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introduction

This book is designed as a practical guide to field recording for people interested in documenting all forms of environmental sound and recording wildlife. It’s also for musicians and artists who want to use field recording and found sound in creative practice and researchers, podcasters and other practitioners for whom field recording is becoming an increasingly important part of media production and documentation. I address all the key basics before focusing in on advanced topics as we progress through each chapter – so this book is for you if you’re a complete beginner or have some experience of recording with your phone or a hand-held digital recorder. And there’s plenty of content for those who’ve already honed more advanced skills using professional equipment. Note, however, that this book isn’t intended as a training manual for any particular profession, so I won’t be exploring specific trade practices. My primary objective in writing it has been to help you develop a depth of knowledge that will enable you to make creative choices about what, how and when to record.
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While the main focus is on recording airborne sound, I’ll also be introducing a range of tools and techniques for recording in environments you may have considered inaccessible – such as capturing underwater sound. I’ve tried to keep to basic, plain English explanations rather than rely on equations; sound, transmission, diffraction, reflection and attenuation are complex phenomena and there are plenty of texts and resources for those who wish to follow the science. Here, my aim has been to use the science where necessary to explain the reasons why some things happen, and others don’t.

So what is a field recording? I always like to propose the broadest possible definition: any recording that takes place outside the specifically prepared environment of a recording studio. Field recordings, almost unintentionally, capture the acoustical traces of landscapes, locations and populations; the potential intertwining of topography, meteorological phenomena, architectural acoustics, fauna, flora and mechanical processes. That’s a very different proposition to a studio recording where we usually aim to isolate sound and music from the outside world in the pursuit of control and fidelity. Yes, we might want to capture the reverberation of an acoustically engineered room to enhance the recording, but nothing else. In the field on the other hand, we are dealing with the sound of the world exactly as it is. That doesn’t mean we don’t make creative and technical choices to achieve the best results in terms of clarity, focus and content capture but we proceed from the situation as we find it. This is one of the things that makes field recording so exciting. Whether it’s the soundscape of an urban night, a tropical rainforest, a wire fence resonating in the wind or insects moving under the bark of a tree, an understanding of the right tools and the appropriate technique is the key to achieving great results.

The act of listening lies at the very core of field recording practice and the two enjoy a wonderfully reciprocal relationship. Listening informs field recording choices and decisions and the act of recording expands our capacity to focus and really listen to the world around us. This enables us to comprehend depth and nuance in new and exciting ways. Throughout this book I champion the primacy of listening and explore it through the experiences of numerous practitioners and artists.

Chapter 1 kicks off with a deep dive into the world of field recorders and best practice. There’s an in-depth look at the range of products on the market, and this is something you’ll find throughout this book; the world of kit is extremely confusing, especially when you first start looking at options. I spend a huge amount of time advising students, especially keen adult learners, on the equipment they need to achieve their goals, and this always comes with a budgetary consideration. So you won’t find me always championing the ‘reassuringly expensive’ gear; I always consider options at every price point. While what’s presented in this book isn’t intended to be an exhaustive overview of the equipment on the market, I have tried to cover a wide range of manufacturers and products. Where I include price information this is purely as a generalised budgetary guide as prices of individual items will fluctuate. It’s also worth noting that while products will be discontinued and replaced with different or updated units, none of the equipment featured in this book is about to become obsolete. Microphone technology has essentially been stable for decades and any file-based digital recorder will continue to give good service all the time it remains in good working order. And today’s models are simply tomorrow’s second-hand bargains!

Chapter 2 focuses on the nitty-gritty of capturing airborne sound with phones, hand-held all-in-one recording devices and specialist microphones. So I look at the benefits and uses of the many different types of microphone and how to set them up to get the best results. Dealing with wind noise gets a special focus and I explore ways of working in more extreme environments.

Chapter 3 groups together a range of equipment and techniques for exploring what I call ‘hidden’ sounds: sounds you can only hear with specialist equipment. I’ll be covering underwater sound (hydrophones), sound outside the range of human hearing (ultrasound and infrasound detectors), sound transmitted through surfaces, objects and structures – including trees and plants (contact microphones) and the rich world of electromagnetism that bathes every aspect of contemporary experience with its extraordinary tones and sonic textures (coil microphones).

Chapter 4 explores multichannel sound recording. Surround sound is currently going through a phase of rapid development with Dolby Atmos-enabled technologies now in the home and Ambisonic diffusion becoming a regular feature of sound design and gallery experience. Field recordists and content creators have access to a range of exciting new tools for making and delivering work for these environments.

Chapter 5 focuses on the advance planning that makes recording field trips an enjoyable and productive experience. There’s also practical information on both equipment and data management in the field and a list of questions you might like to consider when planning a trip. Plus, there are plenty of professional tips and tricks that will help you save time on the ground and make the recording experience as enjoyable as possible.

Chapter 6 is all about what you do with your recordings once you get back to base. This section about studio practice covers everything from file management and the basics of working with digital audio workstation (DAW) software to the external peripherals (sound monitors, interfaces, headphones and so on) that make working with environmental sound practical and enjoyable. Of all the chapters in this book, this one could easily expand into a separate book! As a result, I stick to basic needs and principles given the space available. So, for example, you’ll find plenty of information about software options and general capabilities, but I don’t go into the operational details of specific software. There’s an overview of the types of plug-ins that are useful to field recordists and some pointers in the direction of the more widely used studio tools.

Chapter 7 is something of an added bonus for a book that’s dedicated to practical advice; the history of field recording is a fascinating tale about technological breakthroughs, famous early adopters, unlikely expeditions and the developments that have made field recording equipment and know-how accessible to everyone.

Writing this book has given me a fantastic opportunity to engage with field recording as a multifaceted and focused enquiry. It’s a discipline I’ve been passionate about ever since I was a young adult managing a hospital radio station in the early 1980s and it’s led me on a creative journey through various aspects of professional practice and into academia as an artist, researcher, technician and facilitator. Hopefully my enthusiasm for field recording comes across loud and clear and I hope this book will encourage you to embrace the richness of the acoustic environment and help you explore, record and enjoy – wherever that journey takes you.

Before we start reading about field recording, we shouldn’t forget the importance of simply listening. So, to that end, let me also point you in the direction of my website (www.marcusleadley.com) where you’ll find an ever-expanding range of recordings, soundscape compositions and more. If you’re interested in my online field recording classes or practical field trip sessions (where I provide a wide range of equipment to try out), details can also be found at www.marcusleadley.com



1

digital field recorder basics

It’s only been a century and a half since Thomas Edison first captured the sound of the human voice. By the turn of the twentieth century, his wax-cylinder phonographs were already becoming standard kit for scientific and ethnographic expeditions. After this, field recording migrated to disk-based systems and the pursuit of sound quality ushered in an era when heavy and hugely expensive equipment (often built into cars and vans) became the property of record companies, national broadcasters and a handful of researchers with academic support. Next came tape-based solutions, increasingly portable high-quality machines and new, lower-cost devices aimed at the mass market. These opened the field to an entirely new generation of professionals and enthusiast ‘sound hunters’. Then came the moving media digital formats such as DAT and minidisk. Digital file-based recorders started to appear in the mid-1990s, and by 2010 had become ubiquitous.
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Recording everyday sound on a budget: Roland R-07.



Today, there are many different types of lightweight digital file recorders to suit different budgets and needs. There’s a good range of small hand-held devices offering all-in-one recording solutions as well as stand-alone recorders for inclusion in more advanced recording kits. Many of the low-cost devices feature built-in microphones and have limited connectivity for additional mics. Intermediate-price solutions continue to offer the convenience of (higher-quality) built-in microphones – but also allow users to connect a range of external microphones/devices. Some will double as a computer interface. Higher-quality/cost field recorders rarely feature built-in microphones; the assumption here is that the user will be making choices about the microphones they want to use and will prefer to purchase a recorder where the cost reflects a focus on delivering the best build quality, circuitry and features.
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Zoom H1essential.
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Tascam Portacapture X8.
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Sound Devices MixPre-3 Mk II.

Zoom H1essential, Tascam Portacapture X8 and Sound Devices MixPre-3 Mk II: examples of contemporary digital field recorders to suit all needs and budgets.




While designs, model numbers and feature sets will change over time, and new technologies emerge, the basics of digital recording aren’t about to change. This is good news; while we may become aware of the limitation of a piece of equipment and choose to upgrade, the current options at all price points will be capable of delivering many years of good service. In this chapter I’ll look at recorder basics, best practice and explore the advantages and disadvantages of each category of field recorder. I’ll also look at some of the more popular brands and models.


Factfile 1.1: Analogue vs Digital Recording

Old-fashioned analogue tape captures sound as a continuous magnetic trace. Hence a high-quality analogue recording can be very accurate. Unfortunately, over time, tape degrades and magnetic traces can be compromised. And analogue copies lose fidelity at each stage of removal for the original recording. So, making a copy of a copy will amplify any system noise and high-frequency content will be lost. Digital signals, on the other hand, are comprised of discrete elements: samples. Each sample reflects a set of values at a specific moment in time. Once numerically encoded, these remain constant and can be copied an infinite number of times without degrading. This doesn’t mean that every digital audio file will deliver maximum fidelity; there is always some trade-off between sound quality and file size. This is why settings can be adjusted and there are different digital file formats for different applications.
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Analogue VS digital signals. Note how lower sample rates introduce inaccuracies.




[image: image]

Uher 4004 Report Monitor (analogue tape) and Tascam DR40. Analogue vs digital; a big difference in size and portability.





Field recorder basics

Signal Path

All digital audio recorders seek to capture sound in realistic detail. To do this, various stages – from the arrival of sound at a microphone to digital encoding and data storage – need to be carefully managed. As the path is dependent on physical processes, circuitry, software, materials and manufacturing methods, decisions will have been made in terms of cost versus quality all the way along the line. For the most part the old adage ‘you get what you pay for’ applies here – but that doesn’t mean that lower-cost units can’t deliver exceptional results.
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Block diagram of recording signal chain.



Microphone/s

At the most basic level a microphone is a transducer – a device that converts sound into an electrical signal. We’ll be looking at microphones in much greater detail in Chapter 2, but for the time being this simplified definition will serve. Sound is a sequence of pressure waves that propagate through compressible gasses such as air, liquids or solids. When the energy of the wave arrives at the microphone it causes a diaphragm to vibrate – and it’s this vibration that’s converted to electrical energy. Microphones need to work efficiently with the next step of the chain, the recorder’s microphone preamp, to maximise power transfer and preserve frequency content. This is achieved by ‘matching’ the low output impedance of the microphone with the input impedance of the preamp (see Factfile 3.2 for more information). With built-in microphones, this relationship is designed in. For obvious reasons, the specifications of most of the external microphones we are likely to use for field recording and the full range of field recorders are designed to be complementary. High impedance piezo-based contact mics and hydrophones are an exception, and we will look at these in Chapter 3.
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XYH-6: one of a range of interchangeable mic capsules for Zoom recorders.




Preamp

The preamp takes the low-level output from a microphone and amplifies it. Much of the cost of the more expensive recorders is associated with preamp design and component quality, so expect greater efficiencies, which are reflected in sound quality. High-quality microphone preamps will be high-gain units, which is ideal when recording quiet sounds. They will have a low noise floor (so less of the hiss you hear in the background of the recording that’s generated by the recorder itself), deliver a tonally accurate character over a wide dynamic range and, if properly set, plenty of headroom. Headroom is the ‘distance’ between the recorded signal and the onset of digital clipping at 0dBFS – often referred to as the distortion ceiling. Low-cost preamps can’t compete in terms of gain and will have more self-noise. However, your budget is going to be the deciding factor here – or you may simply not want to invest a lot of money at this stage if you’re new to field recording. The good news is that the well-designed preamps of even the entry-level hand-held devices perform remarkably well. Note that much of the above relates to the preamps of the contemporary recorders designed along ‘traditional’ lines which are still in the majority; we’ll be discussing the specifics of the alternative 32-bit floating point technology in a separate section later in this chapter.

Analogue to Digital Conversion (ADC)

Analogue sound is continuous, physical vibration and it needs to go through a conversion process in order to be stored as digital information. It needs to be sampled – listened to or described – at regular intervals. Contemporary devices use Pulse-Code Modulation (PCM) to do this: either integer PCM (samples are represented by whole numbers) or floating point PCM (decimal points and exponents are used to allow for the handling of values with fractional parts and a wide range of magnitudes). With integer PCM we need to set the sample rate and bit depth (see Factfile 1.2 for an in-depth explanation). Higher sample and bit rates deliver more accurate, higher-quality recordings. However, this means larger files. This is less of an issue now than it was in the early days of digital recording due the relatively low cost of SD memory cards and other storage media. With floating point PCM we still need to set the sample rate, however 32-bit is the default standard. In both cases, once the analogue sound is converted to audio data it is digitally processed for storage.

File Format

Digital recorders based on integer PCM processes allow us to select different file formats for recording and the most common are Waveform Audio (WAV) and MPEG-1 Audio Layer 3 (MP3). WAV is an uncompressed, lossless format and MP3 is a compressed, lossy format. In this context, compression refers to a process that’s designed to generate smaller file sizes. The simple take-home message here is always use an uncompressed, lossless format for field recordings – unless for some reason you only have very limited data storage capacity and/or capturing content is more important than fidelity. For example, recording a long lecture. MP3 can still sound remarkably good and the small file size is necessary for many audio-streaming or online distribution applications. However, the information content is significantly reduced (see Factfile 1.2). If you’re planning to use plug-ins or any other form of processing in postproduction, make sure you’re recording high-quality, lossless audio. And you can always convert from WAV to MP3 later, as required. You can also do the conversion the other way around, but you won’t gain any audio quality. For both WAV and MP3 files you can specify a higher or lower recording quality. With WAV this means selecting the appropriate sample and bit depth; for MP3 you select kilobytes per second (KBPS): the bit rate. In both cases, higher numbers always equate to higher-quality audio – but this means larger file sizes.

It’s my feeling that 48kHz/24-bit is still an acceptable standard for documentary field recording, collecting material to use in soundscape composition and in the development of materials for music and home-brew special effects. And this won’t break the digital storage bank! If you’re planning some extreme processing, especially downward pitch shifting, you may want to experiment with 96kHz/24-bit source files to ensure that you’ve recorded high-frequency content to bring down into the audible range. Bear in mind however that taking advantage of higher-fidelity audio files means more data usage at every stage of your process: bigger sessions on your computer and more drive space for backups. Older computers may also struggle with the extra CPU demand.


Factfile 1.2: Sample Rate and Bit Depth – The Deeper Dive

The terms sample rate, bit depth and WAV file began to enter popular consciousness in the early 1980s when CDs were introduced; 44.1kHz/16-bit WAV was the file format for the medium. WAV files can have both higher and lower sample/bit rate than this and these factors determine audio fidelity. The sample rate defines how often the sound is described, measured or recorded (in other words sampled). For the old 44.1kHz standard this was 44,100 times per second. The higher the sample rate, the closer you’ll get to the ‘smoothness’ of the original analogue sound. The sample rate also dictates how wide a frequency range you can record. The best-case scenario for human hearing (high-frequency hearing loss begins naturally at around the age of 18) is 20Hz–20kHz. Most 40-year-olds cannot hear above 15kHz. To capture and then reconstruct a specified bandwidth, the sample rate needs to be at least double the highest frequency. Hence, we can see why 44.1kHz became established as the first standard, balancing adequate fidelity and minimum data requirement.

Do we need to record sound outside the range of human hearing? We’ll certainly want to record ultrasound if we are recording dolphins, bats and some species of whale that use it for echolocation – and in any other situation where we are planning to shift recordings down into the range of human hearing – otherwise we will have no content to convert. And we might want to do this more generally for material we plan to use in composition or for making sound effects. At a more general level, ultrasound has a role to play in the subtle psychoacoustic effects that contribute to how sound is perceived, not simply heard.

The bit depth establishes how great a range of volume increments can be described for the sound being sampled. It basically describes how many digits are used to store each sample of the analogue signal. Higher bit depths give a more accurate representation. Again, the old CD standard of 16-bit audio offered 65,536 volume increment options (2 to the 16th power). When CD was the dominant commercial carrier there were plenty of field recordists who could see no point in using higher-fidelity recording options (even though DAT audio tape could record at 48kHz) because ‘hey, it’s going to end up on a CD anyway’. Post-CD, we find ourselves in a world where commercial listening formats such as MP3 and M4A offer a significantly reduced level of audio fidelity. Thankfully, the attitude of most professionals now reflects the underlying belief that the best way for sound to survive the transition to MP3 is to start with the highest resolution file possible. Most field recording professionals use 48kHz/24-bit which is the current industry standard (so sampling 48,000 times per second and offering 16,777,216 [2 to the 24th power] volume increments). With the general availability and falling cost of high-capacity storage media we can now also consider 96kHz/24-bit recording or even the 192kHz/24-bit option for ultra-hi fidelity work.

Bit depth also determines the dynamic range – this is the distance between the quietest and loudest signal that can be recorded. If the loudest signal exceeds this threshold, the result is audible clipping. If it’s below, there is headroom. The dynamic range for 16-bit is approximately 96dB, for 24-bit it’s 144dB. This all needs to be put in context; in the real world, sound rarely exceeds 120dB – think a massive thunder clap directly overhead or someone firing a shotgun in a nearby field. So surely 24-bit recording is all you’re ever likely to need? The problem is those pesky quiet sounds; in order to capture them you have to add gain from the mic preamp, and this squeezes the dynamic range. So, when you’re recording those quiet insect sounds in the hedgerow and a motorbike goes past, the noise exceeds the dynamic range and the signal clips. This brings us to the merits of 32-bit float recording – more about this shortly.





Signal and Level Management

The meter on an integer-based PCM digital field recording device is calibrated to show a scale up to 0dBFS (decibel full scale), the highest signal level that can be achieved before the onset of clipping. People often incorrectly refer to this marker as 0dB, which is essentially meaningless, because all uses of the decibel require some form of qualifier. For example, 0dB SPL (sound pressure level) is used to indicate the quietest sound that is perceivable by the human ear. When digital recordings exceed 0dBFS (unless using 32-bit float technology) the recording will start to clip and distort. This may be heard as audible clicks at the point of peak signal level. In more extreme cases, for example when a gust of wind hits an unprotected microphone, the audio content will be entirely obliterated. Isolated clicks can often be dealt with in postproduction but avoiding digital distortion in the first instance should be one of the field recordist’s primary aims.
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Digital meter showing ideal recording level between -12 and -6 DBFS



So what is best practice when it comes to setting levels? Ideally, we want our meter to read as close to 0dBFS as possible but not exceed this, even momentarily. At the same time, we want a good, healthy signal level; low-level signals generate their own problems – some level of system noise is an inherent characteristic of all recording devices based on integer PCM technology. While the digital medium itself doesn’t contribute (so none of the tape hiss we had in the analogue era), microphones and preamp combinations deliver a degree of self-noise. Indeed, this is one of the major differences between budget and professional equipment; minimising a unit’s noise floor requires a no-compromise approach using the highest-quality components. If the incoming signal is recorded at a low level it will be closer to the recorder’s noise floor and this will become apparent in postproduction when we attempt to lift the gain in order to deliver a good listening level.

What we need to aim for in the field is the best possible signal-to-noise ratio. This is achieved by keeping the meter level between -12 and -6dBFS whenever possible. This is relatively easy to achieve in relation to recording music, urban locations and close mic’ed details. However, rural and wilderness environments can be highly problematic. It’s here that budget equipment really struggles to deliver detail in low-level signals, due to microphone sensitivity/quality and recorder self-noise. By comparison, high-end solutions offer a lower noise floor and higher gain mic preamps. This doesn’t mean that budget solutions cannot be used in these environments, simply that one cannot expect the same level of pristine sound quality. However, 32-bit technology is designed to function very well with low-level signals and the release of budget and intermediate-priced solutions is making it accessible for more enthusiasts.

On the subject of system noise, there is an issue here concerning perception that relates to monitoring in both the field and the postproduction/listening environment. In both situations there is a tendency to listen to environmental recordings too loud: in the field to mask the actual environmental sound coming from beyond our headphones and in post when, without visual stimulus, it’s tempting to turn up the volume beyond what was present in the actual environment to create impact. When we do this, we also turn up any recorder noise so hiss can seem more apparent than it actually is. Here it can be useful to use a sound pressure level meter to take ambient readings in the field and establish the same SPL in the listening environment.

32-Bit Float Recording

Professional recorders have offered 32-bit floating point recording as an option for some years and it’s now becoming firmly established in the entry level and intermediate product arena. Zoom, for example, is betting heavily on its 32-bit technology and has replaced its older H1, H4n and H6 models with new 32-bit only units. A new H2essential has also been released and there’s a new ‘pro-grade’ handy recorder, the H5 Studio. Tascam has introduced the FR-AV2 with a similar footprint to the Zoom F3 but offering 24-bit recording as well as 32-bit and enhanced timecode functionality for syncing with cameras. Deity is offering the PR-2, which can also generate or sync to timecode and supports mono and stereo mics on 3.5mm plugs.

Fundamentally different to the fixed-point recording we have been talking about so far, 32-bit recording uses decimal points and exponents (power or index – indicating how many times a base number is multiplied by itself). As a result, much larger and smaller numbers can be represented. The dynamic range – the difference between the quietest and loudest sounds that can be recorded – is incredibly wide: approximately 1528dB. This far exceeds the capabilities of fixed point (integer) PCM recording equipment. To put this into context, the dynamic range of a 16-bit WAV file is 96.3dB and a 24-bit WAV file is 144.5dB. Given that the loudest sound ever heard on Earth is estimated to have been around 200dB at source (the Krakatoa eruption of 1883) the format isn’t going to have a problem capturing a Formula One race car (around 115dB), a shotgun blast (150–160dB) or a rocket launch (160–170dB). Indeed, the simplest way to think of a 32-bit machine is as a wide dynamic range recorder.
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Clipping advantage of 32-bit float recording.




What does this mean in practice? Unlike traditional 24-bit recording, where signals that exceed 0dBFS result in irreversible clipping, 32-bit float recording preserves the original waveform even if the audio appears to be clipped when viewed in digital audio workstation software (DAW) such as Garage Band, Cubase or Pro Tools. Clip gain can be reduced in post-production, and the audio will sound fine. How so? Remember that 1528dB dynamic range – where 0dBFS for the integer PCM is a hard limit, which cannot be exceeded without distortion – 32-bit offers an additional 770dB headroom.

As well as this clipping advantage for loud sounds, 32-bit offers benefits for recording quiet sounds. With 16- or 24-bit recording, capturing quiet sounds means increasing preamp gain which adds system noise – more or less depending on the quality of your recorder. As no gain is added in the 32-bit scenario, quiet sounds can be boosted in postproduction with no increase in system noise. However, it’s important to note that it won’t stop issues generated by mics, cables or poor technique. Contemporary entry-level 32-bit field recorders employ dual analogue to digital converters (ADCs) with different gain settings. More expensive professional recorders use multiple ADCs. In the dual converter scenario one captures quiet sounds cleanly, while the other handles loud sounds without distortion. Which ADC is used to process the incoming signal is determined automatically and the system combines these inputs into a single 32-bit float file, preserving detail in both loud and quiet sounds. In the case of the lower-cost units there are no gain controls: they are essentially ‘point and shoot’ devices. What you adjust on the recorder’s screen is the level of the monitor mix, so you can see that something is being recorded. So, in terms of the recorder, there’s not a lot for people to get wrong; none of this ensuring that gain is set between -12 and -6dBFS, choosing file formats, bit depths and so on.

With more fully featured intermediate and professional 32-bit recorders that do allow for gain adjustment what you’re establishing is a zero point. In reality the recorded file is the same wherever you set this – or don’t, as the case may be. Once the file is in a DAW you can simply turn the clip gain up or down and arrive at exactly the same result. However, this isn’t to say that setting gain isn’t important; what will be different when you import the audio will be the appearance of the waveform, so you won’t necessarily need to adjust the gain in postproduction. And this saves time.

Looking at the benefits of 32-bit recording on paper makes it sound like a game changer. In reality there’s a lot of resistance to the technology – much of which is coming from the pro-audio community, and not without good reason. Location sound recordists and post operatives have been working with 24-bit workflows for a long time. This is the current industry standard and it’s the format one group expects to deliver and the other to receive. However, the argument goes beyond just a resistance to change: 32-bit does nothing in relation to poor technique, and microphone and preamp distortion doesn’t just go away. A good location sound mixer will have an understanding of mics, techniques, gain staging and multitrack recording so 32-bit is a solution for managing dynamic range problems they rarely encounter. Also, 32-bit files are around 33 per cent larger that 24-bit files and this impacts every aspect of recording and production.

So, on the one hand, location sound professionals don’t want to let go of what are considered (rightly) to be good craft skills. On the other, professional post operatives do not want a world where location sound recordists are simply passing more of the workload over to post, and it is certainly the case that 32-bit recording can do this. On more of a technical level there are also debates about the different proprietary methods by which the signals from the high- and low-gain ADCs are blended into a single digital file – and whether this introduces digital artefacts and audible precision errors. And it doesn’t help that much of the marketing for 32-bit sets the technology up as an easy-fix, hassle-free solution for inexperienced sound recordists and videographers.


[image: image]

Zoom F4essentials. Convenient 32-float recording on a budget.



Looked at from the perspective of a field recording enthusiast, developing skills using a 24-bit recorder will stand you in good stead no matter how the technology evolves. However, 32-bit is a contemporary solution that will go a long way to ensuring that your recordings of loud sounds, quiet sounds and environments evidencing a wide dynamic range are captured successfully. For anyone in situations were monitoring and adjusting levels on-the-go isn’t practical – journalists in the field, solo filmmakers, people involved in recording personal engagement in sporting activity, cycling, riding or simply on the move – it offers great promise. And realistically if you’re the same person adjusting files in the DAW after a field trip, where the workload sits is of no real consequence.

One final point to note about working with 32-bit files is that you don’t have to set the DAW session to 32-bit in order to import them; all contemporary DAWs can read and process 32-bit float files internally – even if they are set to a different bit depth. So they can be treated like any other file. And your software will be able render/bounce files at different sample rates and bit depths (also MP3 if required) so you can supply any format that is required.
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Tascam FR-AV2 – offers 24- and 32-bit recording.



Storage Media


With the exception of a few high-end devices with built-in hard disks, all contemporary field recorders use SD memory cards. Some older units still in service (such as the Sound Devices 702 or Fostex FR2LE) use the larger CompactFlash format. SD cards are readily available and even the high-capacity cards are relatively inexpensive. However, all removable media is capable of failing so committing all your audio to a single card doesn’t represent best practice: using multiple cards across a field trip helps to spread the risk and backups to computer should be made whenever practical – certainly at the end of every day in the field. Generally speaking, the consensus is to use cards up to 32GB but not higher. Another reason to use smaller cards is that some recorders, such as the older Zoom H4n, take much longer to scan and load large-capacity cards, so there can be a tedious delay at the start of each session. All memory cards need initially formatting in the recorder. It’s also best practice to reformat cards once files have been safely backed up elsewhere before reusing them. Not all cards on the market are born equal – for field recording always choose cards with a speed class of 4 or higher. SanDisk, PNY and Kingston cards are generally reliable and long lasting.
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Digital recording media: micro SD card in adaptor and older style Compact Flash which is used by older model digital field recorders and digital cameras.



Automatic Level Control (ALC)

Some of the biggest recording challenges present themselves in environments where the ambient sound level is relatively low, but this is interspersed with bursts
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