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Abstract 

Digital technology in music is evolving at an accelerating pace. Musicians are 

increasingly relying on software instruments and digital audio workstations 

(DAWs) to create popular music. This research examines the hypothesis that 

digital technology has changed the way musicians make music and explores 

concepts of digital music making, asking: How is technology changing the 

process of creating, performing and recording music? 

To explore this question, I acted as the recording engineer and producer 

(defined here as planning the work with a technical understanding, to record, 

mix and master for a final release) for two artists: semi-professional singer-

songwriter Emily Soon, and amateur band Professor Walk. The process of 

production from start to finish involved the use of two different DAWs: Logic 

for Emily Soon and Pro Tools for Professor Walk. Examining the strengths and 

weaknesses of each of these DAWs relative to the creative process, with 

particular focus on signal processing, portability, sound palates, cloud-based 

storage solutions, ease of recording and editing, automation and telemetric 

collaboration, gave insight into the relationship between creation, performance, 

and recording in a modern popular-music context.  
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Chapter 1. Introduction and Rationale 

Project Outline 
The aim of this research is to explore how digital audio workstations (DAWs) 

influence how musicians make music. It focuses on recording musicians, 

interrogating new methodologies and techniques for the development of music 

production, and the technological impact of and on performance. This project 

identifies and explores the advantages of DAWs through an understanding of prior 

recording technologies. 

This study involved recording record two artists, Emily Soon and the band Professor 

Walk, using Logic and Pro Tools. I was involved in engineering, recording and 

producing their original works. I explored my hypothesis through the methodology 

of recording and creating music with these selected artists and then asked them to 

respond to a questionnaire about the recording process such as: pre-production, 

intentions, the recording process, using a digital audio workstation and the outcome. 

Emily Soon is a semi-professional songwriter and Professor Walk a group of amateur 

musicians. Both have diverse skill sets and backgrounds. The approach was to record 

the artists in different studio environments using different recording techniques, and 

complete various mixes of their recordings. The mixes were then given to the artists,  

who gave feedback regarding whether the recording was an authentic representation 

of their artistic intention. Their responses were collated and analysed. Here, I define 

the term ‘authentic’ in relation that the artist has to determine that the recording is an 

authentic representation of their artistic intensions.  

In the music industry, I have been a signed recording artist on an international record 

label. I have worked collaboratively with mainstream music producers, which has 

provided me with experience and technical knowledge of recording equipment and 

techniques. My focus is on performance, experimentation and creativity in the 

recording environment. 

In the first part of this research, Project 1, I worked with Emily Soon, who had 

approached me to collaborate with her on one of her songs that she perceived as 

lacking objective and motivation. Emily’s intention is to create and record her work 

with other musicians that can then be used to expose her as an artist. 
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This is discussed in Chapter 4.  

In Project 2, I worked with the amateur group Professor Walk. The group consists of 

a singer/pianist, a bass player, two guitarists and a drummer. They write their own 

material and have limited professional performance/recording experience. The 

groups intention is to record their works in a live recording environment and improve 

their skills to achieve their goal of an audio reproduction/performance essentially for 

their own art making. This is discussed in Chapter 7. 

They asked me to guide them, and to record and produce their works.  

 

Thesis Outline 
This thesis consists of 11 chapters. The first chapter discusses the functionality of 

digital audio workstations, their idiosyncrasies and the paradigms by which they 

operate. Chapter 2 explores music production, the history of electronic music and 

recording processes and how this relates to the digital environment. Chapter 3 

discusses the contribution of engineers and producers to the recording process. 

Chapter 4  details the song-development process followed in Project 1. Chapter 5 

discusses the approach, objectives, strategies and preparation involved in the creative 

production processes in Project 1. Chapter 6 discusses the Logic recording 

techniques and processes used in Project 1. Chapter 7 discusses the Pro Tools 

multitrack recording techniques and processes used in Project 2. Chapter 8 explains 

the mixing techniques for both projects. Chapter 9 explains mastering techniques  

applied using both DAWs. Chapter 10 discusses the artists’ responses to the recorded 

works. Chapter 11 lists the advantages of DAWs and how they were used in the 

recordings. Appendices A and B contain of transcripts of the artists’ written 

responses to a questionnaire they completed after hearing the mastered recordings. 

Appendix C is a draft of lyrics, chords and the finalised structure of Emily Soon’s 

original song “Amazing”, recorded as part of Project 1. The final mixes of the 

creative works are presented as WAV files and can be listened to at this link: 

https://www.dropbox.com/sh/ws4mpdtlz8822pl/AAC_-

XO2v45CPJ8wFR6yj6zZa?dl=0 
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What are Digital Audio Workstations? 

Here I am defining DAW as a digital recording software application used in 

conjunction with a computer and external audio hardware. “The term is sometimes 

used to refer to the entire software and hardware system” (Hosken 2015, p 53).  

The DAW environment offers the user a variety of tools that encourage 

experimentation and flexibility to compose, record and mix. The accelerated 

connectivity of musical instrument digital interfaces (MIDIs) and computer 

processing increases time efficiency and improves work flow. The combination of 

modern computers’ enhanced processing power and fast hard-drive speeds enable 

editing efficiency and storage “capable of doing some serious multitrack recording” 

(Korff 2015). In addition, signal processing with multiple audio effect plug-ins 

enables flexibility in the mixing and post production process. Software instruments, 

synthesis, sampling and virtual sound technology (VST) allow compositional and 

creative interaction with production technology.  

DAWs possess advanced capability to digitally edit audio files. Pre-digital engineers 

literally ‘cut and splice’ reel-to-reel recording tape.  This was time-consuming and 

required a level of expertise and musical judgement. Today, the function of being 

able to edit audio non-destructively and to access the original file on a hard drive has 

positioned DAW as a superior, non-linear way to edit audio. 

Additionally, digital audio has the ability to automate various mix, effect and virtual-

instrument parameters; this provides greater freedom  than analogue audio. Consoles  

that offer external analogue control via faders and channel strips have been in use 

since the arrival of DAWs. Software enables internal control by recalling saved 

automation data that allows one to adjust faders in real time, move faders or surface 

controls in record mode and graphically draw automation data. This offers unlimited 

post-production capabilities.  
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The DAW operator can organise sound by dragging and dropping samples to 

produce high-quality music “regardless of age and ability in a way that’s 

straightforward and a lot of fun” (Strachan 2017, p 73). These new tools and 

resources may enhance recording aesthetics and musical skill, and strengthen 

musical intelligence. Anderton states in his article ‘Digital Audio Workstations’ 

(1998): 

Without doubt, the Digital Audio Workstation will change the way we make music 

by giving the composer more power than ever over how a composition will be 

realised. 

A DAW provides a platform of tools that allows the musician, composer, engineer or 

producer connected ways of conceptualising, organising and working with musical 

material. “The focus here is upon individuality, creativity and interpretation rather 

than technique. DAWs provide tools, not to be mastered in terms of virtuosity or 

expertise, but rather to provide a simple and direct facilitation of an individual’s 

creativity” (Strachan 2017, p 74). As this dissertation will show, these production 

tools assist with the stimulation of musical creativity and the production of high-

quality sound.  

 

 

Figure 1. Digital Audio Workstation 
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The Computer and DAWs 

The transition from esoteric business machines to personal computers and their 

widespread adoption, put an end to the feasibility and development of proprietary 

music systems such as those of Oberheim and Yamaha.  These relatively affordable 

computers gave Digidesign a comparatively inexpensive platform on which to 

proceed with the development of digital recording hardware and software. 

 

 

Figure 2. Digidesign Sound Tools 

Notwithstanding, of course, the obvious limitations of computer power in the early 

1980s, once the machines had been universally adopted, it did not require much 

imagination to realise that the vast economies of scale would deliver rapid 

improvement in both speed and storage ability. By 1988 the shortsightedness of 

investing in any recording system that did not include a personal computer for 

example (Synclavier, Fairlight etc or expensive Soundtrack 32 track digital tape 

machines) became obvious. Mechanical solutions to recording requirements such as 

the ADAT and DA88s systems soon also lost their attraction as viable and 

sustainable options. 
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Figure 3. Fairlight CMI 

Typical DAWs 

This research focuses on three DAW paradigms: Pro Tools, Logic and Ableton, each 

with  different strengths and applications, and all regarded as industry standard in 

music production. For Project 1, I will be using Logic for its software sounds and 

MIDI capabilities. For Project 2, I will use Protools for multitrack live recording and 

plugin platform. 

Pro Tools (Tape Recording) 

Pro Tools incorporates software and hardware that focuses on the functionality of 

signal flow and the replication of analogue recording devices. This software appeals 

to pre-DAW users who have an understanding of consoles, tape machines and the 

mechanics of audio engineering. 

This software has encouraged recording studios worldwide to change to digital 

technology, and has evolved to become one of the “industry standard DAWs” (Music 

2011) offering a powerful Pro Tools high-definition professional system or, 

alternatively, a more affordable light edition for semi-professional users. 
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Pro Tools offers software- and hardware-based mixing environments that provide 

control over signal routing, effects, processing, signal levels and panning. Mix 

operations can be automated and stored, enabling recalling, editing and refining 

mixes over time. Pro Tools 12 was recently released with the innovation of a 

collaborative cloud (audio archival service) that allows users to compose, record and 

edit on the same DAW software anywhere in the world. Additionally, social music 

sites allow the sharing and promotion of music,  helping users create communities 

with other media professionals. 

 

Figure 4. Pro Tools GUI 
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Logic (MIDI) 

The functionality of Apple Corporation’s Logic appeals to users who create sound-

based composition,  such as singer-songwriters and composers. It has the capability 

to add MIDI plug-ins to software instrument tracks to create sounds. Logic’s sound-

based features of loops and software instruments allow users to reconstruct and 

organise sound  using a GUI. The Piano Roll editor provides simple  manipulation of 

MIDI  regions, and the Score Editor supports musical notation.  Flex Pitch/Flex Time 

allows the expansion of audio by editing the pitch and timing of an audio region in 

polyphonic and monophonic, as well as controlling the gain and amount of vibrato, 

and many other variations. 

A new feature in Logic Pro X is a virtual drummer “who will accompany your 

music, based on various parameters that you specify” (Wherry 2013), emulating 

human performance by following algorithms of other instruments applied. Other 

additions are audio effects and amplifier designer simulation, which recreate the 

sounds of guitar and bass amplification and all effect parameters, with specified 

microphone modelling and placement. 

 

 

Figure 5. Logic GUI 
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Abelton (Time-Stretching) 

This mainstream software DAW allows multitrack recording and mixing with the 

addition of sampled loops. “The focus is on fast and creative manipulation of audio 

loops, via probably the most extensive implementation of time-stretching and pitch-

shifting tools of any DAW” (Korff 2015). Another addition is real-time effects-

processing audio, equalisation (EQ), modulation and filters in a live-performance 

setting with the addition of a hardware controller pad. This appeals to DJs, 

improvisers  and those producing electronic dance music using a computer. This tool 

also appeals to timbre composers and loop-based producers who drag and drop 

sampled audio to create compositions and can manipulate sound with features of 

‘warping’ (time-stretching audio to create tempo changes).  

 

Figure 6. Ableton GUI 

Idiosyncrasies of DAWs 

To discuss the characteristics of these DAWs, I have selected producers Dave Tozer, 

Brian ‘Danger Mouse’ Burton and Thomas Bangalter to talk about their approaches 

and techniques.  

Dave Tozer has produced, mixed and written for commercial artist John Legend on 

his 2013 Grammy Award-winning album Love in the Future. He uses Logic and 

Universal Audio digital signal processors to sonically shape and create his works. He 
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describes how this DAW has helped him configure sounds, incorporate techniques 

and improve time efficiency, and why he prefers Logic over other software tools. He 

states (quoted in Gallant 2014) that Logic has several notable strengths: 

• It combines the use of software instruments that inspire sounds. 

• It improves work-flow functionality and offers extensive library templates. 

• It automates volume and effects,  such as low-frequency oscillation and 

filtering capabilities for synthesizers. 

• It simplifies the use of external MIDI hardware.  

Pro Tools Songwriter/Producer Brian ‘Danger Mouse’ Burton is a hip-hop producer. 

At a young age, he was mixing contemporary sounds with a combination of soul, 

film music and glam rock;  he has collaborated with mainstream artists like the Black 

Keys, Gorillaz and Norah Jones. Danger Mouse predominantly uses digital as well as 

analogue instruments to create sounds. He recommends the Pro Tools environment  

for recording music professionally and explains its strengths (Philip 2013): 

• It provides multi-tracking editing  that facilitates making simultaneous 

changes to multiple tracks. 

• The company provides extensive software support. 

• It can sync film and video. 

• Avid (the parent company) continues to update the Pro Tools software. 

• It is compatible with many devices. 

• It is the most commonly used software in professional commercial studios, 

education and collaborative communities. 

Thomas Bangalter is a performer and one of the members of the popular act Daft 

Punk, which infuses progressive dance music with 80s disco influences. The album 

Random Access Memories became the best-selling album of 2014 and received a 

Grammy award. Bangalter uses Ableton Live to assemble creative works, track 

sessions, remix, score and design sound. He describes the “sonic warmth” achieved 

by using effect plug-ins compared to other DAWs and the ease of manipulation of 

elastic audio. He gives examples (Ableton 2016) of the following as benefits of 

producing with Ableton:  

• Built-in synthesisers replicate analogue soft-synths. 
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• Effect plug-ins can achieve a sonic quality that he describes as warm, crisp 

and dirty. 

• It permits the elastic manipulation of audio files 

•  It supports a simple work flow.  

• It fun and easy to use while still offering a broad functionality.  

Most-used DAWs in Popular Music  

The popularity of Pro Tools, Logic and Ableton has given users an abundance of 

accessible information, such as web forums, internet production tutorials and online 

videos, for how to learn and apply specific techniques and skills. Some of these 

tutorials relate to specific music genres, including hip-hop and R&B. 

These technologies and developments have accelerated DAWs as the core of 

mainstream record production, reaching the widest potential audiences in music-

making. This shifts the nature of high-end recording studios and makes it possible for 

a ‘bedroom producer’ to produce mainstream records, something that was once only 

possible for major artists who had signed with a label. 

 The following (Figure 7, on page 14) taken from a chapter of Robert Strachan’s 

book ‘Sonic Technologies’ (2017, p 53), table  shows the DAWs most commonly 

used among the top 30 songs in mainstream music in the UK (the 30 singles with the 

most sales as at 18 January 2015). This figure breaks down the information into 

track, chart position, artist, producers, studio and recording platform. It also gives 

insight into what type of DAWs are used for popular genres and popular musical 

landscapes, and for collaboration between artists and producers. 
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Figure 7. Top 30 Songs 18 January 2015 

Strachan explains (2017, p 55) the diversity of DAW applications being used in song 

production and which artists and producers are collaborating using various DAW 

applications:  

While Pro Tools is clearly dominant, the fact that twelve of the entries were created 

using Logic and a further three used FL studio, Cubase and Ableton Live suggests 

that there is no one ‘industry standard’ DAW. The fact that many entries do not use 

Pro Tools also reveals diversity in the type of studio that is being utilized at this 

level of the popular music industry. 

 suggests that producers and artists are creating and recording in their own project or 

home studios, and the demand for the professional studio is declining. A 

‘professional’ or ‘commercial’ studio consists of many rooms and reflective spaces 

and a main control room, which includes outboard equipment and a large console 

with many faders and tracks. Such studios  are run by  experts including an engineer, 

producer, arranger and writer. Studios like Abbey Road and Electric Lady Land were 

responsible for multitudes of professional records, many of which made music-

recording history. 

In Massey’s (2000, p 166) book ‘Behind the Glass: Top Record Producers Tell How 

They Craft the Hits’, engineer and producer Alan Parsons, who was employed at 

Abbey Road and was involved with the engineering of Pink Floyd’s 1973 album 

Dark Side of the Moon, explains his thoughts about the rise of the home studio: 
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It would be shortsighted and unfair to say that you can’t get good results that way, 

but I’ve always felt there’s no substitute for a band playing together, and you can’t 

get that interaction between players in a bedroom. Having said that, there have been 

some great records made in bedrooms, and you can’t take that away from people 

that have the talent – good luck to them.  

Grammy Award-winning engineer Frank Filipetti (2000, p 270), who has recorded 

artists such as James Taylor and Barbara Streisand, is enthusiastic about advances in 

home recording technology: 

There used to be a time when recording in a professional studio and recording in a 

home studio were quite different, because of the storage devices involved and the 

consoles. Nowadays, what you have in the home is almost equal to pro studio 

equipment, so you can use most of the same techniques.  

What is evident is the role of various DAW applications in creating and producing 

mainstream music, and how the technology has expanded, with many of these 

software applications integrating with each other. Strachan (2017, p 55) further 

explains: 

The chart includes a number of recordings made in the retrospective producer’s own 

DAW-based project studio, often entirely recorded and mixed ‘in the box’.  

The term ‘mixing in the box’ “implies that you are mixing tracks within the software 

or inside your computer” (Manigo 2011). This is a common practice with DAWs, 

which  give the user a graphic mixer interface to balance, process and mix sound on 

the computer screen. This is in contrast to ‘mixing out of the box’, which means 

physically touching the console and its faders, as in analogue-based commercial 

studios.  

The Changing Environment 
The environment for the modern musician has changed dramatically. Small rooms or 

bedrooms, not large studios, are now where digital musicians create. Large mixing 

consoles and reel-to-reel tape machines have been replaced by portable laptop 

computers and DAWs. In the 1920s, the era of electrical recording studios, the 

engineer and recording equipment occupied separate rooms. This isolated the sound 

and distinguished the boundary between the artist and technician. Horning (2013, p 

77) writes: 

From the recordist’s perspective, the key benefits of electrical recording were 

greater control and measurability. Sound quality could now be quantified. Sound 
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waves, now they had been transformed from acoustical power into electrical signals, 

could be better controlled. 

This separation defined the engineer’s ability to target technical skills and make 

critical judgements. This environment was the interplay of experimentation and 

creativity, and affected ongoing processes of debate and compromise. The extensive 

efforts of musicians and technicians to innovate and improve sound helped refine the 

methodologies arising from the use of the new technologies.  

  

 

Figure 8. The commercial recording studio 

 

 

Figure 9. The project or bedroom studio 

Although  computer music was originally treated as experimental, it actually fused 

many existing styles and methods along with establishing innovative techniques, 
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adaptability and precision.  In his 1928 short essay ‘The conquest of Ubiquity’, Paul 

Valéry explains that  innovation should involve positive changes and innovation of 

techniques in art. (1964, p 225) He demonstrates extraordinary foresight into the 

types of modern mediums and sensory reality such as the modern internet age. 

We must expect great innovations to transform the entire technique of the arts, 

thereby affecting artistic invention itself and perhaps even bringing about an 

amazing change in our very notion of art. 

The development of software and hardware  for commercial music development and 

production, engineering, coding and programing is a highly skilled profession. While 

skillful performers, engineers and producers are still required to produce professional 

recordings, as they were when the only option was analogue production, Century’s 

research on digital visual arts explains that digital mediation requires a high level of 

professional expertise from “[i]ndividual specialists in their field” (Century 2000).  

Ramshaw (2006) writes:  

There has been a convergence towards integrated digital methods of production that 

can be managed and operated by the sole operator. 

He challenges what skill set is necessary for music production, whether this implies a 

change from a shared group to an individual practice and what the social-technical 

differences might be. DAWs enable high-fidelity production, almost anyone can 

produce or ‘drag and drop’ interesting audio by merely changing various controls 

without any understanding. The challenge is how, and to what extent, to engage in 

these technologies. 

Ramshaw characterises (2006) the following examples in the context of the social 

relationships they mediate, classifying these relationships as ‘Analogue People’, 

‘Digital Individuals’ and ‘Digi-Kiddies’.  

Analogue People 

Analogue processes are commonly about people and songs. This begins with social 

interaction between musicians; the band members who write the songs and rehearse 

them, probably playing them live over a period of time. The songs that survive 

public performance may be album potential. In the studio, there are more people, 

producer and the engineer, tape operator – what is a musician’s ‘signature sound’? 

How does this fit in with the current project? What’s the best way to capture it? 

Creating a commercial product in this way requires an informed knowledge of 

hardware technologies used to record and or manipulate sound with instruments, 
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amps, microphones, room choices desks and recording equipment etc., but always 

mediated (chosen and configured) through a group of people, though it may be the 

producer that makes the decisions, he is surrounded by and is working with people. 

A term that describes the attributes of this group is Analogue People. 

Digital Individuals 

Almost the opposite appears to happen with soft production processes. At base, 

level this begins (or continues endlessly) with a single individual, a computer and 

hard drive, an input device (mouse or other controller) and a digital audio 

workstation, perhaps supplemented with high-quality external ADC-DAC hardware. 

Though only one person can operate and interact with the main control interface at a 

time numerous input devices can create and control data simultaneously, and music 

can be created and produced entirely in the digital domain – without real 

instruments, microphones, amps or recording equipment, but most importantly even 

without other people – e.g. the ubiquitous ‘bedroom studio’. A term that describes 

the attributes of this group is Digital Individuals. This group would possess the level 

of skill that enables them to record engineer and mix or produce music within the 

native environment but may lack detailed perception and understanding of the 

processes as undertaken by one or more professionals. 

Digi-Kiddies 

In some musical genres, it is possible that music has been created and commercially 

released that used consumer level music software with drag and drop sample 

interfaces with FX presets. Though informed knowledge at this level may lack the 

level of skill to abstract what is happening at the technical level including the 

musical aesthetic, it is nevertheless an interactive process and may also operate 

successfully within the boundaries of the ‘social culture’ of the genre. A term that 

describes the attributes of this group is ‘Digi-Kiddies’, borrowed from the cut and 

paste behavior of the well-known ‘script kiddie’ in computer hacking. Both these 

groups have the basic knowledge of how things operate but lack the skills. 

The main point Ramshaw explores is whether music production is moving towards a 

skill set of the techno-aesthetic, using and embracing all forms of technology 

seamlessly as they appear. Whether this is a ‘good thing’ for the art of production is 

another question.  However, Hugill’s manual ‘The Digital Musician’ (2012, p 243) 

also reflects on Ramshaw’s  taxonomy of technological skill sets:  

There has been one significant consequence for music-making from these changes 

to the workplace. The typical computer workstation is designed for the single user, 

and the notion of collaboration is diminishing, the culture towards individualism is 
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creating a situation where each musician invents their own. One of the major 

challenges facing the digital musician then is how to engage musically with others, 

including the public. 

Before explaining how musicians are engaging with DAWs in performance, this 

study will briefly discuss digital music making and, how musicians are engaging 

with new technologies and tools and how these behaviours are creating a new type of 

discovery in musical creation and thinking. 

Digital Musicianship  

Here we use Hugill’s definition of Digital Musicianship (2012, p 274) “If music is 

organised sound, then digital music is sound that is organised digitally, and the 

people who undertake this activity may be called ‘digital musicians’ who therefore 

exhibit a distinctive musicianship.”  

I chose to use Hugill’s definition to understand how musicians create in DAW and 

the impacts of new technologies and rapid development of digital musicianship.  

The concept of music-making in the context of using DAWS includes sounding 

numbers, set rules and algorithms in composition. These interactions with computers  

could be considered “cybernetics”: a scientific system of controls and patterns that 

shape how humans and machines communicate with each other. Ascott (2002, p 129) 

writes: 

The computer is the supreme tool that its technology has produced. It is a tool for 

the mind, an instrument for the magnification of thought, potentially an intelligence 

amplifier. 

Machines have given composers non-traditional methods of music-making: “tape 

composition allowed the composer to bypass musical notation, instruments and 

performers in one step.” This has allowed composers a connection to what John Cage 

labeled “the entire field of sound” (Fetterman 2010, p 2) and to create conventional 

differences between musical and non-musical sounds.  

French composer Edgard Varèse (2004, p 20) also recognised the potential of new 

electronic instruments for sound production:   

The computing machine is a marvelous invention and seems almost superhuman. 

But in reality, it is limited as the mind of the individual who feeds its material.  
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Garnett (2001, p 32)  discusses how technology is an extension of ourselves: 

Contemporary music no longer needs to address the nature of the machine as 

something outside of us mere mortals, projecting its inhuman capabilities as an 

aesthetic of the machine; rather, it can now seek to integrate technology into our 

very selves, and to be intimately controlled by ourselves. 

Garnett (Garnett 2001, p 32) further writes that “the current youngest generation 

already accepts the computer as a completely natural tool – the next generation will 

begin using computer implants.” 

DAWs represent a logical development beyond studio creativity by placing both the 

recording and editing tools in the hands of the digital musician; this allows one 

person to act as composer, engineer and producer – skills that were, in the past, 

individually specialised fields. The challenge for the digital musician is to ascertain 

what skills should be acquired. Hugill (2012, p 5) describes a new class of musician: 

A digital musician is one who has embraced the possibilities opened up by new 

technologies, in particular the potential of the computer for exploring, organizing 

and processing sound, and the development of numerous other digital tools and 

devices which enable musical invention and discovery. 

What specifically distinguishes digital musicians from other musicians? Most 

musicians learn to play an instrument, work on their musical craft and play a variety 

of music styles and compose music. So what kind of skills do digital musicians 

possess? Hugill (2012, p 6) lists the requirements needed to be a digital musician: 

Aural awareness – an ability to hear and listen both widely and accurately, linked to 

cultural knowledge, musical abilities, and technical skills. 

Cultural knowledge – an understanding of one's place within a local and global 

culture coupled with an ability to make critical judgments and a knowledge of 

recent cultural developments. 

Musical abilities – the ability to make music using the new technologies in various 

ways: performance, improvisation, and composition etc. – using technologies. 

Technical skills – skill in recording, producing, processing, manipulating and 

disseminating music and sound using digital technologies. 

Hugill asserts that these musicians are breaking the rules of traditional music-

making, since so much of their prime material is audio, and are reconstructing the 

expressive intention and cultural characteristics of ‘music’. It could be said that these 

‘technological' musicians most naturally fit into the class of ‘digital musicians', but 

this is not necessarily the case. Musicians of all kinds have always worked with 
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technology; in fact, musical instruments themselves are an example of technological 

innovation and development. Even the human voice may be thought of as a 

technology that the singer employs.  

What skills are necessary to produce authentic works? 

Music performance is an expression of sound and musical works or activity 

interpreted by the musicians for listeners. Music-making is another term for 

performance; the following terms and groups have an association with activity and 

execution. Godlovich (1998, p 13)  writes: 

The general activity of performance is also referred to as ‘playing’. Other common 

terminologies for ‘playing’ are: practicing, rehearsing, jamming etc. Performances 

tend to be special ritualized occasions, considerably more constrained than 

rehearsals, practice or recreational playing. Performances draw together people 

sounds, agents, works and listeners.  

Hugill (2012, p 173) defines the term musicianship in this way: 

Musicianship is commonly understood to refer to the set of skills and artistry 

required to perform, listen to, or compose music. Good musicianship makes evident 

through the act of performance, or listening, or composition the extent to which a 

person is in possession of this knowledge. 

Furthermore, he writes: 

 Musicianship in the digital age has been affected by two main factors: the impact of 

the new technologies on individual musicians, and rapid development of machine 

musicianship. 

Similarly, Rowe (2001, p 1)  writes: 

Computer programs designed to implement any of (the musicianship) skills – that is, 

to make sense of what is heard, perform music expressively, or compose convincing 

pieces – can similarly benefit from a musician's fundamental level of musicianship.  

Key aspects of the compositional process are originality and style. The digital 

musician has many decisions to consider when composing:  for example, who is the 

originator of a sampled-based piece? The person who recorded the samples? The 

person who wrote the software that processed them? Or the person who directs the 

sound that results? Alternatively, is it, in fact, the person who makes all decisions 

about these elements? Hugill (2012, p 124) writes: 
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In creation of any work, there is intention to create a finished result of the act of 

creation. The imagination is most active in the gap between intention and result. It 

could be said that this is where art resides. 

For these music-makers, DAWs provide the freedom to create individually, arrange 

and produce; this offers the potential for anyone to be an engaged composer, 

engineer and producer. Computers, hardware devices and software have given the 

user tools to record and manipulate the sound. This has also provided choices in time 

efficiency,  allowing users to create in the quickest way possible. For instance, when 

recording a five-part harmony, the performer can record a single take, and this can 

then be manipulated, ‘cut and pasted' and ‘pitch corrected'  to quickly produce a 

perfect five-part harmony.  

This technique could also be looked upon as ‘lazy performance’,  where technology 

replaces the character or personality of the performance. The user is more focused on 

perfecting sound through, in this example, processing and tuning the vocal track, 

rather than on the narrative of the lyrics, the diction and various other characteristics 

of the raw vocal performance. 

Massey (2000, p 118) asked record producer and arranger Sir George Martin  what 

Martin felt were the general principles for this generation of music-makers to  

produce effective performances.  Martin responded: 

It’s difficult to tell people to do that nowadays, because the equipment is so 

available. All I’m saying is, because we had nothing else in those days, that’s what 

we had to do. And I do believe that if we had more, the result would have been less. 

Interaction 

How do DAWs affect interaction and engagement with others? 

One of the dominant obstacles  affecting modern musicians and composers  who use 

computers is social interaction: the ability to engage musically with others. The 

common trend is now to work solo  using a DAW. In addition, social networking 

platforms on the internet have given a new generation a virtual, rather than face-to-

face, connectivity. This is similar to being ‘live’ in a simultaneous performance or 

broadcast: “in general, being ‘live’ means synchronous musical activity” (Hugill 

2012). Real-time performance may be emerging as a new medium to which DAWs 
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can be applied, so that there is no ‘time gap' or ‘latency’ between production  and 

performance.  

One real-time software application that has been widely used to facilitate interactive 

computer-music composition and performance is Max/MSP,  developed at IRCAM 

(Institute for Research and Coordination in Acoustics/Music) in the 1980s by Miller 

Puckette. “He named the program after computer music pioneer Max Vernon 

Mathews, it was originally a free, open source computer program” (Hart 2008). The 

design and GUI of Max/MSP presents a visual programming environment for music 

and multimedia. The addition of new features  for ‘Max Live’, such as real-time 

processing, MIDI and DSP and the integrational advancements with laptop 

computers in live music performance, has built a large Max/MSP user base that 

includes performers, programmers, composers, software designers and researchers, 

along with “more devices that are both imaginative and eminently usable in a 

musical context” (Rothwell 2010). 

One of the many DAW software programs  becoming more popular with composers 

and musicians is Ableton Live. This ‘live sequencing’ tool offers instant access to 

sounds, work flow  and mixing, and capabilities for interaction ‘live’ performance. 

Similar to Max/MSP, this real-time DAW operates as a performance instrument, 

allowing the composition to be improvised in real-time performance with hardware 

controllers. This allows musicians to interact and perform ‘live’ and appeals to those 

working in electronic dance music, improvisational and other genres  that incorporate 

live interaction. 

A recent version of the Pro Tools 12 software  incorporates the use of a collaborative 

cloud (audio archival service), which allows the user to compose, record and edit on 

the same DAW software platform anywhere in the world. Additionally, social music 

sites allow the sharing and promotion of music, creating audio communities with 

other media professionals. 

Garnett (2001, p 23) writes that interaction with computers and humans requires a 

degree of human control and implementation for performance and producing works: 

Interaction has two aspects: either the performer’s actions affect the computer’s 

output, or the computer’s actions affect the performer’s output. These can occur at 

simple levels or at more complex levels, and they can be combined in various ways. 
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This implies the presence of a human being controlling, to at least some degree, the 

performance of the electronic component of a musical work as it is being performed. 

 

 

Figure 10. Musicians performing and interacting with DAWs 

Is technical skill still relevant in the current DAW generation? 

The proliferation of high-resolution audio production is enabling anyone to produce 

quality recordings in the digital domain without excessive technical knowledge. 

GUIs are designed for human-computer interaction, and virtual software technology 

enables the user to play and manipulate sampled instruments precisely and accurately 

at the push of a button. The DAW operator can organise sound by dragging and 

dropping samples. Anyone, even those with limited understanding or craft, who 

wants to reproduce work in the digital world now has the tools. 

 However, DAWs still require a specific musical intelligence to produce quality 

recordings. Hugill (2012, p 3) explains: 

The new technologies have transformed the way music is created and heard, 

composed and performed, produced and distributed. The world that surrounds the 

musician, the cultural context, has changed in many ways. These changes have 

created a new musician, who may come from a variety of backgrounds, possess all 

sorts of musical training and skills, have many different kinds of knowledge and 

opinions, but feels empowered by the new technologies and drawn to making music. 
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Strachan (2017, p 74) writes: 

Software applications aimed towards creative practitioners. The focus here is upon 

individuality, creativity and interpretation rather than technique. DAWs provide 

tools, not to be mastered in terms of virtuosity or expertise, but rather to provide a 

simple and direct facilitation of an individual’s creativity.  

Given that a single user must have a wide variety of skill sets to produce music, is it 

always possible to go further into any one of them to specialise in a particular area? 

If so, to what level? 

Cascone (2004, p 397) writes: 

The technical requirements for being a musician in the information age may be 

more rigorous than ever before but compared to the depth of university computer 

music studies it is rather light. Most of the tools being used today have a layer of 

abstraction that enables artists to explore without demanding excessive technical 

knowledge. Tools like Reaktor, Max/MSP, MetaSynth, Audiomulch, Crusher-X, 

and Soundhack are pressed into action, more often than not with little care or regard 

for the technical details of DSP theory, and more as an aesthetic wandering through 

the sounds that these modern tools can create. 

 

 

Figure 11. Children experimenting with DAWs 
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The above discussion in this chapter indicates the way that digital technology has 

changed how musicians make music and concepts of digital music making. It does 

this through the mobility of hardware and many varieties of skill sets when operating 

and interacting with a graphic user interface. Technology helps to create and produce 

music in the digital domain without any physical or ‘real’ musical instruments, 

recording equipment and even without other people. These technologies and tools are 

creating a new type of behaviour and discovery in musical creation and thinking. 

This indicates how digital technology has changed the way musicians make music. 
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The Evolution of Digital Technology 
A musician who is engaged with digital audio should understand the following core 

concepts and processes when working with sound and computers. 

Sound Waves 

The ear  detects sound using both internal and external components. The external 

part of the ear focuses sound into the ear canal; it is then received by the middle ear, 

which sends mechanical vibrations to the tympanic membrane. This is amplified to 

the cochlea and then the inner ear, where the vibrations are converted through the 

oval window into electrical nerve signals. “The basilar membrane is responsible for 

carrying out a frequency analysis of input sounds” (Howard 2017, p 29).  

 Humans understand sound, hearing and music through the physics of waves. Sound 

is essentially a wave that travels through vibrating objects (or media) from one 

location to another, transporting energy as it travels. Once the medium is disturbed –  

for example, when a tuning fork is struck or a drum is hit –particles interact, creating 

energy, or waves. 

A tuning fork creates a longitudinal wave. When  it is struck, the tines vibrate back 

and forth, pushing on the surrounding air particles. The molecules move horizontally 

back and forth, creating regions where the particles are compressed (high air 

pressure) and spread apart (low air pressure). These are known as compressions and 

rarefactions respectively. Figure 12 shows a sound wave created by the strike of a 

tuning fork and transported through the air of an open tube. 

 

Figure 12. Compressions and rarefactions on a vibrating pitch fork 
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A graph depicting the change in air pressure over time (detected by a microphone)  

shows a sinusoidal shape, or a sine wave. This line shows rises and falls that 

correspond to the back and forth vibrations of the tuning fork. 

 

Figure 13. Sine-wave changes in air pressure during vibration 

The sound wave is formed by the continuous rise and fall in the pressure of the air 

particles. The varying pressure is referred to as amplitude (literally how ‘big’ the 

sound is). ‘Peak amplitude’ refers to the greatest change in pressure achieved by the 

wave.  

The back-and-forth motion over time is called ‘simple harmonic motion’. This is the 

simplest form of vibration, as the object achieves one complete back-and-forth 

movement at a constant rate. Although the sine-wave curve depicted above shows a 

change in velocity (where the vibration slows down to change direction, then speeds 

up in the other direction), the average velocity from one cycle to the next remains 

constant. This constant vibratory cycle is referred to as ‘periodic’ – it occurs at an 

equal interval of time. The number of complete cycles that occur in one second is 

referred to as the ‘frequency’.  For example, if the tine of a tuning fork goes back and 

forth 500 times per second, its frequency is 500 cycles per second and its period is 

1/500 second per cycle. Dobrian (2000, p 9) writes that in order for humans to hear 

such fluctuations of pressure: 

The fluctuations must be substantial enough to affect our tympanic membrane 

(eardrum), yet not so substantial as to hurt us. In practice, the intensity of the 

changes in air pressure must be greater than about 10-9 times atmospheric pressure, 

but not greater than about 10-3 times atmospheric pressure. You’ll never actually 

need that information, but there it is. It means that the softest sound we can hear has 

about one millionth the intensity of the loudest sound we can bear. That’s quite a 

wide range of possibilities. 
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He  continues: 

The fluctuations must repeat at a regular rate fast enough for us to perceive them as 

a sound (rather than as individual events), yet not so fast that it exceeds our ability 

to hear it. Textbooks usually present this range of audible frequencies as 20 to 

20,000 cycles per second (cps, also known as hertz, abbreviated Hz). Your own 

mileage may vary. If you are approaching middle age or have listened to too much 

loud music, you may top out at about 17,000 Hz or even lower. 

Sampling and Quantising  

 Computers create the illusion of continuous sound the way films produce the 

illusion of continuous motion. A movie is created by catching still photos at a fast 

rate, mostly 20 frames per second. When the photos are shown in sequence at that 

sample rate, it creates an illusion of continuous motion. Similarly, individual samples 

of sound waves  are captured by sampling them in a way that preserves information 

about their characteristics and stored;  they can be reproduced to produce the illusion 

of a continuous sound wave, with those characteristics intact.  

A microphone uses a transducer that converts energy from one form to another; 

specifically, it converts  changes in air pressure into electrical voltage. This constant 

alternating voltage can be ‘sampled periodically’ by a process known as sample and 

hold. Dobrian (2000, p 15) writes: 

At regularly spaced moments in time, the voltage at that instant is sampled and held 

constant until the next sample is taken. This reduces the total amount of information 

to a certain number of discrete voltages.  

 

Figure 14. Time-varying voltage sampled periodically 

A hardware device for converting an analogue signal to digital is an ADC, which 

receives individual voltages from the ‘sample and hold’ device, and  assigns a 

numerical value to every amplitude. This changes voltages to numbers in a process 

known as quantisation. In the computer, these numbers are expressed in binary  form 
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and stored  on devices such as hard disks, DAT (digital audio tape) and laser disc. 

When these devices play sound back, they read the binary numbers from the stored 

file, and sends them to the DAC at the same rate they were recorded. The DAC 

converts the binary numbers to voltages and  sends the voltages to an amplifier, 

which in turn raises the amplitude of the voltage. 

To reproduce sound accurately on a computer,  many samples need to be taken per 

second; the duration of each sample is called the “sampling rate” Dobrian (2000, p 

15)  writes:  

 In fact, we need to take more than twice as many samples as the highest frequency 

we wish to record. If we want to record frequencies as high as 20,000 Hz, we need 

to sample the sound at least 40,000 times per second. The standard for compact disc 

recordings (and for ‘CD-quality’ computer audio) is to take 44,100 samples per 

second for each channel of audio.  

In other words, the computer can only distinguish frequencies up to half the sample 

rate. Those that surpass half the sampling rate must be filtered out before the 

sampling process begins; the user must therefore start by sending the electrical signal 

through a low-pass filter, which removes frequencies above a certain threshold. In 

addition, the digital signal of binary digits that represent the quantised samples is 

processed through the DAC, and this in turn becomes reconverted into electrical 

signals. This results in sound advancing through the DAC that contains a misleading 

specious high frequency created by the ‘sample and hold’ process. 

Dobrian (2000, p 118) explains that these high-frequency artifacts are due to the 

‘sharp edges’ created by the discrete samples (see Figure 14, on page 29), and that 

thus the output signal also needs to be sent through a low-pass filter. 

The digital recording and playback process, then, is a chain of operations, as 

represented in (Figure 15, on page 31). 
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Figure 15. Digital recording and playback process 

 

Memory and Storage 

The advancement of computer technology has resulted in expanded data storage, the 

core capability that allows computers to record and retain digital data. (Silwen 2015) 

describes the four primary storage-related functions: 

Fetch: Each introduction is stored in memory and has its own address. The 

processor takes this address number from the program counter, which is responsible 

for tracking which instructions the CPU should execute next. 

Decode: All programs to be executed are translated to into Assembly instructions. 

Assembly code must be decoded into binary instructions, which are understandable 

to your CPU. This step is decoding. 

Execute: While executing instructions the CPU can do one of three things: Do 

calculations with its ALU, move data from one memory location to another, or jump 

to a different address. 

Store: The CPU must give feedback after executing an instruction and the output 

data is written to the memory. 

The CPU can recall the data and instructions stored in random access memory 

(RAM), the main memory in a computer that stores program instructions and 

temporary data. However, when the computer is off, the information in RAM is lost, 

so it’s essential to save data as a file on a storage device. 
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Memory and storage relate to digital audio in the following way:  the standard 

sampling rate for high-fidelity CD audio is 44,100 samples per second, and 16 bits (2 

bytes) is necessary per sample to obtain a good signal-to-noise ratio; thus there must 

be enough storage to accommodate this data. 

Dobrian (2000, p 19) explains: 

With this information, we can calculate the amount of data needed for digital audio: 

41,000 samples per second, times 2 bytes per sample, times 2 channels for stereo, 

times 60 seconds per minute equals more than 10 megabytes of data per minute of 

CD-quality audio. For this quality of audio, a high-density floppy disk holds less 

than 8 seconds of sound, and a 100 MB Zip cartridge holds less than 10 minutes. 

Clearly, the memory and storage requirements of digital audio are substantial. 

Fortunately, a compact disc holds over an hour of stereo sound, and a computer hard 

disk of at least 1 gigabyte is standard for audio recording and processing. 

Digital Audio File Formats 

When an audio signal has been processed and digitised, it is sent to the computer via 

USB, Firewire or Thunderbolt and stored  there in an appropriate file format. This 

format determines the type of information and the organisation of that file. Two of 

the major distinctive audio file formats are uncompressed and compressed. Hosken 

(2015, p 113) explains uncompressed formats: 

In uncompressed file formats, digital audio is stored as a series of  16- or 24-bit 

amplitude values or as 32- or 64-bit floating-point amplitude values – floating-point 

values are used for internal calculations within most audio recording software, but 

recording (ADC) and playback (DAC) are done with 16 or 24 bits.  

The DAW user edits the audio and processes and mixes the sound, then bounces the 

result to a stereo uncompressed file format. The file is then stored on the computer. 

“The two prominent uncompressed file formats are AIFF and WAVE. AIFF stands 

for (Audio Interchange File Format) and WAVE is known as the Broadcast WAVE 

format. In addition, other file formats that support uncompressed and compressed 

files are CAF, which is Apple’s Core Audio Format, and WMA, which is the 

Windows Media Audio format.  
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Hosken (2015, p 113)  writes: 

Calculating the size of an uncompressed digital audio file is straightforward and 

requires only the sampling rate, the resolution expressed in bytes (16 bits = 2 bytes, 

24 bits = 3 bytes, 32 bits = 4 bytes) and some simple conversions. The approximate 

calculation for stereo, CD-quality audio is given below: 

44,100 samples/second x 2 bytes/sample = 88,200 bytes/second = 90 kB/second 

90 kB/second x 60 seconds/minute =5,400 kB/minute (approximately) 5 MB/minute 

5 MB/minutes x 2 channels (left and right) = 10 MB/minute 

Whilst  lossless audio compression reduces the size of the audio files, the original 

data can be fully recovered. An example of this that is  unrelated to audio is the zip 

file where the data is compressed to transfer information; when the file is ‘unzipped’, 

the data is fully recoverable. Lossless compression reduces data size by around 50 

percent. The types of lossless file formats are “Apple Core Audio Format (.caf) both 

support Apple Lossless compression, the Windows Media Audio format (.wma)” 

(Hosken 2015, p 115). In addition, Free Lossless Audio Codec known as (FLAC). 

Lossy compressed audio formats allow an even larger reduction in file size by 

extracting part of the audio information and reducing the data. Even though this 

results in a decline in audio quality from AIFF or WAV, it makes  the file easier to 

transfer or download. Lossy compressed audio encompasses  ‘perceptual encoding’ –  

an array of techniques used primarily by applying ‘psychoacoustics’ to remove 

elements of the sound that have a minimum effect on the perceived quality, further 

decreasing the amount of audible noise. This is a term known as ‘frequency 

masking’. “This type of ‘bit-saving’ is what allows a  lossy compressed file to be as 

small as one-tenth the size of an uncompressed file and still sound acceptable” 

(Hosken 2015, p 115). Types of  lossy compressed audio file formats are MP3, MP4 

and AAC (Advanced Audio Coding).  

Digital Clipping 

‘Digital clipping’, a distortion introduced into the sound file, mainly arises when the 

audio signal range surpasses the maximum voltage the system can process. As a 

result, the output signal pauses and does not exceed at the voltage or the quantising 

limit. This results in the tops and bottoms of the audio wave form being ‘cut off’.  
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Figure 16. A signal clipped when quantised 

 RobJohn (2013) explains: 

In analogue systems, if the clipping is very brief, we don’t normally perceive the 

resulting distortion at all. However, in digital systems, we can often recognize it 

because digital clipping produces unnatural anharmonic distortion through aliasing. 

Dobrian (2000, p 19) further explains : 

If the amplitude of the incoming electrical signal exceeds the maximum amplitude 

that can be expressed numerically, the digital signal will be a clipped-off version of 

the actual sound. 

The clipped sample will often sound quite different from the original. Sometimes 

this type of clipping causes only a slight distortion of the sound that is heard as a 

change in timbre. More often though, it sounds like a very unpleasant noise added to 

the sound. For this reason, it’s very important to take precautions to avoid clipping. 

The amplitude of the electrical signal should not exceed the maximum expected by 

the ADC. 

Digital Headroom 

‘Digital headroom’, “the maximum signal level any signal chain can handle before 

distortion takes place” (Thornton 2010), can be applied to recording, mixing and 

mastering. It is sometimes less-accurately regarded as ‘headroom’. The pre-DAW 

engineers working in an analogue environment understood the importance of 

measuring audio. This was done by metering decibel level, which was 0VU (Volume 

Unit) or +4dBu (Decibels referenced to 0.775 volt). It was acceptable for signals to 

surpass a certain level; the allowable margin for this was called ‘headroom.’ 

Analogue tape devices were the medium to record sound, these machines sometimes 

exceeded their capacity going beyond the nominal ‘line up’ level, which would 
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distort the sound and produce ‘tape saturation’, which could arguably be acceptable 

in certain types of music. 

The digital console has been replicated on analogue principles. For example, the GUI 

of the mixing console and automated faders with coloured LED lights have been 

appropriated, with the addition of plug-ins that may be inserted that can peak level 

and distort in sound.  However, it is recommended to understand the basic principles 

of operating level +4dBu (0VU), as this can be a good starting point towards critical 

metering for digital recording.  

The Pro Tools Mbox interface operates at an output of approximately +4dBu (unity 

level); however, the input  can  go as high as +24dBu (digital clip point). This could 

arguably be thought of as +24db of headroom,  as shown in Figure 17. 

 

Figure 17. Measuring dBFS and dBu 

 RobJohn (1998, p 3) describes various standards of digital operating levels: 

Various standards have been published for digital operating levels. The early 

pseudo-video digital recorders mentioned last month adopted -15dBFS (below full 

scale) to equate with +4dBu (or 0VU). The European Broadcasting Union have 

specified a very similar standard of -18dBFS to equate to 0dBu 

(i.e.-14dBFS aligns with +4dBu). In America, they tend to use -20dBFS. All these 

standards assume you are working with 16-bit format making original recordings 

where there is a high degree of unpredictability in the absolute signal levels. 

 Thus, if the American principle of -20dBFS is adopted, this will correlate to unity 

gain and unity level +4dBu. Although these principles are applied to 16-bit systems, 

as a result of advanced technology, some recording engineers can expand the 

headroom limit when working with AD converters to achieve a higher resolution and 

a wider dynamic range.  
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Dithering 

‘Dithering’ is a process that introduces random noise into the signal to spread out the 

effects of ‘quantisation distortion’ and replace  it with small amounts of white noise, 

making it much less noticeable. This is equivalent to -90dB below unity level on a 

16-bit system, which is intentionally done to the analogue audio signal as it 

transforms into the AD converter. Dither may be used to reduce bit depth (that is, 

from 24-bit to 16-bit), and to ‘transfer plot’ a graph that corrects the amplitude of the 

rises and falls of the input signal to create a linear and audible signal. RobJohn 

(1998, p 4) explains this process: 

Dither is not normally something which is adjustable in an A-D converter – the 

manufacturer sets the appropriate level of dither when the unit is designed. 

However, the important point to remember is that dither is an essential aspect of the 

conversion process, just like bias in a tape recorder. However, dither also plays a 

vital role when digital word lengths are altered, for example in reducing a 20-bit 

master recording for release on 16-bit format such as CD. This is an area where the 

user is able to alter the type and amount of dither used. 

 Katz (2007, p 206) explains that adding noise is the same as dithering,  but it can be 

used deliberately to achieve certain effects: 

It’s possible to shape (equalize) the dither to minimize this masking effect. Noise-

shaping techniques re-equalize the spectrum of the dither while retaining its average 

power, effectively moving the noise away from the areas where the ear is most 

sensitive (3kHz0, and into the high-frequency region (10-22 kHz) at a low enough 

level that for most listeners is inaudible. The best of these noises-shapers yield 19-

20-bit performance on a 16-bit CD. 

 Figure shows a 16-bit dither noise signal sitting above -120dBFS and peaking 

around 20kHz. 
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Figure 18. 16-bit dither graph 

MIDI 

MIDI, an acronym for musical instrument digital interface, allows electronic musical 

hardware devices to connect and communicate with each other using MIDI 

messages. MIDI allows the exchange of data and musical information using 

messages and connecting synthesizers to sequence and record. This also transmits to 

control surfaces, drum machines, modules, keyboards and other hardware devices. 

MIDI’s functionality was important in the 1980s as a means of expanding the 

number of possible voices in the analogue studio by assisting with synchronizing 24-

track tape machines using SMPTE time code to achieve limitless track count. The 

output of MIDI sound modules could simply be fed to the final mix without first 

having to be recorded to multitrack. In other words, MIDI temporarily delivered the 

extended track count necessary to satisfy rising artistic aspirations, a convenience 

that the DAW ultimately normalised.  
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Figure 19. Connecting devices with MIDI 

MIDI was developed in the 1980s by a consortium of synthesiser manufactures to 

allow digital electronic musical devices to communicate with one another. GM 

(general MIDI) became a standard format for all pieces of equipment to 

communicate with one another, regardless of the maker. 

Hosken (2015, p 194) gives examples of the fundamental instrument ‘types of 

sounds’ that are in program patches and are categorized in order: 

• A minimum number of simultaneous voices (polyphony): 24 overall or 16 

for melody and 8 for percussion 

• Support for 16 simultaneous MIDI channels (multitimbral) with channel 10 

devoted to drums/percussion 

• A minimum of 128 programs (patches) in which specific program numbers 

are mapped to specific program names 

• A minimum of 47 present percussion sounds conforming to the “GM 

Percussion Map 

General MIDI is valuable as it has settings that patch and operate the playback of 

music notation that has been stored as MIDI files. This can assist music education, 

which requires a consistency of sounds, working in conjunction with the computer. 

MIDI that could be manipulated became standard in most DAWs with a GUI. This 

allows the user to manipulate data and record MIDI messages. These, in turn, can be 

assigned to software instruments. Piano Roll, a graphic editor, displays coloured 

MIDI notes in horizontal bars in which the height represents pitch and the length 



 

 39 

represents duration (Figure 20). Piano Roll works in a linear function that 

accommodates settings to enable transposition, quantisation and humanising 

elements.  

 

 

Figure 20. Logic Piano Roll 

Logic’s functionality is focused on MIDI and includes a music notation editor, called 

Score Editor. This displays MIDI notes and regions of software instruments in 

notation, giving users who understand music notation the ability to compose by 

applying notes, rests, clef signs, key and time signatures and many other features. 

Even someone with limited musical knowledge or understanding of composition can 

play MIDI messages through a MIDI keyboard that transforms the data,  allowing it 

to be viewed and printed  as a musical notation score. 

 

 

Figure 21. Score Editor 
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MIDI controllers and workstations are devices and tools that are sound- or software-

generated. Most have MIDI or USB connectivity and allow communication of MIDI 

input that can then be further controlled and manipulated in computers and DAWs. A 

controller sends MIDI messages when the keys or pads are struck; many of these 

controllers are large or portable (such as laptops) and have additional knobs and 

faders for various parameter settings. 

 

 

Figure 22. AKAI controller keyboard 

 

Controller pads are devices that are becoming highly popular with electronic music-

makers. The Ableton ‘Push 2’ controller  works with the software Ableton Live (see 

Figure 23, on page 41). This instrument features touch pads  with ‘hands-on’ control. 

VST processes a step-sequencer that generates musical sounds. Another popular 

controller that acts a stand-alone device is the Native Instruments Machine, a 

hardware sampler interface that can be used with or without a computer. The device 

features 16 touch-sensitive pads with up to 96 kHz/24-bit audio interface, and can 

record, play back and perform high-fidelity sound. 
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Figure 23. Ableton Push2 MIDI controller 

A ‘sample-based synthesizer sound module’ is a box that can send MIDI messages 

but has no controller (example, input device like keys or pads) to play. These 

modules are primarily racked devices and are installed with sounds for synthesis or 

sampling. Sometimes a hybrid can be externally used with other controllers or 

workstations.  

These hardware sound modules have now been replaced with Computer software, 

that is available in most DAW’s, featuring an abundance of VST, ‘Softsynths’ and 

plug-in software instruments that give the user a  wide range of choices.  

 

 

Figure 24. Roland JV 1080 module 
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Chapter 2. Music Production History 

This chapter provides an overview of music production history and how these 

technological and cultural changes are interlinked. It is important to discuss the 

history of recorded music, as this sets the background, precedents and paradigms of 

current DAW systems.  

Electronic Music 
The inventers, composers and visionaries who pioneered electronic music explored 

the possibilities of new, advanced devices and instruments that generated shape and 

sound. These sounds inspired a generation of futurists, non-traditional musicians and 

composers who were ground-breaking in creating unique tools and offering a vast 

palette of tone and shape with boundless variations of sounds. 

In 1897 the United States Patent Office registered an obscure invention by Thaddeus 

Cahill. Similar to Edison’s invention of the phonograph, Cahill’s Dynamophone, or 

Telharmonium, an early ancestor of the synthesiser, proved to be a significant 

landmark in the area of electronic music. Manning (2001, p 23) described it as 

“essentially a modified electrical dynamo, employing a number of specially geared 

shafts and associated inductors to produce alternating currents of different audio 

frequencies”.  

These signals would proceed along a polyphonic keyboard and a combination of 

controls to a telephone receiver that was fitted with acoustic horns. Although the 

Dynamophone was an ambitious and expensive construction, almost the size and 

proportion of a power-station generator, Cahill’s machine was revolutionary in that it 

produced electronic tones and pitched sounds from electrical elements. The keyboard 

design was a powerful tool that was new and flexible.  

The Dynamophone instantly attracted the attention of many composers and other 

visionaries who were exploring less expensive and compact possibilities for synthetic 

sound. American inventor Lee De Forest “patented the vacuum-tube triode amplifier 

valve” (Manning 1993, p 4) and explored the possibility of integrating new 

technologies for the construction of electronic musical instruments by the end of 

World War II. The fundamental desire for these technologies was due to their ability 
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to amplify sound and support the creation of instruments outside the conventional 

orchestral range. 

Furthermore, to satisfy traditional concepts of musical writing, such instruments as 

the Neo-Bechstein or Electric Grand Piano (which used pickups to electrically 

amplify acoustic vibration, similar to the electric guitar) were introduced. Another 

instrument that applied the same mechanics as the Dynamophone, only amplified, 

was the Hammond organ. 

 

 

Figure 25. Thaddeus Cahill's Dynamophone or Telharmonium 

Sound Synthesiser 

In 1876 Max Kohl, A.G. founded a German company that designed scientific, 

mechanical and musical instruments. In 1905 a German physicist and 

psychologist, Hermann von Helmholtz, worked for the company and helped design 

the ‘Sound Synthesizer’. Helmholtz devised and demonstrated components of 

various complex sounds, frequencies and overtones, yet this was not intended to be a 

musical instrument; explains he called it “a scientific tool to demonstrate and analyze 

the effect of overtones in complex sound” (Crab 2018). In Helmholtz book, ‘On the 

Sensations of Tone as a Physiological Basis for the Theory of Music’ “had a 
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significant impact on musicologists and instrument designers throughout the 20th 

century” (Crab 2018). 

 

Figure 26. Max Kohl’s Helmholtz Sound Synthesizer 1905 

Electronic Instruments 

The 1920s saw a revolution in the generation of electronic methods of producing 

sound. Composer Leon Theremin invented a device  that consisted of a vertical rod 

that controlled pitch and amplitude.  The movement of players’ hands, similar to how 

a bow player would play a violin, generated electrical fields that were used to 

produce sinewave sounds; the device bore his name. The ‘Spharophon’ was an 

electrical music instrument capable of changing the timbre of sound and producing 

the quarter tones of an octave. The ‘Ondes Martenot’ and the ‘Trautonium’ were also 

ground-breaking devices. 
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Figure 27. Leon Theremin demonstrating the Theremin instrument 

These electronic instruments were beginning to flourish, and new and emerging 

composers such as Paul Hindemith, Arthur Honegger, Charles Koechlin, Darius 

Milhaud and Olivier Messiaen were experimenting with them. There was however, 

limited repertoire  for them. Manning (1993, p 5) writes that “one of the earliest 

attempts to employ nontraditional sound-generation techniques as part of a 

communicative art form arose from the activities of the members of the Futurist 

movement”.   

One such member was Italian poet Filippo Marinetti. In 1909 his publication 

‘Manifesto of Futurist Poetry’ (Marinetti 2009) was released. Musician Balilla 

Pratella interpreted Marinetti’s works for musicians in his 1910 publication 

‘Manifesto of Futurist Musicians’ (Pratella 2009). Two years later, Luigi Russolo, an 

Italian member of the Futurist movement, published the popular manifesto ‘The Art 

of Noises’ Brown (1981 p 31), in which he discussed the appreciation and 

importance of acoustic laws and the relevance of compositional works established by 

noise and sound sources from the environment. 

Manning (1993, p 4) wrote about the importance of Russolo’s ‘The Art of Noises’ : 

Echoing the revolutionary spirit of the movement, this document called for the 

rejection of traditional musical principles and methods of teaching and the 

substitution of free expression, to be inspired by nature in all its manifestations. 

The Futurist movement did not triumph in its pursuit of domination in new music; 

however, it did accept the relationship between the science of acoustical sound and 

the art of musical sound production.  
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The Italian composer and philosopher Ferruccio Busoni published the popular 

‘Sketch of New Aesthetic of Music’ (2004, p 397). In 1911, this book reflected on 

Busoni’s ultimate thinking and freedom of music and debated the narrow 

mindlessness of traditional nineteenth-century musical practices.  It would continue 

to inspire composers to reassess the entire structure and language of music. 

French composer Edgard Varèse, who was inspired by Busoni’s processes and 

thinking, had rebelled against traditional music teaching and was ambitious to 

practice new approaches of musical expression. In 1913, Varèse became interested in 

the Futurist movement, using its philosophy to expand his composition into new 

mediums and expressions. Specifically, he collaborated with electronics designer 

René Bertrand, who constructed the Dynaphone. From the 1920s to the 1950s Varèse 

was one of the most influential composers of his time, primarily with respect to his 

instrumental music, which integrated the aesthetics of electronic sound processing, 

analysis and re-synthesis, an approach that became characteristic to his sound and 

compositions.  

The Hammond Organ 

In 1939 Laurens Hammond, Charles Williams and John Hanert designed the 

Hammond Novachord, a polyphonic organ that had a tube-based keyboard with a 

sensitive touch and 12 frequencies that gave a six-octave range. This range was 

achieved using the ‘divide-down technology’, in which oscillators halve to create the 

octave below  along the entire keyboard range. Another addition to the Hammond 

were various foreman filters that would change or diminish the frequencies that were 

present in the sound of the oscillator,  thus allowing the player to shape the colour of 

the sound. Filters became a standard component of synthesisers; however, the 

Hammond Novachord was the first to implement fully controllable filters. In 

addition, it featured two pre-sets – percussion and singing – and a low-filter 

oscillator that produced a mechanical vibrato. This expression would give the 

Hammond organ its signature sound in popular music. 
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Figure 28. The Hammond Novachord organ 

 

Figure 29. Inside the Hammond Novachord 

Composers of Electronic Music 

In 1939, American composer John Cage performed his ‘Imaginary Landscape No.1’ 

in Seattle. “This composition and score provided a ground-breaking and unique sonic 

experience of cymbals, percussion, muted pianos, turntables playing variable speeds, 

tin cans, marimba, muted gongs, audio frequency oscillators, amplified coils, contact 

microphones and buzzers” (Haskins 2012, p 29). While these combinations of 
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sounds sounded playful and experimental, the score was structured and rhythmically 

organised. Other versions of this piece demonstrate Cage’s ability to use abstract 

sound in modal composition, with different sounds, timbres and velocities. Some of 

these pieces influenced dancers and visual artists.  

Like many  experimental composers, Cage would challenge the very notion of what 

music really is. In 1952 he produced the controversial work ‘4’33”’ where the 

performer or performers (the instrumentation was flexible) remained silent for the 

duration of four minutes and 33 seconds. It could be said that this work broke 

traditional boundaries by shifting attention from the stage to the audience and even 

beyond. It highlighted the notion of not making music, whilst concentrating on the 

discipline of listening to silence and offering the hypothesis that there is no such 

thing as true silence.  

“This short piece became one of Cage’s best known compositions and a significant 

piece of the twentieth century avant-garde movement” (Haskins 2012, p 8). Cage 

remained on the forefront of the exploration of electric amplification, electronic 

sound sources and live electronic techniques. This landscape would set the stage for 

live studios and the associated university schools of composition. 

Another influential pioneer of electronic music was French composer and engineer 

Pierre Schaeffer. Born in 1910, he was among the most visionary artists of the 

postwar era due to his creation of abstract sound mosaics. He was divorced from 

conventional musical theory and pioneered a sonic revolution that continues to 

resonate today across the contemporary cultural landscape, most deeply in the 

grooves of hip-hop and electronica. First performed in Paris in 1948, Schaeffer’s first 

compositions ‘Musique Concrète’, were significant to the start of electronic music, 

as Doornbusch (2018, p 2) writes: 

These pieces were made using recordings (on disk) of everyday sounds, 

manipulated and edited into a montage. Schaeffer developed a complete theory 

around what he called sonic objects and concrete music made from these recordings. 

Kane (2014, p 16)  quotes Schaeffer’s words:   

I have coined the term Musique Concrète for this commitment to compose with 

materials taken from “given” experimental sound in order to emphasize our 

dependence, no longer on preconceived sound abstractions, but on sound fragments 

that exist in reality, and that are considered as discrete and complete sound objects, 
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even if and above all when they do not fit in with the elementary definitions of 

music theory. 

Traditional music compositions use elements of melody, harmony and rhythm to 

create form. Electronic music, in contrast, uses sound or timbre to create form. 

Electronic-music artists adopted a methodology of ‘timbral change’ as a way to 

express this unique musical platform. 

The Development of Electronic Music 

Electronic music  had its genesis in Köln, West Germany, in the early 1950s. The 

founders of West German Radio (WDR) (Westdeutscher Rundfunk – Elektronische 

Musik), Herbert Eimert, Robert Beyer and Werner Meyer-Eppler, played the music 

of a number of pioneers in this genre, including composer Karlheinz Stockhausen. 

Stockhausen produced many significant works, including Studie l, Studie ll and 

Gesang der Jünglinge. In contrast to the French method of tape editing and 

manipulating recorded industrial sounds, WDR focused on what they described as 

pure electronic music:  that which was created by synthesising fundamental sine 

waves. The ground-breaking tape-recording technology that  emerged during and 

after World War II made finer editing possible, as well as overdubbing and re-

recording; something that had not been possible with disks. 

Other countries to develop electronic music studios in the 1950s included the USA, 

Italy, The Netherlands, Poland, Japan, England, Canada and Chile. In 1958, the 

Philips Pavilion at Brussel’s World Fair was designed for a multimedia spectacle of 

various electronic-music compositions “and was the first electronic-spatial 

environment to combine architecture, film, light and music to a total experience 

made to functions in time and space” (Lopez 2011).  Furthermore, it debuted the first 

electronic music soundtrack for the film Forbidden Planet.  
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Figure 30. Philips Pavilion at the World's Fair, Brussels, Belgium, 1958 

The developments in electronic and computer music at this time were based on 

analogue sound synthesis and tape-editing of pre-recorded sounds. Some of the 

world’s best composers of electronic music and film scorers were adopting this new 

method. 

With the miniaturisation of electronics, technology such as tape recorders and 

commercial synthesisers (including the Moog, Buchla and EMS instruments) were  

entering the mainstream; as a result, the 1960s and 1970s saw the techniques of 

electronic music enter new genres including pop music, jazz, disco, funk and soul. 

Artists such as Kraftwerk, Brian Eno, Keith Emerson, Herbie Hancock, Stevie 

Wonder and Pink Floyd were examples. Film and television productions were also 

adopting electronic music and applying it to their soundtracks and scores; Star Wars 

and the BBC’s Doctor Who are examples of this. 

By the end of the 1970s, analogue electronic music and computer music merged. The 

New England Digital Synclavier and the Fairlight CMI combined both the editing 

ability of tape and the many features of analogue synthesisers. The MIDI system 

developed in the early 1980s revolutionised analogue and digital synthesis. 

Established by manufacturers Sequential Circuits and Roland, it allowed computers 

to be effectively integrated with synthesisers. The 1980s and 1990s witnessed  

explosive growth in electronic instruments, as composers and musicians now had 
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cost-effective synthesisers and digital samplers,  giving them more sounds and 

editing capabilities than ever before. 

The mid-1980s also saw  a separation between the control of synthesisers and the 

sound-generation mechanism of MIDI. New wind, drum and guitar controllers 

developed, mimicking traditional instruments. Inferior analogue hardware was 

superseded by digital equipment in the 1990s for general-purpose/mainstream 

computers. This continued over the following decade with the replacement of 

hardware instruments by software synthesis systems. These systems were often 

integrated with DAWs and could emulate older analogue synths, allowing for sample 

playback, similar to hardware samplers. The technological advancement of digital 

signal processing developed programming languages such as Pure Data, MaxMSP 

and Csound. These programs allowed custom interactive computer music and 

multimedia works. 

The New Wave, Techno and House genres of the ‘80s and early ‘90s helped expand 

the popularity of electronic music into mainstream culture. As technology became 

more accessible and affordable, the music had become easier to produce and 

perform. Dance music was the next evolution, with rave culture and the DJ 

movement gaining popularity in the mid- to late 1990s. Today, musicians are 

experimenting with new sounds and aesthetics as electronic music continues to 

evolve. Technology has advanced electronic instruments and software has assisted 

musicians to experiment and produce electronically with advanced methods in live 

coding and chip music. The modern composer of electronic music has advanced 

digital tools and devices that enable musical invention and discovery. 

  

Recording History 
This section discusses the history and culture of recording processes from the early 

introduction of acoustic recording that shaped the beginning of the commercial 

recording industry to the electric era and the advancement of multi-track recording of 

the 1960s to 1970s. It goes on to discuss the advancement of the digital revolution 

and the present digital recording domain. 

Although sounds such as wind, thunder and the sound of cars pervade the daily 

environment, what first inspired humans to make music remains unknown. It could 
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be argued that it was simply from hearing and the mechanics of our ear drum, or 

developed as a form of communication, ritual and culture.  

Mathematically, most sounds or pitches humans can hear “comprise of complex 

harmonics or overtones that relate to the harmonic series” (Burgess 2013, p 2). Some 

of these were explored by Pythagoras (ca. 570-495 BCE), Aristotle (384-322 BCE) 

and Galileo Galilei (1564-1642), among others. These philosophers, artists and 

scientists shaped the theories of sound that sparked the fascination of capturing 

sound onto mechanical devices such as a machine that can play back instruments and 

voices from a needle into a groove of a cut disk and then project it through a cylinder 

horn. 

The earliest device known to attempt the recording of sound was the phonautograph, 

built by Rudolph Koenig and patented in France in 1857 by Èdouard-Léon Scott de 

Martinville. This machine recorded vibrations as a trace on a carbon-blackened glass 

cylinder. “It was intended to be a laboratory instrument and was used to investigate 

the nature of sound” (National 2017). 

 

 

Figure 31. An early Phonautograph, 1859 

In 1877 Thomas Alva Edison invented the first tinfoil cylinder phonograph and made 

the first recording of a human voice: a rendition of  ‘Mary Had a Little Lamb’. 

Others before Edison had tried to record sound; however, Edison’s tinfoil cylinder 

phonograph (Figure 32, on page 53) was the first invention to succeed. “The machine 

comprised a grooved cylinder mounted on a long shaft with a screw pitch of ten 

threads per inch and turned by a crank shaft” (Burgess 2014, p 5). Edison named his 
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machine ‘phonograph’, from the Greek ‘sound-writer’, and envisioned his invention 

primarily as a dictation device, not as a medium for entertainment. 

  

 

Figure 32. Edison's first phonograph, 1877 

Edison’s invention was regarded as ‘genius’ by peers and the media. Furthermore, 

the phonograph presentation had been labeled as astonishing by the editors who 

remarked, “no matter how familiar a person may be with modern machinery…it is 

impossible to listen to the mechanical speech without his experiencing the idea that 

his senses are deceiving him” (Burgess 2014, p 7). 

As soon as Edison patented his invention, he deserted it and focused his attention on 

power distribution, which provided opportunities for Alexander Graham Bell  to 

develop a version of the phonograph that used a better recording medium,  patenting 

it  as the  ‘graphophone’. In addition, in 1888 German-born inventor Emile Berliner 

demonstrated a new machine that featured flat discs with expanding recording and 

playback characteristics that were produced with lateral cuts and grooves that 

replicated playback; this technology persisted for decades, eventually being 

incorporated into vinyl records. Although Edison regarded the phonograph as a 

dictation device, Berliner’s vision was quite different: his perception of what he 

called the ‘gramophone’ was to revolutionise mass-production and distribution of 

music, relationships with recording artists and management of sales and royalties,  

ultimately creating a business module for the expansion of the future entertainment 

industry. 
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Figure 33. Berliner Gramophone 1887 

Another mechanical instrument device that was developed in 1895 by Edwin Scott 

Votey was the pianola, also named the ‘player piano’. This instrument would play 

itself using pressurised air or a pump operated by the player’s feet. This would  use 

paper rolls, which had holes punched into them corresponding to the desired notes, to 

trigger the keys to hammer the strings,  thus playing the piano. The operator could 

play back popular compositions without actually being capable of playing; this 

became a hugely popular form of entertainment. 

Here we see the ancestry of both MIDI and the DAW’s standard ‘piano roll’ feature, 

and machines that permit a physical engagement with music without traditional 

competencies. MIDI’s implementation and expansion in both Logic and eventually 

Pro Tools, opened the door to ‘artists’ with no traditional musical competencies. Step 

time input remains essential for those who cannot play a conventional piano 

keyboard. Artistic expression (and not simply the ‘ability to make high fidelity 

recordings’) is now placed within the grasp of practically anyone with a personal 

computing device, regardless of traditional musical training. 
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Figure 34. Edwin S. Votey demonstrating a limited production of the player piano, 1922 

The recording process for the phonograph and gramophone involved musicians 

playing into acoustic horns, with the entire signal path being acoustic and 

mechanical. The commercial market for pre-recorded music began to grow by the 

end of the 19th century. Sales catalogues from the time indicate that the top-selling 

records (cylinders) from around the 1900s were mostly recordings of military bands 

playing waltzes, polkas and other styles. The phonograph also played an important 

role in race relations in 20th century, particularly in the United States, as it brought 

blues and jazz, which had emerged from African-American communities, to the 

wider public in the early decades of the century. 

 

Figure 35. An orchestra recording into a horn 
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Edison’s phonograph removed the interpretive step between the audience and 

composer, permitting the preservation of the diversity of human expression that 

occurs in performance. The phonograph opened up a new creative medium that 

allowed to record on cylinder discs and playback recorded sound. 

 

 

Figure 36. Edison’s cylinder phonograph 

 

Figure 37. Cylinder discs used for electrical recording 
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After Edison’s cylinder, the next important development in the early history of sound 

recording was the introduction of ‘electrical recording’; for example, when a 

microphone is used to convert sound into an electrical signal that is amplified and 

used to drive or actuate the recording. 

This innovation eliminated the ‘horn sound’ characteristics of the acoustical process 

and produced a clear and full sound by greatly extending the range of audio 

frequencies and volumes that could be captured.  

Electrical Recording 

Although early electrical sound recordings commenced as a mere mechanical 

process, the advancement of electronics broadened their appeal. In the early 1920s, 

radio-related developments in electronics converged to revolutionise the recording 

process. These included the improved condenser microphone and auxiliary devices 

such as electronic filters, all of which  depended on electronic amplification. They 

phased out the acoustical recording process and produced fuller and clearer 

recordings by capturing and extending a wider range of audio frequencies. This in 

turn resulted in numerous possibilities for instrumentation and musical expression. 

 Based on advancements in vacuum-tube technology, the condenser microphone was 

developed by electrical engineer Edward Christopher Wente. Then, in 1906, 

American electrical engineer Lee De Forest invented the ‘audion’. This contained the 

first triode vacuum tube, which could amplify a weak electrical signal. Forest refined 

various versions of this vacuum tube, or ‘valve’; these became the basis of electronic 

sound systems until the commercial introduction of transistor-based audio devices in 

the 1950s.  

 Bell Laboratories played a key role at this time in the development of electrical 

recording processes involving microphones. Larry Huffman the author of  twentieth 

century conductor Leopold Stokowski’s legacy webpage, under the title ‘The 

Development of Electrical Recording at Bell Laboratories’ explains (Huffman 1998) 

how carbon microphones were becoming the new medium of recording sound: 

Carbon microphones, using loose carbon granules were employed from the earliest 

days of telephone instruments until today. The carbon microphone alters the 

transmission of electrical current from acoustic vibration. It requires no subsequent 
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electrical amplification, although the circuit to which it’s connected needs to have a 

voltage circuit for transmission.  

Bell Laboratories advanced the design of carbon microphones together with the 

‘double-button’ and improved the separation of carbon powder from the diaphragm,  

resulting in better clarity and reduced noise. Radio-quality broadcasting was on the 

rise, and this stimulated the development of high-quality carbon microphones. 

Another pioneer of octagonal carbon microphones in early broadcasting stations was 

German inventor Georg Neumann. Neumann was originally employed in Germany 

by the Reisz company; 1928 he went on to form his own eponymous company to 

manufacture components for the ‘Neumann Bottle’ “CMV3 – the first mass-

produced condenser mic” (Staff 2008). 

 

Figure 38. Western Electric double-button microphone 

 

Figure 39. The Marconi Reisz carbon microphone 
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The carbon double-button microphone manufactured by Western Electric (in 

partnership with Bell Laboratories) became widely used in radio broadcasting due to 

its low noise and decreased harmonic distortion. The carbon microphone was centred 

in the middle of the orchestra (Figure 40, on page 59) and connected directly to the 

engineering console and radio transmitter. 

 

Figure 40. An orchestra performing a broadcast in 1924; carbon microphone on the centre stand 

In 1920 at Westminster Abbey, London, the first electrical recording was developed 

and demonstrated at the burial of the Unknown Soldier “using carbon microphones 

connected to a moving coil recording head” (Huffman 1998). However, the sound 

quality of the recording was “sufficiently poor  that it is difficult to discern if only 

instruments are playing, or if there is also singing” (Huffman 1998). 

Western Electric were in many partnerships with major telephone companies 

including Bell Laboratories and AT&T. Wente’s designs saw advancements in 1916, 

such as improved transmitters for the condenser microphone to produce strong 

output signals. The  47A (Figure 41, on page 60) used a 394 transmitter and a single 

vacuum tube, expanding the frequency range and producing less harmonic distortion. 

This feature provided low-level background noise from the vibration of carbon 

granules. 
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Figure 41. Western Electric 47A condenser microphone 

By early 1924 Western Electric were advancing in the areas of recording 

technology, including microphones, amplification and electromechanical 

disk cutting. At this time, these were state-of-the-art technologies, and the 

company decided to commercialise the system under the Westrex brand 

name. The next development for Western Electric was to influence the 

phonograph record companies to license the Westrex system and replace the 

Edison phonograph recording process that had been the recording medium 

for the previous 50 years. Western Electric were highly successful in their 

efforts, and went on to license the Westrex Electrical Recording System to 

Victor and Columbia. Attali discusses (1985, p 87) ‘Noise the Political 

Economy of Music’ the implications of culture change of recordings: 

      When Western technology, at the nineteenth century made possible recording of 

sound it was conceived as political auxiliary to representation. But it happened, 

and contrary to the wishes of its inventors, it invested music instead of aiding 

instructions’ power to perpetuate themselves; everything suddenly changed. A 

new society emerged, that of mass production. 
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Figure 42. Western Electric engineer cutting a master 

Magnetic Tape 

In 1924, the German engineer Kurt Stille developed a dictating machine that 

recorded onto steel wire.  While the quality didn’t  meet broadcast standards, the 

development of magnetic recording  came to the attention of the British Broadcasting 

Corporation (BBC) who were eager to develop Stille’s machine. Louis Blattner, a 

German film producer, took on the challenge and formed the British Blattnerphone 

Company to produce a machine that would sync sound to film. 

 

Figure 43. Blattnerphone recording machine 
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Fritz Pfleumer, a German-Austrian engineer, pioneered the invention of magnetic 

tape that would enable sound recording and, later, data storage. Juried (2013) 

describes Pfleumer’s process: 

Pfleumer had developed a process putting metal stripes on cigarette papers and 

reasoned that he could similarity coast a magnetic stripe, to be used as an alternative 

to wire recording. In 1927, after experimenting with various materials, Pfleumer 

used very thin paper which he coated with iron oxide powder using lacquer as glue. 

He received a patent in 1928. 

In 1932, Fritz Pfleumer accepted an offer from German electric company Allgemeine 

Elektricitäts-Gesellschaft (AEG) to use his tape invention. AEG would combine this 

with their own invention, a state-of-the-art tape recorder, the Magnetophon 

(discussed in detail below), which would later be used in WWII.  

 

Figure 44. Fritz Pfleumer with his magnetic tape machine, 1931 

 

The Victor Talking Company promoted and spent a considerable amount of money 

on ‘Victory Day’, marking the release on 2 November 1925 of a new recording 

process and device, the Victrola, which contributed to increased record sales for 

Victor records. This acoustic reproduction device had exceptional bass frequency 

response and functioned without electrical amplification. The Electrola and Radiola 

would transfer Victrola into electrical amplification with electromagnetic cone 

speakers and  a radio receiver manufactured by  the Radio Corporation of America 

(RCA). In 1931, RCA Victor debuted the first LP vinyl record, running at 33 !
"
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revolutions per minute. This would finally replace shellac, as the compound was 

lighter and produced less surface noise. “Its only drawbacks were that it was 

relatively expensive and damaged by heavy, old style gramophone needles” 

(Lawrence 2016, p 56). 

 

Figure 45. Advertisement for the Victrola 

English electronics engineer Alan Blumlein made extensive contributions to the  

research and technological developments achieved by the UK’s Electrical Musical 

Industries (EMI). These would later include television, radar and scanners. In 1931, 

after an evening in the cinema, he was inspired to pioneer techniques for binaural 

sound, known as stereo recording. Blumlien developed two stereophonic recording 

processes using two channels and an arrangement of coincident microphone 

techniques (X-Y with bidirectional transducers). This technology produced a uniform 

‘sound field’ and was patented as producing the first binaural disc. “Two walls of the 

record’s groove were cut at right angles in order to carry the two audio channels” 

(Lawrence 2016, p 25).  

It wasn’t until the 1950s that Blumlein’s invention became the standard procedure in 

the recording industry. This was partly due to the difficult shellac medium that would 
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eventually be superseded by the vinyl disc, which produced a better surface for 

stereo recording; and partly due to the fact that at the time consumers were unwilling 

to upgrade their sound systems.   

In 1932, Harry F. Olson, who was employed by RCA, patented the first cardioid 

ribbon microphone, which functioned “using a field coil rather than a permanent 

magnet” (Burgess 2014, p 34). This became the standard microphone in recording 

and broadcasting, and was popular with singers and entertainers such as Bing Crosby 

and Frank Sinatra. 

 

Figure 46. Bing Crosby singing into a ribbon microphone 

Tape Machine Recording 

The Second World War in Europe (1940s) had a significant impact on the recording 

industry worldwide. In Germany, Braunmühl and Webber were engineers at Reichs-

Rundfunk-Gesellschaft, a German radio broadcast company. They discovered the 

technique of ‘high-frequency biasing process’ on the AEG Magnetophon tape 

recorder. This machine reduced background noise and maximised audio levels, 

improving tone and sound quality, and was the next step forward to magnetic tape 

machines. Its inventors contributed to the ‘dual diaphragm capsule’ design, which 
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was the “first unidirectional condenser microphone” (Huffman 1998);  this evolved 

into the Neumann M7 capsule, which was later mass produced and as the U 47 

microphone. “It has become the most revered vocal microphone in history” (Bradley 

2008). 

 

 

Figure 47. The Magnetophon using paper and plastic tape 

 

Figure 48. Portable Magnetophon 

Around the same time a US Signal Corps Major, Jack Mullin, who had been posted 

to Germany to evaluate and apprehend German electronic equipment, discovered the 
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Magnetophon, which had been used extensively for German communication in 

wartime broadcasting. Mullins explained that “the reason we didn’t know about the 

Magnetophon was that the Germans never bothered to classify it as top-secret” 

(Burgess 2014, p 45). 

Mullins could not believe the clarity and couldn’t tell  whether recordings were ‘live’ 

or  played back in this portable tape machine. “By the 1940s, German radio stations 

broadcast Hitler’s speeches simultaneously from all over the country which by itself 

was an impressive feat for the time” (Deecke 2015).  

In 1945, Mullins visited Radio Frankfurt and, with permission, he disassembled two 

AEG Magnetophon machines and 50 reels of Farben recording tape and shipped 

these to the United States, and on his return, and he and his colleague William A. 

Palmer worked on modifying and improving the machines’ performance. In 1947, 

Mullins demonstrated two of the AEG Magnetophons to Murdo McKenzie (the 

producer of the Bing Crosby show) at MGM Studios in Hollywood. Ravos (1999) 

writes that “Bing Crosby was so impressed with the quality of the tape’s sound and 

especially, the ability to edit recordings that he backed Mr. Mullin and Mr. Palmer 

financially” (1999). He continues: 

It was the first coast-to-coast commercial broadcast using magnetic tape instead of a 

live performance. Mr. Mullin and Mr. Palmer also used the ability to edit audiotape 

for less artistic purposes. For Crosby’s show, at the singer’s behest, they made some 

of the first laugh tracks. Using scissors and tape, the pair added applause and 

laughter to tapes of live performances that didn’t inspire enough audience reaction 

or that weren’t really live at all.  

The modified Magnetophon and Farben tape transferred into commercial products, 

with Mullin and Palmer working in conjunction with Ampex Data Systems 

Corporation and the 3M tape company. In 1947, They debuted the Ampex Model 

200 professional tape recorder, which enabled greater control during production, 

resulting in higher fidelity.  

The Sound of Reverb 

The artificial echo that produces spacious qualities and dramatic effects was 

introduced in the 1930s in film and broadcast. Musician Les Paul, demonstrated the 

echo effect when performing on radio programs and in the recording studio with 
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spring reverbs that resulted in a sound like a ‘thunder crash’. A similar result is 

achieved when moving a guitar amplifier with a spring reverb that is active. This 

type of effect used an electro-mechanical system that was introduced into the 

Hammond organ. Reflective surfaces, natural acoustics and the addition of 

microphones redirecting a signal through a chamber achieved these effects in 

recordings. Many studios built expensive custom echo chambers that provided a 

natural ambience to the voice or instrumentation. 

 

In the late 1950s, technicians found a way to produce an artificial reverberation. 

Companies  packaged this device as a portable, rack-mountable unit;  brand names 

included the Fairchild Reverbertron and EMT 140 Reverberation. In the book ‘The 

Art of Record Production’, Horning (Frith 2012, p 39) writes: 

The Elektromesstechnik Company of Germany introduced its EMT 140 

Reverberation Set, developed by Dr. Walther Kühl in 1953. With a reverberation 

time adjustable between one and five seconds, the ‘EMT plate’ became the most 

popular source of reverberation and echo during the 1960s because of its  

portability, turnability and size.  

Another process that achieves echo is ‘tape echo’ or ‘slap back’. This technique uses 

two professional tape recorders working in tandem. The separation between the 

record and playback heads resulted a split-second delay in sound. Les Paul 

introduced these techniques on multiple recordings with his wife Mary Ford and 

producer Sam Phillips. Together they created a distinctive slap-back echo sound to  

rock ‘n’ roll that can be heard on the albums of Elvis Presley, Jonny Cash and Jerry 

Lee Lewis, among others.  

Consoles  

The progression of the recording studio involved the interplay of experimentation 

and engineering techniques for the recording process. One of the studios that served 

as a professional sound laboratory was EMI’s Abbey Road Studios in London. This 

studio would have ‘men in white coats’ who were classed as ‘technical’ or ‘balance 

engineers’; they were a team of engineers who were headed by Len Page who 

formed a department under the Record Engineering Development Department 

(REDD). These engineers specifically worked on a valve console that could produce 
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stereo recordings. In 1957, they launched the first series console, REDD.17, which 

was updated to the REDD.37. This was the console with which Martin produced 

three of the Beatles’ number one hits: From Me to You, She Loves You and I Want 

Hold Your Hand. In 1964, the REDD.51 was introduced. Pickford (2014) lists its 

features: 

Eight microphone input channels, two auxiliary channels and the four centrally 

placed faders that controlled the outputs to the 4-track tape machine. These four 

Main Faders operated in a similar way to the subgroups or buses found on modern-

day consoles. 

 

Figure 49. The Beatles and Martin on the REDD console 

The REDD’s valve-based four-track mixing console and tape machine allowed 

separation of the tracks and  allowed the manipulation of equalising, stereo width, 

stereo phase and balance. These processes suited pop music, which typically used 

many fewer instruments than an orchestral recording. The Beatles and 

producer/arranger Sir George Martin were looking for new, innovative and 

experimental concepts in multi-tracking that would enhance their songs, especially 

for double tracking vocals. In 1959, recording engineer Ken Townsend invented 

artificial double tracking (ADT) specifically for use in recording The Beatles. 

Lawrence (2016, p 125) explains  how this came about: 

Townsend hit upon the idea of playing back two identical performances, with one 

slightly out of synch. He added a second tape recorder to the setup and routed the 

vocal track back with the speed and delay created and managed by an oscillator, 
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varying the speed of the second tape. The two vocal tracks were then combined to 

create the double-tracked effect. 

The Beatles adapted the ADT process that Townsend manually controlled. These 

features are heard throughout the 1966 album Revolver and were some of the early 

demonstrations of multitrack recording. 

 

 

Figure 50. Manually operating an ADT machine 

Synthesisers 

Although the Teleharmonium and the Hammond organ were the earliest instruments 

to pioneer synthesis, the  1960s and 1970s saw a dramatic boom in the development 

and manufacture of many synth hardware instruments, including the Moog, 

Sequential Circuits, Oberheim, EMS, ARP, Roland, Korg and Yamaha. One of the 

popular devices that debuted in 1970s, was the monophonic Minimoog synthesiser, 

designed by Bob Moog. The small keyboard design allowed a two-octave range and 

featured envelope generators and voltage-controlled oscillators and amplifiers. In 

1975, Moog released the Polymoog, a 71-note polyphonic synthesiser. In 1978, 

Sequential Circuits released the Prophet 5, which featured a VCO voltage-controlled 

oscillator and was the first programmable synth.  The ARP Odyssey featured 

movable sliders instead of round knobs. Roland’s first synth was the monophonic 

SH-1000,  which featured a single oscillator;  it was used by artists such as Vangelis 

and Jethro Tull. In 1978, Korg released the MS-20, a portable analogue micro-

synthesiser that featured patchable connections. Another addition was the Oberheim 
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OBX, which comprised of many lead sounds, highly popular with jazz-fusion 

composers  such as Chick Corea and Herbie Hancock.  

The late 1970s and early 1980s  saw many changes to the types of synthesisers, 

including the popular Roland Jupiter 8, which was a polyphonic analogue synth 

featuring 16 oscillators. This system was  very common in 80s pop music. Another 

addition was the Yamaha DX7, which featured frequency-modulation (FM) synthesis 

this was one of the first digital synthesisers to progress into the ‘sample era’. 

 

Figure 51. Bob Moog's 1970 Minimoog 

Compact Audio Cassette 

At the Berlin Radio Show in 1963, Dutch technology company Philips (under the 

Norelco brand) introduced an innovative medium for audio storage:  compact audio 

cassette. The cassette tape was 3.8 millimeters wide (Figure 52, on page 71), was 

durable and compact and could hold up to 30 minutes of recorded material.  

Compact cassettes were becoming a highly popular medium along with the compact 

recorder/player hardware. The devices were also used in re-recordable dictation 

machines and as the medium for mixtapes to be played in ‘boom-boxes’. By 1968, 

there were over 85 manufactures of cassette recorders, and “TDK SD. First cassette 

marketed for Hi-Fi market” (vintagecassettes.com 2012). 

In the 1970s to the mid-1980s, eight-bit home computers such as the Commodore 64 

and ZX Spectrum Home used ‘datassettes’: hardware recorders that used cassette 
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tapes for storing data. These eventually became obsolete due to the introduction of 

floppy-disk drives.  

In 1979, Sony released the Walkman. As the iPod would do decades later, it changed 

the way consumers listened to music. It was portable, convenient and simple use, 

with play, stop, pause and record buttons on one side of the device. 

Consumers could now listen to music anywhere. “Unfortunately, it was a start of a 

decline as CD start taking over. It was just cheaper to produce good sounding CD 

and CD player then cassette deck and compact cassette. The sales declined but they 

well still high for 10 or so years. The global sale of blank cassettes in 1996 was 

2.098 billion pieces. In 1997 this decreased by 4.5% to 2.003 billion” 

(vintagecassettes.com 2012). 

 

 

 

Figure 52. Philips compact audio cassette 

 

Around the same time, the TEAC 144 introduced its first multi-track (four-track) 

recorder, mostly aimed at the home consumer market. It could record, play back and 

refine the sound on a re-recordable compact cassette. The unit was modified by 

TASCAM with additional features; however, they  retained the name ‘Portastudio’. 

These analogue workstations featured voltage-unit meters, a sweepable-notch notch 
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EQ and DBX noise reduction. The units were portable and extremely useful for 

songwriters and composers during pre-production and in making demo cassettes.  

 

Figure 53. TEAC 144 Portastudio 

The First Digital Delay Unit 

In 1971, the company Lexicon/Gotham Delta released the first commercial digital 

delay device: the Lexicon Delta-T 101. This digital audio processor was initially 

designed for heartbeat monitoring; later, audio was directed through the device. “The 

experiment resulted in a 100ms audio delay line, which was state-of-the-art for the 

time”. The unit then went into mass production and became popular as a live sound 

device offering a “10kHz bandwidth and a 60dB signal-to-noise ratio. It was unique 

for its time” (Staff 2006). 
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Figure 54. Lexicon Delta-T 101 

Direct-Drive Turntable  

In 1972, Technics released the first direct-drive turntable, the SL-1200. This device 

was released as a consumer record player and featured a “quartz-lock control system 

coupled with direct-drive motor” (Herzog 2014) which enabled records to be played 

accurately. The pitch-adjustment capability, functionality, quality and reliability of 

this device allowed it to become a popular performance turntable for nightclubs and 

later, the industry standard for disc jockeys and hip-hop musicians who used the 

technique of ‘scratching’. 

 

Figure 55. Technics SL-1200 turntable 
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Compact Disks 

In the 1970s, electronic corporations Philips and Sony were working independently 

on a digital optical audio disk that could play and, later, store data. This was made 

possible by a compact audio device that used laser disc technology. This laser beam 

was able to read high-quality information such as digital audio signals, which could 

then be reproduced into fine stereo-quality sound. In 1979, Philips, who pioneered 

the compact audio cassette, demonstrated an 11.5cm prototype optical disk (compact 

disk) and compact disk audio player to the world-wide media. In 1982, with the 

collaboration of Sony, they came up with a resolution for the disk to be 12cm wide 

with an increased bit-rate and frequency response “within +0.5 dB from 5 Hz to 20  

kHz, with a signal-to-noise ratio of better than 90 dB” (Burgess 2014, p 110). 

 

Figure 56. Philips first CD and CD player 

Drum Machines 

Drum machines date back to the 1930s (Burgess 2014, p 141); in 1959, the Wurlitzer 

company manufactured the ‘Side Man’: the first commercial drum machine.  

However, it wasn’t until the 1980s that these analogue machines provided sounds for 

mainstream music. The machines were functional and accessible, and allowed 

playback and recorded programmable rhythms along with high-fidelity processed 
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drum sounds. With the proliferation of MIDI, other devices  could communicate with 

the drum machine. Roger Linn introduced the analogue LM-1 hardware, one of the 

first drum samplers of pre-recorded sounds. This machine evolved into the Linn 

Drum, which went on to influence other drum sampler mediums. The Roland 

corporation released the TR-606,  followed by the highly popular TR-808, which 

could create and compose its own rhythm sequence without any programming. This 

became a mainstream device in music production and featured in the emerging 

electronic, dance and hip-hop genres.  

 

Figure 57. Roland TR606 drum machine 

Digital Mixing Consoles 

In 1986, the first digital recording and mixing consoles were emerging  along with 

digital multitrack recording. The Yamaha DMP7 was introduced as a digital mixer 

predominantly for keyboard players, who needed additional inputs. However, due to 

it featuring two microphone inputs and an optical expansion, it found a use as a live 

sound mixer. Other manufacturers were expanding the hard-drive memory and 

advanced features of scene memory that allowed instant recall of various mixes, 

similar to today’s motorised fader automation function. Although the digital mixers 

were compact, they stored much of the information on digital audio tape (DAT) or 

hard drives, and this imposed limitations. Over time, however, digital mixers such as 

those by Avid Venue Systems expanded the number of channels and processing and  

became more robust. Today, the control surfaces are touch screens, making it even 

more user-friendly. DSP provided further advancements, with sophisticated software 
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processing contained on a chip. Routing and grouping also introduced more control 

of large inputs and outputs. Automated faders with recall settings and real-time 

processing sped up work flow for mixing, and connectivity through the Thunderbolt 

interface allowed integration with other digital devices  such as DAWs or computers. 

  

 

Figure 58. Yamaha DMP7 digital mixer 

Digital Audio Tape 

In 1987, The Sony corporation originally introduced the DAT format for magnetic 

tape and machines to read and write to it as a playback medium for audio recording. 

The tape cartridge was as compact as a cassette tape, and Sony later introduced a 

DAT Walkman. DAT could record at higher or lower sample rates than a CD 

(example, 32kHz at 12 bits or 44.1kHz/48kHz at 16 bits), and certain recorders 

operated at 96kHz at a 24-bit sampling rate, which is now the standard for DAWs. In 

1990, DAT was highly popular with recording engineers “in the professional and 

home-studio markets, rapidly replacing open-reel, quarter-inch, two-track machines 

for stereo mastering” (Lockwood 1987). Although the DAT system was more 

expensive than the multitrack Alesis Digital Audio Tape (ADAT) system, it was also 

compact and  could be used as a computer data storage medium.  
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Figure 59. Sony ADAT 

MP3 

In the 1970s, a team of German engineer/developers, headed by Karlheinz 

Brandenburg at the Friedrich-Alexander University of Erlangen-Nuremberg, 

developed the MP3 codec format. It began as a way to send music signals over ISDN 

(Integrated Services Digital Network) telephone lines. It wasn’t until the late 1980s 

that the team achieved success by enhancing and developing the Optimum Coding in 

Frequency (OCF) algorithm. Rose (2017) writes: 

The development of OCF in 1988 was an important milestone because it brought to 

fruition the ‘70s vision of transmitting music over telephone connections. For the 

first time we were able to encode music in good quality at 64 kbit/s for a mono 

signal. OCF was the beginning of the road to MPEG standardization. 

In 1989, the Moving Picture Expert Group (MPEG) established an international 

standardisation of coding proposals, to which many telecommunication companies  

contributed. After exhaustive trials, three established coding techniques were 

introduced:  

Layer 1 would be a low-complexity variant of MUSICAM; layer 2 would be a 

MUSICAM coder; and layer 3 (later called mp3) would be based on ASPEC. The 

technical development of the MPEG-1 standard was completed in December 1991. 

It took a while for the MP3 format and AAC (Advanced Audio Coding) to become 

standard; however, some entrepreneurs took advantage of the MP3 format, 

integrating it with computers and the internet. Michael Robertson launched a startup 

internet site called mp3.com that sold downloadable music in violation of copyright 
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laws; lawsuits  eventually resulted in the closure of the website. In 1998, MP3 

portable media players were introduced to the commercial, market; they contained 

32-64MB of storage and evolved to incorporate memory cards and USB connections, 

allowing the consumer a personal jukebox of  up to 1,200 songs. The encoding 

format’s efficiency for distributing, storing and listening to digital music quickly 

allowed it to dominate the market for music sales.  

 

Figure 60. The MP3 audio player 

The Internet 

The development of the internet infrastructure was commissioned by  the Advanced 

Research Projects Agency of the US Department of Defense. The ‘open-architecture 

networking’ protocol that ARPA’s engineers invented was initially known as  

‘internetting’. It evolved to become the Transmission Control Protocol/Internet 

Protocol (TCP/IP), designed as a device driver and a communications tool. This 

enabled widespread computer-based collaboration and the ability to share data and 

communicate using email. Burgess (2014, p 119) writes: 

In 1982 the term “Internet” was coined and within five years, there were more than 

10,000 hosts, growing to 300,000 by 1990 at which time the ARPANET 

disappeared.  

Computer networks have enabled musicians to perform using real-time processing 

and live streaming audio applications over the internet. Furthermore, remote 

recording has enabled connection and collaboration by using DAWs and video 

conferencing to record, live mix and master music over the internet, as well as to 

develop location-independent musical communities.  
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The iPod 

In 2001, Apple Corporation co-founder Steve Jobs unveiled the iPod at Apple’s 

campus in Cupertino, California. This portable digital player was similar in size to a 

deck of cards and was accompanied with bud headphones (Figure 61). It featured a 

visual display and scroll wheel and stored up to 5GB of music, competing with the 

portable MP3 media players that were already on the market. Apple continued to 

refine the iPod, with designer Tony Fadell leading the project that had been dubbed  

‘P-68’. It had a larger hard drive for more storage of songs, portable functions, 

sleeker and more colourful designs and a software application that would ‘sync’ with 

the device. In 2004, the iPod became a “wildly successful product for Apple with 

304 million iPods sold worldwide” (Edwards 2011).  

 

Figure 61. Apple iPod, 2001 

iTunes Streaming Music  

The significant changes in how digital music was consumed that resulted from the 

introduction of the internet and computer technology in the 1990s created a great 

deal of confusion and distress  in the music industry. Illegal web site Napster, which 

pioneered the peer-to-peer file sharing of digital audio, followed by others such as 

AudioGalaxy and LimeWire, were eventually shut down due to copyright issues. 

However, it was still apparent that users were illegally consuming music, and that the 

music industry was suffering. In response, Apple acknowledged in 2000 that the 

iPod’s interface needed improvements to its functionality and how it organised 
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digital music so that consumers would find it easier to purchase music legally. Apple 

thus purchased SoundJam MP, an established MP3 interface that was then 

redesigned by Jeff Robbin, who headed the development of a simplified site with the 

addition of CD-burning capabilities and media library functionality. 

In January 2001, this ‘jukebox’ software interface was released as ‘iTunes’, an 

application that would sync with the iPod and act as a platform to manage songs and 

video content. In 2003, Apple introduced the ‘iTunes Store’, a platform that allowed 

consumers to purchase and download content accessible with iTunes, and to organise 

and store  it using libraries and playlists. “In its first week of release, consumers 

purchased over one million songs” (Chen.X.B 2010). Slowly, this form of 

consuming music started to rebuild the music industry, with the addition of Apple’s 

encrypted coding format, created as a Digital Rights Management (DRM) format 

called ‘FairPlay’, which protected all copyright works purchased through iTunes. 

Eventually, Apple dominated the market and signed deals with all major record 

companies and many independent labels. 

As computer networks increased in bandwidth and the internet became faster, 

‘streaming’ was becoming an on-demand method of delivering multimedia and a 

popular alternative to downloading. Music streaming is a service similar to an online 

music store, allowing the consumer to listen without downloading the song. It’s a 

competitive market, offering many sites and platforms such as an app or website to 

stream music onto a smart phone, tablet or other hardware device connected to the 

internet. One of the dominant streaming companies, which commenced as a startup, 

is Swedish company Spotify. Similar to the iTunes format, Spotify employs 

encrypted coding with copyright-compliant DRM, and recently provided over 30 

million songs and “the company has 140 million active users, more than 60 million 

of whom are paid subscribers to the Premium service” (Parsons 2018). 
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Figure 62. Apple iTunes streaming 

 

Reflecting on the history of music production we can identify many significant 

innovations and pioneers who have contributed to recording processes and have 

directly transformed today’s digital technologies. It is essential to have this 

knowledge in order for us to observe and appreciate the progress and techniques 

attributed to the sound itself; be it recorded or synthesised. From Schaeffer to 

Stockhausen to Paul, these innovators embraced many techniques to deliver the 

musical results they were seeking. Some of their processes are presently used in 

digital audio workstations to record, edit and produce sound with new developments 

such as live coding, circuit bending and chip music. In all of its permutations it could 

be said that music production is an art form that captures the vision and imagination 

of its creator. 
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Chapter 3. Engineers and Producing History 

This chapter outlines the role of engineers and producers and  their contribution to 

the recording process, and discusses some significant inventors, technicians, 

engineers and producers and  how they have influenced the history of recording. 

Although today’s term ‘music producer’ can be ambiguous, encompassing the roles 

of musician, engineer, composer, remixer and DJ,  in the early years of producing the 

term more specifically designated a recordist or director of recording. Burgess (2014, 

p 12) explains that producing, in the early days of acoustic recording was: 

[t]he job of managing the intersection of technology, art, people and commerce. 

These producers would separate the creative, musical, business, entrepreneurial, 

technical and talent discovery aspects of the job. The music producer supervises all 

aspects of the recording process. 

The relationship between the performer and the studio engineer/producer involved a 

mutual trust in using the new knowledge and techniques to further understand the 

nature of performance and sound. Whilst the relationship was collaborative, it was 

always led by the producer. (Horning 2013, p 6) writes that early recording 

performers described their profession as demanding and mentally challenging. The 

artists required endurance and the ability to evaluate their performance: 

[They required] the ability to perform well under pressure, a talent for analyzing 

one’s performance in the studio and making immediate adjustments, and the ability 

to quickly learn the material and practice the ensemble arrangement. 

Those who made only minor errors and required minimal takes throughout recording 

sessions were rewarded with a career as a recording artist. The introduction of 

electrical recording, amplification and microphones allowed the artists greater  

expressive range, and, as a result, more intimacy and expression. New technology 

helped to revolutionise recording techniques for performance and considerably 

improved the wide acoustic range and frequency of sound, thus delivering endless 

possibilities of experimentation for diverse music genres. 
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Figure 63. EMI producer and engineers in the studio 

 

I would like to discuss three influential musician/producers of the 19th century: Sir 

George Martin, Les Paul and Phil Spector. I have chosen these people for their 

significant contribution to the cultural and technological development of music 

production. Their processes have influenced today’s digital music making, such as 

multitrack recording (to achieve more tracks), applying multiple effects on 

instruments, creating fuller sounds with echo chambers and much more. These 

musicians/producers were using this innovative recording equipment to 

reconceptualize their art. Furthermore, their processes attributed to the evolution of 

recording. This ultimately helps to explain how DAW influences the way musicians 

make and record music.  

Sir George Martin 

Sir George Martin (1926-2016),  a producer and arranger of great significance in the 

history of mainstream music, joined the EMI staff in 1950 as a seminal producer, 

working on the Parlophone label. Martin observed that the profits emerging from pop 

music were well ahead of those from classical music. In 1955, Martin was promoted 

to the role of Artist’s Manager at the Parlophone label. He was required to build the 

label’s artist catalogue, sometimes taking risks such as recording a demo with a 

relatively unknown Liverpool quartet named The Beatles. 
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Martin’s contribution to the entire Beatles catalogue included producing, arranging 

and orchestrating 31 number-one hit singles, displaying both inventiveness and 

rapport with the group. His work resulted in the production of 16 albums in the UK. 

Although Martin played a significant part in The Beatles’ success, he never received 

an increase in salary nor any royalty payments for his contributions. He resigned 

from EMI and formed his own independent label, Associated Independent 

Recording, with three fellow producers. This was a period where The Beatles were 

demonstrating maturity as songwriters. Martin’s innovative and creative recording 

processes were evident on The  Beatles’ Rubber Soul, Revolver and Sgt. Pepper’s 

Lonely Heart Club Band albums. 

After The Beatles broke up, Martin went on to produce a variety of artists including 

Dire Straits, The Bee Gees, Jeff Beck and Kenny Rogers. His background as The 

Beatles’ mentor and his vast experience in classical and avant-garde music, jazz, 

comedy and soundtracks provided a wealth of knowledge to a new array of artists, 

helping shape popular music and inspire a generation of musicians and fans. 

 

Figure 64. Sir George Martin 

Les Paul 

Les Paul (1915-2009) was a musician and an innovator who had much success with 

the design of his signature Gibson Les Paul electric guitar. He also pioneered some 
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of the most innovative recording techniques of the 20th century, including multi-

tracking on tape and  experimenting with ‘sound on sound’, ‘tape echo’ and other 

effects. 

Paul’s beginnings as a musician involved the combination of electronics and music. 

As a young guitar player, he was influenced by the jazz and country genres and was 

fascinated by hearing the guitar amplified and ‘played back’ through a phonograph. 

By age seven, he was dismantling the electronics in telephones and radios, and at 13 

he was performing in local venues, accompanying radio chart-topping artists such as 

Bing Crosby and Judy Garland. In 1947, after a near-fatal car accident, he teamed up 

with singer-guitarist and eventual life partner Mary Ford to form a duo act. Paul, who 

was part of the Crosby recording team, was experimenting with and improving his 

own multilayer recording machine, which enhanced effects on wax. This production 

process featured on six of the duo’s songs, which were performed on an NBC radio 

show and later released through Capitol Records. 

In 1949, Paul saw his first reel-to-reel tape machine: the Ampex 300, which was 

based on the German AEG Magnetophon. Bing Crosby, who knew of Paul’s 

experience with overdubbing, brought the machine to Paul’s studio and gave it to 

him to try. After experimenting with and modifying the head on the machine, he was 

excited by its features and its portability, which enabled it to record anywhere. Paul 

and Ford went to work re-recording ‘How High the Moon’, multi-tracking on the 

mono Ampex 300 tape machine. The initial trials experienced some complications 

due to the absence of voltage-unit meters or  an EQ.  Buskin (2007) quotes Paul  as 

saying: 

I was flying absolutely blind. I went by my ear, wearing a pair of Armed Forces 

headphones that I think were in the range of 5Hz to 50kHz, and I’d bring the level 

down a little bit if there was distortion. 

Paul improved the mechanics of the machine at his home studio and was testing the 

boundaries and the capabilities by destructive recording techniques: editing and 

splicing the tape. He also introduced a mixing console, combining the operation of 

the tape machine with improved room isolation, separating the sound. These methods 

featured in the duo’s early 1950s recordings, which highlighted multi-track layering 

of vocal harmonies and doubled jazz guitar phrases. They called this new level of 

musicianship and technical innovation ‘the Les Paulverizer’. Paul eventually 

partnered with Ampex to invent an eight-track machine called the Octopus, a 
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prototype of Paul’s ‘Sel-Sync’, named for the process of selective synchronous 

recording that it employed.  It included  a master bias oscillator, a tape-speed range 

of 30 to 60  inches per second and an inbuilt EQ, vibro and filters. Paul explained 

that the eight-track machine “produced a warm sound” (Buskin 2007). 

Paul continued to explore different effects in the duo’s recordings. He experimented 

with doubling notes an octave apart, even two and three octaves, to produce sounds 

that hadn’t been heard before. He also attempted to produce and echo effect by 

moving the tape heads backwards and forwards, producing various tape delays. 

Paul’s musical innovations and technical abilities extended to many fields of music 

technology and recording processes that are still used today. One can see how this 

innovation paved the way for a reconceptualization of music production and hence 

the desire for more independent tracks leading ultimately to the DAW.  

 

 

Figure 65. Mary Ford and Les Paul performing 

Phil Spector 

Born in 1939, Phil Harvey Spector would become one of the most influential 

producers in mainstream music history. His unique talent of record producing and 

distinctive ‘Wall of Sound’ style contributed to countless  chart-topping singles and 

has continued to influence popular music. When Spector was in his early teens, he  
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wrote his first US number-one hit, ‘To Know Him is to Love Him’ for trio group The 

Teddy Bears. He also performed backing vocals and guitar on the recording. The 

song achieved much success and Spector was labeled  ‘The Tycoon of Teen’  by 

journalist Tom Wolfe (Burgess 2014, p 85). 

Spector focused on being a full-time songwriter and record producer, and in 1961, he 

formed his own ‘Phillies’ record label, producing many hits for female groups such 

as the Crystals and the Ronettes. He described the music as  ‘teenage symphonies’  

or  ‘pop art’. Spector then turned his attention to Hollywood and joined Gold Star 

Studios, where he assembled a group of session musicians known as the ‘Wrecking 

Crew’. Spector, with assistant engineer Larry Levine, experimented with and 

exploited the capabilities of studio recording, fusing and meshing multiple electric 

instruments with orchestration and echo effects that would later be known as the  

‘Wall of Sound’.  Buskin (2007) quotes Spector as saying: 

I was looking for a sound, a sound so strong that if the material was not the greatest, 

the sound would carry the record. It was a case of augmenting, augmenting. It all 

fitted together like a jigsaw. 

This sound, created by the use of extravagant instrumentation, gave sonic layers to 

timeless songs such as the The Righteous Brothers’ You’ve Lost That Lovin Feeling 

and Ike and Tina Turner’s River Deep Mountain High. These songs were the 

pinnacle of his creative achievement and featured the ‘Wall of Sound’ production 

techniques. “Spector applied massive amounts of echo to multiple instruments and 

fused the individual components into his unified ‘Wall of Sound’: a brilliant, 

seamless amalgamation of guitars, bass, keyboards, drums and percussion with 

woodwind, brass and string orchestration” (Buskin 2007). 

He went on to work on the final Beatles’ album, Let it Be and later recorded John 

Lennon’s Imagine album. Spector’s reputation, however, was starting to become 

erratic. He was described as a “mad dictator, relentlessly working his musicians 

beyond the point of exhaustion and refusing to given them even a few minutes’ 

break” (Buskin 2007). Despite this, the people he worked closely continued to 

admire his intelligence and his pursuit for perfection. Palmer commented that, 

“Spector wasn’t an arranger of notes. He was an arranger of ideas, of the elements 

that make a hit record” (Burgess 2014, p 86). 
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Buskin (2007) quotes Engineer Larry Levine (Figure 66, on page 88), who worked 

with Spector, as saying: 

It wasn’t because he was a taskmaster, but he just felt that if the guys moved, they’d 

shift the microphones and we’d never get them back to the same position.... The 

sound depended on that, so he hated to give breaks, and he’d try to put this off as 

much as he could. Still, he did give them, and his admonition was always “Don’t 

touch the microphones.” That having said, while he did have a remarkable ear, it 

was strange because the things that upset him were not necessarily wrong notes. If 

what was played fitted in with the larger scheme of things, that was OK. He went 

more for feel. That was the most important thing. 

 

Spector redefined producing music with his ‘Wall of Sound’, along with a strict 

studio methodology, a mass line up of musicians, innovative instrumentation and 

unique ways of capturing sound with ribbon microphones and the use of echo 

chambers to create countless hits.  

In 1989, he was inducted into The Rock and Roll Hall of Fame; however, his 

personal life  deteriorated when he was convicted for murder and sentenced to 19 

years in prison.  

 

Figure 66. Spector and Levine at Gold Star Studios 

Modern DAW Music Makers 

Mark Ronson, Nile Rodgers, Dr. Dre and Max Martin are artists, musicians, 

engineers, composers and producers who have embraced the digital recording 



 

 89 

environment whilst still recording with pre-DAW analogue hardware and devices in 

hybrid studios. Although  they have diverse music-making styles and backgrounds,  

all have made successful hit records with many popular artists. The points that they 

discuss are: the importance of craft, working the artist and the song, the right tools to 

capture the performance and the attention to detail to do so; furthermore, the 

efficiency of the tools that help the recording process. I will now commence with 

Mark Ronson whom I met in 2010 at a recording session in London (Figure 67, on 

page 90). I watched how he recorded and produced a song. 

Mark Ronson 

English Producer/Songwriter/Musician Mark Ronson is a hip-hop influenced multi-

instrumentalist, with a background as a DJ. He has had much success with 

mainstream artists and has become a reputable music producer. One artist Ronson 

produced who became widely acclaimed was English singer and songwriter Amy 

Winehouse. He describes the recording techniques used for her soul album Back to 

Black, which was produced using a hybrid of analogue and digital recording 

techniques. Massey (2009, p 775) quotes Ronson explaning about this process: 

I really believe that there’s something that you get from the sound of the tape, and 

from the sound of real musicians in a room playing together at the same time, 

mike’d up properly so that you can hear the air. It may sound pretentious or cheesy, 

but the music does actually breathe because there’s air and lots of leakage. Usually, 

on modern-day R&B and soul records, someone starts by layering down a beat and 

then the bass player comes in and then keyboard player puts a line on top of that and 

it just keeps on getting layered in Pro Tools. But when you have a bunch of amazing 

musicians all in tune with each other, all playing in a room at the same time, it will 

make anything better, or at least make it more alive. 

Ronson’s knowledge as a multi-instrumentalist and producer has given him an 

understanding of how to fuse sound using past recording techniques and vintage 

analogue synthesisers, drum machines, samplers, DJ equipment, ribbon 

microphones, tube preamps and tape machines in conjunction with  Pro Tools and 

current DAWs.  This signature hybrid sound  appears on Amy Winehouse’s Back to 

Black (2006), Lily Allen’s Version (2007) and the successful single ‘Uptown Funk’, 

which Ronson produced and wrote in collaboration with singer songwriter Bruno 

Mars (2014).  
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Figure 67. The author (left) meeting Mark Ronson in 2010 

Nile Rodgers 

American producer/songwriter Nile Rodgers is a well-known guitarist and co-

founder of the R&B band Chic. Rogers’s producing background is as a 

musician/songwriter rather than a technical producer. He has worked with artists 

such as David Bowie, Duran Duran, Madonna, Daft Punk and Sam Smith. Massey 

(2000, p 249) quotes Rogers discussing the process of working with an artist to bring  

a high level of artistry to their performance: “A great artist makes a song better; a 

great producer makes an artist better; and a great artist makes a producer better.” 

Rodgers’s recording techniques and processes are about trying many experimental 

and unorthodox techniques such as using microphones on ceilings, in hallways or 

placing amplification face down; anything for the right sound or vibe for the song. 

Massey (2000, p 251) quotes him as saying, “The thing is that beauty is truly in the 

eye of the beholder, and the right tool for the right job is all that I’m into.”  

Rodgers  uses Pro Tools and records digitally at the highest fidelity quality (24-

bit/96kHz). He enjoys the way tape sounds, often listening to cassettes and  vinyl 

records, and he still uses tape for storage and archiving. He believes that the 

technological advances in recording processes today have brought forth many 

tools that offer multitudes  options and the work has become a little easier.  

Massey (2000, p 251) reports him as saying that in the ‘analogue days’ the 

musicians, engineer and producer had to overcome problems with equipment and 
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time restrictions. “This forced people to play well together in the same room.” It 

was important to be in tune and there had to be a ‘blend’ and ‘vibe’ for an album 

to be made.  

 

 

Figure 68. Nile Rodgers in his home studio 

Dr. Dre 

Dre is a producer and rapper who began his career in his early teenage years as a DJ. 

He is well known for the development of hip-hop in the USA as an artist, producer, 

entrepreneur and businessman. In 1991, he had major success with rap group called 

N.W.A., and then went on to co-found the label Death Row Records, which also 

moved into entertainment management. Dr. Dre signed popular hip-hop artists 

Eminem and 50 Cent and recently produced up-and- coming rapper Kendrick Lamar. 

“Dre, known for his distinctive hip-hop style, received much acclaim for Eminem’s 

hit albums including The Slim Shady LP (1999) and The Marshall Mathers LP 

(2000). With 50 Cent, Dre worked on his debut smash Get Rich or Die Tryin’ 

(2003), among other projects” (Editors 2017). 

One of Dre’s signature techniques is programming an AKAI MPC 3000 sequencer 

sampler for layering the foundation of kick and snare. This device helps Dre 

manipulate sound in a certain way, giving a human-like feel that is intuitive and easy 

to sequence. The approach with this device for hip-hop is to make eight-bar repeated 

phrases interesting, giving different variations of mood and texture. He also uses 

software applications Reason and Logic for library sounds, samples and soft-synths. 
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Dre’s process using these devices is based on listening to the timbre of the sound, 

even when working with computers. Many of his early recordings were made using a 

console and two-inch analogue tape, mainly for the fidelity of the sound it produced. 

Tingen (2006) quotes Mike Elizondo, Dr. Dre’s engineer:  

Sound quality is really important for Dre, and he’s extremely in tune with how 

things fit in a track. I learned a lot from watching him and the attention to detail he 

has – the amount of time he can spend on just getting a snare or a bass drum sound. 

Elizondo further commented that when Pro Tools began to advance the sound quality 

of high-definition recording with 192 audio interfaces, Dre changed to the digital 

environment “mainly because of the speed with which you can work” (Tingen 2006). 

In 2008, Dre developed the company Beats Electronics, which rebranded Dr. Dre 

Studio headphones and Beats Music, an online music streaming service. “Dre have 

turned Beats By Dr. Dre headphones into a $1 billion-plus business” (Helm 2014). 

 

Figure 69. Dr. Dre mixing on a console 

Max Martin 

Martin Sandberg, known as Max Martin, is a Swedish producer/songwriter who rose 

to fame in the mid-1990s with many hits for pop bands and artists such as the 

Backstreet Boys, Britney Spears, NSYNC, Taylor Swift and Katy Perry. Martin’s 

production methods, or ‘pop craft’, involves challenging the melody with repetitive 

hooks. He works on songs for weeks or months in the pre-production stage. He 

believes that producing music is intuitive, based on feelings and emotions instead of 
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technology and theoretical structure. Martin ensures that the artist feels comfortable 

in the environment.  He (2017) explains:  

Artists sometimes feel uncomfortable in studios where every hour feels like it costs 

money. That goes for some of the young producers too (who only work on their 

computers), some of them have never been in a real recording studio. 

Martin also states that structure has changed in pop music because listeners’ 

attention span is becoming shorter,  which has changed the way they listen to 

music:  
Today [everything] is more ‘Boom!’… The same thing has happened to pop music. 

There’s less downtime. Pop music follows the evolution of society in general. 

Everything moves faster. Intros have gotten shorter (Institute 2017). 

Similar to Dre, Martin heads a massive production business called Cheiron, which 

produces the entire created work. The producers, writers and musicians collaborate 

by creating, writing, playing the instruments, recording, mixing and mastering  and 

participating in performance.  

 

Figure 70. Max Martin in the studio 
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Chapter 4. Developing the Song 

This chapter explores the creative processes I used in my role as engineer/producer 

when developing project 1, Emily soon. It discusses her work and explains the artists 

pre-formed creative ideas and to make them into an authentic representation of the 

artists sound or intention. This intention is to finalise an audio reproduction/ 

performance of the work. 

The chapter then discusses my second project where I explore a “traditional” or 

analogue era, of a live audio recording engineer and studio producer role working 

with a group of musicians called Professor Walk. I discuss prior recording processes 

and utilise different DAWs: one suited to creating digital sourced and programmed 

melodic parts in Logic and another that has been designed more as a replacement for 

the multitrack tape recorder and studio mixing desk Protools. 

As I discuss the process used to nurture the artists’ musical talents and creative 

journey, I’ll also explain the importance of using a personal tone with my language. 

Creative development is a fragile process and there are many factors to consider 

from a psychological viewpoint when developing rapport with the artist.  

The interview process for both projects 

I asked the artists: 

• What are your intentions for the recording? 

• What are your intentions when working with a producer? 

• As an artist or group, what are you most capable of? 

• Who is the primary songwriter and performer? 

• Are you open to developing rewrites or rearrangements if needed for the 

composition? 

• How much time do you have to commit to the project? 

These questions assisted in understanding what approach I needed to apply when 

developing the song and conducting the pre-production, recording, mixing and 

mastering for each artist. For Project 1 (Emily Soon) I played the following 

instruments: electric bass, electric guitar, keyboards and programmed drums. For 
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Project 2 (Professor Walk) I recorded a live performance of the songs and re-

recorded when required. 

I prepared a plan and schedule for pre-production and recording, including gathering 

required equipment and locations. For Project 1 (Emily Soon) I used Logic at my 

commercial studio Rooftop Studios in Melbourne. For Project 2 (Professor Walk) my 

role was to record a ‘live’ simultaneous performance at The Victorian College of the 

Arts (VCA) studio with Pro Tools, and then re-record it at Australian Institute of 

Music studio (AIM). Additional mixing and mastering was at Rooftop Studios, with 

all required equipment available at these various studios. 

Project 1. Beginning the song ‘Amazing’ 

I met with Emily Soon and we discussed pre-production: developing the creation, 

arrangement and performance of the song that Emily has already written, called 

‘Amazing’. The lyrics, melody and harmony were structured into a basic form; 

however, Emily was not too sure how to ‘put it all together’. She started by asking 

me the following questions: 

• What kind of instrumentation do you think I need? 

• What kind of arrangement and production? 

• How do I record it? 

• What kind of style and what kind of artist do you think I am? 

• What kind of software should we use? 

As a producer, these are important questions. I needed a clear understanding of her 

intentions and what contribution she was expecting from me, as a facilitator and 

collaborator. As I  commenced my exploration into who Emily is as an artist, she 

invites me to watch her perform at a local venue (Figure 71, on page 96). This 

immediately assures me that she’s a prepared, capable performer who is dedicated to 

her work. I have confidence that I will be able produce and enhance her song. 
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Figure 71. Emily Soon performing live 
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Elements of Musical Identity 

When discussing Emily’s influences and what inspired her to become an artist, I 

understand that she is shaped by popular music and has a respect for singer-

songwriters from different stylistic backgrounds such as: Contemporary, Pop, Folk, 

R&B and Jazz. Emily explains that she has an unpredictable and informal method of 

writing lyrics. She organises her thoughts and feelings into lyrics and then hand-

writes them down onto paper. When I am critiquing Emily’s performance, I feel a 

sense of engagement, her voice is emotive and invites an immediate connection. She 

sings with dynamic emotion to evoke melodies and I am hooked by her narrative. 

Her acoustic guitar playing is percussive and complimentary to her voice with a 

natural feel and an instinctive chordal approach. I feel she has a very strong 

performance foundation as a singer-songwriter and I begin to build a conceptual 

view of Emily’s artistic direction from my own performance experience. 

As a producer, I start to prep and plan, working on strategic elements of the artist’s 

strengths and weaknesses. This helps me form a perspective of what kind of artist I 

am working with and what areas may be improved. I start to determine what the long 

and short-term goals will be when working together.  

Some of my conclusions of Emily’s strengths at this point were: 

• Skilled as singer and guitar player 

• Strong performance background 

• Enthusiastic and committed 

• A natural understanding of ‘song construction’ 

• Strong lyric content 

• Has previous recording experience 

Some of my conclusions of Emily’s ‘areas for improvement’  at this point were: 

• Unsure who she is as an artist 

• Finds it difficult to finalise a composition 

• Sometimes procrastinates 

• Sometimes needs reassurance  

• Often loses time when playing with a metronome 
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I would like to be clear that this is just an observation of Emily at present, it is not for 

me to be judgmental nor to categorise her. I need to be mindful of what tools will 

enable her to create her art. If I understand that Emily needs reassurance, then I need 

to support her and help build her confidence. If she needs greater musical 

knowledge, then maybe a fundamental lesson in harmony and chord progressions 

will assist. If she cannot play the guitar in time, then helping her work on practicing, 

using a time device like a metronome, will help. These processes can help me assist 

and communicate with the artist and understand her goals and her own creative 

processes to her work. 

The next approach was to sketch a rough chordal arrangement with her lyrical 

content and to write it onto paper. I felt this was a necessary process in order to help 

construct Emily’s composition and help her understand the process before we move 

on to Logic. Navigating between simple form i.e. intro, verse, chorus, verse, chorus, 

bridge etc. also helps refine her chords into sections with an understanding of chord 

progressions. I demonstrate to Emily other similar Pop music progressions and give 

examples of music she is influenced by, such as Gravity by John Mayer and Thinking 

Out Aloud by Ed Sheeran. I find this is a good way to connect to Emily’s work, as 

she builds trust in me and I can now reference musical influences of hers, which we 

will go into more detail in ‘Recording Processes’.  

Once there was a consensus between Emily and I that the lyrics and chord 

progressions were finalized, the song had taken ‘form’. I then assisted Emily in 

understanding that we now needed to document a rough notated chart with the 

corresponding names of the chords and progressions to develop the song in Logic. 

We now undertake setting up a session file for developing the song, this is a rough 

guide for pre-production using audio recordings of Emily recording herself playing 

the song on her phone recorder and then importing sound files into Logic as sketch 

performances of the song. This gives Emily a foundation of hearing and 

understanding the construction and form of the song. 

Another valuable feature in Logic when developing the song is the project and track 

note pad (see Figure 72, on page 99).  This is where I can edit text and prepare lyrics 

or chord progressions for the project. Additionally, under track section, I can write 
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specific information for workflow purposes. All of this can be documented, stored 

and saved in my project as I further develop the song in Logic. 

 

 

Figure 72. Logic note pad 

Developing the Song 

We commenced a creative collaboration by rehearsing the song on a weekly basis. I 

started to develop a deeper insight into the artist’s needs. This also helped me 

develop an awareness of the artist’s unique way of communicating ideas and 

feelings. I started to pick up on her sensitivities and was mindful of them when 

communicating any ideas, critiques or thoughts to her. Another necessary component 

was to create a secure and familiar environment for the artist to experiment. This 

consisted of a rehearsal room with a vocal PA (Public Address) system where she 

was comfortable to perform, create and be aware of all the concerns that go with the 
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creative process. I felt it was essential to be conscious of her concerns, for if I am to 

earn her trust, I will then be able to advance her confidence by providing her with the 

necessary tools for her creative work. In doing this, I am also developing an 

empathetic rapport with the artist. 

 

 

Figure 73. Emily Soon practicing in a rehearsal room 

Beinhorn (2015, p 32) illustrates a fundamental methodology for preliminary pre-

production and how to establish a basic understanding between the producer and 

artist about the artist’s intentions: 

Establish a basic understanding between the producer and artist about where the 

artist needs to go creatively.  

Establish an understanding of the artist’s true intent, what she is capable of, and 

what she does best. 

Establish a benchmark regarding the artist’s performance and songwriting. 

Address song rewrites (when required) and explain to the artist why the rewrite is 

necessary.  

Develop complete arrangements or rearrangements of all the artists songs. 

Develop basic orchestration of all the artist’s songs. 

Examine harmony and chord usages, and how to interact with vocal melodies in all 

songs. 

Develop a general understanding regarding textures to be used in the track (such as 

bass, drums, guitar). 

Examine lyrics, melodies, and phrasing; identify weak points and strong points. 
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Explore the concept of “feel” as it relates to vocal phrasing and other relevant 

instruments. 

Establish sensory reference points for or with the artist that they can begin to 

identify, refer to, and use as emotional benchmarks. These benchmarks are “points 

of interest” in an artist’s work and can be a feeling in the body or a strong memory 

that is used as an anchor to recall an emotional state. This can help bring an artist 

into a deeper relationship to their work. 

Assemble all the artist’s song demos-even those of songs she has no intention of 

recording. I never know if the artist has a diamond in the rough laying around or 

discarded, and I often can’t rely on the artist to be objective about this. 

Pre-production is a deeply thorough, preparatory and intuitive process that advances 

the work. The better one is prepared, the easier the foundation of the recording 

process, which I’ll explain in the next chapter ‘Creative Processes in DAW’. I 

commence documenting and using this methodology with Emily to achieve goal-

setting for pre-production.  

Lyrics Analysis 

Emily described the lyric content of ‘Amazing’ as a metaphor for her own personal 

relationship. She explained that writing the lyrics to the song was effortless, almost 

like an ‘emotive flow’ or ‘meditative state’. Emily articulated to me that the first 

verse was an interpretation of autumn and that the lyric “leaves start to fall” 

represents a relationship that continues into the future seasons with a comfort and 

connection to this person. The chorus lyrics, she explained, were intuitive and that 

her subconscious came up with the title, in her own words: “Amazing… just stuck 

with me and I feel it’s the hook of the song, I was singing melodic phrases that 

became lyrics.” Lyrically, the song represents the common theme of a couple 

rejoicing in one another’s love, with undertones of insecurity and the need for 

validation coming through. This perceived frailty enables the songwriter to convey 

her message to an audience that may relate to how she is feeling. 

 

Example: Verse 1 of ‘Amazing’ 

“You and I, we’re going steady 
I imagine you’ll be here when the leaves start to fall 
When I wake up in the morning, head still low and the sun so high, 
You’ll pretend to be sleeping, just to be near me, and I don’t know why” … 
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Although Emily’s lyrics were structured and poetic, I suggested that we explore hook 

and motivic development for the chorus of ‘Amazing’ and repeat the last theme to 

establish repetition in the song.  Pattison (1991, p 156) explains: 

The hook is the hero of the lyric, it belongs in the spotlight, it’s the focus and the 

most important place in your lyric. You can’t just toss your HOOK anywhere and 

hope the light shines on it – you have to choose where when to turn the spotlight on.  

He explains five useful strategies for HOOKS in songwriting: 

• Put the HOOK at the beginning and at the end of its section, maybe both. 
• Keep your structure moving forward until you get to the HOOK. 
• Repeat the HOOK. 
• Use sound to spotlight your HOOK. 
• Use the HOOK’s rhythm in other strategic places 

We proceeded to dissect Emily’s lyrics and agreed that the chorus could establish a 

simple but direct repetition hook or repetition of the title and focus on the central 

idea.  

Example: Chorus of ‘Amazing’, original version  

“Because we are so good together, 
And you know that we are so good together, 
I can’t believe we made it here, 
Isn’t it amazing?” 
 

Example:  Chorus of ‘Amazing’ with added emphasis on the hook 

“Because we are so good together, 
And you know that we are so good together, 
I can’t believe we made it here, 
I can’t believe we made it here, 
Isn’t it amazing? 
Isn’t it amazing?” 
 

Although this could be interpreted as just repeating lines, Pattison explains that this 

is an effective strategy for spotlighting the hook. Another option is to change chords 

at the end of the phrase adding a suspended chord which Emily sang and phrased    

differently which Pattison (1991) describes as  motivic development, which is useful 

in two ways:  

• It is a subtle way of repeating a theme without getting boring. 

• It makes the theme the focus of the piece. 

Pattison (1991) explains that you don’t need to complicate things, just know the 

rhythm of your hook and implement into strategic positions. Although Pattison 
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encourages the establishment of this before writing the lyric, we both felt that 

applying this logic in certain sections of the song without over-doing the process, had 

enhanced and developed the work.  

The verse lyrics do not follow a strict rhythmic prosody, varying slightly from one 

verse to the next: Emily sometimes adhered to a typical AA BB rhyming scheme in 

the second verse (see lyrics below), whereas verse 3 had an A B A C rhyming 

scheme and verse 1 had an A B C C scheme. 

 Cook (1987)  argues people approach a piece of music in two main ways: by 

considering either its form or its melodic, harmonic and rhythmic content. Cook 

(1987, p 9) writes: 

Form was viewed in traditional terms. This means...that analyzing the form of a new 

piece basically consisted of assimilating it into one existing formal prototype or 

another. The simplest of such analytical prototypes were purely sectional – binary 

form, ternary form – but forms of any complexity were described historically. The 

most important of these is that forms like rondo or sonata are by definition thematic. 

Certain parts of the music are picked out and identified as themes (and accordingly 

labelled A, B, B1 and so forth) whereas the rest of the music is regarded as non-

thematic – or, to use the old-fashioned and rather unsatisfactory term, ‘transitional’.   

Appendix C (on page 236) contains Emily’s draft and finalised lyric and chord 

structure of ‘Amazing’. 



 

 

 

 104 

Song Analysis 

Melbourne composer Alan Harding critiqued the song. This allowed Emily and I to 

consider the work through a third person’s examination and analysis. Cook (1987, p 

1) explains this process: 

When you analyze a piece of music, you are in essence recreating it for yourself; 

you end up with the same possession that a composer feels for a piece he has 

written.  

The following is Alan Harding’s July 2017 analysis of Emily Soon’s composition 

‘Amazing’.   

The song demonstrates a fairly standard form, beginning with an 8 bar Intro, 

vamping on Gmaj7 to D. These are the first two chords of the Verse – a strong and 

common chord progression from the IV chord to the I chord in the key of D Major. 

Verse 1 - 8 bar length, with bar 5 seeing the arrival of a harmonic departure from the 

IV to I progression. The C# dim, (or F# 7b9/C#) at bar 5 descends to a B min chord 

and settles on an  A Maj add9 chord to create slight anticipation for the listener to 

expect a resolution to the I chord (D Major) – but rather, we begin a IV V I chord 

progression for the 1st Chorus, (10 bar length), with the lead vocal melody striking 

an A (the 9th of the G Maj chord), followed by an F# in the melody of the 2nd chord 

of A Maj, (the 6th degree of the A chord); before settling on an F#, (the 3rd degree) 

over the home key chord of D Major. 

The placement of these non-chordal melodic tones over the first two chords of the 

Chorus create a temporary ‘6/9’ sound to the melody. I personally like these types 

of melodies – ones that deviate from relying on the standard chordal tones. Note the 

harmonic resolution at the end of the Chorus settling on a B minor chord, (the 

relative minor of D Major). 

Typically, the chorus melody vocal range is approximately a 4th higher than the 

verse melody vocal range, which gives the chorus the “lift” that any good chorus 

requires.  

Verse 2 follows straight on from Verse 1. Also, of note is that the first chorus does 

not appear until the 1 min 5 sec point of the song. This may seem a little too long, as 

compared with many of today’s mainstream hit songs? 

A simple 4 bar Interlude, (instrumental) precedes Verse 3, also of 8 bar length. 
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Then follows what could be described as a middle 8, although most middle 8 

sections normally deviate further away from the verse and chorus (melody and 

chords) than this song demonstrates. As this section is very similar to the chorus, it 

could also be considered as a pre-chorus. The exclusion of the end 4 x repeating 

lines of the normal chorus, clearly make this the point of difference, however. 

The next Chorus seems more compelling, following on from the middle 8, or pre-

chorus. 

This is then followed by a breakdown of 12 bars with a repeated section of a G 

Major, A Major to B min chord progression – once again a slight deviation from the 

standard chorus chords, but all the while related. 

This breakdown is a typical temporary relief – a “calm before the storm” effect prior 

to the final chorus of 12 bars, with a nice 2 bar end tag, or coda, ending the song on 

the B minor.  

Feel and Musicianship 

When I first heard Emily performing the song on the acoustic guitar, I was taken by 

her rhythmic and percussive playing which I interpreted as a natural ‘feel’ or 

‘groove’. This first impression is what truly engaged me to the song and it reminded 

me of artists who also play the guitar with a percussive, songwriting, finger-picking 

technique such as James Taylor, Tracy Chapman and John Mayer to name a few. 

These artists play with a characteristic ‘feel’ which provides an instant recognition to 

their songs. 

Emily does not play the acoustic guitar with a conventional bluegrass or flatpicking 

technique; nor does she break up the chord into arpeggios like a classically trained 

guitar player. Rather, she applies impact elements ‘hitting’ and ‘slapping’ the strings 

together which serves to accent certain notes and spaces between the chord, and then 

applies a ‘hammer on’ and ‘pull off’ technique with additional extensions to the 

chord which creates a dynamic and harmonic soundscape. This type of playing 

creates different rhythmic patterns and characteristics of groove in various sections 

of the song. This is a display of her musicianship and natural technique – to play the 

guitar like a drum or percussive instrument. 
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 Hugill (2012, p 173) defines musicianship:  

Musicianship is commonly understood to refer to the skills and artistry required to 

perform, listen to, or compose music. Good musicianship makes evident through the 

act of performance, or listening, or composition the extent to which a person is in 

possession of this knowledge.  

This ‘feel’ or ‘groove’ that Emily sets up on the guitar interacts with her vocal style 

which she phrases rhythmically. I do notice sometimes when Emily plays, there is a 

slight tempo change where she pulls forward and ahead of the beat. I’m aware that 

not all soloists play in perfect time, however I need to address this when recording 

with a drummer to a click track, which I will explain in the next chapter. Another 

potential challenge for Emily, is her lack of experience when playing in a band 

situation. Although she is a solid individual performer, she needs to collaborate with 

a drummer who will hold down a rhythmic pattern and tempo. 

I suggested to Emily that working on some finger technique exercises on the acoustic 

guitar would be beneficial for keeping time. I provided a software application called 

‘Drummer’ which I constructed in Logic to assist with these exercises. I felt this was 

a more musical approach than working with a tedious metronome. The drummer 

software has a ‘human drummer’ feel. The feel of the groove provides Emily with 

the right elements of space for her percussive guitar playing, creating a 

‘polyrhythmic’ feel and sound. It also provides Emily with a foundation of pulse and 

keeping time. 

Polyrhythmic playing can be achieved when instruments are ‘pushing’ and ‘pulling’ 

on tempo; this can create tension or feel in a musical way. Instruments interact and 

find their own groove in the musical space. Playing polyrhythmically is a discipline 

where each instrument focuses on its individual and independent part; when the parts 

are performed together, they fulfill specific compositional functions to establish a 

collective sound. “The variability of this timing differential and the ability of each 

performer to play with it as they wish is what determines tension and feel in music” 

(Beinhorn 2015, p 120). 
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Figure 74. Drummer software preferences 

 

Although this chapter discusses some processes from the pre-DAW era in relation to 

the engineer/producer role with developing the artists song; the technological 

innovations of Logic assisted in developing the artists’ pre-formed creative ideas and 

assisted with the authentic representation of the artists’ sound and intention. This was 

done through easily auditioning sounds, such as: different drums, electric piano, 

electric guitar, bass guitar and vocal sounds. These changes provided a palette of 

sounds within Logic to explore and create the arrangement of the work. In addition, 

the advantages in DAW revolved around mobility and accessibility therefore, not 

needing to record in an expensive studio. 
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Chapter 5. Project 1. Creative Processes Using 
the DAW 

This chapter documents the creative processes achieved in Logic to create Emily’s 

composition ‘Amazing’. I will discuss preproduction processes, such as file 

management, project templates, workflow, recording audio, creating software 

instruments and applying amplifier simulation for the final audio reproduction that I 

will depict as the demo. 

Pre-production for ‘Amazing’ 

Pre-production for the recording of the song involved finalising the song structure, 

tempo, orchestration, form and performance; we also chose what instrumentation 

would be used. Although most of the pre-production processes of the performance 

and song structure were explained in the previous chapter, I feel pre-production is the 

foundation of the performance and the beginning of the creation of the work. This is 

where Logic’s features excel the creative process. I explain to Emily the recording 

process utilizing an Apple MacBook Pro computer and applying Logic. She is 

familiar with a similar recording software application ‘Garage Band’. We agree that 

Logic is the appropriate software due to its vast array of software instruments for 

composing. We commenced early recordings of Emily’s voice and acoustic guitar on 

an iPhone voice recorder (see Figure 75, on page 109) to establish a foundation of 

the song and to create a familiarization of the form and sound of the work. We then 

listened to the recordings and critiqued aspects of the song such as lyrics and melodic 

motifs. Laying this type of groundwork gives Emily an invaluable insight into the 

development of the song. 
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Figure 75. iPhone recorder 

Another essential aspect of the song was the tempo. As previously explained, Emily 

plays acoustic guitar with a percussive slapping technique on the strings, which is 

dynamic and expressive; however, when she played to a click track she found it 

difficult to keep in time. In the rehearsal environment, I recognised that when she 

simultaneously played and sang, the tempo fluctuated from 81 to 110 beats per 

minute. This could be could be a challenge when recording with DAW. We agree the 

importance of providing a click in the headphones. This will assist in Emily keeping 

in time when adding other software instrumentation and production layers.  

We commence pre-production at my commercial studio. The tracking room has been 

treated with specialised acoustic traps and diffusers and the workstation comprises a 

computer, desk, ADC (analogue-to-digital converter) four varying monitor speakers, 

headphones and outboard equipment. In addition, there are various microphones as 

well as electric instruments, guitars, amplification, keyboards and controllers. The 

environment is a creative space for broadcast and recording purposes, and the studio 

environment is a professional creative space to record, listen and mix and master 

sound.  

Creating ‘Amazing’ in Logic 

The following sections explain the processes and techniques of creating ‘Amazing’ 

using Logic, including preparation, file management, project template and work 

flow. They discuss tracking with microphones on the acoustic guitar and voice, 
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recording with a click, orchestrating with software sounds, software drums, 

monitoring latency and will explain amplifier designer software simulation. 

File Management 

I commenced my work flow by starting a new project – a folder that manages all 

aspects of the session – in Logic. It is of paramount importance when starting a new 

project to understand where each type of file, such as audio files, midi files or 

alternative variations of files should be saved, so that they can be easily found when 

they are needed. Furthermore, consistently designating the project name, year, date 

and time allows files to be located using the ‘spotlight search’ on my Apple  

Macintosh Pro computer. 

Project Templates 

On startup, Logic’s interface offers the user a choice of templates corresponding to 

particular genres or production styles. Templates load certain tracks, settings and 

software sounds specific to that style (see Figure 76, on page 111). This is helpful 

with creative workflow when constructing sounds. The orchestral template is another 

valuable addition for composers. It sets an environment to score, using notation and a 

full library of orchestral software sounds. Musicians can play these sounds on a 

keyboard controller, edit, automate or add effects, which can give a natural human 

element to the performance and sound. 

For ‘Amazing’, I started with an empty template setting and  set the project 

preferences: tempo, key signature, time signature, sample rate and connectivity of 

software preferences with hardware devices. The tempo feature includes a ‘tap 

tempo’ option that allows the user to tap the desired tempo with a mouse controller; 

this is quite useful in the pre-production stage. This tool was particularly useful in 

the pre-production of ‘Amazing’, as I was aware that Emily’s tempo had fluctuated 

from previous performances, and  tap tempo allowed me to confirm the tempo for the 

recording process that we had both settled on. The tempo was slightly faster for the 

eventual recording; however, we explored not losing the original feel and groove of 

the work, which complemented the vocal phrasing.  Emily said, “I don’t want to 

make the song feel sluggish or feel like it’s dragging.” I’m aware from my own 

experience as a performer that tempo can fluctuate due to factors such as excitement, 
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nerves or the environment. I concurred with Emily that the tempo felt good and had 

been well prepared and developed for the recording process. 

 

 

Figure 76. Logic X template preferences 

Work Flow 

I opened Logic and begin using the main ‘arrange’ window of the GUI,  which uses 

colour schemes to enhance readability and conceptualisation of work flow. I inserted 

the song’s tempo and key signature and all other relevant information into the control 

bar. I then established a sequence of instrumentation and entered audio tracks and 

software instruments into the track header. Certain key commands in Logic can make 

work flow simple; for example, coloured tracks with icons of musical instruments, 

and stacking and hiding tracks to organize them. Furthermore, software instruments 

and sampled loops aid simple compositions. This interplay and experimentation with 

this musical tool puts my subconscious into a creative state, a true human/computer 

interaction.  Strachan (2017, p 118) writes:  

Digital technologies have a material effect upon consciousness and subjectively at 

particular moments in time. Technologies are active in what we do and in also the 

way we feel.  

The Logic workspace is similar to a palette for a painter, in that it contains the means 

to create and edit regions, and recording software to organise sound along a timeline.  
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The track headers represent specific tracks created in the project and are arranged 

vertically along the left side of the workspace. The functionality of the track headers 

includes icon displays, record enable, mute, solo, volume and pan settings. 

 The control bar (or transport bar) is the central display for setting information for the 

project. It is similar to the mechanics of a tape, CD or DVD player, including play, 

pause, rewind and fast-forward buttons. It also includes settings for tempo, time 

signature and various record-mode types. 

The inspector tool offers a magnified view with precise information about the 

selected track or region, including MIDI parameters, quantisation, track/region 

settings and a view of the channel strip. 

The software library contains an extensive catalogue of instrumental sounds and 

corresponding effects. The instrument presets can be altered and tailor-made to the 

sound that the user desires. 

Browser/media contains a catalogue of royalty-free audio loops and MIDI loops that 

can be previewed then dragged and dropped into the workspace. The browser also 

allows access to hard drives and storage for importing and exporting files and 

information about relevant events and media within the project. 

We now set up two audio sources and armed the tracks in record mode. I  wanted to 

record Emily playing guitar and singing at the same time; this was achieved by using 

two microphone sources recording simultaneously in close proximity of the 

instrument and voice. 

 

Figure 77. Logic X interface 
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Recording the Acoustic Guitar and Vocal Simultaneously 

Emily chose to record her vocal and guitar simultaneously instead of overdubbing 

one part at a time,  so as to replicate the live-performance feel of the song in the 

recording environment. I knew this might be a little difficult due to her lack of 

recording experience; however, I was confident that she  could accomplish it. We 

began recording at Rooftop Studio in a small treated room, position one small-

diaphragm cardioid condenser microphone, an AKG C451, on the guitar body 

pointing down at the sound hole; this is often an acceptable foundation (Figure 78). I 

then adjusted the level and gain on the channel strip and made sure the audio source 

was not clipping in Logic. Emily started playing along with the click track and asked 

me to adjust the headphone level. We then focused on the lead vocal microphone. 

The challenge with recording simultaneously was to review the two microphones, 

ensuring that there was no latency as well as eliminating phase issues and spill. 

 

Figure 78. Small diaphragm condenser microphone on the acoustic guitar 

 

We now began recording the lead vocal in conjunction with the guitar microphone, 

choosing a Neumann U87 large-diaphragm condenser microphone and 

experimenting with the placement in a small, treated-room environment. I started to 

balance two microphones simultaneously, with the challenge being to capture a solid 

guitar sound while reducing vocal spill onto the guitar microphone. Inglis (2012) 

explains: 
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Small-diaphragm cardioid mics usually have a fairly accurate off-axis response, so 

if you angle them downward rather than perpendicular to the guitar, you won't 

change the sound of the guitar much (unless you have a very reflective floor!), but 

you will move the vocals further off-axis and closer to the null of the mic, thus 

diminishing their level. 

I applied this method  as well as experimenting with different microphone polarities; 

using a multi-pattern condenser microphone in figure-8 mode (see Figure 79, on 

page 115) would help diminish guitar spill and achieve better separation than a 

cardioid microphone. Inglis (2012) writes: 

Using a multi-pattern, large-diaphragm condenser, you can achieve a useful 

improvement in the amount of separation by switching from cardioid pattern (where 

the null is behind the mic) to figure-8 (where the null is perpendicular to the plane 

of the mic, and much deeper than in cardioid.  

The preferred choice was changing the polar pattern on a dual-diaphragm condenser 

microphone U87 to cardioid. This position changed not only the amount of spill 

picked up, but also the tone of the spill, and made a noticeable difference to the on-

axis frequency response. In addition, I also experimented with using a dynamic 

Shure SM7B microphone on Emily’s voice; this microphone has the advantage of a 

purpose-designed foam filter to minimize plosives. This microphone also achieved 

considerable separation and limited spill; however, it did not have the clarity of the 

U87 condenser microphone. 

As we started recording into Logic, the difficulties in the early takes were due to 

Emily not being able to keep her head still. She was constantly looking down to 

check her fingers and chord shapes. Both the level and tone of vocal that is picked up 

by a directional microphone will tend to vary widely as the singer changes position. 

Some options were to back off the mic a little and use less-directional patterns, thus 

sacrificing separation for consistency of vocal sound. However, after a few takes, she 

rectified these problems. 
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Figure 79. Emily Soon recording simultaneously 

Creating Software Instruments for the Song  

The next process was to consolidate the recordings and prepare to orchestrate 

software sounds to complement the performance. Emily was clear about what kind of 

instrumentation would work best for the song, and requested that the recording sound 

‘organic’; this would be achieved with electric instruments similar to a band 

formation. Experimenting, creating and discovering the appropriate sounds and parts 

to complement the work can be a challenging and rewarding stage in the recording 

process. Logic supports this process in providing an abundance of sounds, a palette 

of software instruments and loops and an amp simulator that is simple to operate. 

This is where I consider that experience, preparation and critiquing has its benefits.  

The producer must understand the work, the artist’s intention and what’s required.  

My experience as a musician has taught me to play for the music and to 

communicate and play with a team for a unified sound. Being a producer has allowed 

me to understand the benefits of solid preparation, communication and the ability to 

work with different kinds of artists. In addition, being a composer and an educator 

has taught me to listen…and listen more, digest different types of music and 

understand the musical processes.  

I then discussed with Emily the following points to consider when creating layers of 

sound to the recording: 
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• Producing multiple layers of sound may lose the interest and focus of the song. 

• There are benefits to keeping to organic instruments instead of electronic elements. 

• The lyrics, vocal performance and acoustic playing are the main focus. 

• Software sounds can complement the structure of the song; they can then be 

replaced by the playing of real musicians. 

• The instrumentation can be kept to a band formation (drums, bass, keys etc.) 

• Harmony, timbre, melody and rhythm can be used to enhance the song 

Emily has a familiar understanding of the instrumentation and sounds of popular 

acoustic artist’s songs such as John Mayer’s My Stupid Mouth and Ed Sheeran’s 

Thinking Out Aloud. These popular songs are predominately focused around what the 

artist is - a songwriter, vocalist and guitarist - with elements of a band formation. I 

then prepared various software instruments and audio tracks in Logic: an electric 

software piano that replicated a Wurlitzer or Rhodes and a guitar and bass amp 

designer simulation (which will be discussed further  under ‘Amplifier Designer’). I 

also inserted the Logics virtual drummer software application, which replicates a 

humanized drummer, to give the song a foundation of rhythm. 

Software Drummer 

I engaged Logic’s virtual drummer to play along with the recordings of Emily. The 

basic interface operation of Drummer  offers a choice of specific drummer 

personalities within each a music genre. There are four different drummer styles: 

Rock, Alternative, Electronic and Rhythm & Blues. I select Levi the songwriter-

drummer who describes the preferences as “laid-back, sun soaked modern pop, plays 

funky pop beats on a natural sounding kit”. Launching this preset automatically 

creates two sets of different performance regions as a stereo track with customised 

parameters. The interface is simple to use, with a joystick-like interface to modify 

the performance. The presets are displayed as loud, soft, simple and complex, with 

the addition of other performance parameters. I selected the simple mode, which 

demonstrates and plays a basic groove. The drum kit designer is extremely versatile, 

with options to change kick and snare drum and to adjust the tuning, dampening and 

gain with the addition of high-hats, cymbals and percussion elements.  
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Figure 80. Drummer tracks and regions in the workspace 

 

 

Figure 81. Drummer interface in the Piano Roll editor 

 

The Drum Kit Design interface is a visual display of a drum kit on a red rug in a 

studio environment (see Figure 82, on page 118). This visual aspect makes it 

accessible to adjust the components of the drum kit, even changing the players. The 

pre-loaded kits allow individual splits of the components of the drum kit to deliver 

more control. Furthermore, the sounds of the drums have been recorded by an 

engineer with selected microphones, placement, levels and panning along with varied 

EQs and compression.  
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Figure 82.  Drummer kit design interface 

I find Drummer an extremely creative and intuitive tool. Programing drums can be 

complex and time-consuming; however, this application can efficiently follow the 

algorithm pulse to the audio of the guitar and replicate a human performance feel by 

mimicking the transients of the audio. I then began to vary parameters to adjust the 

shuffle feel that Emily was playing on the guitar; the swing knob shuffled the 

drummer’s performance and complemented her part. 

 

 

Figure 83. Swing knob 

Other useful features are the ‘feel’ knob, which pushes and pulls the beat, and the 

‘ghost note’ knob, which adjusts the syncopated snare and kick hits within the beat. 

These features are the tools and techniques with which a drummer would 

demonstrate the control of the hands to coordinate dexterity, timing and musicality. 

Engaging the ‘high-hat’ function and rotating it clockwise adjusts the degree of 
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opened and closed cymbal sound. Adjusting the room environment under the effect 

parameters gives a depth and spatial sound to the drum kit. 

 

 

Figure 84. Feel, ghost notes, fills dialogue 

I directly selected and edited regions to set the fills for the arrangement, generally 

one bar before the verses, choruses and bridge of the song. I dragged the ‘fills’ knob 

clockwise to increase the number of human-like fills that a drummer would play 

around the kit for the song. These advanced controls with correctly adjusted patterns 

give the arrangement a human element with dynamics and characteristic, emulating 

exactly what a human drummer would play.  

 

 

Figure 85. Fills knob 

Applying the Software Electric Piano 

Another application of software to the composition was inserting an electric piano to 

outline the harmonic layer of the song. This is essentially the digital reproduction of 

the sound of mechanical hammers striking metal strings that vibrate and are then 

converted into an electrical signal by a magnetic pickup. This signal is then amplified 

through an instrument amplifier and heard through a loud speaker cabinet producing 
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a range of tones and distinctive vibrations and sustained sound. We both agreed that 

this vintage software instrument would complement the harmonic structure of the 

acoustic guitar without conflicting with the percussive elements of the playing. 

Logic’s software library contains multiple electric piano sounds; we previewed the 

sounds by highlighting the ‘record mode’ button and by using the cycle feature that 

repeatedly plays a particular part of the project (looping). I used markers to highlight 

the arrangement and playback from the first verse to the chorus and experimented 

with different electric piano sounds. We agreed that the Wurlitzer Classic replicated 

a fuller sound, similar  to the ‘vacuum tube’ sound that gives overdrive and distortion 

with a tremolo effect, and that this software instrument emulated the right timbre and 

quality of sound for the composition. 

 

 

Figure 86. Recording the electric piano 

Once the correct parts were played to the best of my ability, I continued perfecting 

the performance using the Piano Roll editor (Figure 87, on page 121). This editor 

displays the performance as MIDI data on a time grid and indicates the time position. 

These horizontal coloured bars are recognisable as pitches. The editing controls and 

tools modify the time by quantising the regions to the specific grid in addition to 

editing the pitch of the MIDI regions. This adjusts the velocity and dynamics. 

I opened the Piano Roll editor directly into the workspace. I prepared to edit the 

regions using the tool bar, which gives multiple editing tools, including a pointer, 

pencil, scissors, glue, velocity, quantise and zoom. I engaged the quantise function  

so that a crotchet equalled the set tempo. Instantly, the time was corrected on the 

match grid. An issue arose where some of the voicings clashed with the harmony of 

the guitar audio. I used my pointer tool to move individual regions, altering notes and 
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adding other pitches and extensions of the chord to accomplish the correct inversion 

and harmony. The velocity tool, which I individually applied, changed the region by 

altering the dynamics of the pitch. The colour-coding supported the level of 

dynamics (very soft being blue in colour and red being very loud). This is a visual 

and simple way to identify the desirable level of dynamics for the voicings,  and 

indicates how hard I physically played the MIDI keyboard with the varying 

velocities of notes on and off. Applying these processes to the regions alters the 

sound and  gives it a more human characteristic quality. In my opinion, the 

performance feels enhanced and the tonality and timbre of sound is balanced and 

unified with the audio. 

 

 

Figure 87. Piano Roll editor 

Amplifier Designer Software Simulation 

With the addition of software sounds to accompany the arrangement, we were ready 

to compose and implement electric instruments to support the core of the 

composition. I introduced the electric bass guitar to shape the harmonic and rhythmic 

foundation, and then the electric guitar. Before the invention of software amplifier 

simulation, hardware devices or direct inputs would operate as a line signal that 

would then directly move to a preamplifier for gain and level. Another source is a 

microphone directed into the speaker cabinet, which Chapter 6 explains in greater 

detail.  
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Logic’s amp designer emulates and processes the sound of guitar and bass amplifiers 

and speaker cabinets and recreates the sounds of well-known mainstream 

amplifications, which produce sonic characteristics and tonality. It is important to 

note that the process of recording real instruments (for example, using microphones 

to record an electric bass and guitar with a workstation) requires an AD/DAC. I 

applied the converter box that connects to my computer using the Thunderbolt 

interface, which essentially integrates the real-time audio hardware with the 

software. Other features are microphone preamps, monitor control, inputs and 

outputs and a headphone jack with large volume control (Figure 88). 

 

 

Figure 88. Apollo Twin DAC 
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Figure 89. Logic amp designer 

Monitoring Latency 

I created a new audio track and inserted the bass amp designer plug-in. The interface 

parameters are visually simple and interactive. When I launched into the factory 

defaults and audition various simulations, I noticed a slight delay in sound when 

playing the bass guitar and physically hitting the strings. I recognised this as a 

monitoring latency issue that required me to lower the sample rate to 128 in audio 

preferences (see Figure 90, on page 124). 

Reducing the buffer size would minimise the latency,  but this would require more 

computer processing power. This is an important  constraint: the amount of random 

access memory (RAM) and the processing speed when using multiple software 

instruments require higher buffer sizes. At this stage of the project I did not require 

significant processing, and merely changing the buffer size rectified the sound. I then 

layered the correct foundation of notes. 

Another application for latency is the low-latency check-box slider. The ‘selected 

box’ functionality engages  the low-latency mode, which appoints the limit slider to 

adjust the amount of allowable delay that can be caused by plug-ins. 
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Figure 90. Sample rate to 128 

 

Figure 91. Low-latency check-box slider 

Next, I recorded the bass guitar through Logic’s bass amp designer, creating bass 

parts around the harmony and a bounce-type feel, played with my fingers. The bass 

amp designer  offers three types of amps and six speaker cabinets, with the addition 

of two direct outs and three microphone models. I adjusted the right monitor control 
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from my converter box and experimented with the interface controls and cabinet 

selection. The EQ acts as a tone control. I wound down the top and mid-frequency 

range for a more rounded sound, explored the various options for mic modeling and 

added compression for dynamics for the desired bass sound, keeping in mind the 

gain stage of this software plug-in and avoiding any clipping in Logic console 

interface. It is of paramount importance when working with the gain stage in a DAW 

that one allows headroom. Houghton (2013) writes: 

If you take the sound with the highest peak levels and set it so that it peaks at 

between -12 and -18dBFS, you shouldn't run into problems with plug-ins or 

summing on the mix bus.  

  

 

Figure 92. Headroom -12 to -18DBFS 

The next phase was recording multiple takes of the electric guitar. This real-time 

amp simulator has an interface comparable to popular amplifier models, replicating 

the tones of Fender, Vox and Marshall, with many more options. These sounds have 

populated mainstream music and have been described as iconic tones or signature 

amplified sound. I auditioned a replicated software Fender Tweed amp (as guitar 

player, I was familiar with this amp); the interface displays a yellow-brown cloth 

covering to mimic the physical amplifier. The display is simple and functional: by 

altering the amp parameters and using EQ, spring reverb and tremolo, I could 

significantly reshape the tone and customise the sound. The interface has four sets of 

parameters: amp, effects, model and microphone. The amp parameters allow master 

control of the input gain, presence and the output level. The effect parameter control 

emulates the processors found on original amplifiers: the mid-section of a tremolo or 

trem.   
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Microphone parameters allow the choice of three specific microphones (dynamic, 

condenser and ribbon) and the position in relation to the speaker cabinet. The graphic 

interface of the speaker and cabinet can be positioned using the mouse to emphasise 

speaker response.  

 

Figure 93. Amp designer 

 

 

Figure 94. Cabinet simulation 
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I prepared to record the electric guitar with the appropriate gain and headroom into 

Logic, playing along with the current parts and layers of Emily’s song. I felt 

distracted where the electric guitar conflicted with the acoustic guitar, as sound and 

part did not complement the song. I proceeded with a different approach:  in the 

reference songs that Emily supplied, the electric guitar parts had a distinctive sound, 

and  the melodic motifs were played with spatiality and ambience to the tone. Emily 

described this as ‘lush in sound’. I used Logic’s pedalboard, which simulates the 

sounds of pedal effects described as a ‘Stompbox’. Keeping to the Tweed clean 

amplifier parameters, I selected the pedalboard plug-in, which appears as a 

recognisable pedalboard. The interface gave a combination of selected effect pedals 

in the pedal browser,  which could be routed into the selected signal chain in the 

pedal area. I dragged and dropped a delay and modulation pedal into the pedal area, 

which allowed options to route into signal buses to adjust the desired effect. 

The parameters on the Tru-tape delay pedal provide a vintage tape-delay effect that 

mimics saturated sound and emulates flutter (speed fluctuations found in the tape-

recorder transport mechanism). The spring-box reverb pedal sets the parameters of 

the length of reverberation. I also applied the spin-box pedal, which behaves like the 

Leslie rotor speaker cabinet commonly used on Hammond organs. 

 

 

Figure 95. Pedalboard effects 

After making these modifications, I responded to the sound and played a quaver 

pulse pattern with a pick on the higher register of the strings of the instrument. I 

practiced performing counter-melody parts, repeating melodic phrases and 

experimenting higher up the neck position. The sound of the effect was sustained, in 

conjunction with an out-of-phase pick up configuration (magnets that amplify the 
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sound) and a five-way switch that applies varied tonal applications. This sound  now 

complemented the song and, importantly,  did not clash in the frequency range of the 

other instruments. I recorded and printed the sound, overdubbing four layers to 

combine diverse tones and effects. In addition, I began to move the faders and pan 

the takes in the mix controls of Logic, which gave me an understanding of the 

position and balance of sounds. 

The Demo: Putting It All Together 

This section discusses the demo, for which we prepared the ingredients of the 

recorded works using the DAW: a combination of audio, software sounds and 

simulation for the construction of the basic mix. The demo integrates the entire 

creative process into the pre-production phase, and  once it is completed, the song 

advances to the production stage, fusing a model of the demo to reconstruct and re-

record real musicians and instruments. 

This section then explores the relevance and importance of the demo, the created 

work, that has been practiced and performed by the artist and has been produced and 

orchestrated using the DAW. This demo acts as a template: the build or design of the 

sonic works that will be a valuable tool for the musicians to interpret and sketch their 

performance, establishing their own stylistic or signature sound to the work. The 

work is finalised in the post-production stage, where the song  is mixed, mastered 

and prepared for release. 

The demo  is a collection of sounds, notes and timbre that have been balanced and 

bounced into a stereo recording as a WAV file.  For Emily’s song ‘Amazing’, this 

was all accomplished in Logic. This digital landscape has produced sound that can be 

easily stored, shared and even  used in other DAW platforms. This advancement is 

primarily due to the technology of software computers, storage and digital file 

formats.  

The core strength of the demo recording was Emily’s performance, which was the 

central interpretation of the song. My approach was to focus on the 

singer/songwriter’s performance, emotion and narrative and to help her discover her 

creation. The vocals were not perfected, and at times could be a little ‘pitchy’ 

(slightly out of tune); however, this was the essence of the performance, which was 

documented as a recording. The tools in Logic Pro can correct a performance, 
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including correcting pitch, adding effect processing to the vocal, which can give a 

depth or effect,  and rephrasing the time of the vocals; however, my  priority was to 

preserve the rawness, emotion and honesty of the recording  that had been captured 

with microphones, exactly how I heard Emily practice and perform. Furthermore, the 

acoustic guitar performance included the sound of fret noises, string slides from her 

left hand and scratches and hits of the strings with her right hand. I decide to keep 

these attributes and qualities in the recording. Other producers or musicians may  

choose remove such sounds using the DAW; I consider them to be the human 

element of the performance and thus of the demo, which is the essence of Emily and 

her work. Owsinski (2013, p 7) writes: 

 So, given that fact, the real challenge is to know when not to use all of that stuff, 

and really to find out the essence of what it is you’re trying to accomplish. You can 

make it perfect – that’s easy, the tools are there – but that’s not what we’re doing 

here. We’re trying to get the magic, and the magic is none of those things. Those 

tools can help, but more than ever, you’ve got to feel it – it’s almost like you have to 

not think about it and really be emotional with your approach, because that’s still at 

the heart of it. 

The technology gives many options when recording in the digital environment,  

which allows producers to postpone making final decisions about the sound. With 

non-destructive recording, they can always come back to the original recording when 

manipulating sound. The technique of tape-based recording processes was different: 

they emphasised the performance. As with a live gig, the performers had ‘one shot to 

get it right’, and solid and irrevocable decisions had to be made. With destructive 

recording, it was difficult and time-consuming to go back and change things. For this 

project, I took the approach of a tape-based demo, primarily focusing on the 

performance and the construction of the song. The next stage would be where the 

song would move into another process, and the DAW would be used to record real 

musicians.  

The above discussion demonstrates that digital technology has changed the way 

musicians make music. For example, creating a session folder in Logic allows us to 

save and store information efficiently. Applying a project songwriter template assists 

with organisation of software instrumentation. Interacting with Logic’s workspace 

and applying colour schemes to audio and midi files enhances readability in GUI 

provides effective workflow. Recording audio into Logic’s virtual mixer allows easy 
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multitracking and overdubbing and is only limited by the hard drive space. Applying 

a software drummer with specific humanised playing characteristics of a selected 

style, encourages experimentation and what type of drum playing would work best 

for the song. Furthermore, software amplifier simulation assists with electric 

instruments such as guitar and bass which produce immediate types of amplification 

characteristics which are then applied to the composition. The technology suggests a 

different type of engagement with digital music, influencing the creation and 

representation of the artist’s sound.  
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Chapter 6. Recording Processes for Project 1 
(Emily Soon) 

This chapter explains the recording processes for Project 1 (Emily Soon). It  

describes the techniques used to record real musicians, overdubbing, re-recording the 

acoustic guitar and vocal and position of microphones, tracking instruments, drums 

and bass, recording the electric piano and the electric guitar and multi-tracking 

background vocals. The chapter will also analyse the strengths of Logic X in the 

recording process. 

Overdubbing 

In  Chapter 5, I discussed recording Emily by capturing the acoustic guitar and vocal 

simultaneously. This time, Emily decided to overdub: to record one part and then re-

recording another part alongside the first and so on. DAW software and computer 

processing allows an abundance of layers of overdubbing and multi-tracking. This 

process helps correct the performance and any mistakes by adding ‘drop-ins’. 

Layering parts can create thicker sounds, and overdubbing vocal parts can add 

presence and harmony to the vocal, even creating choral effects. These sounds were 

demonstrated by the pioneer of multi-tracking on tape machines, Les Paul, and multi-

tracking is a common technique in music production. 

Although overdubbing could focus on the individual performances of Emily’s 

acoustic guitar and vocal, an awareness of when Emily performed simultaneously in 

the demo was still needed, as she contributed dynamics, contour and passion into the 

performance. The challenge was to provide this awareness when overdubbing, while 

still expressing mood, feel and sensitivity when interacting with other musicians. It 

could not be just an exercise in perfecting the sound.  

Re-recording the Acoustic Guitar 

I now re-recorded the acoustic guitar in Logic using two small diaphragm cardioid 

condenser microphones simultaneously in a treated room. I had made some 

consideration of the dynamics and technique of Emily’s fingerpicking and percussive 

style and added a second microphone to give a stereo image and a thicker sound than 
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the previous recording, which had used only one microphone on the guitar. After 

considerable critique and experimentation, I decided to use two AKG C451 

microphones positioned off-axis on the bridge and neck of the guitar (Figure 96). I 

then checked the gain and level on two channel strips in Logic and panned the 

microphones hard left and right to provide a true stereo image and balanced sound in 

Emily’s headphone mix. I then adjusted the level of the click to keep in time and we 

began recording the first of many takes.   

 

Figure 96. Recording the acoustic guitar using a stereo microphone configuration 

Re-recording the Lead Vocal 

After recording many layers of acoustic guitar for the foundation of the song, we 

were now ready to re-record the lead vocal. Emily sang into a Neumann U47 large-

diaphragm condenser microphone with a pop filter in a small treated room. The 

microphone was set to a cardioid position, which is most sensitive at the front of the 

microphone, and  focused on the direction of her voice. As she sang, the sound was 

exceptionally clear and had a distinct upper mid-range frequency without adjusting 

any EQ. I then began to adjust the gain on Logic’s channel strip to provide a 

balanced level in the headphones; however, when Emily sang there was a noticeable 

delay. I realised the issue was latency, and set the monitoring output at 128 samples, 

low enough to record and monitor the output from the audio interface (Figure 97). 
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I immediately began recording takes of her performance. After recording, I increase 

the buffer size in Logic to improve the computer’s processing of the session. 

 

Figure 97. Decreasing the buffer size for recording the vocals 

 

Figure 98. Emily re-recording the vocal 

Recording the Acoustic Drums 

After recording Emily’s guitar and lead vocal, it was now time to record the rhythm 

section. The approach would be to record the drums and bass simultaneously but in 

separate treated rooms for separation and to avoid spill. The approach when 

recording this way is to isolate the instruments and capture a live performance of the 

musicians playing together with dynamics, feel and musicianship. To do this, I 

would need to set up a balanced independent headphone mix with the desired level 

for them to hear each other,  as well as to hear Emily’s performance. When tracking 
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multiple microphones and direct inputs (DIs), I made sure the gain stage was 

adequate and that nothing was ‘clipping’ or ‘phasing’ in Logic. 

I set up eight microphones around elements of the drum kit: an AKG 112 on the kick 

drum and three Sennheiser MKH30 microphones on three of the tom-toms. I then 

applied a dynamic SM57 on the snare, an AKG C451 condenser microphone on the 

high-hats and a pair of KM 184 condenser microphones in a spaced-pair 

configuration as overheads. This approach would result in a wider stereo spread 

around the drums. We now  listened to the drums being played in the room and made 

simple adjustments to the microphone placement and how the kit was dampened. 

These adjustments, with some slight tuning around the drums, gave an impression of 

a tight drum sound. We then began some test recordings with the correct gain, level 

and phase in Logic. 

 

 

Figure 99. Recording the drum at Rooftop Studios 

Recording the Bass 

With the drums sounding well rounded and balanced, I now gave my full attention to 

the bass guitar, which would be recorded into a direct input and then into the 

recording console in Logic (see Figure 100, on page 135). When the signal source is 

directed into the console, the preamp gives a boost to the bass sound with a better 

tonal quality. We continued testing the bass sound along with the drums, and felt that 

the bass needed more depth and balance with the kick drum. I applied a 1176 
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compressor plug-in in Logic to process the bass. With a few adjustments, the bass 

immediately sat much better with the drums. I then provided both musicians with the 

desired level and balance of their instruments in their individual headphones and we 

began test recording. After a few of these recordings and some slight adjustments, 

we  began recording their parts.   

 

 

Figure 100. Recording the bass into the console 

Recording the Electric Piano 

As we record the rhythm section parts we now start recording the electric piano. Dan 

played a Nord Electro 3 keyboard, which is polyphonic and has many high-fidelity 

samples of organs, piano and electric piano sounds. Although the keyboard has MIDI 

and a USB interface, one of the options was to use the keyboard as a controller and 

introduce software sounds. After some consideration, we decided to use the internal 

sounds on the hardware keyboard using the stereo direct outputs into the console, 

then into a stereo channel strip in Logic. Dan began to play an electric piano sound, 

which emulated the parts on the demo. We recorded a few takes and experimented 

with some Hammond organ sounds in certain sections of the song, which Emily 

instantly  liked.   
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Figure 101. Recording Dan on the electric piano 

Recording the Electric Guitar 

I now began recording the electric guitar by applying two microphones in stereo for a 

wider width and tonal sound: a Royer 121 ribbon microphone and a SM57 dynamic 

microphone together in front of the amplifier and close to the speaker (see Figure 

102, on page 137). Corey, the guitarist, played the instrument and I adjusted the level 

and tone of the amp in the treated room. I then set up two channel strips in Logic, 

panning each slightly left and right for a better stereo width. After making a few gain 

adjustments and increasing the emphasis on mid-range tonal qualities, we undertook 

some test recordings. I modified some latency and level issues, then prepared a 

headphone mix, and we commenced recording all the parts. 
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Figure 102. Royer 121 and SM57 microphone placement 

 

Figure 103. Recording Corey on the electric guitar 

Recording the Background Vocals 

Now that all of the instrumentation and the lead vocal had been recorded, we begin 

laying harmonies and double-tracking background vocals. This technique can 

contribute interest and emotion to the song, delivering emphasis on lyrics, choruses 

and hooks. Although most of the background vocal arrangement had already been 

planned out in the demo, I wanted to explore some new possibilities for double-
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tracking Emily’s vocal on certain lyric phrases, single harmony lines and multi-part 

harmonies. I placed a Royer 121 ribbon microphone on Emily’s vocal with a 

frequency response of 30Hz to 15kHz, adding more shine and high-end to the vocal. 

Logic provides a convenient way to organise multiple audio tracks and subgroups: 

Track Stacks, which combines multiple folders and routing with tracking the backing 

vocals (Figure 104). I commenced recording Emily’s voice and recorded 12 

background vocals, routing them to subgroups (this is described in more detail in 

Chapter 7). 

 

 

Figure 104. Track-stacking the background vocals in Logic 

The above discussion shows how digital technology has changed the way musicians 

make music. To reiterate: Logic’s loop recording feature allowed us to record 

continuously. This option assists in recording multiple takes of a section without 

losing spontaneity. Simple routing of signal path in the virtual mixer allows 

headphone connectivity for the musicians to connect and play together. The use of 

MIDI with a keyboard controller and virtual instruments allows the auditioning of 

sounds in real time such as an electric piano and Hammond organ. This is then easy 

to edit in the piano roll interface. Creating ‘track stacks’ in Logic provides easy 

multiple tracking of backing vocals that are easy to manage in the arrange window. 

The above examples demonstrate how the design of DAWs assist with the recording 

process. 
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Chapter 7. Project 2. Recording Processes  

Live Recording  

Professor Walk, a group of five amateur musicians, had created original 

compositions in a ‘live recording’ set up in a professional studio environment at the 

Victorian College of the Arts. This chapter examines the process of recording 

simultaneous instruments ‘live’ using similar principles to those of tape-based 

recording. It discusses microphone position and placement, room acoustics, signal 

flow, studio environment and equipment and certain techniques and processes that 

enhanced the group’s compositions using Pro Tools. 

The approach was to capture a ‘live recording’ as this group performed four of their 

original compositions. I would be multi-tracking instruments, capturing sound with 

microphones and DIs, then using Pro Tools  to arrange the recording.  The group – 

Susan on piano and vocals, Nick on the bass, Roger on drums, Glynn on acoustic 

guitar and Rod on electric guitar – decided to play together and capture their 

performance in an ambient space as well as allocated rooms in the studio.  

The technical preparation for the recording process included a multitrack console 

with up to 16 channels devoted to various microphones, which were placed carefully  

within the studio space to capture the sounds of the instruments. The specific 

requirements needed to record this group were: 

• Mixing desk with multiple inputs, outputs and preamps 

• ADC-DAC (Analogue-to-Digital-Converter-Digital-to-Analogue-Converter)  

• Monitors 

• Multiple microphones (dynamic, ribbon, condenser) 

• Mono and stereo configuration 

• Microphone polarity and direction 

• Microphone stands 

•  DI’s (Direct Inputs) 

• Various cables 

• Headphones and monitoring amplifiers 

• Studio environment – ‘live’ and ‘dead’ rooms 

• Baffles and acoustic treatment 
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• Additional outboard equipment and patch bay 

• Tracking sheet and channel list 

 

 

Figure 105. VCA console and monitor room 

We commenced recording at the VCA studio, with Roger Alsop assisting with the 

engineering. We set up multiple inputs from a junction box into the recording desk 

and then into Pro Tools. The junction box was where we ordered and organised the 

destination of inputs and outputs of the correct cables for the microphones that would 

record the instrumentation (see Figure 106, on page 141). In addition, we applied a 

DI for the bass and acoustic guitar. The junction-box outputs were directed into the 

recording desk and straight into an AD/DAC, and then into a computer using Pro 

Tools. This is where the sound would be converted into a digital format, allowing the 

computer to provide a visualisation by which sound could be processed. 

We now created a new session folder in the DAW, preparing audio tracks of various 

mono and stereo configurations. One of the features of Pro Tools is the ‘session 

structure’. This is the important organisation and file management of audio files and 

clips undertaken when commencing a new session or project. I now set up the 

recording desk, engaging 16 fader channels and correlating them to the respective 

tracks in Pro Tools. These were then assigned to the inputs and outputs of the various 

microphones that were ready to be assembled around the drum kit and 

instrumentation. 
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Figure 106. Junction box 

I began with a hand-written recording plan that focused on the organisation of tracks 

and technical requirements for the recording process. This included communication 

skills, professional etiquette, time and resource management and an emphasis on 

microphone choice and placement, signal flow and headphone monitoring that would 

be applied using the DAW. 

Microphone Considerations 

I now planned the microphone configuration for the recording. This process involved 

strategising different microphones, polar patterns, placement and room acoustics to 

achieve a positive result. The approach was to combine different types of 

microphones for the recording; for example, condenser microphones with various 

polar pattern functionality would tend to give more room sound than a single 

dynamic microphone of the same polar pattern. Omnis would give a lower bass 

extension than cardioids. Large-diaphragm condensers would have lower self-noise 

than smaller-diaphragm condensers. Small-diaphragm condensers are generally less 

coloured off-axis than large-diaphragm condensers. Another consideration is using  

stereo-microphone techniques: combining two or more microphones to create a 

stereo width image. 
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Recording the Drums 

We selected and positioned close microphones for the drums (Figure 107), applying 

an AKG D112 for the kick drum and a SM57 for the top snare. We then positioned a 

small AKG 452 condenser microphone for the high-hats and a pair of Sennheiser 

MD 421 microphones for the left tom and floor tom. I used a stereo pair of AKG 

c414’s for the overhead cymbals, thus implementing stereo microphone techniques. 

 

 

Figure 107. Microphone placement on the drums 

Roger’s drum kit was a Ludwig Maple Series; maple provides resonance and 

tonality. The 24-inch kick shell produces a lower, natural pitch, and the maple finish 

gives an even sound across the drum frequency spectrum. Roger added some 

padding to the inside of the kick drum to slightly muffle and dampen the sound. He 

also tightened and retuned the heads of the toms and snare with an even tension 

using a drum key. This provided the sound with a punchy, firm tonality. 
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Figure 108. Roger playing the drums 

Microphone Placement for the Kick Drum 

I placed the microphone on a stand six inches from the opened kick-drum head in 

direct line with the beater (see Figure 109, on page 144). The kick drum’s function is 

to produce a transient low-frequency timbre and attack that establishes a pulse and 

tempo when played. The individual kick-drum attack ranges from 2.5 to 5 kHz. 

Roger began to audition the kick and made some simple adjustments by tightening 

the drum head and muffling the bass-drum shell by inserting some packed blankets 

and pillows inside to produce a tighter, firmer sound. 
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Figure 109. AKG D112 on the kick drum 

Snare Drum 

I  applied a dynamic SM57 microphone on a boom stand and position it above the 

snare rim directed on top of the snare head (see Figure 110, on page 145). As Roger 

played the drums, especially around the toms, the snare buzzed slightly with some 

distracting vibrations. Roger tightened the bottom snare head and retuned the toms, 

which limited the vibration. He also applied some gaffer tape on the snare head to 

tighten the snare-head sound. 
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Figure 110. SM57 on top of the snare head 

Tom and Floor Tom 

We organised a pair of Sennheiser MD421 cardioid microphones on the left tom and 

the other on the floor tom (see Figure 111, on page 146). The toms, now retuned,  

had a fatter tone when played acoustically. I applied a technique from Owsinski 

(2014, p 226):  

The classic method: Placing the mic 2 and 3inches off the head above the rim at a 

45-degree angle, looking down at the center of the head, to get most attack. This 

was positioned looking down at the rim for less attack. 

These microphones could handle high pressure levels while controlling the bass 

role off at close proximity; they could thus handle close micing with a desirable 

result. In addition, Roger also applied some tape on the drum heads near the rim 

to diminish unwanted ringing and other vibrations. 
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Figure 111. MD421 placed on the left tom 

High-Hats 

We now set up the high-hats  – the main timekeeper of the drum kit  – and positioned 

a small diaphragm AKG 452 condenser microphone on a boom stand. I placed the 

microphone facing straight down toward the cymbal, approximately 12cm away and 

pointing halfway from the center of the bell (see Figure 112, on page 147). Placing 

the microphone closer to the bell results in a thicker sound; conversely, placing it at 

the edge of the cymbals produces a thinner sound, which provides a better result. The 

microphones’ swivel elbow was very useful when placing microphones in 

challenging areas. 
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Figure 112. AKG452 condenser on the high-hats 

Overhead Microphones 

I placed a pair of AKG c414’s in a coincident stereo configuration, nearly touching, 

while distant from the ceiling and directed away from the cymbals. This approach 

allowed more width and depth to the drums and captured a natural acoustic 

ambience. After some experimentation, we selected a figure 8 pattern on the 

microphone that gave more end-to-end reflection to the sound in the room and 

captured the sound of the entire drum kit. 

 

Figure 113. Stereo pair of AKG c414 overheads 
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Coincident Stereo Configuration 

The coincident stereo technique was developed by audio pioneer Alan Blumlein in 

the early 1930s. Working for EMI, he developed time-of-arrival differences by 

capturing sound from spaced microphones. Owsinski (2014, p 60) writes: 

A coincident pair consists of two directional mics mounted so that the grilles are 

nearly touching, but with the diaphragms angled apart in such a way that they aim 

approximately toward the left and right sides of the ensemble. For example, two 

cardioid microphones can be mounted angled apart, their grilles one above the other. 

The greater the angle between microphones and the narrower the polar pattern, the 

wider the stereo spread. 

 

 

Figure 114. Blumlein’s coincident stereo technique 

Recording the Electric Bass 

The electric bass was recorded with an active DI into the bass amp and a D112 

microphone placed slightly left-of-center and  several centimeters from the cone of 

the speaker cabinet (see Figure 117, on page 150). When Nick hit the strings of the 

bass, the DI produced a faithful representation of the unprocessed instruments 

sonority, uncolored by amplifier, speaker distortions or room reflections, retaining its 

full unaltered dynamic range. It is useful to have a microphone on the cabinet for an 

energetic sound; at a later stage the sound can be processed through amp-design 

software for additional character. 
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Figure 115. Figure bass amplifier 

 

Figure 116. Active Direct Input 
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Figure 117. D112 Positioned on the bass cabinet 

 

A frequent problem that occurs when using a DI and microphone on the cabinet is 

‘phase’ (this is explained in greater detail below under ‘Listening to Phase’). I 

adjusted the settings on the amp head, fine-tuning the gain, level and tone controls 

and checking the frequency response. Nick explained that he was after a rounder tone 

to complement the compositions; we experimented by finding the sweet spot of the 

instrument relative to the amplifier in the room. 

 

 

Figure 118. Nick preparing for the recording process 
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Recording the Vocals and Piano 

We were now ready to focus and position various microphones to record the vocals 

and piano. The grand piano played by Susan was in a separate room in the studio. 

This room was not closed off; however, it was positioned well away from the drums 

and electric instruments. As I began to prepare a stereo configuration for the grand 

piano I did some research for piano microphone techniques. Stavrou (2003, p 90) 

explains the consideration of deep harmonic resonance on the piano: 

Pianos are full of harmonics. The vast majority of harmonics are higher in frequency 

than the fundamental and much quieter. It stands to reason then that somewhere 

along the way you should turn up the treble op on the equaliser to elevate those 

harmonics into view, If the mic is already in a bright hot spot and you add treble, 

what do you get? Answer: a hard, crunchy and small sound with even less bass 

(worsening the internal balance of the keys). On the other hand, if you place the 

microphone where it sounds deep, dark and resonant, this gives you a perfect excuse 

to turn the treble up and hear more of those luscious harmonics. This will open up 

the resonance and increase the clarity of the bass. The EQ then also serves to 

improve the internal balance of the notes. 

With this understanding, I  positioned microphones in a stereo configuration for a 

rich and balanced sound. 

Microphone Placement for the Piano 

I placed a pair of small-diaphragm microphones inside the piano, one around the 

upper mid hammers and the other at the back end of the piano near the lower strings 

(Figure 119, on page 152). Both microphones were positioned  about five 

centimetres above the strings, facing downward. Although the microphones 

positioned inside the piano could pick up unwanted pedal and hammer sounds, this 

was a much safer method than positioning the microphones outside of the piano, 

where they would pick up the sound of the room and additional instruments. 
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Figure 119. Small-diaphragm microphones positioned in the piano 

Another addition was experimenting with the piano lid raised and a pair of Rhode 

cardioid microphones positioned in a X/Y configuration (Figure 120). The 

microphone capsules were placed close together at a 90-degree angle, aimed 

downward at the high and low strings. Moving into this position gave a much 

stronger stereo spread and a more balanced sound to the piano. 

 

 

Figure 120. X/Y cardioid microphone position 
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This stereo microphone placement is common when recording drum kits, pianos and 

string sections. In the room environment, it produces the following: 

• A sense of sound field from left to right 

• A sense of depth or distance between each instrument 

• A sense of distance from the ensemble to the listener 

• A spatial sense of the acoustic environment (ambience or hall reverberation). 

 

I positioned a Neumann U87 condenser microphone for Susan’s lead vocal. This 

microphone has a large dual diaphragm and three possible directional patterns: 

omnidirectional, cardioid and figure 8. The microphone was positioned in a cradle on 

a boom in front of the piano where Susan would play and sing. I selected the cardioid 

direction on the microphone,  as this would focus on the sensitivity of the voice and 

pick up less back and side spill from the piano. In addition, we applied a pop filter in 

front of the microphone to reduce the number of plosive pops.  

 

 

Figure 121. U87 condenser microphone with a pop filter 
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Figure 122. Susan playing the piano 

Recording the Electric Guitar 

To record the electric guitar, I raised and tilted the amplifier to where Rod felt he 

could comfortably hear the sound. I used a Shure SM57 cardioid dynamic 

microphone, which produces a “2-12kHz presence peak, which adds bite and helps 

cut through the track” (Senior 2007), placing it about two and a half centimeters off 

axis from the single speaker cone. I was able to experiment with the placement of the 

microphone, listening with headphones and positioning towards the edge of the 

speaker with different angles and distances for different tonal qualities.  

Figure 123 demonstrates the SM57 in four various positions, directed on the speaker 

cone. 

 

Figure 123. Examples of SM57 microphone placement 
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Example A is placed in the center of the speaker where the voice coil is located. 

This provides a brighter, more biting sound and is useful when using an amplifier 

which is dull in sound. 

Example B is placed towards the outer edge of the speaker; this produces a smooth 

tonal quality, less bright sound. 

Example C is placed off axis, producing a direct sound; however, this changes the 

tonal qualities of the amp and produces more room sound. 

Example D is placed three inches away from the speaker, which produces less level 

and volume but adds more room sound. The sound is not as direct. 

 

 

Figure 124. Experimenting with microphone and placement 

 

I positioned the microphone as shown in Example C, emphasising tonal quality and 

room sound. In addition to the microphone placement, Rod experimented with pedals 

that produced an effect in sound. The signal chain was the guitar to the amplifier, and 

then to the effect pedals. As Rod played, I discovered that the sounds he was 

producing for the songs were tonal, textured and ambient. 

After listening to Rod’s playing, I decided not to DI the guitar amp; instead, we 

would use the amp simulation in Pro Tools,  allowing the guitar tone to work for the 

songs. We used Rod’s guitar tone, and with a balanced headphone mix he recorded 

simultaneously with the other instruments.  
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Figure 125. Rod experimenting with guitar effects  

 

Recording the acoustic guitar in a live recording environment presents several 

challenges. One is the immense amount of spill from other instruments in the room. 

Another is phase-coherency issues and frequency space in the sound field. My 

solution was not to mic the instrument, but to use the pickup in the guitar and a direct 

input into the console and Pro Tools. I knew I would also have choices to process the 

instrument at a later stage of the mix. Glynn set his pickup amplification EQ flat and 

set the level high for gain stage (see Figure 126, on page 157). I provided Glynn with 

a balanced acoustic sound in a headphone mix with the other instruments. He lightly 

attacked and strummed the strings with a pick, and recorded with the other 

musicians. 
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Figure 126. Pickup amplification 

 

Figure 127. Acoustic guitar direct input 

 

Figure 128. Glynn playing the acoustic guitar 
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Phase and Polarity 

Phasing occurs when two or more signals are summed and the match relationship to 

those signals is imbalanced. This happens when combining microphones and DIs to 

electric and acoustic instruments simultaneously. It can result in volume drops and 

cause problems to frequencies and stereo image. Phasing causes instruments to sound 

thin and swishy. This occurs because of the time difference of the direct input sound 

to the microphone signal source. A way to help restore the phase coherence is to 

invert the polarity of one of the signals and check if the sound is better in tone or in 

phase. Another way is to delay the DI or pickup sound using a process sound when 

recording in Pro Tools. Alternatively, one can also shift audio files to match the 

sound, although this can be tedious and time-consuming. There are many phase-shift 

filter plug-ins, such as the ‘wave-in-phase’ plug-in (Figure 129) that allow the 

adjustment of the frequency Q; these plug-ins also allow the user to manually move 

the delay control and align the signals together.  

 

 

Figure 129. Wave-in-phase plug-in 

As I was applying multiple microphones simultaneously, I tested all of the 

microphones for any phase issues. I also checked which microphones might need 

phantom power: polarising the microphones transducer of 48 volts, including  

condenser microphones and DIs. Phantom power is supplied from the mixing 

console into Pro Tools. If one of the microphones is out of phase, it can cause 
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unworkable sonic problems. However, if the microphones are ‘in phase’ it can result 

in a fuller and bigger-sound. 

Listening to Phase 

The following is the process I used to avoiding phase issues when placing the 

microphones around the drum kit. 

• Listen to the overheads in stereo and mono. If the overheads sound thin and 

swishy, there is incorrect polarity; try moving the microphones a certain distance 

away or position them differently (coincident pair or X/Y figuration). 

• Once the sound of the overheads is working, add the kick drum, switch the 

polarity and position for the fullest sound. 

• Bring up the level of snare, and press the phase button on the console. 

• Listen to the sound in mono to determine whether it sounds better inverted. 

• Check every individual microphone, and listen to the sound combined and to the 

balance with phase inverted, to determine which sounds fuller. 

• One position of the phase switch will always sound fuller than the other 

3-to-1 Principle 

Another consideration to avoid phase problems when working with multi-

microphone set-ups is the ‘3-to-1 principle’ of setting the distance between the 

microphone and its source. For instance Figure 130 demonstrates a pair of 

microphones above the congas at a distance of one foot. The separation between the 

two mics should be at least three feet to maintain this phase principle. Owsinski 

(2014, p 78) writes: 

This principle is not a hard-and-fast rule, but certainly is a good guideline for 

eliminating phase problems. Remember, if you record something with a phase 

problem, no amount of EQ or processing afterward can ever make it right. 
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Figure 130. An example of the 3-to-1 principle 

I continued to test each microphone for phase and polarity. The polarity test was to 

make sure that each microphone was pushing and pulling in an identical way. In 

addition, I checked for any incorrectly wired cables to minimise interference between 

the placed microphones. In most common DAW interfaces, microphone preamps and 

consoles integrate a phase switch that “changes the phase by 180 degrees at all 

frequencies by swapping pins 2 and 3 of a balanced microphone line” (Owsinski 

2014, p 149). 

Checking Polarity 

After all the microphones were set up and wired, I chose the SM57 microphone on 

the guitar amp to be my standard check microphone. I would not be flipping the 

phase of this microphone, only moving it around other instruments listening for any 

phase or problematic sound issues. I moved the microphone around the drum kit, 

next to the kick-drum microphone. I put both microphones together so that the 

capsules touched, and then spoke into the microphone from a foot away. I then 

brought the faders on the console up for both microphones and checked that the 

audio level was equal. I tested the phase of the microphone using the kick drum, and  

chose the position that gave the most sound at the low end. 

There were no polarity issues with any of the other microphones. I began checking 

the overheads, which sounded thin and swishy, and I realised that the polarity was 
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incorrect. I position the overheads farther apart in a coincident technique, which 

resulted in a sound I was pleased with.  

Headphone Mix 

In Pro Tools, I set up a stereo auxiliary input track to control the level of the 

headphone bus or mix. This also correlated to the monitor feed and set up the  ‘hear-

back system’, which provided all performers with their own custom monitor mix. 

This monitor hub mixer allows the performer to adjust mix elements of their own 

performance and others as they play together (Figure 131). The personal mixer 

allows various monitor volume controls of 10 separate mixes, stereo and mono 

preferences, panning, LED meters and a DSP limiter to control the overall sound. 

 

Figure 131. Headphone monitoring 

Tracking 

We were now ready to commence multi-track recording a live performance. We 

focused on capturing the audio source with the correct corresponding gain control 

into Pro Tools. The first stage was to organise the sound into the digital environment, 

undertaking 16 mono tracks with the corresponding inputs and outputs, and 

organising and naming the instrumentation. I then set up the audio source’s DIs and 

microphones into the Pro Tools mixing environment. 
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As the musicians  began to perform, I had a chance to hear all of the instrumentation 

simultaneously and see what type of signal was coming through the desk and into 

Pro Tools. I started with pre-fade metering, which indicated the source level of the 

audio signal that was coming through Pro Tools. I left the faders at zero and began to 

tweak the channel gain of certain instruments on the desk, primarily from dynamic 

microphones like those on the snare, tom and floor tom, to the guitar amp. These 

microphones would not be as sensitive as condenser microphones, and the aim was 

to establish a balance of instrumentation with the correct gain stage.  

I adjusted and balanced the sound and made sure my metering was not peaking. This 

was done in decibel measurement (electrical and acoustical measurement) on the 

desk and in Pro Tools.  These adjustments also required an understanding of transient 

response: the way dynamic and condenser microphones respond to a rapidly 

changing sound wave.  

Owsinski (2014, p 143) explained the method of attaining good sounds when 

tracking and commencing the recording process: 

• The player and the instrument contribute about 50 percent to the overall 

sound (sometimes a little more, sometimes a little less, but always the 

greatest portion). 

• The room contributes about 20 percent to the overall sound. (Even on close-

miked instruments, the room is far more responsible for the ultimate sound 

that many engineers realize). 

• The mic position contributes about 20 percent to the overall sound 

(placement is really your acoustic EQ and is responsible for the 

instrument’s blend in the track). 

• The mic choice contributes about 10 percent to the overall sound. (This is 

the last little bit that takes a good sound and makes it great.) 

Spill 

A significant challenge of simultaneous ‘live recording’ is spill. This happens when 

multiple microphones pick up loud sources close to one another. An example is a 

high-hat microphone that is picking up the snare drum. Although spill can be a 

benefit to the recording, making the sound fuller, it can also hinder the sound by 

boosting unnecessary frequencies with no individual control. When listening back to 

one of the recordings of ‘Month of Sundays’, I noticed that the kick drum  

microphone was spilling into the bass sound; this was due to the drums and bass 
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being recorded in the same room. However, a solution when re-recording was to  use 

acoustic baffles to direct sound away, even positioning the bass cabinet away and 

placing a blanket over the entire kick drum. 

Other challenges included the individual sound sources that were creating problems 

for the overall mix. Surprisingly, the room changed the tonality of the cohesive mix, 

with the upper mid-range sounding muddy and harsh, and the definition of 

instrumentation was much harder to distinguish. Although the band sound was 

dynamic, my goal was to achieve a satisfying balance of sound sources, rectify any 

reflective surface problems and address individual frequency problems by using EQ 

to filter certain frequencies and applying compression for dynamic control. Most of 

this processing will be explained in Chapter 8, ‘Mixing in the Box’. 

Reflecting on the Recordings 

The approach to this live recording was to balance the sound of multiple sources and 

capture the musicians’ performance. This was to be a demo, so the group could listen 

to and critique their compositions. I  balanced the 16 tracks in Pro Tools for four of 

the compositions:  ‘Alligator Neck Tie’,  ‘Month of Sundays’,  ‘God’  and  ‘Cat & 

Kitchen’. 

Each of the recordings required a different type of attention to detail; however, my 

rationale when recording was to use a simple process  through the DAW in the same 

way as a reel-to-reel tape machine: choosing the correct microphones and placing 

them accurately, managing the sound sources and the gain stage, focusing on the 

performance and applying limited processing with some left to right panning on the 

drums and guitars. I then bounced the mixes into one stereo WAV file and uploaded 

the mixes onto a  file-sharing site for the group to listen to and critique. 

 Inglis (2013) writes about the awareness of live recording:  

Ultimately, it’s worth keeping in mind that you don’t necessarily need to match the 

smoothness of a studio recording in order to deliver an acceptable mix: on many 

playback systems, a slightly harsh or spiky mid-range might actually help to convey 

a sense of the excitement of live performance. Likewise, it can be hard to achieve 

the best compromise between a full sound in the low mid-range and an ill-defined 

mess of mud, and you might decide that a slightly leaner tonality overall is the better 

option. 
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Re-recording and Overdubbing 

Once the group had listened to and reflected on the work, it was agreed that the 

recordings authentically represented their sound and their compositions. They 

requested a re-record to see if this would further enhance the compositions. We 

discussed the possibility of re-recording at AIM (Australian Institute of Music), 

which is a smaller studio with a single tracking room. The plan was not to over-

produce layers of sounds but to identify the vital parts of the previous recordings, 

and to further enhance and overdub in a more isolated and controlled studio 

environment. 

 

 

Figure 132. Re-recording at the Australian Institute of Music 

There have been many recorded ‘live albums’ by high-profile artists who commence 

with the live recording process as a basic starting point for overdubs. Inglis (2013) 

writes, “There are obviously ethical issues with passing off something as a live 

recording when it patently is not.” However, he further explains that one can record 

strategically, where parts can enhance the performance with the characteristics of a 

live performance. 

Table 1 explains the process of re-recording further instrumentation and correcting 

problematic performances and instrumentation from the previous recordings. 
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Instrumentation Problems and Why? 

Piano 

 

 

Spill from other instruments in the previous recordings;  

not enough definition; cannot achieve separation, width 

and depth in the sound. 

Processing the lead 

vocal and additional 

backing vocals 

 

Will add more presence in the vocal and focus on the 

individual performance. Problem with the previous 

recording inconsistency with vocal performance. 

 

Backing vocals will support the harmony of the form 

and add interest and character.   

 

Gridding the drums 

 

 

Time-correcting the drums may create better 

syncopation for the compositions. 

 

Re-recording the bass  The bass can be re-recorded with software simulation. 

Adding guitar 

simulation 

Overdubbing other amp simulation and effects can be 

applied. 

 

Table 1. Process of re-recording instrumentation 

Re-recording the Piano 

I began with Susan playing on the grand piano in the studio; my process would be to 

re-record the instrument. She explained to me that the weight of the keys made her 

“feel connected to the notes”. I suggest that she try the electric keyboard, which had 

eighty-eight keys and the same weight as the grand piano. At first, she was reluctant, 

but then changed her mind. 

Susan began to play using a MIDI (Musical Instrument Digital Interface) connection. 

We applied a software instrument in Logic as the sound source. I loaded a software 

application called ‘Omnisphere2’, which has an abundance of software sounds and 

an interactive interface built of two layers, featuring a synth and sampled oscillators 
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with many other added features. I operated a collection of real piano sounds; some 

sounded cinematic, others  had evolving textures. 

 I engaged a preset patch named ‘ESL 1 Sample Piano’ and experimented with the 

interface effects and layers of the sound. As I moved the controllers for the desired 

sound, I realised that Susan was fully engaged by the timbre of the sound. After 

practicing her parts along with the previous recordings, she said to me, “This is it. 

Let’s record.” I applied the correct balance of sound to her headphone mix with the 

desired sound of the other instrumentation, and increased the DAW’s buffer size for 

expanded processing without latency. 

Although we were not physically recording an instrument with microphones, the 

main advantage of using software instruments  is the  capability to edit and correct 

the sound or the performance. This can be helpful for an  inexperienced musician 

who finds it difficult to play the correct performance in time. Another benefit is the 

fidelity of the sounds. Some of these sounds have been used on multiple movie 

soundtracks and recording applications, and this software has multiple processing 

features, effects, filters and textures of sound; it’s easy to use for creating and 

composing. 

 

Figure 133. Omnisphere 2 interface 

Processing the Vocal and Additional Backing Vocals 

We decided to do minimal vocal pitch correction for some of Susan and Rod’s 

vocals. I  used Logic X’s Flex Pitch, which quantises and edits the pitch of the vocal 

audio source in monophonic mode. The interface is similar to Piano Roll; however, 
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instead of moving MIDI notes, the user is moving audio material and editing many 

of its parameters:  Several of the material’s characteristics can be edited 

• Fine Tuning  retunes the pitch. 

• Gain note  changes the gain, adding dynamics. 

• Vocal harmonics  automates the pitch and corrects the scale for the desired 

harmonies. 

• Vibrato  increases the vibrato, holds it steady or makes it more intense. 

• Drift  slides and wavers the pitch or note. 

 

I used the Flex view button on the monophonic vocal in Logic X, which processes 

the audio wave form and displays it using an adjustable tool bar. Engaging the tool 

bar by dragging up and down the note allows the user to hear pitch variations by 

semitone (see Figure 134, on page 167). I began to manually pitch Susan’s 

performance to the notes close enough to the desired sound; while this promised to 

be time-consuming,  I still wanted the semitone imperfections, which were part of 

the character of her voice. I have found that this tool can easily be overused; for 

example  ‘Set to Perfect Pitch’ is a shortcut to set the entire performance to the 

original pitch or key of the song.  However, this feature makes it dangerously easy to 

lose focus on the characteristics of the vocal performance, and to focus instead on 

just perfecting sound.   

  

 

Figure 134. Using Flex Pitch on the vocals 
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Gridding the Drums with Beat Detective 

I prepared to time-correct the drums for the song  ‘Month of Sundays’,  which Roger 

had requested. The song had a steady quaver pulse with an intro tempo at 100.6 beats 

per minute (bpm), but then fluctuated to 110 bpm. This was caused by Roger not 

playing with a click to keep time; instead, he played with a human characteristic feel 

of moving up and down in tempo with the other performers. The challenge was 

gridding the drums and then the other performers to a time that complemented the 

feel and groove of the composition. I applied Beat Detective,  a standard feature of 

Pro Tools. This elastic audio tool has been highly popular for saving time during 

drum editing. Price (2003) explains: 

Beat Detective can automatically detect transients and cut up recordings 

accordingly, move the new slices around on the basis of various quantization 

options to adjust the performance to a different feel and tempo, and automatically 

fill any gaps that appear afterwards. 

I separated and quantised the clips with the Beat Detective dialogue box (Figure 135, 

on page 168). The ‘analysis’ ‘enhanced resolution’ and ‘sensitivity’ functions 

analyse the transients of the drums, and  the ‘separate’ function creates new regions 

and clips. I highlighted entire regions under ‘event operations’ and applied 

quantisation to select ‘audio clips’. Using the quantisation grid, I applied  quavers 

and processed the clips. This snapped all the transients to the time line and locked the 

drums into 110 bpm. 

 

 

Figure 135. Applying Beat Detective 

After listening to a song to which Beat Detective processing had been applied, the 

group decided that this locked the composition into an unnatural feel and was not an 

authentic representation of the work; however they could see the benefits of this 
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process, if their songs had fallen into a mainstream genre. They discussed that a 

better option would be to re-record the drums at a later stage, with a click if they 

wanted the drums to be more accurately in time. 

 

Re-recording the Bass 

After deciding not to grid the drums we instead decided to re-record the bass. We  

applied the DI sound source into a software amp design simulation using Logic and 

Universal Audio software. I demonstrated to Nick by  playing previous recordings of 

the four compositions, and we uploaded Logic Amp Designer as instrument plug-in 

on the bass track. I slightly adjust the amp’s tone, gain and level parameters (see 

Figure 136, on page 169), and Nick was very pleased with the sound. I then applied 

another instrument plug-in, Universal Audio Ampeg SVT-VR, to hear the point of 

difference. This software bass amplifier emulates the real Ampeg 300-watt tube 

amplifier and presets. We applied some of the default settings, including a ‘Rolling 

Stones’ setting, and many other presets to change the characteristics of the interface 

cabinets to 8 x 10. Nick agreed that the tone and sound was much better than the 

previous sound, and  adopted these settings. 

  

Figure 136. Ampeg software bass amplifier 
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Adding Guitar Simulation 

Similar to the bass DI, we applied a software amp simulation to the electric guitar in 

Logic  while retaining the previous recorded guitar sound with pedal effects.  In 

other words, we combined two different sound sources with different characteristics. 

The approach  was to have one software sound separated left and the other 

completely raw and unprocessed separated right. I used Logic’s software Amp 

Designer  to replicate the tone characteristics of the amp in simulation. The sound 

was good, but did not complement the raw recordings of Rod’s tone. I then uploaded 

the Universal Audio Software Fender ‘55 Tweed Deluxe (see Figure 137, on page 

170), which has an interface of basic tone settings and microphone placement. At a 

low volume, the software amp  chimed cleanly when Rod played open string chords, 

and when the level was boosted, the amp overdrove with an emulated tube saturation 

for the right tone. 

  

Figure 137. Applying UAD software Fender '55 Deluxe 
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This is another example of how digital audio workstations have influenced the way 

music is created. To summarize: when creating a session in Protools and customising 

I/O settings allow to immediately save, recall or modify configurations of signal 

path, this assists with configuration of hardware and software. By applying the 

‘modifier keys’ allows to customise keyboard commands for faster workflow. This 

improved time efficiency to focus on the creation of the music.  

Inserting emulation plug-ins on audio tracks provides a multitude of sound 

processing applications allowing the flexibility to hear back the effect without 

committing to it permanently. This could not be achieved in the pre-DAW era, it 

required multiple hardware devices that needed to be physically routed into a console 

or patch bay. Although some would argue that this process provided a better 

understanding of signal flow, capturing and printing sound, it could be said that 

emulation plugins in DAW can delay the decision-making process and can be 

problematic for beginners (though advantageous for the experienced musician). 

Manipulating pitch and time audio to correct a performance, provides many creative 

possibilities such as altering pitches for harmonies or re-adjusting melodies. This has 

influenced musicians by the ease of radically altering a performance to save time. 

The combination of using the DAWs - Protools and Logic, made the creative process 

simpler, faster, inexpensive and therefore, more accessible to the artist. 
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Chapter 8. Mixing in the Box 

Savage (2011) defines mixing as the “process whereby the musical vision and the 

audio reality come together.” This chapter discusses the preparation for mixing 

Project 1 (Emily Soon’s work ‘Amazing’) and Project 2 (Professor Walk’s four 

compositions: ‘Alligator Neck Tie’, ‘Month of Sundays’, ‘God’ and ‘Cat & 

Kitchen’). It describes the tools and techniques associated with mixing in the digital 

environment, using a DAW and applying DSP, along with a general understanding of 

several engineering techniques: balance, panning, spectral sound EQ, adding depth 

and width with effects, dynamics using compression and other elements of interest to 

the mix.  

Project 1: Mixing ‘Amazing’  

In preparation for mixing ‘Amazing’, I chose the software Logic and began with the 

reference tracks, listening to the tracks Emily suggested in Chapter 3 as well as the 

demo recording of Amazing. This process took place at my own commercial studio 

space, Rooftop Studio. I listened through various studio speaker monitors, such as 

Focals, Genelec and Avatones. These monitors were placed in an equilateral 

triangular configuration and positioned left/right for the best stereo field, which gave 

me a clear perspective of elements in the mix.   

Another process undertaken before the pre-mixing began was the reading of mixing 

literature. The following books, included in my bibliography, explain a methodology 

of various mixing techniques and processes by engineers and producers of the pre-

DAW era and discuss how to relate these processes to the current DAWs.  

• Mixing Essentials: Paul White (Sound on Sound)   

• Behind the Glass: Top Record Producers Tell How They Craft the Hits: Howard Massey 

(Backbeat Books) 

• The Mixing Engineer Handbook: Bobby Owsinski, (Course Technology) 

• Mixing with your mind: Michael Paul Stavrou, (Flux Research) 

In the 1950s, mixing was limited due to the mono recording medium of four-channel 

microphones. Over time, new media and techniques such as tape machines, 

overdubbing and larger consoles were incorporated into the mixing process. 
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Additional inputs expanded more tracks, and auxiliaries provided advanced routing 

control to the mix. Mixing in the digital environment using DAW software, DSP and 

computers, which became known as ‘mixing in the box’, has offered an abundance 

of tools. As a result, the engineer has more processes to think about. Seay (2014, p 

229) explains the importance of hearing the final product and understanding the 

intention of the mix:  

I think one of the things that helps me as a mixer, and one thing that helps all of the 

ones that have made a mark, is what I call ‘having the vision.’ I always try to have a 

vision of the mix when I start. Rather than just randomly pushing up faders and 

saying, “Well, a little of this EQ or effect might be nice,” I like to have a vision as 

far as where we’re going and what’s the perspective.   

When I began to mix ‘Amazing’ in the DAW, I set up cross-patching and routed the 

tracks through auxiliaries, sends and buses. This resulted in a diverse signal flow, 

setting up a foundation and flow of the mix; this has been referred to as ‘plumbing 

mode’, as the flow of the signals is similar to the flow of water through connecting 

pipes.  Stavros (2003, p 156) gives a generic definition of the plumbing phase:  

When mixing, we handle two types of elements: musical instruments (sound 

sources) and plumbing (the pipes they go through). Get the plumbing out of the way 

first. This includes all signal paths. With your plumber’s hat on, patch all the signal 

paths to and from all effects. And don’t forget the mastering machines: Stereo, or 

5.1 surround recorders.  

The importance of this routing process is to achieve a ‘maximum illusion with 

minimum voltage’, which requires an understanding of the fundamentals of the 

volume unit (VU), also called a standard volume indicator (SVI). A good 

understanding of correct metering and process will give balance, depth and dynamics 

to the sounds. Stavros (2003, p 158) further describes the technique of achieving gain 

structure through the mix bus:  

Send ‘0’ VU from your mix buses to hit your recorder at -14dB (decibel). Select 

TAPE on your monitor panel to see that the recorder is returning at ‘0’ VU. Unity 

gain is important. Do not correct the output by changing the recorders input. I 

suggest you continue monitoring your mix ‘through’ the recorder. This guarantees 

that what you hear is what you get.  
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Although VU can be easily measured on analogue hardware devices in the digital 

environment using a DAW, my preference is to assign Logic metering or Coleman 

meters to the channel strips. A 1kHz sine signal is engaged in route mean square 

(RMS), is the highest peak value of voltage possible in the sine wave form, 

measuring 18 dBFS (full scale of decibels) and resulting in a VU reading of 0.   

Organising the Mix  

I felt that my preparation and having a general understanding of how I wanted to 

proceed with the mix were essential steps in commencing my work flow. I began by 

naming the tracks correctly, balancing the overall faders and applying headroom of -

24dB; I even colour-coded the channel strips to distinguish the various tracks. 

Operating the mute and solo buttons was also a way to analyse the mix and form a 

basic understanding of what I was trying to achieve in the mix, which initially was 

balance.  

 Katz (2007, p 25) explains that at the beginning of a mix, “[e]ar training is actually 

mind training, because the appreciation of sound is a learned experience, and the 

more we experience, the more we learn”.   

Applying specific processing would shape the mix, thus improving frequency, 

dynamics, dimension and other qualities that would enhance the overall mix and, 

most importantly, bring it as close as possible to how the artist wanted it to sound.   

I separated the drums by pan positioning the overheads and room microphones, 

resulting in panning hard left and right positions across the stereo field; this created a 

stereo width rather than having the audio source centred. I examined the individual 

drums by soloing the tracks and adjusting the raw audio source between a level of -

14dB to -24dB on the faders. These fine adjustments balanced the sound and added a 

foundation to the mix. Furthermore, applying individual channel headroom made the 

sound more clear and prevented digital clipping and distortion. 
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Figure 138. Routing sound and gain structure for the drums 

 

I proceeded with the routing and direction of the signal flow using DAW Logic sends 

and auxiliaries. A point of difference between Logic and Pro Tools is that Logic 

intuitively creates and routes the signal with effects. It does this by setting up 

auxiliary presets with DSP to create the path of the sound without the user needing to 

fully control or understand this process (unless the user is familiar with engineering 

techniques). In contrast, Pro Tools requires the user to set up the tracks and configure 

the path of routing with sends and buses to auxiliaries. This creates a stereo master 

bus, giving the user an understanding of the signal flow. In Logic, similar fine 

adjustments, such as setting up customised templates for the mix, can be made if 

desired, which allow the user to control the routing and processing.   

I set up auxiliary tracks, focusing on the individual drum audio routed into a stereo 

track. The reason for this was to apply the processing to the group of drums instead 

of individually, adding depth and control and using less computer power. The first 

auxiliary track, which I named ‘drum bus’, began with a signal chain of EQ and 

compression for a more balanced, cohesive sound.  To improve work flow 

efficiency, I applied drum sub-groups to control the multiple individual faders of the 

drums into one group, thus controlling the overall level and parameters of the drums.  
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After carefully listening to the recorded kick and snare, I decided to apply drum 

samples, a technique producer Tom Elmhirst applied to the Amy Winehouse album 

Back in Black. “The result achieves clear low-end to the kick and snare with a sonic 

depth” (Tingen 2007). I engaged two software instrument tracks and added a 

software sampler: Native Instruments Battery 4, which has a library of drum 

samples that work well with MIDI. I experimented with a few kick and snare sounds, 

choosing the ‘AME kit’ (see Figure 139, on page 177). This produces drum machine 

sounds and electronic timbre elements, enhancing the recorded audio.  

The sampler interface had numerous synthesis and effect controls, which I examined 

by increasing the ‘attack’ and ‘release’ functions to shape the overall desired sound. I 

then looped a four-bar measure of the arrangement with the combined drum sounds, 

listening to problematic issues of phase and muddiness. I balanced the sound by 

adjusting the level with the faders. One of the issues that arose was that the samples 

were significantly louder than the audio kick and snare at -24dB; I needed to limit or 

compress. Combining the samples and recorded audio produced a dramatic impact 

by adding depth and width to the sound of the kick and snare. I implemented the 

sounds into the arrangement to the chorus before applying the change to the entire 

track. The Drum or Double Drum Tracks function on Logic mirrors a drum audio 

source for the entire track. This function maps exactly the transient hits of the kick 

and snare and then replicates them with the sampled sound, making the work flow 

easy for the entire arrangement. A similar function in Pro Tools is called the Sound 

Replacer.  
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Figure 139. Adding sample drums with Battery 4 

Equalising the Drums  

I applied a software EQ to the kick and snare to enhance definition and remove 

unwanted frequencies. I inserted Universal Audio Pultec EQP-1A into the channel 

strip. Due to its tonal qualities, this hardware EQ has been used on countless albums 

from the 1950s and is still used today. I use this plug-in consistently in my work 

flow, mainly because it’s easy to use when shaping tone and sculpting sound. The 

operating interface replicates all the features of the hardware, including tube-

emulation characteristics and black knobs and switches that are responsive and fully 

programmable, producing boost and reduced bandwidth. I shaped the weight of the 

kick from around 70 to 100Hz and nothing above 120Hz, which resulted in ‘boom 

qualities’ in the sound. The software features allow the user to experiment with low 

and high frequencies simultaneously. I applied the low boost at a setting of 5 and 

kept the attenuation control at 1 to keep control of the bottom end. I then controlled 

the bandwidth at 6 and left the high frequency at 3kHz with a boost of 7. The result 

gave punch and definition to the kick sound.   
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Figure 140. Pultec EQP-1A Plugin 

I assigned a different EQ to the snare: the Pultec MEQ-5. Having similar features to 

the EQP1-A, this plug-in provides boost and bandwidth to midrange where the snare 

is around 1 to 3kHz. I set the low frequency at 200kHz and the boost control at 5dB. 

I then set the mid-range frequency at 300Hz and the mid-boost at 2dB, followed by 

the high-mid frequency at 3kHz and the boost at 6dB. The result was a full sound 

and detail for the snare drum.  

The next step was to add some additional spectrum EQ to the overheads and cymbals 

using the Fab Filters. This plug-in is a customised spectrum analyser that visually 

displays frequencies to automate and operate. I increased the bandwidth of the high 

frequency range from 5 to 12 kHz to emphasise the cymbals.  

 

Figure 141. Pultec MEQ-5 Plugin 

Adding Compression to the Kick & Snare 

I added separate compression to the kick and snare to match the dynamic level of the 

layered samples. I inserted two Universal Audio 1176 software plug-ins to the mono 

kick and snare. This software emulates an interface of the hardware characteristics of 

this compressor/limiter device. The 1176 was designed as a peak limiter that 

compresses and limits the audio when operating the selected ratios; this in turn 

affects the transients and increases the level of sound. I decreased the input and 

increased the output settings of gain that set the level with a fast attack and slow 



 

 179 

release, and set the ratio at +4dB, which determined the compression. This was 

managed using the VU metering display, which measures the signal when 

compressed. The result as an increase in attack and gain of the kick and snare and a 

rounded, smoother sound.  

 

Figure 142. UAD 1176 Compressor/Limiter Plugin 

Setting up the Drum Bus 

I then sent the individual drums into one of the sub-groups that would be routed 

through a stereo auxiliary track called ‘Drum Bus’. I inserted a chain of processing 

EQ and compression that resulted in dynamic control and even balance, giving the 

elements a cohesive sound. I was careful not to over-compress the drum elements, as 

this would have reduced the dynamics and the overall energy of the performance. I 

inserted Waves Q10 Paragraphic EQ, which is a 10-band EQ that activates and 

deactivates the EQ bands to shape the drums. I notched out certain frequencies to 

give the drums an even balance of sound before hitting the compressor. 
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Figure 143. Waves Q10 paragraphic EQ plug-in 

The next step in the chain of activity was to apply the Universal Audio Fairchild 670. 

This is a limiter plug-in that applies sidechain and headroom features. Its tube 

emulation produces coloration qualities. I wanted the drum kit to sound low and 

punchy, but balanced, whilst keeping the high frequencies sparse. I applied moderate 

compression by activating the threshold and kept a consistent volume of   

-5dB of gain reduction. This allowed appropriate headroom without clipping. 

 

Figure 144. Universal Audio Fairchild 670 plugin 
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Setting Additional Drum Buses for Samples and Reverb  

I applied two additional auxiliary tracks for the sampled drums. The first was the 

Drum Sample Bus, which features a chain of two software plug-ins: a Mastering 

Tape Recorder and a Compressor/Limiter; together they aid in producing a cohesive, 

balanced sound to the audio kick and snare. The other auxiliary track was ‘Drum Bus 

Reverb’, a convolution spring reverb effect whereby adjusting the ‘dry effect’ 

produces a slight natural ambience that I applied to the overall drum sound. I 

processed the ‘Drum Sample Bus’ and inserted the Ampex ATR-102 Tape Recorder 

plug-in. This graphic tape machine-recorder functions in a similar way to magnetic 

tape, producing a harmonic saturation to the kick and snare. Finally, I applied the 

Fairchild 670 compressor with a fast attack and release. The kick and snare samples 

now had depth, and the tape and compression plug-ins blended the elements together 

with the addition drum sounds.   

Lead Vocal  

Emily is a dynamic singer and my focus in preparing and adding the lead vocal to the 

mix was to make her voice dominant, without over-processing. The U87 condenser 

microphone gave clarity to her voice, so I wanted to remove some of the bite and 

honk in the vocal. To achieve this, I used EQ and Filter, then tried to make the voice 

come through the mix by using compression, limiting and some slight spring reverb 

for a natural ambience. The following is a chain of plug-ins applied to the vocal 

channel strip:   

• The Pultec MEQ-5 EQ is first in the vocal chain, booting at 400 Hz; it gives the vocal 

depth and definition. 

• The Waves Q10 EQ notches out frequencies at 465 and 917 at -13dB with a Q at 70. I 

experimented with creating more width in the vocal, which was achieved at 1307Hz with 

a Q setting of 13:1.   

• The McDSP Filterbank F2 features two low- and high-pass filters and applies shelving 

of 30-40Hz that enhances the tonal quality of the vocal.   

• The Universal Audio 1176 has a fast attack and release and a ratio of 12dB of 

compression.  
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• The Universal Audio Fairchild 670 has a very slow release opposite to the 1176 

compressor, resulting in a smooth, contained vocal sound.  

• The Trillium Lane Labs Space Convolution Spring Reverb effect gives the vocal some 

dimension and reflection with minimum reverb level.  

Backing Vocals  

I began with 12 individual multi-tracked backing vocals, positioned primarily in the 

chorus and some particular lines of the song. This emphasised the harmony and 

melody and supported the lead vocal. I started by individually panning and 

separating the tracks, resulting in an overall stereo image. I then prepared to bounce 

down the 12 tracks into four stereo tracks: one for each harmony. These would be 

further processed into the mix. This process consolidated the audio files for a more 

efficient work flow and freed up the computer’s CPU and RAM. Before committing 

to the bounce, I processed the tracks with EQ, applied the Waves Q10 to remove 

low-frequency noises and shelved cuts of 150Hz with the addition of wide and 

narrow Q settings of 7:3 for a cohesive sound. I then added some gentle compression 

using the Fairchild 670 with a low threshold, resulting in consistent volume. I then 

bounced down; the tracks were ready for mixing.  

I sub-grouped the four stereo tracks and routed them into the stereo auxiliary to 

apply slightly more processing. I assigned delay and reverb plug-in effects, which 

added depth and dimension to the backing vocals, and positioned them in the 

background from the lead vocal and other instrumentation. I named the auxiliary 

‘Vox Bus’ and inserted a chain of effects starting with delay, choosing the Soundtoys 

Echoboy plug-in. This allowed me to edit high- and low-pass filters for tonal 

qualities. I applied the decay EQ function, which created a repeat to brighten the 

sound, so that the decay evolved in timbre after every repeat; this seemed to work 

well for the backing vocals. I then applied the Universal Audio EMT 140 plate 

reverb plug-in, setting the wet/solo functions and editing the pre-delay. Operating the 

width and balance controls gave a natural-sounding reverberation. 
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Figure 145. EMT 140 plate reverb plugin 

Acoustic Guitar  

The next step was to separate and pan the two acoustic audio tracks – one slightly 

left and the other slightly right – to open up the stereo field. This emphasised and 

centred the lead vocal. I felt that the acoustic guitar was a primary feature of the 

song, and that it thus needed definition and body to match the lead vocal. I 

experimented with various EQs, but the guitar didn’t have the right tonal qualities. I 

inserted the Universal Audio Sound Machine Wood Works plug-in to both of the 

channel strips. This plug-in ‘remodels’ the body resonances of acoustic guitar types, 

from small-bodied guitars to large dreadnoughts. I moved the various rotary levels 

and pan dials to produce a stereo spread. The microphone ‘modeling’ positions 

produce a natural EQ bandwidth with an added ambience to the acoustic guitar; the 

end result is a believable character to the sound.  
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Figure 146. UAD Sound Machine Wood Works plugin 

 

Electric Bass Guitar  

I centred the electric bass in the stereo field. I applied some slight EQ for clarity 

using Pultec MEQ-5 with a 1kHz boost and the dip set at 300Hz. I then assigned a 

1176 compressor/limiter with a ratio of 4:1 and the attack and release controls set at 

around four and five on the dials. The result was a round and firm sonic quality to the 

bass that complemented the kick drum.  

Electric Piano  

The electric piano was recorded dry with no additional effects; this allowed me to 

process the sound to make it fit into the mix. I applied the Sonnox Oxford EQ, which 

features a graphical EQ display with cut filters. I turned the EQ controls to 

emphasise the mid- to high-frequency ranges and filters, shelving up to 500Hz and 

removing low frequencies that would compete with the bass frequencies. In addition, 

I inserted a Trillium Lane Labs spring reverb on the channel strip (rather than on an 

auxiliary track). I set the dry fader to zero and adjusted the wet fader for the desired 

level of ambience.  
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Figure 147. UAD Sonnox Oxford EQ 

 

Figure 148. Trillium Lane Labs convolution spring reverb 

Electric Guitar  

The electric-guitar performance was extremely tonal and melodic and gave the 

track a hook-type phrasing. My focus was to enhance the clarity and level, along 

with the additional instrumentation, without it becoming lost in the mix. I applied the 

Pultec EQ, a popular choice in my work flow, and shaped the low and high mid-

frequencies by increasing the boost and attenuate controls. I then applied the 

Teletronix LA2A leveling amplifier by moving the two dials left to right, affecting 

the gain and peak reduction. This cut through and produced a slight punch and, when 

balanced, gave the track an even and consistent sound.  
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Figure 149. Universal Audio Teletronix LA2A leveling amplifier 

I then balanced the faders and adjusted them within the mix, still working in the 

range of -14dB to -24dB, which resulted in enough headroom for the mix. I fine-

tuned the group instruments that were routed to the auxiliaries for the desired 

processing.   

The following signal chain was used on the auxiliary buses for the mix.  

1. Drum Bus 1 (EQ, compression)  

2. Drum Sampled Bus 2 (compressor, tape machine)  

3. Drum Bus Reverb 3 (spring reverb)  

4. Backing Vocals Bus (delay, reverb)  

I felt it was then time to shape the elements of the sound in the mix: I wanted to fine 

tune it into one cohesive track until it was balanced and sat well. Everything needed 

to sound and feel like it was working, with nothing suddenly jumping out.   

An important part of this process was to rest my ears with routine breaks and 

continually critique the work, making sure that the mix was not too loud and had 

enough head room for the mastering process, which would add other elements to the 

mix. Furthermore, it was critical that the emphasis of the song was focused on Emily, 

and that the correct decisions were made to avoid ‘over-producing’ or over-

processing.   

I bounced five mixes down into a stereo 24-bit format at 48kHz as a WAV file for 

quality sound. I listened on various listening devices such as professional studio 

monitors, a car stereo and an iPod, and critique the mixes for the final stage of 

mastering.  
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The above discussion shows that digital technology has changed the way musicians 

make music. Being able to create, record, edit and mix within Logic’s interface 

provides the flexibility to do everything in one environment and allows access to 

tools which stimulate creativity and increase productivity. By adding reference tracks 

in the session project is a productive and useful way to structure the arrangement and 

evaluate the mix. Applying templates for software instruments assists when 

customising parameters for software instruments for the desired sound. Logic’s 

‘notes’ interface also assists with documenting notes and tasks - a beneficial way to 

keep focus on the project. Having specific tools to edit audio files and being able to 

return to the preserved original tracks is useful in decision making and perfecting the 

sound. Applying multiple plugins to tracks with user pre-sets and adjusting settings, 

provides flexibility to shape the sound and mix. Furthermore, creating effects sub-

mix groups enables control and balance elements to the mix. Being able to draw 

specific automation levels and effect changes to the backing vocals provides 

dynamic changes and reverb effects to the sound. Finally, bouncing to a WAV file 

format to compare the various mixes, advances the final mixing process. 

Project 2: Mixing Professor Walk  

For Project 2, I mixed four compositions by the group Professor Walk: ‘Alligator 

Neck Tie’, ‘Month of Sundays’, ‘God’ and ‘Cat & Kitchen’. Mixing this group was 

quite different to Project 1, as we balanced the tracks on a console whilst tracking the 

instrumentation simultaneously onto Pro Tools. Although we were still recording in 

the box with a DAW, the principles were similar to tape-based recording. Some of 

these recording techniques are explained in Chapter 5. The overall approach to 

mixing in the box with Pro Tools focused on balance, EQ, dynamics, dimension and 

other special interest elements, and on capturing the live performance of the group.  

Work Flow  

I opened the Pro Tools sessions for the four compositions, which had been backed up 

on an external hard drive when we had re-recorded at the Australian Institute of 

Music Studio, along with other file sessions from the Victorian College of the Arts 

studio. The first stage was to sort out multiple mono tracks in Pro Tools and make 

sure they were correctly labeled, then organise ‘region groups’ that would allow me 
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to move audio. The toolbar and zoom functions let me horizontally and vertically 

change the appearance of a waveform and colour-code the tracks. Keyboard 

shortcuts also helped streamline the work flow. I edited and consolidated the audio 

into one single complete region, which saved time, made the computer run more 

efficiently and provided more processing power by increasing the hardware buffer 

size. The software and plug-ins in Pro Tools are protected with an iLok Key, which 

needs to be enabled in the USB port of the computer to authorise these applications.  

 

Figure 150. Setting up the mix for Professor Walk 

Commencing the Mixes  

Once the file organisation of the four mixes had been applied to individual Pro Tool 

sessions, I started to make decisions on the direction of the songs and their 

arrangements, with an understanding of the important elements and how to 

emphasise them in the mix. I applied a ‘method’ approach from the six elements of a 

mix proposed by Owsinski (2013, p 10):   

Balance: The volume-level relationship between musical elements  

Frequency range: Having all frequencies properly represented  

Panorama: Placing a musical element in the soundfield  

Dimension: Adding ambience to a musical element  

Dynamics: Controlling the volume envelope of a track or instrument  

Interest: Making the mix special  

He further writes that a piece that mixes genres (such as jazz and classical) or the live 

recording of a concert may only need four of these elements; however, dynamics and 
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interest have become important aspects to the sound of modern-day mixing. I 

explored these six elements and applied them to the Professor Walk mixes, starting 

with balance.  

Balance and Panning  

I commenced with the arrangement of ‘Alligator Neck Tie’, blending the elements 

and making sure the instruments were not clashing with each other in either level or 

frequency band. In addition, the guitars and certain elements of the drums had been 

separated by hard panning left to right to open up the mix with width and depth, 

which brought the piano and vocals into focus. I then broke out the arrangement 

elements of the four compositions: ‘Alligator Neck Tie’, ‘Month of Sundays’, ‘God’ 

and ‘Cat & Kitchen’. The following table shows the arrangement elements 

that formed the foundation of the compositions.  

 

Song: Alligator Neck Tie 

Foundation: Piano, Drums, Bass 

Pad: some various textured electric guitar  

Rhythm: Piano, Drums,  

Lead: Female Lead Vocal 

Fills: Guitar fills through the song, piano solo 

 

Song: Month of Sundays 

Foundation: Drums, Bass, Piano 

Pad: Backing vocals in the chorus 

Rhythm: Electric Guitar 

Lead: Male lead vocal 

Fills: Guitar counter melodies in the chorus and guitar solo  

 

Song: God 
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Foundation: Piano, Guitar, Drums 

Pad: Backing vocals 

Rhythm: Piano, Drums 

Lead: Female Lead Vocal 

Fills: Guitar unison lines with the piano and guitar solo 

 

Song: Cat & Kitchen 

Foundation: Piano 

Pad: Some textured electric guitar 

Rhythm: Piano, Drums 

Lead: Female Vocal 

Fills: Piano fills  

Table 2. Arrangement elements for Professor Walk’s compositions  

 

These tables gave me an understanding of the important qualities and parts of the 

four compositions, allowing me to understand the main focus when building the 

mixes. As I commenced in Pro Tools with this knowledge, my approach was to mix 

three of the songs – ‘Alligator Neck Tie’, ‘God’ and ‘Cat & Kitchen’ – in the same 

way, as all three had an instrumentation and arrangement featuring a female vocal 

and lead piano. However, the song ‘Month of Sundays’ was different in that it had a 

male vocal, louder dynamics, more instrumental layers, which required panning for 

clarity, and a different stylistic approach. I built the mixes with a similar foundation, 

starting with the lead vocal as the predominate melodic instrument in the mix. I then 

introduced harmony instruments, built the rhythm section and applied groups to the 

drums with overall control of the faders. I then mixed all elements together.  

Frequency Range  

The next step was to examine the frequencies of the instruments by applying some 

minor EQ in Pro Tools, giving clarity and clearer definition in the mix. My approach 

was not to make everything sound big; rather, I wanted to ensure that all of the 
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instrumentation fit into the correct frequency bandwidth and that the sounds of the 

instruments were balanced. I applied the EQ III 7-band on the drums, guitars, piano 

and vocals, making sure that every instrument was balanced and controlled in its 

frequency bandwidth (see Figure 151, on page 191).  

Some of the EQ methods applied included:  

1. Setting the EQ flat and cutting out all the low frequencies.  

2. Boosting the upper mid-range for a thicker sound.  

3. Adding some lower mid tone for body to the sound.  

4. Slowly boosting the low frequency to match the mid-range without sounding 

muddy or honky.  

5. Adding high frequencies for definition and air to the sound.  

 

 

Figure 151. Pro Tools EQ 7 

Dynamics  

I added some slight compression to the mixes for dynamic control. Although the 

group played dynamically together, there was some inconsistency, where parts did 

not sound balanced or even. Applying a small amount of compression (2db at a 2:1 

to 4:1 ratio) would blend the instrumentation and give consistency to the mix. The 
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instruments to which I applied compression to control their dynamics were the kick, 

snare, bass guitar and lead vocals.  

• Adding compression on the kick and snare provided consistency to Roger’s 

kick drum, lifting the level of the softer kicks and lowering the louder kick 

level and producing an even sound. 

 

• Adding compression to the bass guitar evened out the hitting of strings and 

emphasised the instrument’s tone.  

 

• Adding compression to the lead vocal provided presence to Susan’s vocal and 

balanced out her volume from soft to loud singing. 

 

Figure 152. Pro Tools Compressor/Limiter 

  

Dimension  

The next element I explored in the mix was dimension: the ambient field in the track. 

Some of this had already been captured in the recording with room acoustics and the 

natural ambience of the drums and the piano. However, I could enhance the sound by 

adding a reverb effect for width and depth, thus creating and adding artificial space 

to the vocals and background vocals (which were recorded dry), or simply just to 
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provide interest. I set up a vocal auxiliary track in Pro Tools, assigned the lead vocal 

and background vocals and adjusted the variation of effect on the bus. This meant 

that all of the vocals would go through a plate reverb effect; however, I could adjust 

the control of the effect for the mono lead vocal and the multiple stereo grouped 

background vocals. I applied D-Verb and selected a large, bright plate that would 

give a natural ambience to the lead vocal by delivering a wide depth effect to the 

background vocals (Figure 153).  

 

Figure 153. Adding dimension with DVerb reverb effect 

Interest  

I now explored adding something special to the mix by incorporating more punch 

and low-end in the drums and adding some presence to the vocals. I set up an 

auxiliary track in Pro Tools and assigned a drum buss, mainly for the kick and 

snare.  Using the Oxide Magnetic Tape Recorder plug-in, which emulates magnetic 

tape (Figure 154), I adjusted the input and output settings and some EQ and 

compression settings. The drums now had more clarity and punch and cohesion. I 

then applied the tape plug-in to Susan’s lead vocal for ‘Alligator Neck Tie’, ‘God’ 

and ‘Cat & Kitchen’ and to Rod’s vocal for ‘Month of Sundays’, which added depth 

and presence.  
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Figure 154. Oxide Magnetic Tape Emulator 

 

Here is another example from the above discussion of how digital audio workstations 

have influenced the way music is created. Multitrack audio editing in Protools, 

allows one to edit multiple tracks simultaneously which increases productivity and 

workflow. Connected hardware interfaces and controllers are simple to operate and 

provide external control. We can also apply a multitude of plugins on tracks 

depending on computer processing capabilities. The ability to automate data 

graphically with hardware control surfaces, enables oversight of the shape of the 

mix. 
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Chapter 9. Mastering 

This chapter discusses mastering the mix of Project 1 (Emily Soon’s song 

‘Amazing’) and Project 2 (Professor Walk’s four compositions: ‘Alligator Neck Tie’, 

‘Month of Sundays’, ‘God’ and ‘Cat & Kitchen’). It describes the tools and 

techniques  used for mastering in the digital environment using a DAW and applying 

DSP, along with a general understanding of mastering engineering techniques such 

as balance, panning, spectral sound EQ, adding depth and width with effects and 

adding dynamics using compression. Although DAW allows these techniques, the 

mastering process is ideally undertaken by someone who specializes in this area. 

This would typically be achieved if there was a sufficient budget allowance to 

employ a mastering professional. In this instance however, and given the songs are 

not intended for commercial radio release, the mastering process can be adequately 

achieved in the DAW. 

Mastering Project 1: ‘Amazing’ 

Now that the mix was finalised, I began mastering the song in Logic. This was the 

final stage, where the production process moved from mixing to replication or 

distribution and release on a new medium. It was also an opportunity to enhance the 

song and repair any problem areas in the mix, giving the work a final touch that 

would make it sound refined and  satisfying to listen to. As Katz (2007, p 1) writes, 

“Our job as mastering engineers remains: we help music to be presented in the best 

possible way.” 

 

I began by ‘critically listening’ with fresh ears to the mix of ‘Amazing’ and 

preparing what I needed to enhance the mix. Some of the things I felt were lacking in 

the mix were depth and width; furthermore, some slight compression was required to 

give the track a polished sound. Another process was to critically listen to the 

reference tracks that Emily had put forward. I  brought the mixed stereo audio track 

into a new mastering workspace in Logic (see Figure 155, on page 196) and prepared 

a chain of processing plug-ins in the channel strip.  
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Figure 155. Preparing the mixed audio file in Logic 

 

I started with the Mutimeter tool (under the audio FX section in Logic) in its analyser 

mode, which visually detects and measures  the frequency spectrum of the input 

signal as 31 independent frequency bands (Figure 156). The Goniometer mode also 

analyses stereo images in terms of left to right and middle; it can also isolate phase 

problems and provide a visualisation of stereo position. 

 

 

Figure 156. Logics Multimeter 
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Next in the chain was a channel EQ, which is a multiband equaliser with eight 

frequency bands, including low- and high-pass filters and low- and high-pass 

shelving filters. I set the analyser mode to medium or high resolution to  give me a 

visualisation of the overall detailed frequency signal and what kind of approach 

would be needed to cut or boost certain frequencies for the track. I commenced with 

low frequencies and controlled the subsonic sound by applying a high-pass filter and 

curving -48dB around 20-30Hz. I then added a high-pass frequency boost and 

slightly raised the cutoff. This gave more weight and a tighter low-end sound to the 

kick drum and bass. I then applied shelving on the opposite end, controlling the high 

frequency at 7kHz, which added boost and presence, and 12-16kHz for sizzle or air  

for the acoustic guitar and cymbals. 

 

 

Figure 157. Channel EQ Multiband 

With the EQ positioned, I applied Logic’s stereo spread, which greatly increases the 

perception of stereo width while retaining a natural sound (see Figure 158, on page 

198). The lower and upper intensity sliders set a value of the amount of stereo base 

for the frequency bands, and the order-knob parameter divided the 12 frequency 

bands.  
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Figure 158. Logics Stereo Spread 

I applied the Multipressor, a multiband compressor that crosses over the 20Hz to 

20KHz range and divides it in four band ranges:  the bass range from 100Hz, the 

lower mid-range from 100Hz to 2kHz, the higher-mid range from 2kHz to 8kHz and 

the highs from 8kHz onwards (Figure 160, on page 199). The Multipressor 

independently separates the track into various frequencies and compresses each 

section, achieving dynamic control and maintaining the level. The software operation 

allows control of each individual band into threshold, ratio, attack, release and make-

up gain. It compresses the low range and gives more energy in the bass range,  

smoothing out the kick level while still giving instruments clarity in the upper mid-

range with a bright, consistent, full vocal sound. 

 

Figure 159. Multipressor layout 
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Figure 160. Logics Multipressor parameters 

 

The last tool in the chain to finalise the mix was to use Logic’s limiter to slightly 

boost the mix and to smooth and control the level peaks. I did this by applying a +6 

dB gain reduction dial and meter, which indicates how much decibel gain has been 

applied in conjunction with the true peak feature, thus setting sets an accurate 

broadcast standardised level and avoiding clipping (see Figure 161, on page 200). 

Santos (2016) explains: 

Apple have added a visual gain reduction meter. It’s not going to set your mix on 

fire but it will help tell you if you’ve completely crushed your mix by seeing on 

screen how much gain reduction is being applied to your music in dBs; this addition 

is a great feature. 

The slight boost does not exceed the true peak metering and gives the track a degree 

of desirable level and boost without distorting or crushing the mix. It also controls 

the level peaks and smooths out the sound. After further listening, I bounced down 

the session as a 24-bit WAV file at a sample rate of 48kHz.  
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Figure 161. Logics Limiter 
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Mastering Project 2: Professor Walk 

The approach to mastering Professor Walk’s four compositions (‘Alligator Neck 

Tie’, ‘Month of Sundays’, ‘God’ and ‘Cat & Kitchen’)  was to give a similar overall 

mix to all four compositions. My goal was not to over-process the mastering by 

forcing the music to be something it’s not while still retaining the live intentions of 

the mixes. I  prepared the delivery format of the four separate mixes, named the 

projects, created the sessions in Pro Tools and set the session parameters as a WAV 

audio type with a 24-bit depth and a sample rate of 48kHz. 

 

 

Figure 162. Creating a new session for the mastering in Pro Tools 

 

I imported the first mix of ‘Alligator Neck Tie’ in the arrange window and  trimmed 

the start and end points of song to remove any added processors, such as tail reverb 

or delay effects, at the end of song (see Figure 163, on page 202). In Project 1 

(Amazing), I had set up a chain of processing with EQ, stereo spread, compressor 

and limiter for a professional final release; however, the approach to these four 

compositions would be the total opposite, adding only a precision multiband 

compressor and limiter plug-in to the chain specifically tailored for mastering. 
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Figure 163. Trimming the track in Pro Tools 

I  applied a multi-band compressor on the mixes. This tool provides five spectral 

bands of dynamic range control and is more transparent than applying EQ by 

rejecting unwanted frequencies. I applied five bands with some slight compression 

and EQ and adjusted the input and output parameters; this made the mixes more 

transparent and clean. The last in the chain was a single-band limiter, which provides 

accurate true peak display by adjusting the control parameters producing a desirable 

soft and gentle level,  giving the mix subtle clarity and boost. 

  

 

Figure 164. Precision Multiband 
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Figure 165. Precision Limiter 

We began bouncing down the mixes. Due to the 24-bit rate, we did not need to apply 

any dithering, which is only done when reducing the bit rate to 16 with additional 

random noise in the quantisation process discussed in Chapter 1. I selected the 

‘bounce to disk’ option in Pro Tools, bouncing the track ‘Alligator Neck Tie Mix’ at 

24-bits with a sample rate of 48kHz into a WAV file. I repeated the same format 

process for the mixes of ‘Month of Sundays’, ‘God’ and ‘Cat & Kitchen’. 

 

Figure 166. Bouncing down Alligator Neck Tie 

The advantage of DAW is that the entire recording process is non-destructive and 

can be easily reversed. Non-destructive editing allows manipulation of the recording 

while preserving the original. We are able to process an audio signal through the use 

of time-domain processing by applying a variety of effects, loudness normalisation 

and volume adjustment across the entire recording in DAW. These processes were 

simply non-existent in the pre-DAW era. 
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Chapter 10. Discussion of artists responses to 
both questionares.  

This chapter discusses the responses from two artists to the questionnaire: Emily 

Soon and Professor Walk member Susan Wright. 

These questions were measured on the term authentic in relation that if the artist 

thinks that recorded work is an authentic representation of their artistic intentions. 

In relation to project 1. Emily Soon: the artists intention is to create and record with 

musicians a song in a popular style that demonstrates the artists songwriting and 

performance abilities that can then be used to expose the work. 

In relation to project 2. Professor Walk: the artists intention was to record their 

works with other musicians in a live recording environment and to utilise an engineer 

producer to help shape their sound. The groups focus was to improve their 

knowledge and skill in the recording environment and to achieve their goal of an 

audio reproduction/performance essentially for their own art making. These 

responses relating to the artists’ projects evaluate the way that technology is 

enhancing, influencing, and redefining the process of music making. 

The transcripts of the artists’ responses are included in Appendices A and B. 

Project 1: Emily Soon – questionnaire responses  

In Question 1 the artist explains what work was involved prior to the recording 

process. This included examining and altering the arrangement and structure of the 

song to refine the lyrics, melodies, phrasing and hooks. It also addressed 

performance issues and explored the enhancement of technical skills. We established 

a clear focus and set achievable goals for developing and orchestrating the work with 

software instrumentation in Logic.  

In Question 2 the artist explains the planning process required to record the work as a 

collaborative creation in Logic. We commenced with a demo, which is a rough 

construction of the song using some recording elements and software instruments in 

Logic. The demo was used as a ‘sketch’ for the musicians to re-record their parts. It 

was then mixed and mastered, combining all of the elements together in the DAW, 

producing a high-fidelity final recording for the artist to distribute. 
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In  Question 3 the artist expresses her enjoyment in the studio even though she had 

had no prior experience in a professional recording studio. She explains that the 

experience provided insight and knowledge into to the recording process and that I, 

the producer, provided interpersonal skills by being empathetic and sensitive to her 

needs, which helped build confidence in the recording environment.     

In  Question 4, the artist expresses enjoyment in preparing for the performance. She 

explains that examining the vocal arrangements in the song and identifying 

techniques to improve her voice and guitar skills enhanced the recording process.  

In  Question 5 asks the artist what she liked about the performance. She responds that 

the benefit of correcting performance issues by re-recording the vocals. Performance 

issues may have been from a lack of confidence when singing and recording the 

demo. After listening and digesting the recording, she had a great deal of enthusiasm 

to re-record and perfect the performance, with an understanding of the lyrics, 

enhancing vocal tone and correcting timing and phrasing issues.  

 Question 6 asks the artist what she liked about the recording. She says that she really 

enjoyed the creative process when putting all of the elements together for the demo 

and hearing the first stage of the song. She was overwhelmed with gratitude after 

listening to a high-fidelity, professionally mixed and mastered recording for the final 

release and enjoyed listening to the musicians interpret her music. 

 Question 7 asks the artist what she liked best about the recording. She says that she 

most enjoyed learning from and watching me (the producer) facilitate the creative 

and recording process, mixing and mastering with a knowledge and understanding of 

what was required. She also reflected on her enjoyment when recording with the 

group, and then re-recording the lead vocal, as she felt she had gained more 

confidence with each take. Overall, she enjoyed recording the song. 

In Question 8 the artist says that I played a dominant role in the creation and 

preparation of the song by supporting the artist’s intentions and by providing the 

necessary tools to inspire and finalise the work. She further explains that my 

interpersonal skills helped with her confidence in the recording environment, and 

that our creative collaboration in working together was a positive experience. 

In Question 9 the artist says that I provided an abundance of strategies and support 

through the recording process and was mindful of  her sensitivities and intentions, 

helping build confidence in the work.  
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Question 10 asks the artist whether the recording process was a positive or negative 

experience. She responds that the recording process was entirely positive and she 

notes that her performance skills were more consistent when recording.  

In Question 11 the artist expresses that her initial thoughts when listening back to the 

recording were of pure joy and excitement. An instant connection to and awareness 

of the creation of the work was formed. 

Question 12 asks the artist is asked how she found the process of re-recording.  The 

artist explains that the demo was a positive exercise to assist in building the 

foundation of the song; however, re-recording and replicating the software 

instruments with real musicians delivered greater musical expression with positive 

results. She further explains that her performance skills developed when re-

recording. 

In Question 13 the artist speaks about her surprise at how simple and time-effective it 

was to compose the song using a DAW. She reflects on how easy it is to create 

ready-to-produce sounds that are simple to operate and process. 

In Question 14 the artist agrees that digital technology enhanced the recording and 

helped the performance. She says that overdubbing the performances using the DAW 

helped with critique, awareness and correcting performance issues. Creating in Logic 

and applying software instruments assisted the sound structure and was much more 

time-  and cost-effective than hiring studio musicians to experiment in a professional 

recording studio. 

Question 15 asks the artist what her thoughts were on the final mastered recording. 

She responds by stating that it sounded excellent, that it was produced professionally 

and that she is eager to share it with friends and family. 

In Question 16 the artist says that I presented the demo to the group as a guide to 

further enhance their greater musical expression. Allowing the group to navigate 

their ideas and self-critique produced an efficient and gratifying experience for the 

artist and musicians. 

In Question 17 the artist acknowledges that the recording has given her great 

enthusiasm to record more works for an album to distribute and sell at live 

performances. However, she states that former recordings she produced for an album 

have been less-produced than ‘Amazing’.   
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In Question 18 the artist says that she understands the process to complete further 

works, and has established techniques to be better prepared and more efficient in the 

recording environment. Furthermore, the experience has given the artist an 

understanding of working with Logic, and necessary tools to for her to create and 

explore in music production. 

In Question 19 the artist says that her next career step is to fund and record an album 

and be involved in self-producing, perhaps collaborating with another producer. The 

album will be released for distribution and will be sold when touring the USA. 

In Question 20 the artist acknowledges and thanks the producer for all of his efforts 

and work involved in the project, as she acquired much information and knowledge 

from him. 

Project 2: Susan Wright – questionnaire responses  

In Question 1 the artist says that the group members meet and rehearse on a casual 

basis and write original compositions. On occasion, they may perform or record their 

works. 

In Question 2 the artist explains that the intention of the group’s recordings was to 

choose suitable compositions for the recording process and focus on the outcome. 

In Question 3 the artist says that the recording process at VCA was exceptional, and 

that I (the producer) was experienced and efficient in the studio and assisted in 

improving the group’s musicianship during the recording process. The artist also 

describes the difficulties when performing and recording in different rooms, but 

understands that they may be due to their inexperience. 

Question 4 asks the artist how the recording experience differed from a rehearsal 

experience. The artist says how enriching it was for the group to hear and articulate 

the quality of the balanced sound of instrumentation. However, she also notes that 

being separated in different recording rooms (to avoid instrument spill with 

microphones) had its difficulties on the group. As they were inexperienced in and 

unprepared for this kind of set-up,  they found it difficult playing together and trying 

to keep in time. 

Question 5 asks the artist what she liked about the performance. The artist explains 

that the experience of striving to perform to their greatest ability, instead of merely 
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rehearsing without direction or intention, shaped the group and gave them the 

necessary focus to record. 

Question 6 asks the artist what she liked about the recording. The artist says that I 

achieved an enriched recording that was well balanced, recorded, mixed and 

mastered. This enhanced sound gave sonic-quality characteristics to the works. 

Question 7 asks the artist “out of the following recordings, which one did you like 

the best?” The artist responds that the best composition was the ‘God’ mix as the 

group played and connected well for the recording. She liked the highlight of the 

lead guitar parts and noted that the group made fewer performance mistakes. The 

other composition that she favoured was ‘Month of Sundays’ due to the group 

playing in time. ‘Alligator Neck Tie’ and ‘Kids got Karma’ demonstrated some 

tempo issues. 

In Question 8 the artist says that  my decisions as producer, such as recording ‘live’ 

and ‘simultaneously’, resulted in some technical and performance issues; capturing 

the best recording was sometimes difficult. In addition, I enhanced the work by re-

recording, mixing and mastering. 

In Question 9 the artist says that the group were clear and content with the 

producer’s knowledge and process when correcting performance issues for the 

recording. The producer helped advance their parts with emphasis on pitch and 

playing in time. 

In Question 10 the artist says that the recording process was a very positive 

experience, and that the group was enthusiastic about the recording and the quality of 

the work. 

In Question 11 the artist says that after hearing the first song recorded in the studio, 

the group was pleasantly surprised at how good they sounded, and agreed that this 

was due to the production. As the group listened to the rest of the compositions, they 

noticed distracting musical glitches; however, they still  appreciated the experience 

and opportunity to record. 

In Question 12 the artist says that it would have been easier and more appropriate to 

record at the Australian Institute of Music instead of the Victorian College of Arts, 

due to its being a smaller studio where the group would be able to see and connect 

with each other. The artist  also speaks about these challenges and difficulties in 
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Question 4. However, the re-recording process  allowed us to correct certain musical 

parts, overdubbing instruments and overlaying vocal harmonies for some of the 

works. 

Question 13 asks the artist what  her thoughts are about software recording into a  

DAW. She responds that she is uncertain, and is not knowledgeable enough to 

comment about this process. 

In Question 14 the artist says that digital technology – particularly the ability to 

correct mistakes – very much enhanced the group’s performance and recordings.  

Question 15 asks the artist about her thoughts on the final mastered recordings. The 

artist says that the final mastered recordings were produced at a high standard that 

enhanced the group’s sound. 

Question 16 asks the artist whether the recordings were an authentic representation 

of the groups intention. The artist says that  they were,  but that more time in the 

studio environment would have helped the group correct timing issues, rectify pitch 

and intonation, improve parts and musicianship and help the group play better 

together overall for a perfected recording. 

Question 17 asks the artist whether these recordings have helped with future 

compositions, performance or other recordings? The artist says that the recordings 

definitely helped shape the sound of the group and enhanced the arrangements, and 

that it was highly valuable to document and make a copy of the recording for further 

performances. In addition, many techniques and suggestions that I presented to the 

group helped improve their work, and has now been incorporated into their 

rehearsals and performances. The experience and knowledge that the group have 

gained from the recording has also made them enthusiastic about recording more 

compositions.  

Question 18 asks the artist what  she learned from these recordings. The artist 

explains that the recordings were essentially for posterity and for their own creative 

endeavors. The group enjoys writing and playing together and have no intention of 

pursuing commercial success or financial reward. 

In Question 19 the artist says that the next creative process for Professor Walk will 

be to gather their best works and then consider recording them again for  non-

commercial purposes. 
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In Question 20 the artist expresses her gratitude to the producer for his experience 

and that it was a pleasure to collaborate on the project. The group developed a wealth 

of knowledge and experience about the recording process and acquired a high-

fidelity recording of their works. 
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Chapter 11. How digital audio workstations 
influence the way musicians make and record 
music 

In chapter 2, I discuss the historical developments in electronic music and recording 

processes from the pre-DAW era to the current digital domain. This gives us a 

broader understanding of how technological change and cultural change are 

interlinked. Such as, the acoustic era of Edison’s phonogram that shaped early 

recordings, to the electric era that introduced microphones, vinyl and ‘Pauls sound’ 

on recording tape machines, to the present digital domain of DAW.  

In relation to the projects, a different DAW suited the artist’s specific intentions. 

Logic was appropriate for developing creative processes and programming sounds, 

whereas Protools was used for multitrack recording and overdubbing.  

The following points demonstrate that DAWs influence the way musicians make and 

record music through: 

1. The ability to use software sounds in the creative process to demonstrate 

and test compositional and arrangement ideas. 

2. The high quality of digital recordings.  

3. Standardised templates for instruments and audio processing. 

4. Ease of editing and automation. 

5. The mobility of technology. 

6. Varied and low-cost storage of sounds. 

7. The ability to review multiple alternatives. 

8. The ease of overdubbing and unlimited multi-tracking. 

9. A wide range of tools. 

10. Ease of workflow. 

11. The ability to move data from one platform to another. 

12. The ability to visualise waveforms. 

13. Ease of audio processing. 

14. Ease of connectivity. 

15. Time efficiency. 

16. Ease of undoing actions. 

17. Ease of documentation. 
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18. Ease of collaboration. 

I will now address each point in detail and focus on both projects when creating and 

recording their music using a DAW. 

1.  The ability to use software sounds in the creative process to demonstrate and 

test compositional and arrangement ideas. 

When working with Emily, we tried different software sounds available in Logic. 

These included Grand Piano, Upright Piano, Rhodes and Wurlitzer Classic Electric 

Piano. We were also able to adjust the timbre and effects of these sounds and discuss 

how they complimented the song. As Emily was listening to the software instruments 

she realised she wanted an electric piano sound. She immediately rejected the 

acoustic piano even though she did not listen to those sounds within the song. When 

we listened to the variety of electric piano sounds available within Logic, she 

preferred the Wurlitzer to the Rhodes sound because it had a tremolo and distortion 

effect. 

When she was auditioning the sounds, she did not listen to them within the context of 

the song. Emily could have asked a musician with a Wurlitzer to come in and 

perform; however, having these sounds in Logic increased time- and cost-efficiency 

when creating the demo. Emily had the opportunity to audition a wide variety of 

different sounds and this helped her confirm her decision. 

2. Applying signal processing to sound influences the way musicians make and 

record music by: manipulating and reshaping the amplitude profile of a sound; 

mixing and combining multiple tracks of audio along with crossfading, changing the 

frequency spectrum of sound by applying filters and EQ and time-delay effects (such 

as echo, chorus, flanging and phasing). Spatial projection, including reverberation 

and time-domain and frequency-domain transformations are other methods. In 

addition, noise reduction that can improve the sound of a bad recording.” 

2. The high quality of digital recordings influences the way musicians make and 

record music by giving an extremely accurate representation of the sounds that the 

musicians make. This gives an understanding of their parts and the relationship 

between parts. It also provides an accurate representation of the subtleties of 

performance and how that performance was captured. For example, recording at 

96kHz allows a frequency range of 48kHz to be represented; this exceeds human 

hearing range, but it is considered that these high frequencies influence the 
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subjective perception of sound. This contributes to the quality of the mix by allowing 

the mixing engineer to hear the interaction of sounds in great detail. 

3. By providing standardised templates for instruments and audio processing 

the DAW allows rapid auditioning of sounds. Logic provides mastering templates 

such as ‘Broadcast Ready’, ‘Hip-Hop’ and ‘Soft Enhancer’ for the creation of a 

completed mix. It also offers specific EQ templates; for example: ‘Vintage Drums’ 

and ‘Brighton Overheads’ for drums and ‘Guitar Sweetener’ and ‘Clean Up Guitar’ 

for guitar sounds. When recording Emily, we used templates on the guitar sound for 

the demo; however, these were not used on the final recording. I did not use 

templates on Emily’s recorded voice for the demo or the final recording for the same 

reason I didn’t use EQ in Logic: I had an understanding of the processing tools I 

thought would work best for Emily’s voice. This understanding came from extensive 

experimenting in analogue and digital recording environments. In this way, I was 

able to develop my own templates  for the recordings. By having a very wide variety 

of sounds and sound processing devices available to me, I was able to learn how this 

variety of tools can interact in the processing of sounds. 

4. The ease of editing and automation in DAWs influences the way musicians 

make and record music. For example, for Emily’s recorded acoustic guitar in Logic, I 

was able cut unwanted audio regions and remove fret buzz and unwanted right-hand 

percussive noise from the performance. The tool menu makes this editing process 

easy because of its range of editing tools. I was able to edit the original recorded 

audio file by zooming into one or two milliseconds of the recorded sample and 

removing unwanted peak transient noise. Removing such short periods of the 

original recording and adding fade in and fade out to the original remaining sections 

did not negatively affect the sound. Another process I used was amplitude 

automation on the lead vocal; I applied this to the chorus sections of the song to 

create level changes, similar to a technique that analogue engineers describe as  

‘riding the fader’.  Being able to draw in these changes with fine detail provided 

dynamic musical expression in the performance. Emily liked the edited outcome, and 

thought that this automation lifted the choruses and the overall vocal performance. 

5. The mobility of technology in DAWs influences the way musicians make and 

record music by being able to save, store and share large amounts of data. It enables 

ease when working outside the studio environment or in a variety of different studio 



 

 214 

environments. This provided flexibility when recording Emily in a rehearsal room 

and in a commercial studio. The mobility associated with computers and DAW 

allowed me to mix in many environments at home or outside the studio, making the 

process more time- and cost-efficient.  

6. Computers and storage of sounds influence the way musicians make and record 

music. Computer processing and internal hard drives with large terabyte capacity 

improve the computer’s efficiency when running software applications. The 

portability of external hard drives allow one to store, save and retrieve data 

information effortlessly. This benefited both of the projects, as I recorded multiple 

audio takes in the DAW and formatted and stored a significant amount of 

information on the hard drive, easing my workflow and making it time-efficient. 

Furthermore, the low cost of flash drives sharing and exchanging audio files with the 

musicians was straightforward and cost-effective.  

7. The ability to review multiple alternatives in DAWs influences the way 

musicians make and record music by allowing the auditioning of various mixes and 

effects with ease. This this feature permitted the application of many alternative 

mixes to the projects, allowing the artists to hear a processed mix with image, EQ, 

compression and dimension, as well as a raw mix with minimal processing and 

effects. This  gave both artists options and flexibility as to what mix they liked the 

best. DAWs also provide graphic plug-ins with an ‘on and off’ function that make it 

easy to review the mix without removing the plug-in. 

8. The ease of overdubbing and unlimited multi-tracking in DAWs influences the 

way musicians make and record music by  refining the individual performance; for 

example, overdubbing Emily’s voice without her playing the guitar helped her to 

focus and concentrate on the main vocal. Furthermore, multi-tracking many vocal 

performances gave us with numerous options from which to choose the best overall 

take. In Project 2, multitracking Susan’s background harmonies created a choral 

effect and layers to the works which the artist described as  ‘enriching the sound’.  

9. A wide range of tools in DAWs influences the way musicians make and record 

music. In both projects, I used various tools to create, shape and make the music. 

DAWs have an abundance of tools to compose, record, edit and mix. I further 

explored these tools in the projects by creating software instruments. In Project 1, I 

used the Electric Piano and Hammond Organ instruments with modular effects that 
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were played and arranged with a MIDI control keyboard that could be further edited 

and enhanced in Piano Roll. I also applied Logic’s Drummer tool, which creates a 

variety of humanised drumming styles that automatically plays along in time with the 

song. In addition, I used the Flex Pitch and Flex Time tools to correct time issues on 

the guitar and slightly pitch the vocal audio regions to produce a more ‘in tune’ 

sound. Applying Amp Designer software produced realistic guitar and bass tones. 

Lastly, I applied certain audio effects, such as Spectrum Analyzer, EQ, Stereo 

Imager, Multiband Compressor and Limiter, to the audio material. This processing 

was used to enhance the final mixes and masters. 

10. Ease of workflow in DAWs influences the way musicians make and record 

music by assigning computer keyboard commands and shortcuts, thus improving the 

efficiency of work flow and overall production. For example, in Logic X, (Shift-R) 

captures a MIDI Recording, (Command-Arrow Keys) is an easy shortcut to zoom in 

and out, (Command-U) activates the cycle mode, (Control-Command-R) copies 

repeat sections, (Command-V) opens or removes audio effects and (Command-Z) 

function undoes or redoes the most recent action. Furthermore, the Note Pad 

interface on Logic allows the documentation of lyrics and specific notes and 

information for the recording process; this provides efficiency for preparation and 

planning.    

Using Pro Tools and applying, (Command-S) saves the work, (Command-Shift-1) 

imports audio, (Command-G) creates groups, (Command-Arrows) increase or 

decrease a horizontal zoom, (Command-Option-Shift-B) bounces the track, 

(Command-Option-B) bounces to disk. These various settings and commands save 

time and significantly create ease to the workflow. 

11. Data can be moved from one platform to another in the digital audio 

workstation; this influences the way musicians make and record music. Being able to 

bounce the mix into a file format in a DAW allows digital audio data to be stored and 

transferred. I applied an uncompressed file format of a WAV file (which is CD-

quality) to the project mixes and mastered works. This stereo format produces 

maximum audio quality that is easy to move among multiple audio devices. In 

contrast, using a lossy compressed file format such as MP3 reduced  the audio 

quality but was much easier to distribute on software or computer internet platforms 

due to being a smaller size. This was useful when emailing the files to the artists as 
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rough mixes. The DAW session folders also provide storage and easy access to 

transfer audio files and MIDI data from one digital platform to another. I was able 

create instruments in Logic and transfer that data into Pro Tools to create new 

instruments and sounds for Professor Walk.  

12. Being able to visualise waveforms in DAW influences the way musicians make 

and record music. Recording audio into Pro Tools immediately  lets the user 

visualise waveforms as audio files. The audio also appears in the Clip and Track list. 

When continuously recording multiple tracks of Susan’s vocal for Professor Walk, I 

was able to edit, name and create smaller clips or regions that were more manageable 

to store, and colour-coding these clips made them easier to recognise. This also helps 

reduce unwanted whole-file clips, remove unwanted takes and reduce the need for 

hard-drive space. Furthermore, these clips are non-destructive, which means  that the 

user can always come back to the original file. Another advantage when viewing 

waveforms is the ability to alter the vocal region with a pencil tool and manipulate 

‘pitch shifting’. By slightly pitching up or down on the region, I was able to match 

the desired pitch. Finally, by viewing waveforms, we understood the file structure 

and input level, providing a time-line based view of the audio file and a graphic 

representation of the amplitude. With this understanding, I was able to move, edit 

and manipulate the sound for the purpose of the mix. 

13. Ease of audio processing in the digital audio workstation influences the way 

musicians make and record music. By adding effects to audio regions with the  

rapidly accessible power of modern computers, I was able to apply an abundance of 

multiple audio processing to both projects to enhance the sound of their mixes. In 

Project 1, by adding a chain of audio effects to Emily’s vocal such as EQ, filter, 

compression and reverb, I was able to achieve width and image, enhance tonal 

quality and improve dimension in Emily’s vocal recording. In Project 2, applying a 

chain of mastering processing – in this case, multiband compressor, EQ and limiter 

on the master bus – I produced a desirable level with width, image, subtle clarity and 

boost to the finalised works. 

14. Ease of connectivity in DAWs influences the way musicians make and record 

music. Applying an audio hardware interface when recording both projects in the 

digital format provided easy connectivity using FireWire and Thunderbolt 

connections into the computer. DAWs offer intuitive I/O set-up, providing easy 
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understanding of signal flow and routing;  this improved the mixes. Choosing 

interchangeable audio interfaces in the studio also improved connectivity. For 

example, a 16-channel input audio interface provided flexibility when recording the 

group using multiple microphones, direct inputs and monitor control. The two-

channel input audio interface allowed MIDI connectivity using a keyboard controller 

and portability to record and mix with mobility.  

15. Time efficiency in the digital audio workstation influences the way musicians 

make and record music. Producing the music in a DAW for Emily and applying pre-

production processes in Logic sped up the workflow and provided a collaborative 

structured framework. Developing the composition in Logic’s interactive 

environment was engaging for the artist and provided her with tools to focus on her 

creation, and perhaps helped overcome her procrastination. This was achieved by 

being able to layer many software sounds, record instruments into amp simulation, 

record and process audio and arrange the composition using the GUI. Finally, we 

processed and mixed all of the sonic elements into a final bounce in one digital 

environment. Working in Logic contributed to musical creativity and time efficiency 

whilst mapping all of the sounds and parts of the work; this optimised studio time. 

We re-recorded musicians in the studio and finished the project well ahead of time, 

thus saving on budget. 

16. Ease of undoing actions  using DAWs influences the way musicians make and 

record music. An example was being able to correct Emily’s acoustic guitar 

recording, remove problematic sounds and refine time issues by editing regions. This 

was achieved using the DAW’s Cut, Copy, Paste and Trim tools, where I could alter 

the selected regions, remove the unwanted sound and correct the error. This type of 

editing is non-destructive, which means the recorded audio is not destroyed when 

editing and the original file is stored in a Logic project folder on the hard drive. This  

allows the user to easily undo actions, manipulate and store audio regions.  and  

17. The ease of documentation in the DAW influences the way musicians make and 

record music by being able to provide notes of the recording. This contributes to the 

artist’s understanding of their work. The manifestation of their creativity has been 

constructed with sonic materials and is influenced by the ease of production and 

technology within a computer-based studio environment. The recordings capture the 
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sound of the performances and the documentation of the work helps with future 

performances and other recordings.  

18. Ease of collaboration in DAW influences the way musicians make and record 

music. Using Logic in collaboration with Emily, I was able to discover effective 

paths to creativity and workflow. Recording a rough guide to a selected tempo in 

Logic enabled the structure and the arrangement to progress. In pre-production, 

Emily  could choose software sounds and construct ideas in DAW that gave me an 

understanding of orchestration that helped frame the instrumentation. I was also able 

to construct practice performances, helping Emily keep in time with a click which 

assisted when recording the guitar. These collaborating features in the DAW 

progressed the project and the latest revisions, from preparing the session to 

engaging and connecting the artist and producer to the work. 

If the following demonstrates how DAWs have made the creative process simpler, 

faster, more inexpensive and therefore more accessible to artists. In my view the 

thesis is considering the way the producer artist relationship has been facilitated by 

the technology rather than the idea of what is authentic music performance. Such as 

what is more authentic representation of an artist’s intention: An original live concert 

by a well-rehearsed and technically proficient artist/ensemble, or a perfectly 

“authentic” recording? It could be argued that these a no longer distinguishable. 

What is clear is the partnership between the producer/engineer and musical 

artist/ensemble group performers has changed with the introduction of the DAW. 
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Appendix A 

Transcriptions from the artists 

This appendix has been approved by the University of Melbourne, Human Research 

Ethics Committee and contains the written responses for Project 1: Emily Soon  

Emily Soon responded to the questionnaire. 

 

 

THE UNIVERSITY OF MELBOURNE 

HUMAN RESEARCH ETHICS COMMITTEE 

RESEARCH QUESTIONS 

 

1.3  METHOD 

 
Research Questionnaire: 

 
Q. 1. How much pre-production was involved before the recording process? 
Quite a lot, Tommy worked thoroughly with me on the song and then we developed 
and orchestrated the song in Logic. He also gave me goals to work to and he also 
helped me prepare for the recording.  
 

Q. 2. What were the intentions of the recordings? 
To record one song in Logic as a demo. Then we would re-record my band playing 
all the parts that we developed in the demo, mix and master it ready for public 
release.  

 
Q. 3. What was the experience of the recording process at Rooftop Studios? 
I really enjoyed it. I haven’t been in a professional studio before and it really opened 
my eyes up to the recording process. Tommy was guiding me through it and 
supported me, so I grew in confidence the more I recorded and got use to the 
environment.   

 
Q. 4. How did the recording experience change from a rehearsal experience?  
I really liked how we prepared and worked on my lead vocal and the acoustic guitar 
playing, and really got it solid for the recording.  
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Q. 5. What did you like about the performance? 

I liked when we re-recorded my vocal. I felt it was better performance. 
  

Q. 6 What did you like about the recording? 
When we finished the first recording the demo, I loved it, hearing all the sounds I 
was picturing in my head for the song. Then when we recorded with my band I 
couldn’t believe the final sound, it was so polished and professional. 

 
Q. 7. What did you like best about the recording?  
The best thing about the recording was putting it all together, watching how Tommy 
was capturing the sound and how we built it all up in the computer. Then when we 
finished the song, I really enjoyed how we re-recorded the band and mixed all the 
parts. I felt more confident the second time through with recording the lead vocal, I 
really enjoyed everything about it. 
 

Q. 8. How did the producer contribute to the recording process? 
Tommy contributed a major role to the song, he helped me plan the entire process 
and gave me skills to help further develop the song. His experience, understanding 
and patience gave me confidence in the studio, and his wisdom, talent, of how to put 
it all together was an amazing experience. 
 

Q. 9. Did the producer give strategies or guidance through the recording? 
Yes, too many to write down. He really explored and understood me and developed 
and encouraged my ideas. He brought out the best out of me. 
 

Q. 10. Was the recording process a positive or negative experience? 
It was all positive. The only negativity was me not performing consistent enough. 

 
Q. 11. When you listened back to the recordings at Rooftop, what were your 
initial thoughts? 
I loved it, it was exactly what I was hearing and where I wanted the song to head. I 
was feeling very excited.  
 

Q. 12. How was the process of re-recording? 
I thought the demo was a really great process for re-recording myself and the band. 
Re-recording made the song come to life, having real musicians play for the song 
was really special to watch. I also think I was singing and playing more confidently 
when we re-recorded the lead vocal again and overdubbed my acoustic guitar. 
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Q. 13. What were your thoughts of software recording into computer-based   
digital audio workstations? 
I was intrigued how we did everything in Logic, it was effortless and didn’t take 
much time for us to construct the song. We used software instruments that sounded 
so real and was so easy to operate and use. Even when we recorded and mixed the 
song it was quick and efficient.  

 
Q. 14. Do you think digital technology enhanced the recordings and help your 
performance? 
Absolutely, Tommy enhanced my performance, he overdubbed vocal parts and 
helped construct the part so I could practice with it. Then I would come in and re-
record it (he also did this with my guitar parts). I think the software and technology 
really helped construct the song, which would have taken more time with other 
musicians and would have cost more studio time.  

 
Q. 15. What were your thoughts on the final mastered recording? 
It was brilliant. The quality of how it sounded it was really professional. I played it to 
my friends and family and they loved it. 

 
Q. 16. Was the recording an authentic representation of the group’s intention? 
Yes, Tommy gave them a guide of the demo but made the group interpret their parts 
in their own way which I really liked. It gave them freedom to try and play better 
parts that we both thought complemented the song. When I played the final mix to 
the band they thought it sounded great. 

 
Q. 17. Did these recordings help with further compositions, performance or 
other recordings? 
Yes, as soon we finished the song I wanted to record an EP (which I did and 
performed at the Toff for my CD launch). Although I loved the recording and the 
sound of ‘Amazing’, I decided to record my EP less produced and keeping it raw. 

 
Q. 18. What did you learn from these recordings? 
I learned skills and the ability to finalize my songs. I’ve also become more confident 
in the recording environment. I’ve now have been using Logic for song writing and 
it’s made me more creative, using software to construct my songs. I learned a lot 
from recording ‘Amazing’, it’s made me more involved with production. 

Q. 19. With these recordings, what’s the next creative process for Emily Soon? 
I want to record an album and tour OS. 

 
Q. 20. Any other suggestions? 
I want to thank Tommy for all his efforts in producing my song. I have learned so 
much from him. 
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Appendix B 

This appendix has been approved by the University of Melbourne, Human Research 

Ethics Committee and contains the written responses from Project 2: Professor Walk. 

Band member Susan Wright responded to the questionnaire. 

 

 

THE UNIVERSITY OF MELBOURNE 

HUMAN RESEARCH ETHICS COMMITTEE 

 

RESEARCH QUESTIONS 
 

 

1.3  METHOD 

 
Research Questionnaire: 

 
Q. 1. How much pre-production was involved before the recording process? 
Our group meets on a casual basis, writing our own music and only occasionally 
performing or recording.   

 
Q. 2. What were the intentions of the recordings? 

We selected a few pieces that we wanted to record essentially for posterity. 
 

Q. 3. What was the experience of the recording process at VCA? 
It was excellent. Tommy was very professional and provided good information about 
the process and made sound aesthetic decisions about how to enhance our musicality.  
I found working in two different rooms somewhat awkward, but perhaps this is 
typical.   
 

Q. 4. How did the recording experience change from a rehearsal experience?  
Being able to hear all instruments/voices clearly in a balanced way was very exciting 
and enriched the musical experience for me and I believe for all of the members of 
the band.  The separation of the band into two rooms was very different to the way in 
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which we rehearse, and I think that inability to see and respond to each other caused 
some inaccuracies, particularly in terms of rhythmic togetherness.  

Q. 5. What did you like about the performance? 
Aiming for perfection made us focus and work together at a higher level compared to 
just running through the piece as in rehearsal. 
 

Q. 6 What did you like about the recording? 
Tommy enriched our sound by getting a beautiful balance and enhancing or reducing 
aspects to feature the best of our music. 
 
Q. 7. Out of the following recording which one did you like best: (A) ‘Alligator 
Neck Tie’, (B) ‘Month of Sundays’, (C) ‘God’ or (D) ‘Kids got Karma’? 
Possibly ‘God Mix’ because the band seemed to make fewer mistakes and the guitar 
lead was good; the backup vocals seemed to come out well too.  ‘Month of Sundays’ 
was on par for me because the band settled into the rhythm better than on ‘Alligator 
Neck Tie’ and ‘Kids got Karma’. 

 
Q. 8. How did the producer contribute to the recording process? 
There were many production decisions that Tommy made that enhanced the quality 
of the recording and made the band sound as good as it could. 

 
Q. 9. Did the producer give strategies or guidance through the recordings? 
Yes, we felt very comfortable about the process and we advised about how to 
improve the musical elements of our work. Tommy picked up on a number of 
musical flukes of the group and gently helped us correct these (most generally 
rhythmic togetherness and intonation). 

 
Q. 10. Was the recording process a positive or negative experience? 
Very positive. I think we were all very excited about the experience and the quality 
of the recording. 

 
Q. 11. When you listened back to the recordings at VCA, what were your initial 
thoughts? 
Listening immediately after the recording of one track was very exciting.  I think we 
were pleasantly pleased that we sounded as good as we did, thanks to the production.  
On subsequently listening, the musical glitches that the band made were distracting, 
but I’m still very pleased that we had this opportunity to record what we did. 
 

Q. 12. How was the process of re-recording at AIM studios? 
I think we felt it may have been easier and better to have recorded at AIM in the first 
place, particularly if aspects mentioned in Q4 could have been improved.  The re-
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recording allowed us to hone in on the bloopers and fix them and to overlay some 
harmonies.  Being able to sing in the same room was very helpful. 
Q. 13. What were your thoughts of software recording into computer-based   
digital audio workstations? 

Not sure I’m knowledgeable enough about this aspect to comment. 
 
Q. 14. Do you think digital technology enhanced the recordings and help your 
performance? 
Very much so. Also, being able to ‘drop in’ little bits helped to cover a lot of 
‘nasties’ within our musicianship. 

 
Q. 15. What were your thoughts on the final mastered recordings? 

The recording was quality work and made the band sound its best. 
 
Q. 16. Were the recordings an authentic representation of the group’s 
intention? 
Yes, although if we had ‘all the time in the world’ I suspect the band itself could 
have improved the performance.  There were a number of musical aspects that might 
have been greatly improved and part of this improvement would likely result from 
listening and recognizing areas that require polishing. 

 
Q. 17. Did these recordings help with further compositions, performance or 
other recordings? 
Definitely.  Hearing the recording and considering it to be an arrangement that might 
be consistently reproducible is highly valuable.  Many of the suggestions that 
Tommy made became incorporated into our rehearsals/performances and we have 
considered perhaps making another recording, building upon the knowledge and 
experience we gained – particularly capturing some of our newer compositions. 

 
Q. 18. What did you learn from these recordings? 

Not to give up our day jobs. 
 
Q. 19. With these recordings, what’s the next creative process for Professor 
Walk? 
We have considered doing another recording of the ‘best of’ our group – again for 
posterity.   

 
Q. 20. Any other suggestions? 
I would just like to express my sincere gratitude to Tommy for this experience.  It 
was a delight to work with him and the band learned a great deal and got a great 
recording out of the process. 
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Appendix C 

This appendix contains Emily Soon’s draft of lyrics, chords and finalised structure of 

her song ‘Amazing’, which is in the binary form AABAABCB.  

 

AMAZING 
by Emily Soon 

[Gmaj9, D] x2 

You and I, we’re going steady; 

I imagine you’ll be here when the leaves start to fall. 

[F#7b9/C#, Bm, A] 

When I wake up in the morning, head still low and the sun so 

high; 

You’ll pretend to be sleeping, just to be near me, 

And I don’t know why… 

[Gmaj9, D] x2 

It’s taken me so long, but I’m sliding out of my shell, 

Making my way along the okay and through the surfing swells. 

[F#7b9/C#, Bm, A] 

It’s good to be alright (I’m alright), 

We’ll have more than tonight; 

More of these little moments, I know they’re gonna hold us. 

CHORUS 

[Gmaj7, A, Dmaj7] x2 

Because we’re so good together, 

And you know that we are so good together. 

[G, A, Bm7add4] x2 

I can’t believe we made it here, 

I can’t believe we made it here; 

Isn’t it amazing, 

Isn’t it amazing? 

[Gmaj9, D] x2 

Oh, you know, you know that you’ve got me, 

Covered up in tingles and I don’t really seem to care. 

[F#m7b9/C#, Bm, A] 

Now I hope you want me more than you need me 
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If you say that you love me, I won’t take you lightly, 

No not at all (I just want you to know). 

[G, A, Dmaj7] x2 

Look around, look around us; 

People are sitting and waiting, they’re anticipating, 

While you’re right in front of me. 

[G, A, Bm7add4] x2 

You make it so easy, you make it so real 

Nothing they say is going to sway me today, 

This is the way that I want to feel. 

(CHORUS) 

[Gmaj7, A, Dmaj7] x2 

Because we’re so good together, 

And you know that we are so good together. 

[G, A, Bm7add4] x2 

I can’t believe we made it here, 

I can’t believe we made it here; 

Isn’t it amazing, 

Isn’t it amazing? 

(BRIDGE) 

[G, A, Bm7add4] x2 

Your feet are right up next to me, 

You’ve got that smile that you wear so well. 

You’re pulling me in and your eyes make me spin, 

Tell me you’re never going away. 

[G, A, Bm7add4] x2, [G, A, F#m, Bm], [G, A, Bm7add4] 

Isn’t it amazing… (x4) 

(CHORUS) 

[Same progression, except for second line: Gmaj7, A, D7] 

[G, A, Bm7add4] x2 

Isn’t it amazing? (x2) 

 

 

 


