyes to light. Kim [12] 
proposed a scenario-specific mean logarithm luminance 
mapping model that follows Gaussian distribution based 
on the sensitivity of human vision. With the development 
of artificial intelligence, deep learning technology is also 
applied to the research on tone mapping. Patel [13] used 
generative adversarial networks to perform supervised 
learning on tone mapping. Zhang [14] used a multi-scale 
convolutional neural network to retain the maximum 
possible global and local information of an HDR image 
during mapping.

To further improve the display quality of display devices, 

the concept of metadata is used in engineering practices 

and standardization. Metadata includes the characteristics 

of the original image and is transmitted to devices. The 

display devices use the metadata to perform tone mapping 

based on the corresponding standards and specifications. In 

2014, the Society of Motion Picture and Television Engineers 

(SMPTE) issued the ST 2086 standard [15], which defines 

Figure 1 Elements of high-quality images
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2.1 Visual Arts and HDR Productionstatic metadata for HDR. Static metadata includes the 
information about the monitoring device used by creators 
during color tuning.

The proposed HDR Vivid technology has the following 
innovative features:

1. Uses a high resolution, large bit depth, high frame rate, 
wide color gamut, and large dynamic range to produce 
high-quality HDR Vivid content.

2. Provides a luminance, contrast, and color preservation 
method to ensure the flexibility, stability, and suitability 
of HDR content ,  and accurately reproduce the 
luminance, contrast, and colors in various scenarios.

3. Uses dynamic metadata based on the characteristics of 
human eyes to ensure consistent display effect of HDR 
content on devices with different display capabilities.

4. Uses content generation and production tools to expose 
the interface for adjusting dynamic metadata, enabling 
creators to freely create content.

HDR Vivid has been adopted by the China UHD Video 
Industry Alliance and has become an HDR video standard. 
This paper describes the principles and technical solution of 
HDR Vivid.

2 E2E HDR System

A creator often uses modern technology to create content. 
The creation process includes production, distribution, 
display, and perception.

Figure 2 shows the entire HDR creation process. First, a creator 
uses tools, such as a camera and color tuning software, 
to produce a master. Then, the master is compressed to a 
bitstream and transmitted during distribution. The compressed 
bitstream is decoded and presented during display and 
perception. These steps are interrelated, and the result 
of each step affects the next step. The following sections 
describe visual arts, as well as HDR production, distribution, 
display, and perception.

Figure 2 E2E HDR system

Visual arts are the visual works created using certain 
materials and techniques. There are various forms of 
visual arts, including sculpture, painting, and photography, 
as well as various modeling techniques [16]. Visual arts 
are a "language" for conveying information. They are 
specifications or a symbolic system that uses basic visual 
elements and design principles to convey connotations 
[17]. Basic visual elements include line, shape, light, shade, 
color, texture, and space. They are used by artists to express 
artistic intentions. Creators select the materials and art 
forms (such as sculpture, painting, representational method, 
or abstract method), and use certain principles and methods 
to control the relationship between these elements within 
a certain scope, in order to develop an image with specific 
information [18].

Painting is an ancient form of visual arts [19]. Its 
development was greatly limited by technology. Cavemen 
used soil pigments to make cave murals. Bright dark 
blue pigments were extracted from celestine during the 
Renaissance to paint the Virgin Mary in elegant blue. The 
development of new pigments and the invention of the 
metal tube in the 19th century increased the possibility and 
convenience of outdoor painting. Camera obscuras helped 
painters achieve more accurate perspectives [20, 21] and 
led to the emergence of photography in the 19th century.

Photography was born with Gedar's daguerreotype. In 
1889, Eastman Kodak Corporation of the United States 
used nitrocellulose film as the base material to produce 
photographic films on a large scale, which promoted 
the miniaturization of cameras. Photosensitive films use 
photosensitive silver salt particles. The optical characteristics 
of silver salt particles follow the gamma curve [22]. 
Intensifiers and reducers needed to be added on films with 
narrow spectral characteristics to produce good photos 
[23]. At the end of the 20th century, the invention of digital 
camera further promoted the development of photography. 
Tests conducted by photographers [24] found that the 
acceptable tolerance of film cameras and digital cameras 
is 8 and 9 respectively. In most cases, noises on films are 
difficult to distinguish from details. Digital cameras have a 
better performance.

From cave murals to sculptures, paintings, and electronic 
display devices, technological development has profoundly 
changed the way we create and perceive visual arts. 
Cathode Ray Tubes (CRTs) were widely used in electronic 
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2.2 HDR Distribution

display devices. The color gamut of P22 phosphor used by 
CRTs is close to the color gamut defined by BT.709, and 
the maximum luminance is close to 100 nits. Liquid crystal 
displays (LCDs) evolved rapidly to replace CRTs, providing 
a wider color gamut and higher luminance [25]. In recent 
years, organic light-emitting diodes (OLEDs), micro-LEDs, 
and laser display extended the color gamut to Digital 
Cinema Initiative-P3 (DCI-P3) or even the color gamut 
defined by BT.2020, the peak luminance to 3000–10,000 nits, 
and the bit depth to 10 bits. The development of HDR 
technology has improved visual perception in the same 
way that the development of mineral pigment purification 
improved to painting. HDR Vivid supports a depth of 12 bits, 
dynamic range of 4000–10,000 nits, BT.2020 color gamut 
(which includes the range of almost all colors that can 
be perceived by the human visual system), and metadata 
control, opening up more possibilities for art and enabling 
artists to present art more flexibly.

HDR content needs to be properly encoded for distribution. Bit 
depth and linear-to-nonlinear conversion are key factors for 
HDR coding. Digital images are discrete. The easiest way to 
retain more finer details is by increasing the bit depth. For a 
given maximum luminance, BT.2020 uses 10- or 12-bit coding 
to record more information than the 8-bit coding in BT.709.

Linear coding is the most direct mode for original HDR 
content. This coding mode uses many color levels for bright 
regions and does not record enough information about dark 
regions. As a result, the processed content is not suitable 
for human eyes due to the non-linearity of the human 
visual system. In the field of video, the gamma input/
output characteristic curve is not only used for gamma 
correction in CRTs but is also used for other scenarios. An 
opto-electronic transfer function (OETF) transfers the data 
collected by optical sensors to electronic signals. An electro-
optical transfer function (EOTF) restores and displays the 
coded data on display devices. In general, the curve of any 
type of OETF and the corresponding EOTF curve can be 
considered gamma curves. Research has been conducted 
on designing gamma curves for the human visual system, 
yielding promising results.

In the 18th century, Bouguer et al. proposed the log-
uniform distribution, where the luminance perceived by 
human eyes increases uniformly when the logarithm of 
luminance increases uniformly. The Weber-Fechner Law 

[26] has been widely accepted. This model can be simply 
expressed as follows:

∆L
L

= k                                  (1)

where L indicates the absolute luminance, and ΔL indicates 
the lowest luminance difference that human eyes can 
perceive at luminance L. k is a Weber fraction, which is a 
fixed value and can be solved by:

L	(p)	=	Cekp                                 (2)

where p indicates the subjectively perceived luminance, 
and C is a constant. This model follows the log-uniform 
distribution. Log coding, which is commonly used, was 
developed based on the Weber-Fechner Law. The log-
uniform model is precise in most cases. However, in a dark 
scenario (for example, where the luminance is lower than 
1 nit [cd/m2]) or a bright scenario (for example, where 
the luminance is higher than 1000  nits [cd/m2]), the 
exponential-uniform model has a better performance. This 
concept was proposed by Plateau et al. in the 19th century. 
In 1957, Hunt [27] used optic nerve stimulation to prove 
that its relationship with light follows a power function. 
According to Stevens' Power Law proposed by Stevens 
[28], the luminance perceived by human eyes uniformly 
increases with the cubic root of luminance in a wide range. 
The widely accepted gamma coding was developed based 
on the Stevens' Power Law, but it uses different exponents. 
For example, in darkness, where rod cells of the retina that 
are more sensitive to light begin to work, the luminance 
perceived by human eyes approximately increases uniformly 
with the square root of luminance, according to the DeVries-
Rose model [29].

As the dynamic range increases, the traditional method 
easily damages color levels or leads to a waste of a large 
number of code words. A new coding method based on the 
contrast threshold model was proposed. Two modes were 
designed for this method: (1) precisely design the code to 
adapt the contrast to human eyes; (2) approximately design 
the code to improve compatibility. The first mode is based 
on the Barten's Mode [30], which is a luminance perception 
model, including the pupil size, particle noise, lateral 
suppression of retinal cells, optic nerve noise, and impact of 
time and space on visual perception. The following contrast 
sensitivity function (CSF) is used to describe the result:

    (3)
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where mt indicates the reciprocal of the CSF, L indicates 
luminance (unit: nit), u indicates the spatial frequency of 
the contrast (unit: cycle/degree), and X0 indicates the angle 
of view (AOV) (unit: degree). Other variables are defined 
in ITU BT.2446 [31]. BT.2446 sets X0 to 60 degrees, turning 
the function into a binary function S(u, L). This model was 
first used by the Digital Imaging and Communications 
in Medicine (DICOM) standard [32] in 2001 to develop 
a coding scheme for 0.05 to 4000 nits  (cd/m2) based on 
u =	4 cycles/degree. In 2008, Aydın [33] et al. proposed 
Perceptually Uniform (PU) coding. PU selects the spatial 
frequency point with the highest contrast sensitivity for each 
luminance and converts sensitivity S into a monodrome 
function of L. PU uses the lookup table (LUT), limiting the 
application scenarios. In 2014, SMPTE officially released the 
Perceptually Quantizer (PQ) coding function in the ST.2084 
[34]. PQ uses a CSF with an AOV of 40 degrees, provides 
a luminance range from 0 to 10,000 nits, and can be used 
in coding schemes that have a bit depth of 10 to 12 bits. 
PQ uses a simplified and easy-to-inverse approximation 
function to replace the LUT in PU, significantly improving 
usability. In 2016, BT.2100 defined PQ as one of the two 
gamma curves recommended for HDR program distribution, 
and PQ has since become the mainstream format for HDR 
content distribution of Internet videos and movies.

However, in precise coding, the coded data must be mapped 
to an absolute luminance, instead of being mapped 
between 0 and 1 based on the highest luminance of a 
display in traditional coding. Without luminance adjustment, 
PQ cannot ensure the display effect of HDR content for 
all displays. This is because luminance-based decoding 
truncates the highlight information that exceeds the 
maximum display capability of the device. A simplified or 
"simplistic" coding mode hybrid-log gamma (HLG) [35] was 
developed by British Broadcasting Corporation (BBC) and 
Nippon Hoso Kyokai (NHK) to improve device compatibility 
and allow devices with different display capabilities to use 
the same signal source. HLG integrates the traditional visual 
perception model, which uses approximate square root 
coding for dark regions and logarithmic coding for bright 
regions. This method features good compatibility (with 
SDR). The HLG coding function based on relative luminance 
has been selected by BT.2100 as a recommended gamma 
curve for HDR program distribution, due to the fact that the 
maximum luminance of consumer displays is not very high. 
HDR is widely used in many fields, such as broadcast TV 
and live streaming.

2.3 HDR Display and Perception

Figure 3 PSF of the visual system [36]

Content is displayed based on the display capabilities and 
policies of display devices. The visual system, visual nerve, 
and brain vision forms a perception of the displayed content 
in the brain.

Human eyes, as an optical system, can be described by 
Fourier optics. A retina image can be represented as a 
convolution of the input image with a point spread function 
(PSF). However, human eyes are not a perfect optical 
system. The PSF of human eyes is a fuzzy kernel in a wide 
AOV range, as shown in Figure 3. The PSF depends on 
the pupil aperture, and the aberrations of the cornea and 
crystalline lens. The wide AOV range is caused by scattering. 
The center of the PSF causes blurs. At the tail, light sources 
of bright spots are superposed on other pixels, reducing 
the contrast of the image. In addition, the dependence of 
refractive index on wavelength causes chromatic aberration. 
Light with long and short wavelengths form images at 
different depths on the retina. Blue is usually more blurred 
than other colors. An eye is equivalent to a band-pass filter 
for light reaching the retina. It adapts the sensitivity of the 
photoreceptor to the wavelength and absorbs more blue 
light. The visual system also uses the neural network to 
compensate the aberrations. Although the optical quality of 
human eyes is low, they are still a highly optimized optical 
system [36].

The retina is 0.25 mm thick and has five layers. The 
outer nuclear layer contains photoreceptor cells. The 
outer plexiform layer contains the synaptic terminals of 
photoreceptors and dendrites of bipolar and horizontal cells. 
The inner nuclear layer contains bipolar, horizontal and 
vertical cell bodies. The inner plexiform layer contains axonal 
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terminals of bipolar cells. The ganglion cell layer contains 
all retinal ganglion cells. The axons of retinal ganglion cells 
form the optic nerve, which exits the retina through the 
optic disk and connects to the brain [37]. Approximately 
90% of the optic nerve fibers terminate in the lateral 
geniculate nucleus (LGN), which is a small part of the 
thalamus. Starting from the retina, the parallel pathways 
reach the primary visual cortex (V1) through the LGN.

The visual system can adapt to the content and viewing 
environment, including the luminance, light, and contrast. 
Light adaptation is completed on the retina. The effect is 
equivalent to dividing the luminance by average luminance. 
The retina can convert a wide range of visual signals into 
a small range of neural signals. Contrast adaptation starts 
on the retina and is enhanced in the LGN and visual cortex. 
The effect is equivalent to dividing the contrast at the 
corresponding pixel position by local contrast [38].

Figure 4 shows the response of the nervous system, which is 
usually an S curve of the Naka-Rushton equation:

                            (4)

where R indicates the response to input signal I, Rmax 
indicates the maximum response, Is indicates a half-
saturation coefficient, and n is a fixed exponent [38]. n is 
usually 0.75 for cones, 1.0 for retina, 1.1 for LGN, and 2 
for V1. In general, a small input leads to an approximately 
linear curve, a medium input leads to an exponential curve, 
and a large input leads to a logarithm curve.

Figure 4 Photoreceptor response curve [39]
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Figure 6 Minimization solution of the human eye perception system

                      (5)

Formula (5) is a minimization solution problem. Tremendous 
efforts have been made by researchers to solve this 
problem. Z. Mai [40] assumed that only luminance is lost 
and chroma is not lost in l̃ , and proposed a method for 
processing luminance loss. This method divides the input 
luminance into equal parts, performs differentiated 
processing on each part, and uses the Karush–Kuhn–Tucker 
optimization theory to calculate the optimal analytical 

Conventional static HDR only allows video creators to 
control the image quality on the device in the production 
environment. To guarantee the display effect on display 
devices, creators have to manually debug different video 
versions for different viewing environments on all difference 
devices. This is time-consuming and infeasible. The HDR 
Vivid technology helps creators faithfully reproduce artistic 
intentions on different display devices. Figure 5 shows the 
E2E system block diagram of the HDR Vivid technology. 
Each production process involves the HDR Vivid technology, 
standard, and ecosystem. The HDR Vivid technology ensures 
that the artistic intentions of creators can be reproduced on 
different display devices. The HDR Vivid standard ensures 
interoperability. The HDR Vivid ecosystem facilitates the 
implementation and provides support for the HDR Vivid 
technology and standard.

To reproduce the artistic intentions of creators, results of 
1 and 2 in Figure 5 need to be as similar as possible. The 
mathematical model is shown in Figure 6 and described by 
Formula (5).

3 HDR Vivid Technology

3.1 E2E HDR Vivid System

Figure 5 E2E HDR Vivid technology enabling visual arts
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solution. In addition, various models were proposed based 
on different visual experiments, including the CSF model 
[41], CAM model [42], Hunt model [43], contrast invariant 
visual distortion model (CIVDM) model [44], and other 
human eye perception models [45–47]. Human eye 
perception models are developed based on the human eye 
perception system and simulate the responses of human 
brains to images. Various factors, including the responses of 
human eyes to color and luminance stimulation, luminance 
of display devices, and luminance and colors of videos, need 
to be considered to improve these models.

HDR Vivid uses all the factors that have a great impact 
on the display effect in human eye perception models to 
design the HDR production and presentation processes. 
The HDR Vivid technology analyzes the content based on 
human eye perception models and generates HDR Vivid 
metadata, which includes luminance and color curves. After 
HDR content distribution, the metadata is parsed and used 
in the display process to reproduce the artistic intentions 
of creators based on the display capability of the device. 
HDR Vivid information includes the light, shadow, and 
tone information of each image. This information is used 
throughout the entire E2E HDR Vivid system, including 
presentation and production technology.

where n is usually 0.75 for conical cells, 1.0 for retina, 1.1 
for LGN, and 2 for V1. In general, a small input luminance 
leads to an approximately linear curve, a medium input 
luminance leads to an exponential curve, and a large input 
luminance leads to a logarithm curve [49]. In different test 
environments, the equation can be [50]:

                            (7)

where g, n, and c vary according to the test content, and L is 
the log value of the luminance. The Steven model uses the 
following luminance perception function in the form of a cubic 
root to best describe how human eyes perceive highlights:

R = c (a * L + b)0.33 +	d                             (8)

where L is the input, R is the output, and a, b, c, and d are 
parameters.

The perception of the original luminance Lorg and the 
luminance after tone mapping LTM needs to be the same to 
ensure consistent luminance perception.

R	(Lorg,	MaxLorg,	avgLorg) =	R	(LTM,	MaxLTM,	avgLTM) 									(9)

where MaxL and avgL are the maximum and average 
luminance of the image respectively.

Research shows that changes in contrast perception are 
affected by the spatial frequency of the stimulus value [51]. 
Generally, kernels of Fourier transform are used to simulate 
convolution kernels in the visual system to study the CSF. 
The contrast perception sensitivity is a reciprocal of the 
contrast perception threshold, and the contrast perception 
threshold indicates the minimum contrast that can be 
perceived on a uniform background. Barten used luminance, 
AOV, background, pupil size, photoreceptor sensitivity, 
and other factors to develop a fine CSF model [52]. This 
model has a maximum contrast sensitivity value for each 
luminance value. A CSF is used in DICOM, PU, and PQ to 
draw the photoelectric and electro-optic transfer curves with 
a uniform contrast. In these curves, the quantization step 
between different gray values is less than the Just Noticeable 
Difference (JND) of human eyes. To ensure uniform contrast 
perception, the PQ curve of HDR Vivid should be nearly 
linear around the average value, and the luminance curve 
of the main body should also be nearly linear (a long and 
narrow curve of the Naka-Rushton equation can meet the 
requirements). The basic HDR Vivid curve can be derived 
based on luminance perception and contrast perception:

           (10)

3.2 HDR Vivid Presentation 
Technology

3.2.1 Tone Mapping for Luminance and 
Contrast Preservation

The display capabilities of display devices are usually 
different from the dynamic range of the original content. 
Tone mapping needs to be performed to adapt the dynamic 
range of the content to the display capabilities of the 
devices. During tone mapping, the luminance and contrast 
of the content need to be as close as possible to the original 
luminance and contrast.

Previous studies show that the response of the visual nerve 
system varies with the maximum value, average value, and 
variance of the stimulus. The response of the visual nerve 
system is usually described by the S curve of the Naka-
Rushton equation [48]:

                                  (6)
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Research shows that the overall response of the visual nerve 
system varies depending on the maximum value, average 
value, and variance of the stimulus. According to the Steven 
model, luminance perception in bright regions follows 
a uniform distribution of cubic roots. According to the 
DeVries-Rose model, luminance perception in dark regions 
follows a uniform distribution of square roots, which is 
almost the same as the approximate result of the response 
of the Naka-Rushton equation at different positions. In 
the Naka-Rushton equation, a small input luminance 
leads to a linear curve, a medium input luminance leads 
to an exponential curve, a high input luminance leads to 
a logarithm curve. Research [53, 54] found that the Naka-
Rushton equation alone cannot best describe the luminance 
perception in this case, as shown in Figure 7.

where x is the input luminance, and a, b, c, and d are 
spline parameters.

The HDR Vivid tone mapping curve can be described by 
Equation (12). Figure 8 shows the curve.

  (12)

This function has three parts. Part 1 is a primary spline 
curve, which accurately describes the dynamic range of 
dark regions. Part 2 is a cubic spline curve, which uses HDR 
characteristics to generate the expected curve at any given 
position, ensuring that the curve is applicable to all HDR 
scenarios. Part 3 is a basic curve, which partly ensures the 
luminance and contrast of the main body. In addition, a few 
control parameters can be set to improve the display effect.

Figure 8 HDR Vivid luminance processing curve

3.2.2 Saturation Adjustment for Color 
Perception Preservation

In this figure, the response still meets the Naka-Rushton 
equation around the average luminance. However, the 
responses in bright and dark regions are different. This can 
be explained by the structural characteristics of human 
eyes. The retina consists of two types of photosensitive cells: 
cone cells and rod cells. These cells have different responses 
in bright and dark regions [55]. Only rod cells respond 
between 10-6 and 10-2 nits. Cone cells respond more actively 
above 10 nits. For medium luminance, the response of cone 
cells increases with luminance.

Therefore, the HDR Vivid standard uses a spline function 
to process the tone mapping result of dark regions and 
describe the response in dark regions:

an+1	(x	–	Tn)
3	+	bn+1	(x	–	Tn)

2	+	cn+1	(x – Tn)
1	+	dn+1		Tn	≤	x	<	Tn+1				(11)

Figure 7 Response of human eyes to changes of average luminance [53]

HDR Vivid tone mapping introduces a luminance gain to 
ensure color accuracy. This gain is used to process R, G, and B 
components separately at the same time with the same ratio.

Rnew = R * gain
Gnew = G * gain                           (13)
Bnew = B * gain

The conversion between XYZ and linear RGB is a linear 
conversion. Therefore:
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Figure 9 Luminance and chroma

Figure 10 HDR Vivid color processing

3.3 HDR Vivid Production Technology

In addition, the experiment showed that in contrast with 
medium bright regions, the slope of chroma changes more 
greatly with luminance in bright regions, as shown in Figure 9.

Special processing is required for bright regions:

  (20)

Xnew = X * gain
Ynew = Y * gain                           (14)
Znew = Z * gain

In CIE xy(x, y, Y):

              (15)

These equations can be used to prevent a large color 
deviation during luminance mapping.

Chroma also changes with luminance. Tumblin and Turk's 
research [56] adjusted colors based on luminance changes:

                             (16)

This equation evolved in later research [57, 58]:

                             (17)

Our research found that the color appearance of an object 
changes obviously with the overall luminance due to the 
Hunt effect [59]. Chroma changes with luminance, which 
affects color perception. How much the color perception 
changes depends on the colors and luminance of the scenario. 
Therefore, the adjustment range needs to be controlled:

                            (18)

                            (19)

This equation adequately compensates for the chroma 
changes caused by luminance changes.

Figure 10 shows the overall saturation adjustment curve 
based on the luminance gain of tone mapping.

The HDR Vivid production technology is key to the 
entire process. This technology uses dynamic metadata 
transferred from end to end to ensure a consistent display 
effect on different display devices, and allows creators to 
customize the artistic style. Figure 11 shows the HDR Vivid 
production process.
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Figure 12 Gaussian distribution

First, the basic features of the HDR master are analyzed, 
including the luminance and histogram. Then, various 
algorithms are used to determine the key control points (also 
called luminance feature points) of a mapping curve based 
on the features in different scenarios. Creators can adjust 
the luminance feature points. After the luminance feature 
points are determined, related information is converted into 
dynamic metadata according to the HDR Vivid standard. 
These processes are performed by the metadata generation 
module, as shown in Figure 11. The quality control module 
is designed to evaluate and provide feedback on the quality 
of dynamic metadata without human intervention. The time 
domain stability control module prevents flicker caused 
by dynamic metadata. The following sections describe the 
technologies used in these modules.

image. Given that illumination is usually uneven in 
nature, [62] further divides an image into underexposure 
(dark), normal exposure, and overexposure (bright) for 
differentiated processing. However, a lack of precision in 
the operations on the normal exposure region will cause 
contrast losses. [63] further divides the normal exposure 
region into low, medium, and high to improve the display 
effect. More precise division improves the image effect. 
However, most of the images discussed in previous 
research are too dark or too bright, which do not meet the 
current requirements. HDR Vivid uses the curve generation 
algorithm to generate metadata. This algorithm precisely 
divides an image or histogram based on the luminance and 
luminance distribution of different statistical characteristics 
of the content.

The luminance of a natural image follows Gaussian 
distribution. According to this principle, JPEG uses a transform 
kernel to transform the image into the transform domain 
for quantization and compression. Gauss distribution was 
first proposed by German mathematician and astronomer 
Moivre in 1733. German mathematician Gauss first applied 
it to research on astronomy. The normal curve of the 
distribution is in bell shape, as shown in Figure 12.

Figure 11 HDR Vivid production process

3.3.1 Metadata Generation

The maximum value, minimum value, average value, and 
variance (variation range) of luminance are the basic 
features of an image. Histogram is a two-dimensional 
statistical chart of data distribution. This concept was first 
proposed by British statistician Karl Pearson [60] and has 
been widely used in various fields. In a luminance histogram, 
x axis indicates the luminance of a pixel, and y axis indicates 
the number of pixels corresponding to the luminance. A 
luminance histogram reflects the luminance distributions of 
an image and is key to identifying luminance feature points.

In research on tone mapping and histogram equalization, 
an image is usually divided into many regions based on 
the histogram for differentiated processing, in order to 
reach a balance between contrast and luminance. [61] 
divides an image into bright and dark regions by estimating 
the luminance and reflectivity of different parts in the 
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The curve has six segments, accounting for 99.8% of the 
total pixel distribution. Based on the luminance distribution, 
HDR Vivid metadata divides an image into six segments, 
including extremely dark, dark, low bright, medium 
bright (skin tone), diffuse white, and highlight reflection. 
Extremely dark indicates the scotopic vision of human 
eyes, where most colors are lost, the noise is heavy, and 
absolute darkness occurs. Dark is brighter than extremely 
dark. In this region, colors are dark but visible, and texture 
is clear. In contrast, the extremely dark region does not have 
texture. Medium bright refers to the objects (such as skin 
tones) with reflectivity close to 18%. Diffuse white is the 
extremely bright region in SDR and the second bright region 
in HDR. Highlight reflection is the extremely high luminance 
caused by materials with a high reflectivity in nature. 
Figure 13 shows a typical HDR Vivid mapping curve, which 
consists of several smoothly connected curves. These curves 
are connected by the luminance feature points to be 
identified. The mapping curve has six luminance feature 
points. The shapes, design principles, and method for 
identifying the luminance feature points on each curve 
are described as follows.

to luminance feature point 1 by the primary spline. The 
advantage of this design is that the shape of the curve can 
be controlled only by adjusting the slope. The slope can 
be dynamically adjusted based on the distribution of the 
pixels below TH1 in the luminance histogram. If only a few 
pixels are distributed in this area, the slope can be reduced 
to improve the contrast. If many pixels are distributed in 
this area, the slope needs to be increased to prevent detail 
loss caused by overcompression of dark regions. After a 
slope is selected, the vertical coordinate of luminance 
feature point 1 can be calculated.

Luminance feature points 3 and 4 are connected by a basic 
curve, which is described by:

  (21)

This curve is flexible and determines the image style after 
mapping. The experiment shows that we can keep m_m,  
m_n, m_b, K1, K2, and K3 unchanged (for example, m_m	=	2.4,  
m_n	=	K1	=	K2	=	K3	=	1,	m_b	=	0) and adjust the values of 
m_ p and m_a to achieve the optimal result. m_ p depends 
on the overall luminance of the scenario. m_a depends 
on the maximum luminance of the input content and the 
maximum display capability of the display device. Therefore, 
the coordinates of (Maxsource, MaxDisplay) and (Avgsource, 
AvgLight) can be used to solve m_ p and m_a. Maxsource 
is the maximum luminance in the image characteristics, 
MaxDisplay is the maximum display capability of the display 
device, and Avgsource is the average luminance in the 
image characteristics. AvgLight is calculated as follows:

                           (22)

           (23)

where Nframe indicates the total number of pixels in a frame 
of the image, and L [i] is the luminance of pixel index i. It 
should be noted that based on the research of Mantiuk 
[44], using (Perceptual_1nit, 0.15) to replace (Avgsource, 
AvgLight) when Avgsource is small better matches the visual 
characteristics of human eyes. The preset lower threshold 
of Avgsource is usually 0.25. In addition, the coordinates 
of two points that can maximize the local contrast can be 
solved by dividing several luminance intervals and using 
histogram equalization [64] in order to calculate m_ p and 
m_a. Perceptual_1nit can be calculated by:

N(Perceptual_1nit)	=	(N(0.25)	–	N(0.15))	×	Rate +	N(0.15)      (24)

Figure 13 Typical HDR Vivid mapping curve

Based on research of Mantiuk et al. [44], the horizontal 
coordinate TH1 of luminance feature point 1 is set to 0.15, 
which is a PQ-encoded value. Unless otherwise specified, 
all luminance reference values in this section are PQ-
encoded. The research shows that the lowest luminance 
that can be perceived by cone cells that are responsible for 
color perception is about 1 nit (0.15). If the luminance is 
lower than this value, rod cells that cannot perceive color 
work predominantly. In general, the start point of the 
curve is the origin (0, 0), and the start point is connected 
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where N (x) indicates the number of pixels with a PQ-
encoded value less than x in the luminance histogram, and 
Rate is the preset ratio, which is usually 30%.

According to ITU BT.2408 [65], the lower limit of the 
luminance range of skin tones is 0.35. Therefore, the 
horizontal coordinate TH3 of luminance feature point 3 is 
set to 0.35 to ensure the display effect of skin tones. The 
vertical coordinate of luminance feature point 3 can be 
solved using TH3 in the basic curve function. The horizontal 
coordinate of luminance feature point 2 depends on the 
pixel distribution in [TH1, TH3] and can be calculated by 
equations (25) and (26):

                              (25)

                  (26)

The definitions of Nframe and L [i] are the same as above. 
Num indicates the number of pixels in [TH1, TH3] in the 
luminance histogram. The initial luminance feature point 2 
is on a straight line connecting luminance feature points 1 
and 3. The vertical coordinate of luminance feature point 
2 can be calculated using the known horizontal coordinate 
of luminance feature point 2. To improve the contrast, an 
offset can be added to the vertical coordinate of luminance 
feature point 2 based on the relationship between Num1 (the 
number of pixels in [TH1, TH2]) and Num2 (the number of 
pixesl in [TH2, TH3]). To improve flexibility and protect the 
details in dark regions, two cubic spline curves are selected 
to smoothly connect luminance feature points 1 and 3. The 
cubic spline curves can be described by equation (27):

F (L)	=	an+1 (L – Tn)
3	+	bn+1	(L – Tn)

2	+	cn+1	(L – Tn)
1	+	dn+1   

Tn	≤	L < Tn+1                                    (27)

The horizontal coordinate TH6 of luminance feature point 
6 is generally set to the maximum luminance Maxsource in 
the image characteristics. The vertical coordinate is set to 
the maximum display capability MaxDisplay of the device 
to fully leverage the display capability of the device and 
establish a mapping relationship between the maximum 
luminance of the image and the maximum luminance of 
the display. The horizontal coordinate TH6 of luminance 
feature point 6 can be adjusted based on the distribution 
around Maxsource in the luminance histogram. To calculate 
the horizontal coordinate of luminance feature point 4, we 
can evenly divide [TH3, TH6] into U intervals. The preset 
value of U is 6. The initial value of TH4 can be calculated 
using equation (28):

Figure 14 Example of an HDR Vivid artistic effect adjustment GUI

3.3.2 Quality Control

             (28)

Then, the updated TH4 and the horizontal coordinate TH5 
of luminance feature point 5 are solved using histogram 
equalization in [TH4, TH6]. Luminance feature point 4 is 
also on the basic curve. The vertical coordinate of luminance 
feature point 4 can be solved using TH4 in the basic curve 
function. Similar to luminance feature point 2, the initial 
vertical coordinate of luminance feature point 5 can be 
solved using TH5 in the straight-line equation for luminance 
feature points 4 and 6. An offset can also be added to 
luminance feature point 5.

The calculation result of the luminance feature points and 
related parameters in the solution process are converted 
based on the standard form and requirements of HDR Vivid 
dynamic metadata in order to generate dynamic metadata.

The artistic effect adjustment module depends on HDR 
content production tools. HDR Vivid uses a black box to 
dynamically adjust metadata to adapt to creators' habits 
and simplify tool usage. Common artistic effect adjusting 
elements are designed for creators on the tool GUI, such as 
dark region details, medium gray luminance, and highlight. 
Creators can update the dynamic metadata by simply 
dragging and dropping these elements. The updates will 
be mapped to the corresponding luminance feature points. 
Figure 14 shows a simplified GUI.

Figure 15 shows the HDR Vivid quality control system. This 
is an intelligent control system with adaptive adjustment, 
which can export optimal HDR Vivid metadata. In addition, 
parameter settings can be manually adjusted to produce 
special artistic effects.
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The display model in Figure 15 can be described by equation 
(29) [66]:

Ld (L') = OETF–1 (L') · (Lmax	–	Lblack) + Lblack + Lrefl         (29)

where Ld indicates the luminance of the display, and L' 
indicates the input luminance, which is usually the electrical 
signal obtained by decoding the code stream. OETF-1 (L') 
converts L' from electronic signals to optical signals. Other 
common transfer functions are gamma, HLG, and PQ. Lmax is 
the peak luminance of the display. Lblack is the black level of 
the display. Lrefl is the luminance of ambient light reflected on 
the screen, which can be approximated by the equation (30):

                                  (30)

Eamb is the luminance of ambient light. k is the reflectivity of 
the display.

Figure 15 HDR Vivid quality control system

and the characteristics of HDR Vivid content. The color 

pathway maintains the wide color gamut of HDR, especially 

highly saturated colors. The luminance pathway reproduces 

HDR highlight details. The interest pathway ensures that 

key HDR Vivid content is not lost. The human eye error 

processing module evaluates the results of the contrast, 

color, luminance, and interest pathways to select the most 

important part to reproduce artistic intentions to the 

greatest extent.

In the contrast pathway, the retina pathway considers various 

factors, such as the screen size and distance, and converts 

the input signals into LMSR signals that can be more easily 

perceived by human eyes. During multi-band analysis, the 

LMSR signals are decomposed into multiple frequency band 

signals by Laplacian frequency band decomposition. Then, 

the contrast perception model uses a CSF to process the 

signals on each frequency band, and then process all the 

CSFs together. In the color pathway, color space processing 

decomposes signals into lab and XYZ signals. During color 

analysis, the color components ab and xy in the lab and 

XYZ signals are used to calculate the color saturation, tone, 

and position in a horseshoe color gamut diagram. During 

color perception processing, the color offset, position, and 

correction direction are calculated based on the color analysis 

result. In the luminance pathway, luminance space processing 

converts signals into lab and YCbCr signals, and uses the 

guilder filter to classify Y signals into the detail layer and 

the luminance layer. During luminance analysis, highlight 

details are extracted from the luminance layer and form the 

l signals of lab signals. Highlights that do not contain details 

are discarded. During luminance perception processing, 

the luminance layer and l layer are used to calculate how 

many highlight details are lost. In the interest pathway, the 

image edges are extracted and processed during main body 

processing, and the image scenario (people, plants, animals, 

or others) is detected when the main body is analyzed. Based 

on the edge detection result, the area of interest is identified 

from the main body, and the loss of information in this area 

is calculated when the main body is processed.

When human eye errors are processed, a non-linear 

combination of the contrast perception response, color 

perception response, luminance perception response, 

and area of interest perception response exported by the 

last module is used to calculate the overall perception 

error. For example, for an image with a high contrast, the 

model focuses on whether the image loses contrast after 

processing. For an image with many highlights and highlight 

details, the model focuses on whether the luminance details 

Figure 16 Flowchart of the HDR Vivid human eye perception pathways

Figure 16 shows how human eye perception models 
simulate the reaction of human eyes to a video. These 
models extend the CIVDM contrast model by adding color, 
luminance, and interest pathways. They fully consider the 
loss of HDR Vivid content during transmission and display, 
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Figure 19 HDR Vivid color adjustment

are lost after processing. For an image with highly saturated 

colors, the model focuses on whether the color deviation is 

large after processing.

The quality control system makes adjustments based on the 

image loss. If the contrast loss in a region is large, the slope 

of the contrast curve for this region will be increased to 

improve the contrast. Analysis shows that many pixels are 

distributed in the medium bright area. If the contrast in this 

area is reduced during processing, the response parameters 

need to be adjusted to maintain the original contrast in 

this area. The luminance contrast of the main body is 

significantly improved, as shown in Figure 17.

If a large number of highlight details are lost, highlight 
details will be enhanced. As shown in Figure 18, highlight 
details in a snow image are significantly improved.

If the saturation loss is large, the color saturation factor is 
adjusted to maintain the original colors, as shown in Figure 19.

The manual adjustment model is used to manually 
perform adjustments on the result. It can be used to 
change the overall perception response and error analysis 
module to adjust the loss of a specific characteristic, for 
example, increasing the contrast loss. In addition, this 
model can change the adjustment mechanism to meet the 
requirements of artists and colorists.

Figure 17 HDR Vivid main body contrast adjustment

Figure 18 HDR Vivid highlight details adjustment



157 | Communications of HUAWEI RESEARCH  December 2022

Software Technology and Ecosystem

3.3.3 Time Domain Stability Control

The maximum value, minimum value, average value, and 
variance (variation range) of luminance are the most 
important factors for the tone mapping curve. During 
display adaptation, the average luminance of the image 
is mapped to a position close to the medium luminance 
of the screen based on the variance of the luminance, the 
maximum luminance of the image is mapped to the highest 
luminance of the screen, and the minimum luminance of 
the image is mapped to the lowest luminance of the screen. 
However, HDR content has a large luminance range and 
includes highlights caused by diffuse reflection as well as 
a large number of highlights caused by specular reflection. 
Highlights are usually generated by light reflected on a 
material with a high reflectivity and are highly dependent on 
the angle of incidence. A slight movement or deformation 
of the object may change the luminance statistics of the 
image (as shown in Figure 20), affecting the tone mapping 
curve and causing a difference between two consecutive 
frames after tone mapping. In the research on JND [67], 
the distortion perceived by human eyes is correlated to 
the contrast sensitivity function, eye movement [68], local 
luminance masking effect, and contrast masking effect. If 
the difference between two consecutive frames is perceived 
by human eyes, flicker occurs [69].

Figure 20 Time-domain variation of the average luminance in a video clip

eliminate time-domain oscillation. In addition, the pixel 
value difference between two frames caused by the change 
cannot exceed the minimum value that can be perceived 
by human eyes. Equation (31) can be used to eliminate 
luminance jitter in the time domain and ensure stable 
processing in the same scenario.

 (31)

where hdrvivid_dy_info_ filter is the HDR Vivid information 
after filtering, hdr_dy_info_ fifo_Num is the amount of valid 
information about the same scenario in the HDR Vivid 
information, hdr_dy_info_ fifo [i] is the previous HDR Vivid 
information about the same scenario and the HDR Vivid 
information of the current frame, and w [i] is the time-
domain filter kernel.

Images in the same scenario should not differ greatly from 
each other after processing. Otherwise, jitter or flicker may 
occur. The scenario detection module further identifies the 
scenario, such as people, plants, or animals, and provides 
the scenario information for the adjustment mechanism and 
human eye perception model to select pathways of concern. 
For example, the luminance of human faces must be in a 
normal range after processing. Otherwise, the faces will look 
very different from normal skin tones. The following formula 
can be used to further calculate whether the difference 
between two consecutive frames can be perceived:

      (32)

where His[] indicates global or local histogram information, 
and fhdrvivid_dy_info_filter (L, T) is the probability function for 
determining whether the tone mapping value change obtained 
based on the parameters after filtering can be perceived.

If the content in two consecutive frames of a video changes 
greatly and the content in the consecutive frames before 
and after the two frames is similar, a scenario switch 
occurs. If the content in two different scenarios cannot be 
separated, time domain filtering causes two consecutive 
frames to become darker or brighter, producing a visual 
effect similar to long-time flicker, as shown in Figure 21.

If local tone mapping based on the frequency domain is 
performed, segmentation of the luminance layer and the 
detail layer, luminance layer mapping, and detail layer 
fusion during segmentation in the frequency domain may 
reduce the stability of the local processing result.

To improve video stability, the tone mapping curve between 
two consecutive frames needs to be restricted in order to 
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4 HDR Vivid Results

4.1 HDR Vivid Curve Characteristic 
Analysis

Figure 21 Comparison of time domain filtering when no scenario switch is detected

Figure 22 Tone mapping for fade-in images

Therefore, dynamic metadata extraction requires robust 
scenario switch detection.

In addition to time domain luminance jitter and scenario 
switch, the changes of bright and dark regions and gradient 
(fade-in and fade-out) in a video also cause time domain 
instability. The original luminance of different pixels in an 
image is different, but the values after tone mapping may 
be the same, resulting in a strange gradient effect, as shown 
in Figure 22.

This problem can be alleviated by detecting time domain 
changes, extending the metadata analysis window, and 
extending metadata generation from a single frame to 
multiple frames until the changes end. This method is also 
applicable to scenarios with changing bright and dark regions.

Two basic conditions need to be met for tone mapping 

processing for luminance and contrast preservation. The first 

one is smooth and continuous processing: f ' (x) ≥ 0 (assume 

that the processing function is f (x)). The second one is 

f (xmax) = vmax, which indicates that the maximum retained 

luminance of HDR content corresponds to the maximum 

value vmax of the display device. f (x) has many forms but 

needs to be flexible to cope with different HDR scenarios. 

f (x) also needs to be stable. To the greatest extent possible, 
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the image characteristics should remain unchanged 
after processing. Local adjustment made based on slight 
parameter changes between different frames should not 
cause large fluctuations in the image. Finally, f (x) should 
not have many complex parameters, which may easily 
cause errors during the implementation by device vendors. 
This section analyzes the curve based on flexibility, stability, 
suitability, and usability.

Flexibility indicates that the curve shape may change 
randomly based on the HDR scenario. The curve shape is 
affected by many parameters.

Different parameter sets lead to different curves.
{f1…fn} ∈ Ø indicates all valid curves.

Ø	=	{f (x)	≤	vmax;	G'	(L)	≥	0}                    (33)

The Monte Carlo method is used to randomly sample 

10,000 curve parameter points and select the valid data 

points in space Ø from all samples. The valid HDR Vivid 

curve can cover more space and is highly flexible.

Gt (Yi, p1 … pn) indicates the luminance processing curve, 

p1 … pn are curve parameters, Yi is the input luminance, and Yo 

Figure 23 Effective curve space based on Monte Carlo method

Figure 24 Relationship between stability and average scenario luminance

is the output luminance. ∆p1 … ∆pn indicates curve parameter 
changes between two frames. Specifically, p1 … pn is the curve 
parameter of time t, and p1 + ∆p1 … pn + ∆pn is time t + 1. The 
dynamic mapping result difference is as follows:

 (34)

The result is usually evaluated in the domain of a logarithm 
function. Therefore:

          (35)

The stability is calculated as follows:

                     (36)

If the input and output are normalized to [0, 1], the value 
of S (Y) is also in [0, 1]. The maximum value 1 indicates the 
highest stability, and the minimum value 0 indicates the 
lowest stability. Figure 24 shows the curve changes with 
each 10-nit increase of luminance and the curve stability 
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An HDR video is used to test the HDR Vivid effect on 
different display devices. The peak luminance of the HDR 
video ranges from 500 nits to 10,000 nits, the minimum 
luminance is less than 0.001 nit, the color gamut is within 
the range defined by BT.2020. The test display devices 
include both SDR and HDR devices. The peak display 
luminance of the SDR devices is 100 nits, the output format 
is gamma 2.2, and the color gamut is the one defined by 
BT.709. The peak luminance of one HDR device is 400 nits 
and that of the other device is 1000 nits, the output format 
is PQ, and the color gamut is DCI-P3. The process of 
generating HDR Vivid metadata in section 3.3.1 is used to 
analyze the impact of the final mapping effect based on the 
selected luminance feature points. First, the overall contrast 
is analyzed. The overall mapping effect depends on the two 
luminance feature points in the middle, which form the 
basic curve. m_a and m_ p are key parameters. For horizontal 
coordinates of two luminance feature points, the interval 
between the vertical coordinates affects the contrast of the 
entire image. In Figure 27 1a, m_ p is large and m_a is small, 
the basic curve is flat, and the overall contrast is low. In 
Figure 27 2a, m_ p decreases, and m_a increases, improving 
the overall contrast. The shape of the mapping curve in 
Figure 27 3a is suitable, maintaining the original contrast 
to the maximum. Figure 27 1b, 2b, and 3b are the display 
effects of these mapping curves.

The luminance of dark regions depends on the first 
luminance feature point. According to section 3.3.1, the 
horizontal coordinate of luminance feature point 1 depends 

4.2 HDR Vivid Curve Effect Analysis

at the target luminance of 500 nits and 100 nits. The HDR 
Vivid curve is more stable.

The distribution features of the video after luminance 
processing should be the same as those of the original video 
in order to ensure a natural visual effect. Therefore, the 
proposed curve, S curve, and segmented curve are used to 
process the random sample points on the spline curves with 
an input that follows Gaussian distribution, and obtain the 
output values.

Figure 25 Scatter diagram of different curves

Both the input and an output are normalized to [0, 1.0], 
as shown in Figure 25. We can see that the shape of the 
output spline curve generated based on the proposed curve 
is most similar to the curve shape of the input sample 
points. The S curve modifies the input sample points, which 
changes the overall display effect. The segmented curve 
limits the distribution of input sample points within a 
smaller range, reducing the probability of values in some 
regions. Figure 26 shows the histograms of different curves. 
The horizontal coordinates are linear values. The vertical 
coordinates are the distributions corresponding to the 
linear values. The upper four histograms follow single-peak 
Gaussian distribution, and the lower four follows dual-peak 
Gaussian distribution. The histograms of the S curve and the 
proposed curve are most similar to the original distribution. 
The S curve extends the distribution to a larger range, while 
the segmented curve reduces the distribution to a smaller 
range. The proposed curve better maintains the features 
of the original video, accurately reproducing the artistic 
intentions of creators.

Figure 26 Histograms of different curves
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Figure 27 Impact on the overall contrast on a 400-nit HDR device

on the lower limit of luminance perceived by human cones 
in previous research. Determining the vertical coordinate, 
which is the slope of the primary spline curve, is key. 
In Figure 28 1a, the primary spline curve covers a large 
number of pixels, and the shape of the mapping curve 
is more suitable. The slope in Figure 28 2a is small (the 
vertical coordinate of luminance feature point 1 is small), 

Figure 28 Impact of the slope of the primary spline curve on 
the luminance of dark regions on a 400-nit HDR device

resulting in overcompression and loss of many details. 
Figure 28 1b and 2b are the display effects and local details 
of the two mapping curves.

Similar to details in bright regions, the display effect of 
details in dark regions depends on the vertical coordinate of 
the middle point on the two cubic spline curves. Changing 
the offset value and direction affects the contrast and 
details of dark and bright regions. Take details in bright 
regions as an example. Figure 29 1a shows the pixel 
quantity relationship of the luminance histograms in the 
two intervals between the last three luminance feature 
points. A negative (downward) offset is added to the initial 
value of the vertical coordinate of the middle luminance 
feature point, improving the contrast and details of 
bright regions in comparison with Figure 29 2a, where no 
adjustment is performed. An incorrect offset direction has 
a negative impact on the display effect. For example, a 
positive (upward) offset with the same amount is added in 
Figure 29 3a, producing a worse effect in comparison with 
Figure 29 2a. Figure 29 1b, 2b, and 3b are the display effects 
and local details of the three mapping curves.

Highlight preservation is also key to tone mapping. HDR 
Vivid carefully selects the horizontal coordinate of the last 
luminance feature point based on the maximum display 
capability of a device to preserve highlight information. The 
vertical coordinate is set to the maximum luminance of the 
device. As shown in Figure 30 1a, the horizontal coordinate 
of luminance feature point 6 is the maximum luminance of 
the frame, retaining all highlight information after mapping. 
The horizontal coordinate of luminance feature point 6 
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Five common tone mapping methods [70–74] are compared, 
and the optimal display effects of these methods are selected 
for each scenario and compared with HDR Vivid, as shown 
in Figure 32 to 34. In Figure 32, the original image has 
many details in dark regions and a high average luminance. 
HDR Vivid better reproduces details in dark regions while 
maintaining the luminance of the main body. This is because 
HDR Vivid designs a special spline function to reproduce 
details in dark regions during luminance processing. In Figure 
33 and 34, the original image has many highlight details 
and a high average luminance. HDR Vivid better restores 
the highlight details and maintains the contrast of the main 
body. This is because HDR Vivid uses an inverted S curve to 
process highlights and an S curve to process the main body.

Figure 29 Impact of the vertical coordinate of the middle luminance feature point 
on the cubic spline curves on details in bright regions on a 400-nit HDR device

in Figure 30 2a is small, causing the luminance of a large 
number of pixels to exceed the capability of the display 
device after mapping. This phenomenon is overexposure, 
which causes loss of highlight information. Figure 30 1b 
and 2b are the display effects and local details of the two 
mapping curves.

HDR Vivid uses color compensation technology to maintain 
the original colors. As shown in Figure 31, other solutions 
cause a large color deviation and excessive saturation, while 
HDR Vivid better maintains the original colors.

Figure 30 Impact of the horizontal coordinate of the last luminance 
feature point on highlights on a 400-nit HDR device

Figure 31 HDR Vivid color preservation comparison

4.3 HDR Vivid E2E Effect Comparison
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Figure 32 Loss of details in dark regions for HDR Vivid and other methods

Figure 34 Highlight details of HDR Vivid and other methods

Figure 33 Loss of details in bright regions for HDR Vivid and other methods
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This paper describes the HDR Vivid standard, principles, and 
technology. HDR Vivid is an E2E solution that streamlines 
production, transmission, display, and perception to 
reproduce the artistic intentions of creators for HDR Vivid 
device users. This solution allows creators to use more 
flexible techniques to create content, without worrying 
about the display effect on different devices. Specifically, 
the HDR Vivid technology leverages the characteristics of 
the visual system to ensure consistent display effects on 
different devices. HDR Vivid presents the richest colors, 
finest details, stronger contrast, vivid gradient, and more 
dimensions on various display devices, such as TVs, 
computers, mobile phones, and tablets, delivering a superior 
viewing experience.

5 Conclusion
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