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This issue of AudioWings features a range of articles 
from AWSRG members. Expert storyteller Steve 
Shepard shares his insights on using the sounds of    
nature for storytelling. He challenges us to listen even 
more carefully, to listen and to record with the story in 
mind. Steve also encourages us as sound recordists to 
be ambassadors for the natural world. Nature needs 
ambassadors now more than ever before.  

Rob Garbutt is an academic who takes an inter-
disciplinary approach to issues of place, identity and 
belonging. Rob’s article, Fluencies, is a lovely and very 
practical account of his development and exhibition                 
of an interactive sound map. It is also a great example 
of the use of sounds from nature to tell a story and perhaps 
even more, to ask a question of the listener.  

Rod Thorn explains 32-bit float, its implications for 
managing recording levels and how it relates to different  
components of the recording chain. I worked with Rod 
on this article and we worked hard to find a level of 
technical detail (Rod’s strength) that is helpful to the 
field recordist (where I came in) without being over-
whelming. I hope that it is helpful. 

I contribute a short piece about black currawongs, a 
species which I came to love on a recent trip to       
Tasmania. In it, I speculate about social learning in 
black currawongs, and ponder whether information is 
being exchanged at roosts as has been demonstrated in 
the American raven. As I write this editorial, an article 
has just been published in Science demonstrating    
social learning in sulphur-crested cockatoos. There is 
still so much to learn, and so often it seems we find 
that we have under-estimated other species. 

I also worked with Michael Cerulli Billingsley, the 
inventor and patent holder of SASS microphone arrays, 
to provide an account of the history of SASS. It is 
more than the story of SASS though, highlighting the 
inventive nature of wildlife sound recordists. Good 
wildlife sound recordists are resourceful, DIY folks, 
experimenting with and adapting gear that was        
designed for studios, for use outdoors where the condi-
tions are far from controlled.   

I extend my sincere thanks to all contributors and put 
out a plea for your contributions. Over the last few 
years we have only had enough content to produce one 
issue a year. As a member’s journal AudioWings func-
tions best when members contribute. We welcome all 
contributions, long or short, technical or anecdotal; be 
it a book review, an account of a recording adventure, 
analysis of a species’ vocalisations, a gear review, or 
an account of your bioacoustics research. As always, I 
would like to thank John Campbell for his editorial 
assistance, and Tony Baylis for the practical side of 
AudioWings’ production.  
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When a novel coronavirus emerged in early 2020, the 
science suggested it would likely lead to ongoing  disruptions 
in the way we lived. Nature is not to be negotiated 
with, and 'snapback' was unlikely to happen as our 
leaders fantasised. And so it has eventuated. 
Online Seminars 
After last year's surprisingly well attended online 
AGM, I felt it would be a welcome initiative to have 
regular occasions for us to gather, share expertise and 
keep in touch. It would also allow us to reach out and 
extend our community. 
Since late last year, we've held seminars online via 
Zoom most months, with sessions being given by both 
members and invitees from outside the AWSRG.   
Topics have ranged from technical tutorials and fieldcraft, 
to research and conservation issues. My thanks to those 
who've taken the time to offer talks. Most recently, we  
hosted a Listening Party in which members shared their   
recordings - a  fascinating event which amiably entertained  us 
for over two hours. 
After some feedback, and in consideration of the     
organisation involved, it was decided to scale back our 
seminars to maybe one every two months, with listening 
events maybe twice a year. We'll see how that pans 
out.  
A page on our website has been established to  advise 
of upcoming events, and list past ones with links to 
recordings to be viewed later. An AWSRG youtube 
channel has been set up to host these videos/audios: 
http://awsrg.org.au/seminars/ 
Upcoming sessions will be promoted via a new post to 
our website, which automatically generates an email to 
all who are subscribed to our site. I encourage anyone 
not subscribed to do so ('Follow the AWSRG' in the 
right hand margin), as it is our primary means of keeping in 
touch. 
Email forum  
Additionally to our website, an AWSRG email sharing 
list has been established: 
https://awsrg.groups.io/g/main  
This has been a good forum for us to communicate  on a 
more conversational level, allowing us to both discuss 
among ourselves and welcome enquiries and requests for 
advice from newcomers. So please sign up to that as 
well.  
AudioWings digital archive 
Meanwhile, our indefatigable team of Sue, John and 
Tony have continued to publish AudioWings as both 
journal and CD. My thanks to them all, and encouragement 
that you all support their  commitment by contributing. 
Send in a recording, write an article, we've all got 
something to offer.  

AudioWings not only allows us to share among ourselves,   
but embodies our group's history. I've been pleasantly 
aware of this as I've undertaken the process of collating          
all past editions, and preparing both CDs and journals 
for digital access. I'm pleased to say that the entire     
AudioWings archive is now available online:   
https://awsrg.bandcamp.com/ 
You can listen to tracks, download any edition 
(complete with accompanying journal in PDF format), 
and browse updated databases of all recordings (via the 
member's section of our website). All journals are 
available to download as PDFs in the member's section 
too.  
Albums are available to purchase for members of the 
public, but we have made all of them available to current   
paid up members for free. Your annual membership 
gives you access to the member's  section of our website,    
and from there you can  access free codes to download 
albums. 
 Option to receive AudioWings digitally 
Having established this digital archive, we can now 
offer AudioWings as a download option, which reduces 
the costs of CD replication and postage. If you're happy  with 
a digital only version, please advise and we can forward 
you a free code to download the latest edition. 
So what began as a cassette passed from member to 
member, and which morphed in 1998 into the AudioWings 
we know and love, is now available at the world's   
fingertips. I'm proud of what this group has achieved 
over those years, and much of that is embodied in               
AudioWings,  so it is satisfying that it is now readily  
accessible to all. 
Biennial Conference 
I'm pleased that all this online activity has consolidated 
the AWSRG's past, offers future promise, and is an ongoing 
opportunity for us to keep in touch. However I miss the 
personal gatherings. This year should have been the 
occasion of our next biennial gathering. After discus-
sion among the committee, it was felt that organising a 
physical event risked too much uncertainty. Given the 
current situation as I write, that has been affirmed as 
the right decision.  
Our next AWSRG conference seems the least of the 
world's problems right now, so we'll just have to     
continue to review the situation and conceive future 
plans accordingly. Perhaps smaller, regional gatherings 
may be an option we can explore.  
In the meantime, I hope you can continue to get out 
and record some sounds, and when you do, think of 
sharing some of what you document with the rest of us. 
We need as much nature inspiration as we can get.  
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This is an account of how I went about developing 
an interactive sound map, titled Fluencies, of a 
section of a river catchment. As such, this is not 
about wildlife recording so much as outlining an 
idea and a process for engaging people with a set 
of recordings that can be applied in a wide range 
of situations. Here I’d like to do two things: first, 
say something about how this project began, then 
get into the nuts and bolts of creating an interac-
tive audio surface. 

Sources 

It is a warm Friday afternoon in February 2019 at 
the Lismore City Bowling Club, and it’s a perfect 
time for chatting with a friend over a beer. As we 
surveyed the greens, the wind stirred the bamboo 
on the riverbank to our left and it too began chat-
ting amongst itself and to anyone listening. It cer-
tainly got my attention. I was back the next day 
with my latest gear interest: two Aquarian Audio 
H2a    hydrophones along with a couple of band-
ages to bind them to the bamboo culms, and my 
Zoom H6. This recording session led to an interest 
in the riparian zone (the land adjoining the river 
and its streams) of the Richmond-Wilsons system 
which is one of the most environmentally degrad-
ed river systems on the New South Wales coast 
(Ryder, et al. 2015).  

I had the opportunity to turn that interest into a 
creative work (Garbutt, 2020), and that led to being     
invited to be part of an exhibition planned for   
August 2020 titled Speaking With the River 
(LabX, 2021). COVID-19 intervened, and the   
exhibition opened at North Coast Regional Gallery, 
Ballina, on 11 March 2021. While recording river 
sounds, I had also been drawing a map of the   
Wilsons River in Adobe Illustrator by tracing over 
1:25 000 topographic maps. What I loved in the 
drawing was the way the rivers and creeks became 
visible as a ‘circulatory system’ free of the usual 
(and usually useful) information that crowds a 
topographic map.  
It was in this context that the invitation to be part 
of an exhibition at Ballina came, with a request 
from the lead curator, Grayson Cooke: ‘I’d like 
you to fill the back wall of the gallery with your 
map, and Leah Barclay told me there’s a sound 
card and conductive paint that allows you to make 
the map interactive; maybe you could integrate 
your audio recordings with the map?’ I didn’t   
exactly say yes, and I didn’t say no either: ambivalent, 
but a course was set.  
Amid this river mapping and recording obsession, 
I came across Annea Lockwood’s work, especially 
her 1989 A Sound Map of the Hudson River and 
the monumental 2008 A Sound Map of the Danube.  

Fluencies – Creating an interactive sound map of the Richmond River, NSW 
Rob Garbutt (https://robgarbutt.com/project/fluencies-sound-map/) 

A family interacting with Fluencies  
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The Danube sound map was exhibited as a 166-
minute sound loop, with a map 90 cm high and 
180 cm wide. This was accompanied by a timer as 
well as a track and time listing so that a listener in 
the gallery could identify where on the 2,880 kilo-
metre long Danube the sound loop was up to (Kim 
& Lockwood, 2020; Lockwood, 2008).  

A sound mud map  

Annea Lockwood’s sensitive sound work was a 
guide and inspiration for Fluencies. The final con-
cept was to have a large, wall-sized map, which 
incorporated sensors, each able to detect a hand 
hovering over it. When triggered, the sensor would 
send a signal to the sound card, which in response 
would play a track recorded at the site indicated by 
the sensor position on the map.  

Fluencies, then, had three main components: 

   1.  the map 

   2.  the audio tracks 

   3.  the audio hardware. 

The map 

A final installation view  
The final Fluencies map took about 18 months to 
complete, although because I drew the entire   
Richmond-Wilsons River catchment, the final 
drawing was far more than was needed to indicate 
the recording locations.  As I mentioned above, the 
map was drawn in Adobe Illustrator. As this is a 
vector graphics program, the final outputted imag-
es can be scaled to any size while maintaining a   
constant line thickness (1 point for major water-
ways, 0.5 point for everything else). For Fluencies, 
this final image was pretty much the size of my 
allotted wall in the gallery space, that is, around 2.7     
metres high and 6.2 metres wide. I wanted Ballina, 
located at the eastern side, to be just below eye 
level and the very start of the system to be at the 
western end: that geometry gave me the scale of the  
section of river I was to work with for the audio 
recordings. 

The final map was printed on PhotoTex, a polyester    
fabric backed with repositionable adhesive. As the 
printer I was using had a width limit of 42 inches, 
the map was made of 6 ‘wallpaper’ strips with an 
overlap of 15 mm or so. The final installation of 
this map by the gallery staff (a curator and an installer  
and me anxiously ‘helping’) was a display of 
amazing attention to detail and care that took 
about 5 or 6 hours to complete. It was exhausting. 

The audio tracks 

With the scale of the map known, I worked out 
sites for each audio recording. On the map, each 
site needed to be within reach of most peoples’ 
hands, with some low down for children, and all 
well-spaced across the map. Although the sound 
card allowed for 12 tracks, I decided to use recordings 
from just 10 sites, so as not to crowd the map with 
sensors, spaced fairly evenly west to east. I also 
wanted to include a good range of recording sites, 
for example, tributary creeks, the main river, 
swamps and lakes. Identifying recording sites took 
some time poring over maps and reconnaissance 
on the ground, as Australia’s waterways are so often      
on private land with no public right of access, and 
often what appears to be a passable track on a map 
does not actually exist.  
As I recorded, I often recalled Leah Barclay’s 
words at the 2019 AWSRG conference workshop 
at Smith’s Lake: ‘It is important to accept what is 
there’. Through many encounters with noise from 
such marvels as cars, trucks, aeroplanes, chainsaws      
and farm machinery, Leah’s words meant accepting    
that for a document of Richmond River audio, it 
was important not to aim for a ‘pure’ or ‘natural’ 
environment on each track. If anthropogenic sound 
was absent then that was fine, but because we are 
entangled with our environments, the river and its 
catchment is complex in its ‘nature’. In a degraded 
system such as the Richmond this is especially so: 
low water flows due to pumping, or reduced birdsong  
because of riparian clearing, for example, yield 
recordings that are already altered compared to a 
healthy natural environment even if anthrophony 
appears absent.  
Similarly, I came to appreciate that there is not one 
Richmond River – our single western geographical 
name encompasses a multiplicity of waterways, 
swamps, billabongs and ponds. To develop a sonic 
relationship with the river requires embracing 
more fluencies that we can hold onto. 
At each site I adapted my recording strategies using     
microphones and hydrophones, typically connected        
to my Zoom H6. Sometimes I’d leave a recorder 
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out overnight to pick up the next day, but generally       
I’d arrive at a site before dawn for a three (or four)
hour session. I had two primary setups. The first 
was a 60 cm long piece of 3 mm dowel mounted 
on a tripod, to which I’d clip on two DPA4060 om-
nidirectional mics with windjammers as an AB spaced 
stereo pair with a 60 cm separation. I later used a 
similar arrangement housed in a large Rycote   
Cyclone for extra wind noise minimisation, with a 
slight variation as the Cyclone allows a maximum 
of 40 cm separation.  
Where I was interested in the range of sounds in an 
environment, for example, where there is flowing water, 
or on a ferry where sounds emanate from an orchestra    
of machinery, my favourite setup    was to ‘compose’ 
recordings using what I came to think of as my 
sonic vacuum cleaner. I replaced the   stationary 
tripod with a light Manfrotto monopod (or with 
the Cyclone, a more substantial RØDE boompole), 
and slowly walk or sweep across the environment 
finding sequences of sounds that   intrigued me. 
Back home, I drew my map while listening to my 
recordings, making notes on them as I listened. 
For overnight recordings this was meditative 
work. I then would make a folder of short clips 
from the longer recordings. Amadeus Pro is excellent   for 
that sort of slicing work, as well as putting together      
stereo files from mono recordings: it is cheap and 
lives up to its tag of being ‘the Swiss Army knife 
of sound editing’. 
From the short clips, I would compose the track 
for each site in Logic Pro X. I use Logic because I 
first learnt to work with audio in GarageBand, and 
Logic is GarageBand after months working out at 
the gym. I don’t understand 90% of its functions, 
but I’m fortunate to have some support from music  
techs at Southern Cross University who are patient 
tutors: thank you Steve Law. At first I was intent on 
using ‘dry’ mixes because I’m a purist at heart, but   
Steve, being a music tech, introduced me to EQ 
and Compression modules in Logic, and that 
swayed me towards using these tools for the final 
mix. This is where I’m particularly out of my depth 
and am learning-by-doing, however, with these 
tools I feel as though I’m able to focus a track on 
what it is I am hearing in that way our ears and 
brains focus our listening. Also, after much mop-
ing about mixes that sounded great in my head-
phones but lost their vim on my speakers, I real-
ised how much the technology of recording and 
reproduction is already an intervention into our 
sonic worlds, so a little EQ or compression is like 
icing on an already sweetened cake.  

Along the way Steve recommended Sonarworks 
Reference 4 software, which flattens the acoustic 
curve of most quality makes of headphones and so 
reduces disappointment when switching between 
headphones and speakers. By the time I was getting        
to the final product for the 10 tracks, however, I 
had bought some speakers for the gallery installation    
that I could also use in my developing home studio,          
a pair of Adam Audio T5V near field monitors. 
That way I could get a good sense of how things 
might sound in the gallery space. Those smooth 
white gallery walls and ceiling, with a concrete 
floor and people talking, are not ideal listening 
conditions. Under those conditions, the fact that 
the final tracks needed to be .mp3s, the only format      
my sound card would read, was not a problem as 
far as audio quality was concerned. 

Audio hardware 

A Bare Conductive Touch Board (Bare Conductive, 
2021b) brings the map and audio components   
together. Core Electronics (Core Electronics, 2021)         
in Newcastle, NSW distributes these in Australia. 
The Touch Board is USB-powered and has 12 
touch-sensitive electrodes that can be connected to 
a touch sensor or a proximity sensor. When an 
electrode detects a trigger from a sensor, it plays 
the corresponding .mp3 file via a 3 mm stereo jack 
to speakers or headphones.  

The Touch Board wired into the sound map 
A proximity sensor allows someone to place their 
hand near the sensor rather than physically touch 
it. The sensor itself can be made of any conductive 
material, including conductive paint (Bare Conductive, 
2021a), however, this only works for small projects. For 
my almost 7-metre-wide map, I needed to use copper   
foil as the sensor, which had to be soldered to a 
shielded cable connected to the Touch Board. This 
simple-in-theory setup took many sleepless nights 
of despair to get working-in-practice. I disguised 
the copper foil sensors with a PhotoTex layer that 
stuck the sensor to the map like a big Band-Aid. 
On the Band-Aid I had printed the section of 
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catchment where the audio was recorded, and that 
section of map was melded with a photograph of a 
person’s hand. The hand would indicate to a gallery    
visitor that this was a place on the map that could 
be activated. The hand models came from people I 
approached who had a connection to each recording   
site. 

When the sound map is installed, people can go to 
any of the sensors, place their hand near it (about 2 
cm or so), and the audio track will play.  

Bump out 

It is 30 April 2021 as I write this. In two days,  
Fluencies comes down and the exhibition Speaking 
With the River closes. The Bare Conductive Touch 
Board and the sensor setup has been stable for the 
eight weeks it has been in operation in the gallery 
and easy for gallery staff to turn off and on. While 
the work itself will come down, the tracks contin-
ue to be available via Bandcamp at https://
robgarbutt.bandcamp.com/album/fluencies. 

The intent of this work was to bring attention to 
the river itself, through mapping and sound, in the 
hope that deepening relationships with the river 
translate into care for it. In the conversations I’ve 
had, Fluencies has achieved that goal with varying 
degrees of success. 

And my intent here was to describe a way of     
presenting recordings via an interactive surface – 
large or small. I’m always happy to share more 
detailed information if you are interested to experiment 
with a setup like this for your own work. 
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We are wired for story. 
40,000 years ago, before humans had language, we 
told stories. We painted them on the walls of 
caves; we pantomimed them by firelight. Why? 
It’s simple, really. The one thing we have that 
makes us truly different from other species is complex, 
well-developed language. It’s true that other species    
have modalities of communication that serve them 
well, but as far as we know, they don’t have the 
breadth and depth and richness, the granularity, 
the vocabulary, that humans have developed. And 
why does this matter? Because of nuance. Language   
allows us to describe complex objects and even 
more complex emotions. It’s often a function of 
adverbs: whereas most species are capable of 
thought patterns that speak to the ‘what’ of their 
surroundings (good to eat/bad to eat, predator/
prey, male/female, fight/flight), humans can ask 
‘why,’ a much richer and more complex question 
that in turn, leads to our ability to tell stories. 
Those stories lead to connection, which in turn 
gives rise to community. And community? That’s 
all about survival. 

Community is more than the town we live in.  
Community is our immediate family; it’s the sum of      
the relationships we share with our work colleagues;    
it’s the interplay among professional organisations.     
And for many of us, it’s the relationships we have 
with the other species in the world, and the sounds 
they make. On one level, the sounds of the natural 
world are a symphonic performance to be taken in, 
to be enjoyed, to be captured and shared with others      
for nothing other than the pure joy they create. At 
another level, we are driven to listen with a very 
different intent - the desire to understand. There is 
a story buried in the sounds emanating from the 
forest, the woodlot, the grassland, the pelagic 
depths, the savannah. Whether we are hunkered 
down in the forest surrounded by recording gear 
from our lab, or we are out for an early morning 
walk with nothing but our ears, we seek the same 
thing: to understand. To comprehend. To know. 
To be part of the story. 

One of the mantras of the storytelling craft is that 
‘A person cannot hear until they have been heard’. 
This is why storytelling is such an important skill 
for us to develop. Why? Because it is story that        
allows us to motivate others, to help paint a compelling 
picture of where we’re going, and why.  

For years, studies have been conducted in the business 
world about the effectiveness of information retention 
techniques. One thing is clear: a presenter or teacher  
can provide exhaustively detailed and exquisitely         
accurate facts and figures to an audience, or to a 
constituency they wish to influence, or to a funding 
agency, or to a customer base, and the audience will 
forget - real number, now - 95 percent of them. 
Why? Context - or, better said, a lack of it. And it 
isn’t because of a lack of interest, or poor delivery 
skills on the part of the presenter. It’s about anatomy    
and physiology - specifically, that of the human 
brain. 

Generally speaking, the brain is divided into two 
major functional regions: the limbic brain, which 
controls emotions, decision-making, and low-level 
behaviours related to survival; and the neocortex, 
which is the home of language and, for lack of a 
better phrase, ‘data processing’. When presented 
with complex information, the neocortex takes it 
in and stores it, but has no ability to act on it. 
That's the job of the limbic brain, where decision-
making takes place.  

But remember: the limbic brain is also the seat of 
emotional response. And why does this matter? 
Because data in and of itself, regardless of its    
veracity, cannot be acted upon by the brain with-
out a story wrapped around it to trigger a limbic 
emotional response. If you want people to respond 
to your data, you must first trigger their emotions. 
American poet Maya Angelou said it best: ‘People 
will forget what you said, people will forget what 
you did, but people will never forget how you 
made them feel’. 

So: Storytelling. We capture the sounds of the  
natural world for a variety of reasons. Some of us 
do it for the pure pleasure of hearing what the 

Wildlife Sound Storytelling 
Dr. Steven Shepard (steve@shepardcomm.com) 
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world outside our door has to say. For others, it’s 
the audio equivalent of the birder’s annual list. 
Some capture the overall soundscape, the cacophony       
of nature’s symphony in all its glory. Some of us 
do it to advance the science — the insight and      
understanding we crave about the world in which 
we are fortunate to participate. But all of us do it 
because we want to share what we learn, what we 
hear, what we experience. Remember the first time 
you heard an immersive Ambisonic recording of    
a soundscape? That was an experience, and I       
guarantee you that your brain immediately formu-
lated a story deep within to explain what you were 
hearing.  
The quote has been attributed to many members of 
our sound community—Bernie Krause and R. Murray 
Schafer among them—but regardless of who first 
uttered it, they were right: ‘I like radio better than 
television because the pictures are better’. With 
every capture we make, every recording we       
produce and archive, what we actually create is an 
audio story that the listener’s brain magically    
converts into a visual story. And since well over 
half of the human brain is devoted to vision, this is 
not a bad outcome. 
So: Let’s talk about the role of storytelling within 
our craft of wildlife sound recording. Our goal, 
every time, is to share a story with our listeners, 
regardless of who that listener is. Trying to attract 
new AWSRG members? Tell a story. Want to    
explain to legislators why it’s important to protect 
a tract of wild land? Tell a story. Want to influence 
funding agencies to contribute to an important 
cause? Tell a story. Want to convey the importance 
of a scientific insight or discovery? Tell a story.  
I recently went back and watched the recording of 
Jennifer Ackerman’s wonderful presentation to the 
AWSRG a few months ago. Her presentation is filled with 
data, arcane facts about birds, and anecdotes that       
were linked to them. I wager that everyone reading 
this article who saw Jennifer’s presentation remembers 
her stories about birds doing remarkable things, 
and because they were wrapped in a captivating 
story, you probably recall some of the facts as well, 
months later. Jennifer Ackerman is a gifted field 
scientist, but she is also a gifted storyteller. And 
that makes all the difference. 
So, what does it take to create a story around wild-
life sound?  
The process begins at the end. What I mean by that 
is that you must first ask yourself, what do I want 
to accomplish? Who am I trying to motivate? What 
specific outcome am I looking for? Who is my   
audience? What change am I looking to create?   
The process for doing this is actually quite simple            

—and very, very powerful. For example, imagine 
that you are trying to motivate local authorities to 
allocate more funding to protect against wildfires. 
You can tell them all day long that their failure to 
do so will have catastrophic results, and your     
entreaties will fall on deaf ears. Why? Because of 
one of the most important mandates in storytelling: 
Don’t tell them — show them. In other words, if 
you try to TELL them that they should allocate 
more public funds for firefighting, they won’t hear 

them, they’ll hear what you have to say. 
Here’s an example. There is a direct link between a 
reasonably high percentage of Australian tourism 
dollars and visitors who come for the wildlife - 
birding, observation of rare species, koala and 
wombat watching, etc. Imagine a story told in the 
following way. We hear the exquisite cacophony of 
a dawn chorus playing behind a dark screen. Now, 
on that screen appears a very large number with 
dollar signs, labeled as ‘ecotourism revenue’. Now, 
the screen fades, the chorus fades away, and a 
much less vibrant, anemic chorus begins to play, 
and on the screen appears a much smaller number, 
labeled as ‘ecotourism dollars, post-bush fires’. 
This is a simple example, but it SHOWS the       
audience the relationship between well-protected 
and poorly-protected wild lands, and the economic 
difference between the two. You just told a very 
compelling story, without narration, and without 
horrific images of scorched earth. Remember Maya 
Angelou: People will never forget how you made 
them feel. Sound is one of the most evocative forces       
we have for doing that. 
Generally speaking, our job as wildlife sound     
recordists is to raise public awareness, on multiple 
fronts, about our relationship with the natural 
world. We are stewards of the land, ambassadors 
who collect and share the voices of those who are 
far too seldom listened to on this planet. Facts 
don’t win the day; stories, and the emotions they 
evoke, do. My challenge is this, every time you hit 
that record button, ask yourself: What is the story 
that goes with this capture? 
 
Dr. Steven Shepard is a wildlife sound recordist 
based in the north-eastern United States. He is the 
author of The Deliberate Storyteller, and with  
Roger Boughton, Capturing Wildlife Sound: A 
Useful Guide. He can be reached at                              
Steve@ShepardComm.com. 
Editor’s Note: Steven has generously offered to 
share his book The Deliberate Storyteller with 
AWSRG members. Members can download the 
book from the AWSRG website.  
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 32-bit floating-point explained 
Rod Thorn (rodbthorn@yahoo.com.au) 

A recent innovation has generated discussion 
among wildlife sound recordists. It concerns the 
implications for gain control in the field, now that 
some sound recorders can record directly 32-bit 
floating-point files. This article attempts to clarify 
some of the confusion, misunderstandings and lim-
itations of recording in this recently introduced 
sound recording format.  

Some of the confusion around the implications of 
32-bit floating point files for managing recording 
levels through the recording chain arises because, 
in spite of its name, the modern digital recording 
process still incorporates analog components. The 
recording process can be broken into three broad 
areas: 

(1) The analog part of the recording process, 
which includes the microphone, cables,   
pre-amps, and gain controls. 

(2) The analog to digital conversion (ADC) 
process. 

(3) The digital (binary) representation of the 
values recorded. 

I begin by explaining the digital representation of 
the values recorded and 0 dBFS. 

The digital data number formats 

The 16-bit and 24-bit number formats typically 
used in WAV files are essentially the same in nature     
except for magnitude. Therefore, the following paragraph 
only refers to the 24-bit integer number format. 

In 24-bit WAV files, recorded values are stored in           
the signed, i.e., positive and negative, 24-bit integer           
(fixed point) number format. Signed integers must 
be used because the audio signal waveform varies 
symmetrically about the zero value (as in a sine 
wave). In total, 24-bit signed integers can store 
16,777,215 values, from -8,388,608 (-223) through 
zero to +8,388,607 (+223-1). Theoretically, this 
range of values equates to a maximum dynamic 
range of 144.5 dB. 

In contrast, 32-bit floating-point files store the    
values recorded in a 32-bit floating-point number 
format. This number format must also be signed for 
the reason outlined above. The 32-bit floating-point 
number format can store a much larger range of 
values, from ≈ -3.4028235 × 1038 through zero to ≈ 
+3.4028235 × 1038 (+/- (2 − 2−23) × 2127). However, 
it should be noted that there are limitations as to 
exactly which numbers can be stored in this number     

format. Theoretically, this range of values equates 
to a maximum dynamic range of 1528 dB. 

The 32-bit floating-point number format is nothing 
new in itself. It has been used in computing for a 
long time. It is also known as IEEE 754 32-bit base
-2 floating-point number format. Audio processing 
software has also been using 32-bit floating-point 
numbers internally for many years now. For computers    
it is much easier to perform calculations on floating
-point numbers. 

0 dBFS 
A key concept in understanding the implications of 
number formats for recording levels is that of 0 dBFS   
(dB Full Scale). This is the value that represents the full 
scale value of the digital signal being recorded. In 
24-bit integer sound files, the value 8,388,607 (223-1)        
is used to represent 0 dBFS. This is also the maximum 
value that the number format is capable of representing. It 
is not possible, therefore, for 24-bit integer sound 
files to store values greater than 0 dBFS. 

In 32-bit floating-point sound files, the value 1.00 
(1.0 x 20) is used to represent 0 dBFS. Therefore, it 
is possible for this number format to record values 
greater than 0 dBFS. In fact, it can store extremely 
large numbers. So, 32-bit floating-point sound files 
can faithfully record audio signals that exceed 0 dBFS. 
When used in 32-bit software, and transferred 
around via 32-bit interfaces, no information will be 
lost. However, if a file recorded in 32-bit floating-
point format is converted directly to a 24-bit WAV 
file, any values exceeding 0 dBFS cannot be represented 
in the 24-bit integer number format and any       
information above 0 dBFS will be lost. The result-
ant 24-bit WAV file may have clipped audio. 

Analog to digital conversion (ADC) 

The process of converting an analog signal in a 
sound recorder to a digital representation is called 
Analog to Digital Conversion, hereafter referred to 
as ADC. In reality, the analog signal is an electrical 
signal in which with the voltage level represents 
the sound pressure being recorded. The digital   
representation of the sound pressure is usually in 
one of the aforementioned 24-bit integer or 32-bit 
floating-point number formats. 

ADC comprises of two basic processes: (1) sam-
pling and (2) measuring (which technically is 
called quantisation). Sampling is effectively 
‘reading’ the electrical signal value at regular intervals of 
time. Measuring, or quantisation, is the process of      
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converting the electrical signal value to a binary 
number that will represent it. 
When converting the analog signal to the 24-bit 
integer number format, the situation is relatively 
straightforward. A single 24-bit AD (analog to 
digital) converter is used, which has a maximum 
+/- voltage range available for conversion to a 24-
bit integer number. Any voltage that exceeds this 
value cannot be represented and the resulting    
audio is clipped to the maximum value of the 
number format, i.e. 8,388,607 (0 dBFS). A typical 
ADC chip may have a +/- 2.5 Volt input range. 
The pre-amp and gain controls are designed to 
match the signal voltage to the AD converter input 
range. 
Analog to digital conversion in the 32-bit floating-
point number format is much more complex. 
Sound recorders that do this AD conversion use 
multiple 32-bit integer AD converters, with each 
of them measuring a different part of the voltage 
signal. The outputs of these multiple AD converters      
are then assembled into a 32-bit floating-point 
number format. It must be stressed that the ADCs 
used are 32-bit integer, and that their results are 
combined to produce a 32-bit floating-point number    
representation. 
This gives manufacturers the flexibility to nomi-
nate the voltage that will be used to represent 0 
dBFS (which is the numeric value 1.00 (1.0 x 20) 
as a 32-bit floating-point number). And it allows 
them to build in some headroom in the analog 
stage of the recorder, so that the electrical signal 
can exceed that value and still be represented as a 
32-bit floating-point number larger than 1.00. This 
is how a signal level that exceeds 0 dBFS can be 
faithfully recorded without clipping when recording    
directly to 32-bit floating-point. (Sound Devices 
was contacted in an attempt to obtain a specification     
for this, however they declined to provide it. The 
videos on their website indicate that  the headroom 
exceeds 30-40 dB over 0 dBFS.) 

Digital noise floor and quantisation error 
In general terms, the noise floor of a recording is 
the signal created from the sum of all the noise 
sources (microphone self-noise, pre-amp self-noise,     
and the digital noise floor). The digital number 
format used in a sound file will cause a noise    
signal to be introduced into the signal being recorded. 
This is called the digital noise floor of the file format,   
and is caused by the quantisation error. 
The quantisation error, in simple terms, is caused 
when the analog signal value does not align exactly    

with the closest binary number that can represent 
it. In this case, the nearest binary number is chosen 
to represent it, by rounding the signal value up or 
down to the nearest binary number. Given that the 
analog signal value is continuous, being sampled 
at regular intervals, and that the binary numbers 
are discrete, it is very rare that the analog signal 
value would align exactly with any possible binary 
number. Therefore the quantisation error of each 
sample differs by different amounts. So, virtually 
every sample would generate a quantisation error, 
and each error would be different. The end result 
is that the quantisation error looks like a noise   
signal that has been added to the recorded signal. 
The greater the number of bits in a binary integer 
number format, the smaller are the signal value 
levels between the binary numbers in the number 
format. This means that the quantisation errors 
will be smaller, and the digital noise floor of the 
number format will also be lower. 

The analog part of the recording chain  

In the analog part of the recording chain, the main 
goal is to maximise the signal to noise ratio 
(SNR), or at a bare minimum, to obtain a signal to 
noise ratio that is greater than approximately 80 
dB. All analog electronic equipment has inherent 
self-noise. This is the signal that the device still 
generates when there is no input signal. It is always     
present, usually at a very low level, and becomes 
part of the output signal when sent to the input of a 
recording device. The output signal from the     
microphone is a single signal, the value of which 
is the sum of the microphone self-noise and the 
signal from the sound source. That is, they are not 
two separate signals. 
It is common practice to try to position the microphone  
as close to the sound source as possible. This 
achieves two things.  
One, it increases the sound pressure level (SPL) of 
the target sound source at the   microphone, while 
potentially decreasing the sound levels from non-
target sound sources. This tends to make the target 
sound source stand out more than the other sound 
sources. 
Two, it increases the electrical signal level that the 
microphone generates from the sound source. Giv-
en that the self-noise is a constant low level, this 
will increase the SNR of the microphone output 
signal. 
If the microphone is placed too close to the target 
sound source, then the SPL at the microphone may 



Journal of the Australian Wildlife Sound Recording Group Inc 

AudioWings Vol 23 No1        11 

exceed the microphone’s capabilities and the result 
will be a very large, but distorted signal. In reality, 
this is unlikely to happen with modern high quality 
microphones. For example, the Sennheiser MKH 
8020 has a maximum sound pressure rating of 138 
dB. As a comparison, at a distance of about 30 m, 
the sound pressure generated by a jet engine is 
from 130 – 140 dB.  So, in practice, distortion due 
to exceeding the sound pressure rating of the     
microphone is unlikely to occur when recording 
wildlife sounds. 

The sound recorder has an initial amplification 
stage, with adjustable gain, called the pre-amp. 
The pre-amp stage also has some inherent self-noise,    
and this will be added to the input signal 
(microphone in our case). The output of this stage 
is the voltage signal that is fed to the ADC. The 
pre-amp gain is used to adjust the signal level from 
the microphone so that it is sufficiently large to 
swamp the effect of the noise floor of the file format    
being recorded into. If the pre-amp gain is set too 
high for the input signal level then it can cause the 
voltage signal to exceed the 0 dBFS level. 

Discussion 

There is a view that the signal to noise ratio (SNR) 
of a recording should be maximised. This can 
mean maximising the gain settings on the recorder 
and runs the risk of clipping the recording 
(exceeding the 0 dBFS level). An alternative view 
is that modern good quality microphones and    
digital recorders now have such low inherent self-
noise levels that high gain settings are not obligatory       
to obtain good SNR. Aiming for a recording level 
around -18 dBFS will still obtain a recording with        
very good SNR. This has the advantage of minimising 
the risk of clipping, and provide 18 dB of head-
room. 

When recording into 32-bit floating-point files, the 
recorder has a great deal of tolerance for the signal 
level to exceed 0 dBFS without distorting the    
result. However, it remains necessary to take some 
care with setting recording signal levels. There 
will be a limit to the amount of headroom above   
0 dBFS level in the analog stage of the recorder 
for extremely high signal levels. When this limit is 
exceeded the result will still be distorted (clipped) 
at and above those levels. Recording a distorted 
signal into a 32-bit floating-point file still results 
in a distorted signal. The 32-bit floating-point 
sound file cannot magically undo a distorted sound 
recording. The best that it can do is store values 
between 0 dBFS and the maximum level that the 
analog stage of the recorder is also capable of   

producing without distortion. 

It is worth noting that there is no such single thing 
as a 32-bit floating-point analog to digital converter.     
The creation of a 32-bit floating-point audio file 
requires the use of multiple individual 32-bit integer 
ADCs, with their output being combined to generate a  
32-bit floating-point representation of a signal value.        
A consequence of this is that a sound recorder 
doesn’t have all of the attributes of the 32-bit floating-
point file format, as it is limited to the capabilities of        
32-bit integer ADCs used and how their outputs are   
combined. For example, a sound recorder will not 
have a dynamic range of over 1,500 dB. And the 
noise floor of the ADC stage will not be -758 dBFS,       
as the quantisation error of the 32-bit integer ADC 
used to measure the smallest signal change will be 
much larger than the theoretical smallest number 
that can be represented by a 32-bit floating-point 
number. 

Care needs to be taken in the post-processing stage 
of overloaded 32-bit floating-point recordings.   
Using a 32-bit floating-point recorder, a sound file 
that exceeds 0 dBFS can be recorded without   
clipping. In this case, the recording has faithfully 
stored the input signal. The overloaded 32-bit 
floating-point file can be imported into 32-bit 
floating-point capable DAW (Digital Audio Work-
station) software, which these days would include 
almost everything. However, in spectrogram view 
in the DAW, the file will be displayed as though it 
is clipped above 0 dBFS, even though the entire 
waveform is actually present in the file. This can 
be observed by re-normalising the file. Following 
normalisation, all of the values in the file will be 
scaled down so that the largest value is now slightly   
lower than 0 dBFS, and the entire waveform can 
be visualised (exact results will differ depending 
on actual settings used). As long as the file is kept in 
the 32-bit floating-point format, all the information    
about the entire waveform will be retained. The 
same is true if the sound file is played back via, or 
transferred through, a 32-bit floating-point capable 
interface. 

The advantage of processing in 32-bit floating-
point is that the number format can store values 
above 0 dBFS. For example, several normalised  
32-bit floating-point channels may be combined 
into a single channel. When that happens, the    
values from each channel will be added together 
and the resultant values could exceed 0 dBFS. In 
any other number format those values would be 
clipped at 0 dBFS and the result of that processing 
step would be a clipped signal. When using 32-bit 
floating-point numbers all of the resultant values 
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would be stored, even the ones above 0 dBFS, and 
the resultant channel can be re-normalised if needed        
to bring all of it back down under 0 dBFS. 

The point at which the file is converted into a non 
32-bit floating-point format, such as 16-bit or 24-bit    
integer, is the point at which any values above      
0 dBFS will be clipped. At this point, all of the 
data above 0 dBFS is permanently lost for the   
resultant new file. 

It is worth being aware that even when 32-bit 
floating-point capable DAW software is being 
used, some add-ons may only work with 24-bit 
integer numbers. If this is the case, the data will be 
converted to 24-bit integer format for the add-on, 
and all values above 0 dBFS will be discarded and 
the resultant data stream is clipped at 0 dBFS. A 
consequence of this is that even if the next stage of 
processing is back in 32-bit floating-point numbers,        
all of the values above 0 dBFS will have been lost 
and the audio stream will be permanently clipped 
at 0 dBFS at that point. 

It is also the case that not all file formats will sup-
port 32-bit floating-point. Uncompressed Audio in 
the form of WAV (PCM) files can contain 32-bit 
floating-point audio data. However, Free Lossless 
Audio Codec (FLAC) will only compress integer 
data, so can’t be used for 32-bit floating-point audio    
data. Also, the compression algorithm used to create  
Lossy Compression files (e.g. MP3) removes    
information that doesn’t contribute to the audible 
part of the source. So, anything over 0 dBFS 
would be removed as well as parts of the signal 
that would be too low to be audible. The concept 
of MP3 using 32-bit floating-point numbers is   
redundant. 

 

 

In summary 

The new 32-bit floating-point capable recorders do 
offer some advantages over the 24-bit integer file 
format. The advantages of recording in 32-bit 
floating-point are: 

1. Theoretical capture of a higher dynamic range 
(range of sounds from quiet to loud), although this 
is dependent on the rest of the recording chain. 

2. When increasing the gain (recording levels) of 
really quiet sounds in post-production, they might 
have reduced quantisation noise so might have 
better fidelity. 

3. There is more leeway in setting the gain, so that 
if recording a quiet ambience with the preamp 
gain set quite high, it is possible to ‘undo’ any 
clipping in post-production caused by an unex-
pected increase in volume, such as when a kookaburra 
calls right in front of the microphone/s. 

The disadvantages of recording in 32-bit floating 
point are: 

1. Recordings will take up more disk space, file 
sizes will be approximately 1.5 times the size of 
the same duration recordings at 24-bit at the same 
sample rate, and 2 times the size of those recorded 
at 16-bit. 

2. There are some considerations for how these 
files are handled in post-production to be mindful 
of. 
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I was fortunate to spend February and March of 
this year in Tasmania where I did lots of beautiful 
walks. Having not previously spent very much 
time in Tasmania, the bush sounded quite different 
to begin with. One very distinctively Tasmanian voice 
that I came to love is that of the black currawong.  
The black currawong is a songbird in the family 
Artamidae, which includes woodswallows (Artamus), 
butcherbirds (Cracticus), the Australian magpie 
(Gymnorhina), peltops (Peltops) and three species 
of currawong in the genus Strepera. The pied    
currawong, Strepera graculina, occurs only on the 
east coast of the Australian mainland. The grey 
currawong, Strepera versicolor, occurs in Tasmania     
and the southern Australian mainland, and the 
black currawong, Strepera fuliginosa, occurs only 
in Tasmania and the Bass Strait islands.  
What makes the black currawong so evocative of 
Tasmania for me is its wild and far carrying call.  
The species is widespread in Tasmania, and   
wherever you are in the state they are one of the 
first birds to vocalise in the morning, one of the 
last birds to vocalise at night and often the loudest 
of the birds during the day. It is one of the few 
birds that can still be heard once you gain altitude. 
Its ringing calls echo through the high rocky land-
scapes that it has made its own. 
HANZAB describes the voice of the black currawong    
as Poorly known. Vocalisations are variously described 
as loud, peculiar, ringing, metallic, harsh,         
discordant, musical, pleasing, interesting and 
wonderfully varied … Loud calls carry across 
mountain valleys. They are said to be noisier on 
approach of rain, or other atmospheric disturb-
ances than at other times. Usually, they call at 
first light and during the evening twilight (Higgins 

et al. 2006). 
On our recent trip, most of the black currawongs 
that I observed were too distant or moved too 
quickly for me to be able to record anything more 
than a few songs in passing  (Figure 1).  
However, we had some lovely close encounters 
with black currawongs on the Tasman Peninsula. I 
recall watching one throw its head back and sing 
wildly and loudly in a low shrub just a few metres 
away. It was a profoundly moving experience. Our 
base camp on the Tasman Peninsula for a few 
nights was in a steep, sheltered valley of very tall 
stringybarks (Eucalyptus obliqua), where black 
currawongs gathered in the evening.   
On two nights there we were treated to long      
twilight performances that included a range of   
vocalisations, and then dawn singing on the      
following mornings. I wanted to record them so we 
walked out to the car to get some sound recording       
gear and back to camp (a round trip of eight 
hours!). Inevitably, our private little campsite in 
the forest was invaded by other campers, and then 
the wind came up, so the results were less than I 
had hoped for. But it is a great excuse to go back 
there again and I did record some nice snippets of 
black currawong. 
Using RavenPro, I did some very preliminary 
analysis of a section of a stereo recording that I 
obtained there. A stereo track of black currawongs 
singing as night falls can be heard here:         
https://soundcloud.com/sue_gould blackcurrawongs-at-
nightfall 

I identified two broad song types. These can be 
described as broadcast songs, which were loud and 
far-carrying, or as quiet songs, which were often 

Black currawong – an iconic Tasmanian voice 
Sue Gould (susanfgould@yahoo.com) 

Figure 1 Typical songs made in flight 
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just single notes at a lower volume and lower    
frequency than broadcast songs. Broadcast songs 
were given while flying or while perched. These 
songs are composed of multiple harmonics, with 
the fundamental frequency usually around 1.8 
kHz. The number of song elements varied as did 
the frequency of individual elements. In contrast, 
quiet songs were only given while perched, and 
often contained only a single note with few or no 
harmonics. The peak frequency of quiet songs was 
around 1.1 kHz.  
Figure 2 shows some of the variation in songs.  
Selection 1 is a broadcast song given in flight.  
Selections 3, 8, 9 and 11 are broadcast songs made 
by perched birds in which the number of elements 
and the frequency of individual elements varies. 
Selections 2, 10, 15 and 16 are examples of what I 
have termed quiet songs.  
I compared the peak power of each song. Distance 
was difficult to estimate given how far black    
currawong songs are projected, and the acoustics 
of the landscape. However, tabulation of the two 
song types combined with step changes in peak 
power values indicated that there were multiple 

birds vocalising at different distances from the  
microphones. Estimating numbers was also     
complicated by the fact that some birds were 
clearly moving around. However, assuming that 
the most distant sounding songs were approximately   
one kilometre away, I estimate that there were  
approximately ten individual black currawongs 
within a one kilometre radius of my microphones. 
It appears then, that individual black currawongs 
roost some distance apart but close enough that 
they can communicate vocally at dawn and dusk. 
One of the national park rangers on the Tasman 
Peninsula told us that the local black currawongs 
had recently acquired new behaviour. They had 
learnt that backpacks were associated with food 
and had learnt how to undo zips and help them-
selves to the contents of unattended packs. It was a 
matter of speculation whether the local birds had 
learnt this behaviour themselves or whether this 
new behaviour provided evidence of information 
exchange from another population of black currawongs. 
Apparently this behaviour in black currawongs 
had previously only been observed in the vicinity 
of the Overland Track in the Central Highlands of 
Tasmania.   

Figure 2 shows some of the variation in songs.  
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It has been established experimentally in ravens 
(of the North American variety) that information 
about food sources is exchanged at roost sites. I 
found myself wondering about the roosting behaviour 
and evening vocalisations of black currawongs. Is 
it simply some sort of roll-checking procedure to 
determine which individuals in the local popula-
tion have made it through each night and day? Is it 
a way of deliberately spacing individuals apart for 
some reason? Or is detailed information being  
exchanged? Given our current state of knowledge 
we cannot possibly provide answers to these  
questions. However, evidence is emerging for a 
number of songbirds that intraspecific vocal   
communication contains detailed information.   

Acknowledgments 

My sincere thanks to John Campbell for providing 
feedback and comments on an earlier draft of this 
article.  

Reference 

Higgins, PJ, Peter, JM and Cowling, SJ. (2006) 
Handbook of Australian and New Zealand Birds, 
Volume 7 Boatbills to Starlings, Part A Boatbill to 
Larks. Oxford University Press, Melbourne. 
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The story of the SASS microphone array 
Michael Cerulli Billingsley and Sue Gould (susanfgould@yahoo.com) 

Michael Cerulli Billingsley designed and built the 
first SASS (Stereo Ambient Sampling System) 
prototype in order to create the soundtrack for an 
art gallery installation of his work in Montréal, in 
1982. Michael patented a later version in 1987 and 
it was subsequently produced commercially by 
Crown International Inc. in the late 1980s and early 
1990s. He has exhibited as a multi-disciplinary 
artist (photography, video, sound installation and 
performance), taught in a number of universities 
and colleges, owns a sound recording company 
(Straight Arrow Recordings), and is a research 
consultant/designer across several fields.                       
https://www.linkedin.com/in/straightarrow 
SASS microphone arrays have come to be widely 
used by wildlife sound recordists and many DIY 
versions and modifications of it have been made, 
including by AWSRG members Andrew Skeoch 
and Vicki Powys. In June this year, Michael     
contacted AWSRG President Andrew Skeoch with 
some questions about Andrew’s modified SASS-
B. This and subsequent emails became a conversa-
tion in which Michael reflected on the history of 
the    development of the SASS. This is an edited      
account of Michael’s reflections on that history  
and includes extracts from the emails. 
Michael’s reflections of the development of 
SASS microphone arrays 

I built the first SASS-P prototype from masonite 
and Radio Shack pressure zone microphones 
(PZMs) to create the soundtrack for an art gallery 
installation of my work in Montréal, in 1982.   
Dissatisfied with my noisy Radio Shack microphone 
capsules, I wanted to find out whether ultra-low 
noise microphones could be coupled with my 
boundary housing to produce the desired quasi-
binaural effect, but with better fidelity and lower 
self-noise than PZMs.  
After high-quality microphone capsules came into 
my reach, I began to work on reducing tonal     
colouration, for more accurate recording. My 
SASS patent drawings show Bruel & Kjaer 
(B&K) microphones inside the SASS boundary 
housing. Soon after my patent application, B&K 
were the first company I approached to licence it. 
They were super impressed with its performance, 
which B&K’s Adrien Weidmann had tested at their 
Marlborough USA facility, before sending my 
prototype and his response charts to Copenhagen                             
for more extensive testing.  

Even more appealing was that B&K designed a 
nose cone for their 4003/4006 microphone series which 
created a true ‘pressure zone’, as Wahrenbrock¹ 
would  define it, when either of those micro-
phones were inserted through a boundary, with its 
diaphragm flush with the surface. That was a stroke of 
genius,      and worked superbly to create a neutral 
sound when incorporated into the SASS boundary 
frame. 
Alas, B&K’s industrial binaural microphone     
designers and marketing team felt threatened by 
the prospect of a $5000 B&K quasi-binaural     
microphone treading on the toes of their binaural 
head-and-shoulders microphone, with an estimated      
cost of $35,000. Competition within their own 
product lines was seen as intolerable and so they 
backed away. 
It is odd now imagining my Radio Shack version 
being flown to Denmark for testing at Bruel and 
Kjaer’s top of the line facility, but I still have my 
copies of their spectral and directional response 
charts from back in 1985. That was several years 
before Wieslaw Woszczyk at McGill University in 
1987 tested the SASS in controlled conditions, 
and subjected it to careful waveform analysis at 
multiple angles. 
I finally approached Crown after taking it to 
Shure, who also tested it extensively, but for 
whom it was just too oddball. I was impressed 
with Crown’s sincerity and commitment. After exten-
sive  licensing negotiations, they finally swallowed 
the bitter pill of producing a version of the SASS 
(SASS-B) which housed microphones made by 
their competitor, Bruel & Kjaer (see Figure 1a  
inside back cover). This arrangement, which at 
least didn’t lose them money, wasn’t entirely unheard 
of. But never usually on that scale and at the same time as 
a new product  introduction. B&K weren’t too excited 
about this from-without ‘collaboration’ either, and 
despite my many requests they never wrote about 
or promoted the existence of the SASS-B to their 4003 
and 4006-owning community.  
A key attraction of the SASS is that while it only 
simulated partial binaural (using all the brain’s 
natural localisation cues except those of the pinna),           
it gave phenomenal localisation accuracy compared to 
M-S or ORTF techniques for recording stereo (see 
Box 1). Better yet, its sound image could be     
perceived without headphones. This made it particularly 
suitable for the best theatre sound systems such as 
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THX², where audiences could hear multi-source 
sound recordings, such as a car crash where 100s 
of pieces are impacting in every conceivable      
direction, making each discrete sound event within 
the larger whole perceivable in its own distinct 
location. This was both realistically engaging and 
thrilling for the audiences. 
In the early to mid-80s, as I was test recording 
with my first prototype, I learned everything I 
could about binaural hearing and recording. Later, 
I co-authored papers with Bruce Bartlett and gave 
talks for the Audio Engineering Society in Ham-
burg, Los Angeles and New York City on the   
application of those principles to recording techniques 
and microphone design.  
After my LA talk, I was invited to write the chapter        
on sound design and stereo techniques for immersive, 
dramatic and realistic audio for the American   
Society of Cinematographers’ Video Production 
Manual, which they were publishing for distribution       
to university students studying video production. I 
also wrote articles for Recording Engineer/
Producer on soundtrack field production. This 
was about the same time that the SASS was nomi-
nated for a Technical Excellence and Creativity 
(TEC) award, and also was honoured with awards 
at the Consumer Electronics Show (CES), so my 
thoughts on the matter were of interest. 
While I was looking for a buyer/licensee for my 
design, I had tested and made field recordings with 
my prototypes for almost two years, and many of 
those early nature recordings were bought by the 
Hollywood Edge sound library. Included in those 
early tests were recordings I made of a bird sanctuary  
run by the Massachusetts Audubon Society, which 
were intended for use by documentary filmmaker 
Henry Ferrini. While many recordists including 
those at Cornell Laboratory of Ornithology had 
used parabolic and shotgun mics to isolate bird 

calls in the wild, the SASS appeared just as       
researchers were becoming interested in an       
individual bird's relationship with its habitat and other 
members of its species. So SASS and binaural 
were key in hearing the location and flight patterns 
and song interplay. 
While I was also using my SASS prototypes (and 
later production SASS microphones) to record  
ensemble music in concert halls, I also experi-
mented with quite a few sound effects and ambi-
ence recordings. That included, for instance, out-
door fireworks, thunderstorms and hurricane surf, 
some of which were used by Frank Zappa for his 
final European tour.  
This field has since become much more sophisti-
cated, especially with the development of software 
like dearVR, which recreates the Fast Fourier 
Transforms created by the ‘typical’ human pinna, 
and which give us localisation in a spherical 3-D 
sound field. I am sometimes amused by how the 
former limitations of working entirely in the  
physical domain of materials, acoustics and      
circuitry forced us into odd solutions which are 
now surmounted with software. The computing 
power just did not exist back in the late ‘80s,     
especially in the hands of the production and post-
production user, to create or mimic natural spatial 
hearing processes. Nowadays the MacBook Pro is 
more capable at complex computing than anything 
I had at my disposal at the Massachusetts Institute 
of Technology Media Lab, where I worked on a 
SASS-related project. 
Oddly, I had not considered FFTs when designing 
my original SASS prototype (although I had read 
Blauert’s writing about it). Rather, I ‘saw’ the 
completed SASS in a dream, and copied what I 
saw into my prototypes, which worked almost perfectly 
the instant I plugged them in.  
I have always been deeply appreciative that the 

Box 1 Some variations on stereo recording 
S.A.S.S. (Stereo Ambient Sampling System) A mono-compatible, near coincident array of microphones 
designed to give highly localised stereo imaging for loudspeaker reproduction. The SASS-B is the     
microphone produced by Crown International which housed microphones made by their competitor 
Bruel & Kjaer. The SASS-C utilised two Countryman small omni microphone capsules which had a 
much flatter frequency response than Crown’s PZM microphones. 
M-S (mid-side) A stereo microphone arrangement comprised of two microphones, by which one        
directional microphone contributes the principal pickup of an ensemble and the other, a bi-directional, 
contributes the lateral information. 
O.R.T.F. (Office de Radiodiffusion-Telévision Française) An arrangement of two cardioid microphones 
whose principal axes are angled 110 degrees, and with capsules separated 17 cm (developed by French 
Radio). 
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nature recording community, and the film industry 
have both made such good use of the SASS      
microphone array. In particular, major location sound           
engineers and soundtrack supervisors such as Wylie 
Stateman  and Frank Serafine used the SASS      
extensively.  
Uniquely distinct SASS-recorded ambience and 
spatial localisation were critical for early film   
effects and ambient sound in movies such as Die 
Hard and Days of Thunder. ‘SASS-recorded    
ambience’ refers to the distinct 240° detailed 
sound field recorded in front of and around the 
listener, in contrast to the right-to-left generalised 
ambience with a typical stereo microphone. Capable      
of being accurately reproduced over loudspeakers 
(unlike true binaural, which can only be fully portrayed 
over headphones) the SASS microphone array  
accurately ‘places’ each small audio sub-event in 
an overall scene. So in addition to accurately    
depicting the location and movement of a subject, 
other sounds in the environment (e.g., raindrops, 
wind, water movement, insects) will also be heard 
accurately in their individual respective locations. 
This means that the typical SASS ambience is  
created by hundreds or even thousands of individual 
sound events at different intensities and in different     
locations. 
This is why the SASS-B was so sought-after for 
movie soundtracks. A bustling crowd on a street is 
made up of thousands of shuffling, rustling, talking, 
breathing people, plus all the more distant sounds 
of commerce and traffic, in all their various and 
specific locations. It is very compelling.  
Best Sound Oscar-winning films such as Hunt for 
Red October and Memoirs of a Geisha used the 
SASS-B extensively for building of crowd, ambience  
and special effects recordings. Watch any of the 
crowd or performance scenes in Memoirs of a 
Geisha to hear the SASS at work in a film, or all 
the various creaks, mechanical sounds, quiet 
whooshes, rumbles, etc. in the award-winning 
soundtrack of The Hunt for Red October. About 
which the critics said, ‘The submarine itself      
becomes a character in the film’. I was interested 
to learn that Arnold Schwarzenegger specified that 
all the sound effects and ambience for True Lies 
be recorded exclusively for that film, rather than 
rely upon sound libraries. Therefore, most of the 
explosions, door and car crashes, helicopter and 
Harrier jet sounds were recorded with the SASS. 
Crown produced their first SASS-B in 1989 and 
ditched it in 1991, only two years later. The last 
new one was sold in 1994, about which I was 

quite sad. So it became a great joy for me that first 
Lang Elliott and then others, copied or modified the 
SASS-B (see figure 1b inside back cover), so that 
it continues to live on with Sennheiser, Neumann and 
even Audio-Technica capsules. So, yahoo! And 
thanks, Lang. 
I've enjoyed all the reports coming in from the 
field over the last three and a half decades since 
the SASS-B and SASS-P were introduced in Eu-
rope in 1988. I appreciate that Andrew Skeoch and 
Lang Elliott and many others have often let me 
know about how the microphones are still useful 
and doing a great job at what they do.  
It was quite disappointing for me when first, 
Crown stopped producing the SASS-B in 1991, 
and then secondly about a decade later when    
Harman bought Crown and chose to drop the 
SASS line in deference to the AKG stereo micro-
phones they were already marketing. Crown had 
done an extraordinary job, particularly their design 
engineers Tom Lininger, Tim Bock and Bruce 
Bartlett taking my early prototypes and patent 
drawings, and making an affordable production 
version for professional sales. Too bad. 
In addition to the SASS, I also designed, built and 
tested a fully-functional underwater version of the 
SASS (the Ambient Sampling Hydrophone Array, 
or ASHA) using many of the same principles, for 
recording underwater. I envisioned it primarily for 
use by marine biologists studying underwater 
sound production. When testing it in the Gulf of 
Mexico, I made some pioneering localisation-
accurate stereo recordings of bottlenose dolphins 
and snapper shrimp. Other people had made stereo 
hydrophone recordings of marine mammals before 
that, including most notably, Roger Payne. How-
ever, they were not localisation accurate, usually 
over-emphasising angular position of underwater 
sound sources or being vague about their real   
position, depending on what kind of hydrophones 
were used and how they were spaced.  
My primary mentor in this work was Ken Norris 
of the UCSC Marine Mammal Laboratory. Unfor-
tunately for both Ken and I, our conversations 
were monitored by the US Navy, who ultimately 
took draconian steps to stop my patenting and  
production of that hydrophone design, largely    
because it provided the human listener with accurate  
spatial imaging in the underwater environment. 
They considered this part of warfare technology 
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Roger Payne’s otherwise excellent marine mammal    
recording work greatly influenced my desire to 
create an underwater version of the SASS. He and 
I later met. When Payne heard that I had done so 
successfully, he was quite dismayed that the U.S. 
Navy had succeeded in stopping my work, which 
he saw as robbing marine biologists of a crucial 
recording tool. He still wanted me to proceed, re-
gardless of the Navy’s threats to scuttle my work 
in that direction. 
I am still designing microphones in my (sparse) 
spare time, and have begun prototyping a four-
channel Ambient Sampling Microphone (ASM-4) 
using variations of the prior design, plus complete-
ly new concepts for the rear channels. If success-
ful, this will provide a seamless 360° audio re-
cording in which the rear-originating sounds read 
correctly as behind the listener, and can be suc-
cessfully reproduced over loudspeakers, e.g.,  in a 
motion picture theatre. 

Condensed email conversation 

MCB Hello Sarah and Andrew, I've come across 
an image of a modified SASS-B with your 
tag on it. I cannot tell if the modification is 
similar to Lang Elliott's, using MKH-20s, 
or whether it is for another microphone 
pair such as Neumann KM-193s. In any 
case, I'm curious about the modification as 
I am selling a brand new SASS-B and want 
to illustrate possible modifications rather 
than use of Bruel & Kjaer (B&K) 
4006/4003s such as I use …  

AS  The SASS I use was modified by Walter 
Knapp via Lang (See Figure 1c and d in-
side back cover), to accommodate a pair of 
Sennheiser MHK20s…Kudos to you for 
developing the SASS. I’ve used it for near-
ly two    decades. It has been all around the 
world with me and not only captured some 
great recordings, but had its own hair-
raising adventures. How do you feel about 
the  design being adopted by the nature 
sound community? 

MCB  I appreciate that I can use one of your  
photos to show the MKH-20 modification. 
I've been in Lang's studio lab where he         
experimented with his first use of that  
configuration, and I am pleased that it has 
been adopted worldwide. It is a very good 
post-OEM (after-market) modification to 
deal with climate extremes (particularly 
humidity) in which the B&K 4003s and 
4006s are very vulnerable to failure. As for 

nature recording in general, I am indeed 
gratified that the SASS has worked well for 
many recordists. At present I am cataloguing, 
editing and remastering almost 300 hours 
of primarily SASS recordings in a new  
facility I built in Vermont. So please keep 
me informed, because I am always learning 
something new! 

LE Michael, your original prototype is beautifully 
and professionally constructed, amazingly so   
in fact. Maybe you don’t know it but I’m 
the one responsible for all those Walt 
Knapp modifications, as well as various 
DIY versions built for nature recording. 
Way back in 1992, I purchased a SASS 
housing made to be used with expensive 
Bruel & Kjaer mics. But when I tested it, I 
was not impressed by the B&Ks, which 
would go nuts in cold, wet weather, and 
which had a very uneven and grainy noise 
floor. So…I retrofitted my SASS with 
MKH20s by creating a backplate into 
which I glued pill vials that were of the 
same inside diameter as my MKH20s. 
In 2001, during a trip to record frogs in the 
Southeast, I stopped in Georgia to visit 
with Walt Knapp, who I had met via the 
nature recordist’s email group. Walt was 
experimenting with different soundscape 
microphone setups and was intrigued by 
my conversion. I remember that he took 
one look at my cobbled together modifica-
tion, laughed, and then told me he was an 
experienced machinist and could do a 
much nicer-looking conversion. So he built 
one for me and another for himself. Thus, 
the professionally constructed machine-
tooled Walt Knapp mod was born. 
I’m not sure when I revealed my SASS-
mod to the nature recordist’s email group, 
but I suspect it was around year 2000.   
After that, the Do-it-yourselfers had a   
heyday with it, and also began experimenting 
with other SASS-like setups.  Vicky Powys,         
I believe, started making her Sassies 
around 2010 or perhaps some years before.   I 
have no idea how many SASS-
modifications are out there and being used by 
nature  recordists,  but I imagine it’s in the      
hundreds. 
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https://caperteebirder.com/ 

See also http://www.naturesound.it/vicki-powys/ 

https://www.tecawards.org/ 

Notes 
¹ Wahrenbrock  patented pressure zone microphones. 
² THX is a tradename for the Tomlinson Holman 
Experience of theatre audio. Originally, THX-
certified movie theatres were required to modify 
their sound systems to a very high fidelity six-
channel system (Front Left, Front Right, Centre, 
Subwoofer, Rear Left, Rear Right), and then were 
certified (or not) by Tom Holman if they wanted 
permission to show LucasFilm movies, starting 
with Star Wars.  Without THX certification, a    
theatre could not legally project Star Wars so Holman 
travelled the world on behalf of George Lucas,             
certifying theatres in advance of the first screening 
of that film.  THX is now associated with many 
other products for superb sound reproduction. 
SASS-recorded audio effects and ambience       
recordings reproduce extremely well over THX 
theatre sound systems. 
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The Australian Acoustic Observatory 
www.acousticobservatory.org  

A world-first network of acoustic sensors is 
currently being established in Australia. When 
complete, the Australian Acoustic Observatory 
(A2O) will consist of a continental-scale network 
of 

across multiple habitats for a five-year 
period. The network will be composed of 360   

habitats across seven major ecoregions:  

 •  Tropical and subtropical grasslands,  

    savannas and shrublands. 

 •  Deserts and xeric shrublands. 
 •  Mediterranean forests, woodlands and  
    scrubs. 

 • Temperate broadleaf and mixed forests. 
 •      
    shrublands. 
 • Tropical and subtropical moist                               
    broadleaf forests. 

 • Montane grasslands and shrublands. 
Each site will be linked to four acoustic recorders, 
two in relatively wet habitat (wetland, river, creek, 
drainage line, spring, depression), and two in rela-
tively dry habitat. The range of wet and dry loca-
tions will vary from site to site based on local con-
ditions.  
For each sensor, information on vegetation cover, 
landform, disturbance and photo-points will be 
collected, in addition to the acoustic data. The net-
work will help scientists to map daily and seasonal 
changes in animal behaviours, and record the pres-
ence of species that are hard to see. The data will 
provide valuable evidence on environmental con-

ditions and trends that will be useful for decades to 
come as we try to monitor long term trends associ-
ated with climate change or development.  
The recorders are being built to specification by 
Frontier Labs in Brisbane. Each recorder will store 
data on high capacity SD cards, which will be 
manually collected and replaced at least once a 
year. Recorders are powered by solar panels 
linked to batteries and charge controllers, with the 
entire set up mounted on a star picket. 
The network of acoustic sensors will collect large 
volumes of high resolution data. The sound data 
will be stored in the Cloud, hosted by Queensland 
University of Technology, and made freely availa-
ble to researchers, citizen scientists and the gen-
eral public.  
Each unit is checked every six to twelve months 
depending on its location.  Many organisations are 
assisting with the deployment and maintenance of 
sensors, including Birdlife Australia, Tasmanian 
Land Conservancy, Bush Heritage Australia,   
Australian Wildlife Conservancy, Terrestrial Ecosystem 
Research Network, national parks and traditional 
owners and private land holders. 
The project is funded by an Australian Research 
Council Linkage Infrastructure, Equipment and 
Facilities grant of $1.8 million. The project is led 
by Professor Paul Roe from the Queensland     
University Technology Ecoacoustics Research 
group, in collaboration with researchers from 
Charles Sturt University, James Cook University, 
University of New England and University of 
Queensland. 
For more information, visit the A2O website: 
www.acousticobservatory.org  
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Editor’s Note: 
slightly edited and re-printed a few abstracts and sum-
maries of articles that have recently been   published in 
the peer-reviewed literature and that are potentially of 
interest to wildlife sound recordists. 

Continent-wide shifts in song dialects of white-
throated sparrows 

Reference details: Otter KA, Mckenna A, LaZerte SE, 
Ramsay SM (2020) Continent-wide shifts in song   
dialects of white-throated sparrows. Current Biology 
DOI: 10.1016/j.cub.2020.05.084 

It is well known that some bird species change 

dialects ra-
ther than the norm for the species. Now, with the help 
of citizen scientists, researchers have tracked how a 
rare sparrow song spread across Canada between 2000 
and 2019, wiping out a historic song ending in the process. 
Their study reports that white-throated sparrows from 
west to east have ditched their traditional three-note-
ending song in favour of a unique two-note-ending      
variant. Senior author, Ken Otter, says ‘We don't know 
of any other study that has ever seen this sort of spread 
through cultural evolution of a song type.’  

In the 1960s, white-throated sparrows across Canada whistled 
a song that ended in a repeated three-note triplet but by 
the time Otter moved to western Canada in the late 
1990s and began listening to the local bird songs, the 
new two-note ending had  already invaded local spar-
row populations. ‘When I first moved to Prince George in 
British Columbia,   they were singing something atypical 
from what was the classic white-throated sparrow song 
across all of eastern Canada,’ he says. Over the next 40 
years, songs ending in two notes became universal 
west of the Rocky Mountains. 

Otter and his team used the large network of citizen 
scientist birders who had uploaded recordings of white-
throated sparrow songs to online  databases to track the 
new doublet-ending song. They found that the song 
was not only more popular west of the Rocky Moun-
tains, but was spreading rapidly across Canada beyond 
these western populations. ‘Originally, we measured 
the dialect boundaries in 2004 and it stopped about 
halfway through Alberta,’ he says. ‘By 2014,   every 
bird we recorded in Alberta was singing this western 
dialect, and we started to see it appearing in popula-
tions as far away as Ontario, which is 3,000 kilometres 
from us.’ 

The scientists predicted that the sparrows' overwinter-
ing grounds were playing a role in the rapid spread of 
the two-note ending. ‘We know that birds sing on the 
wintering grounds, so juvenile males may be able to 
pick up new song types if they overwinter with birds 
from other dialect areas. This would allow males to 
learn new song types in the winter and take them to 
new locations when they return to breeding grounds, 
helping  explain how the song type could spread,’ Otter 

says. 

geolocators to see whether western sparrows who sang 
the new song shared overwintering grounds with eastern   
populations that later adopted it. They found that they 
did. Not only was this rare song spreading across the 
continent from these 

historic triple-note ending that 
had persisted for so many decades. This is almost     
unheard of in male songbirds. 

Otter and his team found that the new song didn't give 
male birds a territorial advantage over male counter-
parts, but still want to study whether  female birds have 
a preference between the two songs. ‘In many previous 
studies, the females tend to prefer whatever the local 
song type is,’ says  Otter. ‘But in white-throated spar-
rows, we might find a situation in which the females 
actually like songs that aren't typical in their environ-
ment. If that's the case, there's a big advantage to any 
male who can sing a new song type.’ 

Now, another new song has appeared in a western 
sparrow population. Otter and his team are excited to 
continue their work and see how this new song shifts in 
real time with more help from citizen   scientists. ‘By 
having all these people contribute their private record-
ings that they just make when they go bird watching, 
it's giving us a much more complete picture of what's 
going on throughout the continent,’ he says. ‘It's allowing       
us to do research that was never possible before.’ 

Avian tree of life better resolved  

Reference details: Kuhl H, Frankl-Vilches C,  Bakker 
A, Mayr G, Nikolaus G, Boerno ST, Sven Klages S, 
Timmermann B and Gahr M (2021) An unbiased    
molecular approach using 3’ – UTRs  resolves the avi-
an family-level tree of life. Molecular Biology and 
Evolution 38: 108-127.  

Researchers of the Max Planck Institute for Ornithology     
have clarified the relationship of all families of non-
passerine birds and almost all families of passerine 
birds. The first trees of life in the animal kingdom were 
based on anatomical comparisons. Today, however, 
scientists analyse phylogeny using molecular data. The 
new family tree is based on gene sections that do not 
code for proteins, but contain sequences that are specific         
to the families and their genera. 

The first rapid increase in bird diversity occurred after 
the extinction of dinosaurs 65 million years ago. Then 
between 35 and 33 million years ago, the number of 
bird orders and families rose sharply once again. The 
new research shows that the last increase, 23 to 15 mil-
lion years ago, almost exclusively concerned the order 
of passerine birds (Passeriformes), the songbirds. Lead 
researcher, Manfred Gahr, considers the invention of 
song learning as the driving force behind the diversity 
of songbirds: ‘With many songbirds, the song of the 
male determines the willingness of the female to mate.    
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New songs may have contributed to the emergence 
of new species.’ 

bird 
groups. It is based on the analysis of all active 
genes in a cell, the so-called transcriptome. In   
addition to the sequences that are translated into 

sequences. ‘These tend to be neglected. However, 
it has been shown that the non-coding sequences 
can resolve the avian family tree,’ says Heiner 
Kuhl. ‘The non-coding sections contain sequences 
that are typical for an entire bird family. They can 
be used to determine exactly to which family a 
bird belongs. In addition, we also found sequences 
that were specific to the genera within the family,’ 
stresses co-author Carolina Frankl.  

The advantage of this method is that it allows the 
efficient analysis of relationships, using a large 
number of genes that occur in all bird species. ‘We 
don't have to decipher and reassemble the entire 
genome in a time-consuming process. Also, a 
small drop of blood or a small piece of skin is   
sufficient for the analysis. Previous studies based on 
the sequences of complete genomes required super-
computers to calculate the tree of life, but with our 
methodology a powerful server is sufficient,’ says 
Heiner Kuhl. 

The researchers were thus able to elucidate the 
relationship of all 106 bird families of the non-
passerine birds and almost all (115 out of 130) 

have been re-categorized to families, 
some of which contain only one or a few species 
and are therefore difficult to study. 

Vocal development in nestling kea parrots 
Reference details: Wein A, Schwing R, Yanagida T and 
Huber L (2021) Vocal development in  nestling kea   
parrots (Nestor notabilis). Bioacoustics 30: 142-162. 

This study investigated vocal development in   
nestling kea parrots (Nestor notabilis). The authors 
examined how many structurally distinct call types 
were present during the nestling period, and the 
age in which call types occurred. Their prediction 
that kea nestlings would have multiple call types, 
with some present at hatching and others emerging 
later in the nestling period, was confirmed. They 
found that kea nestlings have four distinct call 
types, two present at hatching, and two that 
emerged when the nestlings undergo large physical 
changes in the second week of life. While two of 

the call types developed gradually towards more 
adult-like structures, the other two did not and 
were apparently only used for communication in 
the nest. They also tested whether nestlings could 
be discriminated individually based on their calls. 
They found evidence for vocal signatures with all 
four call types individually discriminable from 
hatching until the end of the study. While the  
function of vocal signatures could not be identified, 
the authors suggest that vocal signatures may be 
relevant to the division of parental resources in the 
nest. 

Health benefits of natural sounds  
Reference details: Buxtona RT, Pearson AL, 
Alloud C, Fristrupe K and Wittemyer G (2021) A 
synthesis of health benefits of natural sounds their 
distribution in national parks.  
Proceedings of the 

(14) e2013097118. 

National parks are important places to listen to 
natural sounds and avoid human-related noise, an 
increasingly rare combination. The authors       
explored whether and to what degree natural 
sounds influence health outcomes using a systematic  
literature review and meta-analysis. They identi-
fied 36 publications examining the health benefits 
of natural sound. Analysis of 18 of these publica-
tions revealed evidence for decreased stress and 
annoyance and improved health and positive     
affective outcomes. Examples of beneficial 

Given this 
evidence, and to facilitate incorporating public health 
in US national park soundscape management, the 
authors then examined the distribution of natural 
sounds in relation to anthropogenic sound at 221 
sites across 68 parks. National park soundscapes 
with little anthropogenic sound and abundant    
natural sounds occurred at 11.3% of the sites. 
Parks with high visitation and urban park sites had 
more anthropogenic sound, yet natural sounds as-
sociated with health benefits also were frequent. 
These included animal sounds and sounds from 
wind and water. Urban and other parks that are 
extensively visited offer important opportunities to 
experience natural sounds and are significant    
targets for soundscape conservation to bolster 
health for visitors. The results confirm that natural 
sounds provide important ecosystem services, and 
parks can bolster public health by highlighting and 
conserving natural soundscapes. 
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The uses and implications of avian vocalizations for 
conservation planning 
Reference details: Lewis RN, Williams LJ and Gilman 
RT (2020) The uses and implications of avian vocalizations  
for conservation planning. Conservation Biology  35: 50-63. 
The conspicuous vocal behaviour of birds makes it a 
useful tool for monitoring populations and measuring 
biodiversity, but the importance of vocalizations in 
conservation goes beyond monitoring. Geographic 
song variants with population-specific signatures, or 
dialects, can affect territory formation and mate choice. 
Dialects are influenced by cultural evolution and natu-
ral selection and changes can accumulate even during 
the timescale of conservation interventions, such as 
translocations, reintroductions, and ex situ breeding. 
Information from existing research into avian vocaliza-
tions can be used to improve conservation planning 
and increase the success of interventions. Vocaliza-
tions can confer a number of benefits for conservation 
practitioners through monitoring, providing baseline 
data on populations and individuals. However, the  
influence of cultural variation on territory formation, 
mate choice, and gene flow should be taken into     
account because cultural differences could create    
obstacles for conservation programs that bring birds 
from multiple populations together and thereby reduce 
the success of interventions. 
A Tasmanian devil call encodes identity  
Reference details: Davis K and Clarke JA (2020) A 
Tasmanian devil call encodes identity and decreases 
agonistic behaviour. Bioacoustics 29: 638-653.  
Tasmanian devils (Sarcophilus harrisii) often congre-
gate at carcasses when feeding, where they produce 
vocalisations onomatopoetically termed ‘arffs’. Arffs 
are low amplitude, short duration, low frequency calls 
with tonal and harsh forms. The authors aimed to 
quantify and determine: 1) arff acoustic structure, 2) if 
arffs are associated with feeding success, agonistic  
behaviours, and/or cooperation, and c) if arffs encode 
identity. They observed 26 captive adults and measured        
the acoustic structure of 298 arff calls from 10 devils. 
During group-feeding events, increased utterances of 
arffs were associated with increased individual feeding 
success, decreased agonistic behaviours and increased 
cooperation. Arffs increased when devils were tugging 
in synchrony on a large food item, apparently to reduce 
it into manageable portions. Thus, arffs may play a role 
in this form of by-product mutualism. We classified 90
–91% of arffs to the correct individual indicating that 
arffs encode identity. Devil Facial Tumour Disease is 
transmitted through bite wounds from bitten to the biter. 
Tumours that form inside the mouths of infected devils 
may prevent devils from uttering recognisable arffs, 
resulting in them being bitten, thereby increasing   
transmission of the disease. 
Migratory insights from singing humpback whales  
Reference details: Warren VE, Constantine R, Noad 
M, Garrigue C and Garland EC (2020) Migratory    
insights from singing humpback whales recorded 

around central New Zealand. The Royal Society Open 
Science 7: 201084. 
The migration routes of wide-ranging species can be 
difficult to study, particularly at sea. In the western 
South Pacific, migratory routes of humpback whales 
between breeding and feeding areas are unclear. Male 
humpback whales sing a population-specific song, 
which can be used to match singers on migration to a 
breeding population. This study investigated migratory 
routes and breeding area connections by deploying 
passive acoustic recorders in the central New Zealand 
migratory corridor. The recorded humpback whale 
song was compared to song from the closest breeding 
populations of East Australia and New Caledonia. 
Singing northbound whales migrated past New Zea-
land from June to August via the east coast of the 
South Island and Cook Strait. Few song detections 
were made along the east coast of the North Island. 
New Zealand song matched New Caledonia song, sug-
gesting a migratory destination, but connectivity to 
East Australia could not be ruled out. Two song types 
were present in New Zealand, illustrating the potential 
for easterly song transmission from East Australia to 
New Caledonia in this shared migratory corridor. This 
study enhances our understanding of western South 
Pacific humpback whale breeding population connec-
tivity, and provides novel insights into the dynamic 
transmission of song culture. 
Fish choruses off Port Hedland, Western Australia 

Reference details: Parsons MJG, Kent CPS,             
Recalde-Salas A and McCauley RD (2017)              
Fish choruses off Port Hedland, Western Australia.  

Bioacoustics 26: 135-152.  

Australian waters are home to a number of vocal     
species of fish. Cataloguing the acoustic characteristics 
and temporal patterns of choruses and their locations 
can provide significant information for long-term   
monitoring of vocal fishes and their ecosystems. In 
coastal waters off Port Hedland, Western Australia, 
two seafloor positioned sea-noise loggers, located 
21.5 km apart in 8 and 18 m of water, recorded for an 
18-month period. Numerous sound sources were      
detected, including mooring and vessel noise, hump-
back whale song and a large variety of fish signal 
types. Seven fish choruses were identified, occurring 
predominantly between late spring and early autumn 
(wet season) and displaying energy from 50 Hz to 
>4 kHz. Many of these choruses exhibited acoustic 
characteristics similar to choruses previously reported 
elsewhere, for some of which the source species or 
families have been identified. Distinct diurnal patterns 
in the choruses were observed, associated with sunrise 
or sunset and in some cases, both. While choruses were 
predominantly recorded on different days, there were a 
total of 80 days when more than one chorus was     
present at the same site. Some pairs of choruses      
present on the same day exhibited various combina-
tions of temporal and frequency partitioning, while 
others displayed predominant overlap in both spaces. 



(a) (b) 

(c) (d) 

Figure 1 (a) one of the original production SASS-B microphones made by Crown International; (b) Lang 
Elliot’s modification of the SASS-B, which houses two Sennheiser MKH20s by creating a backplate 
into which pill vials that are the same diameter as the MKH20s were glued; (c) and (d) production model 
SASS-B modified by Walter Knapp via Lang, to accommodate a pair of Sennheiser MHK20s. 



Journal of the Australian                                            Wildlife Sound Recording Group Inc 

 

Inside this issue 

Editorial                                                  Sue Gould    1 

A message from the AWSRG President               Andrew Skeoch    2 

Fluencies — Creating an interactive sound map of the                                 
Richmond river, NSW                                       Rob Garbutt    3 

Wildlife Sound Storytelling                           Dr. Steven Shepard          7 

32-bit floating-point explained        Rod Thorn     9 

Black currawong — an iconic Tasmanian voice         Sue Gould  13 

The story of the SASS microphone array     Sue Gould  16 

The Australian Acoustic Observatory                                         21                                                                    

Abstracts                   22 

 
 
 
 
 
 
 
 
 
Front cover image (black currawong) by Graeme Chapman 

ISSN 1448-3718 


