


Recording Studio Design

Second Edition

Philip Newell

AMSTERDIAM « BOSTON « HEIDELBERG « LONDON » NEW YORK « OXFORD
.  PARIS » SAN DIEGO » SAN FRANCISCO » SINGAPORE « SYDNEY « TOKYO
ELSEVIER Focal Press is an imprint of Elsevier




Focal Press is an imprint of Elsevier
Linacre House, Jordan Hill, Oxford OX2 8DP, UK
30 Corporate Drive, Suite 400, Burlington, MA 01803, USA

First Edition 2003
Reprinted 2004, 2005, 2006 (twice)

Second Edition 2008
Copyright © 2008, Philip Newell. Published by Elsevier Ltd. All rights reserved

The right of Philip Newell to be identified as the author of this work has been
asserted in accordance with the Copyright, Designs and Patents Act 1988

No part of this publication may be reproduced, stored in a retrieval system, or
transmitted in any form or by any means, electronic, mechanical, photocopying,
recording, or otherwise, without the prior written permission of the publisher

Permissions may be sought directly from Elsevier’s Science & Technology Rights
Department in Oxford, UK: phone: (+44) 1865 843830, fax: (+44) 1865 853333,
E-mail: permissions @elsevier.com. You may also complete your request online
via the Elsevier homepage (http://elsevier.com), by selecting “Support & Contact”
then “Copyright and Permission” and then “Obtaining Permissions”

British Library Cataloguing-in-Publication Data
A catalogue record for this book is available from the British Library

Library of Congress Cataloging-in-Publication Data
A catalog record for this book is available from the Library of Congress

ISBN: 978-0-240-52086-5

For information on all Focal Press publications
visit our website at www.books.elsevier.com

Printed and bound in Great Britain

080910 10987654321

Working together to grow
libraries in developing countries

www.clsevier.com | wwwbookaid.org | www.sabre.org

ELSEVIER  POOKAID G hre Foundation



Contents

About the author xiii
Acknowledgements XVii
Preface Xix
Preface to Second Edition XX
Introduction XXi

Chapter 1 General requirements and common errors
The general requirements

Sound isolation and background noise levels
From the inside out

From the outside in

Realistic goals

Isolation versus artistry

Confidence in the system

The complete system

Very common mistakes

AW =

I e T T o T e S e S
cbbbibkbivivivivie -
O RO WUNWUN B B WWN P -

1 The need for space
2 Height
3 Floor loading
Summary
Chapter 2 Sound, decibels and hearing 12
2.1 Perception of sound 12
2.2 Sound itself 14
2.3 The decibel; sound power, sound pressure
and sound intensity 18
2.3.1 The dBA and dBC scales 20
2.4 Human hearing 22
2.4.1 Chacun A Son Oreille 23
2.5  Summary 28
References 29
Bibliography 30
Chapter 3 Sound isolation 31
3.1 Vibrational behaviour 31
3.1.1 Relevance to isolation 33
3.2 Basic isolation concepts 33

3.2.1 Damping and the mass law 34
3.2.2 Floating structures 34
3.2.3 Floating system choices 37
3.3 Practical floors 40



iv  Contents

3.3.1 Floors on weak sub-floors 45
34 Ceiling isolation 47
3.4.1 A trip through the ceiling 48
3.5 Summing the results 53
3.5.1 Internal reflexions 54
3.6 Wall isolation 54
3.7 Lighter weight isolation systems 56
3.8 Reciprocity and impact noises 56
39 The distance option 58
3.10  Discussion and analysis 60
3.10.1 Fibrous and cellular springs — thicknesses and
densities 61
3.10.2 The general situation with masses and springs 62
3.10.3 Measured characteristics of various suspension
materials 68
3.10.4 Calculation of resonance frequency 71
3.11  Summary 73
Reference 74
Bibliography 74
Chapter 4 Room acoustics and means of control 75
4.1 Internal expansion 76
4.2 Modes 84
43 Flutter echoes and transient phenomena 94
4.4 Reverberation 94
4.4.1 Measuring reverberation time 96
4.5 Absorption 98
4.5.1 Speed of sound in gases 100
4.5.2  Other properties of fibrous materials 103
4.5.3  Absorption coefficients 103
4.5.4  Porous absorption 104
4.5.5 Resonant absorbers 105
4.5.6 Membrane absorbers 108
4.6 Q and damping 109
4.7 Diffusion 110
4.8 Diffraction 113
4.9 Refraction 115
4.10  Review 115
411  Summary 116
References 118
Bibliography 118
Chapter 5 Designing neutral rooms 119
5.1 Background 119
5.2 Large neutral rooms 121
5.3 Practical realisation of a neutral room 122
5.3.1 Floors 122
5.3.2  Shapes, sizes and modes 123
5.3.3  From isolation shell towards neutrality 125

5.3.4 Lower frequency control 125



535

ARG
Sk

— = = {0 5020 90 50 50 50 50 %0
NN R W=

DA A A A 8
o — O

Contents v

Relative merits of neutrality and idiosyncrasy
What is parallel?

Reflexions, reverberation and diffusion

Floor and ceiling considerations

Wall treatments

Small and neutral

Practical constructions

The journey of the sound waves

The pressure zone

Wall losses

Transfer of sound between high and low densities
Combined effects of losses

A micro-problem

Trims

The degree of neutrality — an overview
Dialogue recording rooms

Summary

References

Bibliography

Chapter 6 Rooms with characteristic acoustics

6.1
6.2
6.2.1
6.2.2

AR N AR RSN

— e e = \O

Nh LN —O
)

SARSARS)
—_—
[csBEN e\

Definitions

A brief history of idiosyncrasy

From a room to a classic

Limited, or priceless?

Drawbacks of the containment shells

Design considerations

Room character differences

Driving and collecting the rooms

Evolution of stone rooms

Construction options

Live versus electronic reverberation

The 20% rule

Reverberant rooms and bright rooms — reflexion
and diffusion

Bright rooms

Low frequency considerations in live rooms

General comments on live rooms

Orchestral rooms

Choice of venues, and musicians’ needs

RT considerations

Fixed studio environments

Psychoacoustic considerations and spacial
awareness

Dead rooms

Foley rooms

Summary

References

Bibliography

130
133
138
140
142
145
147
149
151
152
153
155
158
158
159
160
166
168
168

169
169
169
170
171
174
175
176
177
180
182
184
186

186
190
193
196
197
197
199
200

203
207
208
210
211
211



vi Contents

Chapter 7 Variable acoustics

7.1
7.2
7.3

Chapter 8 Room combinations and operational considerations

8.1
8.1.1
8.2
8.2.1
8.3
8.3.1
8.3.2
8.3.3
8.34
8.4
8.5
8.5.1
8.6
8.7
8.8
8.9

The geometry of change
Small room considerations
Summary

Options and influences

Demands from control rooms

Layout of rooms

Priorities and practice

Isolation considerations: doors and windows
Sliding doors

Window systems

Multiple glazing considerations

High degrees of isolation

The Geddes approach

Recording techniques for limited acoustics
Moving musicians and changing microphones
A compact studio

Review

Typical isolation door construction
Summary

References

Chapter 9 The studio environment

9.6

Some human needs

Daylight

Artificial light

Ease and comfort

Ventilation and air-conditioning

Ventilation

Air-conditioning systems and general
mechanical noises

Headphone foldback

Loudspeaker foldback

Colours, and general decoration

AC mains supplies

Phase

Power cabling

Balanced power

Mains feeds

Earthing

Summary

Reference

Chapter 10 Limitations to design predictions

10.1

10.1.1

Room responses
The envelope of the impulse response,
and reverberation time

10.1.2  Schroeder plots

212
212
220
222

224
224
227
229
229
231
231
233
235
237
238
241
241
242
244
246
248
248

249
249
249
249
251
251
252

254
258
261
261
263
264
265
266
266
266
267
268

269
269

273
275



Chapter

Chapter

10.1.3
10.1.4
10.1.5
10.2
10.3
10.4
10.5
10.6
10.7
10.8
10.9

Energy/time curves
Waterfall plots
Directional effects
Scale models
Computer models
Sound pulse modelling
Light ray modelling
Ripple tank modelling
Measurement of absorption coefficients
Review

Summary

References

11 Loudspeakers in rooms

11.1
11.2
11.2.1
11.2.2
11.2.3
11.2.4
11.3

11.4
11.5
11.5.1
11.5.2
11.5.3
11.5.4

11.5.5

11.5.6
11.6
11.7
11.8

From the studio to the control room

Room influences

Radiation patterns

Loading by boundaries

Dipole considerations

Diffraction sources

Room reverberation and the critical
distance

Sound power radiation

Corrective measures

Minimum and non-minimum phase

Digital correction techniques

Related problems in loudspeakers

Summary of correct applications of
equalisation

The modulation transfer function and its
implications for electronic room correction

Electronic bass-traps

Phase and time

The black art

Summary

References

Bibliography

12 Flattening the room response

12.1
12.2
12.2.1
12.3
12.4
12.5
12.6
12.7
12.8

Electronic correction concerns
The standard room

Beyond the standard room
The anechoic chamber

The hybrid room

A BBC solution

On listening rooms in general
Close-field monitoring
Summary

References

Contents

vii
276
277
278
278
279
281
281
282
282
285
286
286

287
287
287
288
293
302
303

304
308
310
311
315
315

318

318
323
323
325
325
326
327

328
329
333
336
337
338
340
340
342
347
347



viii  Contents

Chapter 13 Control rooms

The advent of specialised control rooms
Geometrically controlled rooms
Directional dual acoustics

The LEDE

The Non-Environment

Toyoshima rooms

Built-in monitors

Directional acoustics

Scaling problems

The pressure zone

One system

Aspects of small control room designs
Conflicting requirements

Active absorbers

A short overview

Summary

References

Bibliography

Chapter 14 The behaviour of multiple loudspeakers in rooms

14.1
14.2
14.3
14.4
14.5
14.6

14.7
14.8
14.9

Mono sources

Stereo sources

Steady-state performance

Transient considerations

The pan-pot dilemma

Limitations, exceptions and multi-channel
considerations

Surround in practice

A general view

Summary

References

Bibliography

Chapter 15 Studio monitoring: the principal objectives

15.1
15.2
15.3
15.4
15.5
15.6
15.7
15.8

The forces at work
Where is the reference?
Different needs

What is right?
Close-field monitoring
Why the NS10M?
General needs
Summary

References
Bibliography

Chapter 16 The Non-Environment control room

16.1
16.2
16.3

Introduction
Sources of uncertainty
Removing a variable

349
350
350
352
353
355
355
359
361
361
362
365
366
370
371
371
372
372
373

374
374
376
379
380
384

385
386
394
394
395
395

396
396
398
401
402
405
406
407
408
408
408

409
409
410
412



Contents  ix

16.4 Limitations, real and imaginary 417
16.5 Spacial anomalies 418
16.6 Solutions 419
16.7 Stereo imaging constraints 420
16.8 The concept of stereo as currently used 421
16.9 Conflicts and definitions 422
16.10 A parallel issue 427
16.11 Prior art and established ideas 429
16.12  The zero option — the origins of the philosophy 431
16.13  Summary 434
References 435
Chapter 17 The Live-End, Dead-End approach 437
17.1 First impressions 438
17.2 A window of objectivity 438
17.3 Working and listening environments 442
17.4 Summary 443
References 443
Bibliography 443

Chapter 18 Response disturbances due to mixing consoles
and studio furniture 445
18.1 The sound of mixing consoles 445
18.2 Equipment racks 448
18.3 Computer and video monitoring 448
18.4 Sofas 451
18.5 Effects and equipment racks 452
18.6 Close-field monitors 452
18.7 General commentary 454
18.8 Summary 455
Bibliography 455
Chapter 19 Objective measurement and subjective evaluations 456
19.1 Objective testing 456
19.1.1  Pressure amplitude responses 457
19.1.2  Harmonic distortion 457
19.1.3  Directivity 457
19.1.4  Acoustic source 457
19.1.5  Step-function response 459
19.1.6  The power cepstrum 459
19.2 The on-axis pressure amplitude response 460
19.3 Harmonic distortion 462
19.3.1  Intermodulation distortion 463
19.4 Directivity — off-axis frequency responses 464
19.5 Acoustic source 468
19.6 Step-function responses 468
19.7 Power cepstra 472
19.8 Waterfalls 473
19.9 General discussion of results 476

19.10  The enigmatic NS10 477



x Contents

19.11
19.11.1
19.11.2

19.11.3
19.12
19.13

The NS10M — a more objective view
Specifications and measurements

Discussion of results vis-a-vis subjective

perception
Conclusions
The noise of conflict
Summary
References

Chapter 20 Studio monitoring systems

20.1
20.2
20.3
20.4
20.5
20.6
20.6.1
20.6.2
20.6.3
20.6.4
20.6.5
20.7
20.7.1
20.7.2
20.7.3
20.8
20.8.1
20.8.2
20.8.3
20.8.4
20.8.5
20.8.5.1
20.8.5.2
20.8.5.3
20.9
20.10

The constituents of the system
Console monitor circuitry

Audio cables and connectors
Monitor amplifiers

Loudspeaker cables

Crossovers

Passive crossovers

Active crossovers

Crossover characteristics

Slopes and shapes

Digital crossovers

Loudspeaker cabinets

Cabinet mounting

Cabinet concepts

Mounting practices and bass roll-offs
Loudspeaker drive units

Low frequency driver considerations
Efficiency and sensitivity

Magnet systems and cone materials
High frequency loudspeakers
Mid-range loudspeaker

Cone drivers

Dome drivers

Mid-range horn loudspeakers
Review

Summary

References

Bibliography

Chapter 21 Surround sound and control rooms

21.1
21.2
213
214
21.5
21.6
21.7
21.7.1
21.7.2
21.7.3

Surround in the cinemas

TV surround

Music-only surround

An interim conclusion

The psychoacoustics of surround sound
Rear channel concepts

Perceived responses

The simple discrete source

The multiple distributed source

Dipole surround loudspeakers

481
482

484
488
489
495
496

497
497
498
500
501
507
508
511
513
516
518
518
519
520
522
523
525
525
526
527
528
529
530
531
533
535
535
537
537

538
538
539
540
542
542
544
544
544
546
547



Contents  xi

21.7.4  Diffuse sources 547
21.8 Low frequencies and surround 547
21.8.1 Music-only low frequencies 549
21.8.2  Processed multiple sub-woofers 550
21.9 Close-field surround monitoring 551
21.10  Practical design solutions 552
21.10.1 The choice of rear loudspeakers 554
21.11  Other compromises, other results 556
21.12  Dubbing theatres 559
21.12.1 Room-to-room compatibility 563
21.12.2 The X-curve 565
21.13  Summary 570
References 571
Bibliography 572

Chapter 22 Human factors 573
22.1 The ambiance of the occasion 573
22.2 The subjectivity of monitoring 574
22.3 Conditioning and expectations 576
224 Lack of reference points in human judgements 577
22.5 Studios and control rooms 578
22.6 Summary 579
References 579

Chapter 23 A mobile control room 580
23.1 The problems to be solved 580
23.1.1  Electronic control limitations 584
23.1.2  Space problems 585
23.2 The vehicle 586
233 Acoustic discussion 587
23.3.1 Rear wall absorber 590
23.3.2  Frequency breakdown 592
23.3.3  Side wall reflexions 593
23.4 Close-range monitoring 595
23.5 Directivity and total power 597
23.6 Attaching a sub-woofer 600
23.6.1 The appropriate equalisation 600
23.7 Results 601
23.8 Conclusions 603
239 Summary 604
References 604

Chapter 24 Foldback 605
24.1 A virtual world 605
24.2 Constant voltage distribution 606
243 Stereo or mono 610
24.4 In-studio mixing 610
24.5 Types of headphones 613

24.6 Connectors 614



xii  Contents

247
24.8

Overview
Summary

Chapter 25 Main supplies and earthing systems

25.1
25.2
25.3
25.3.1
254
25.5
25.6
25.7

The ground plane

Low impedance supplies

The number of phases

Why one phase only?

Line filters and power conditioners
Balanced power

A general overview

Summary

References

Bibliography

Chapter 26 Analogue audio interfacing

26.1
26.2
26.2.1
26.3
26.4
26.5
26.6
26.7
26.8
26.9
26.10

Appendix 1
Appendix 2
Appendix 3
Appendix 4
Glossary of terms

Index

The origins of the professional interfaces
Jackfields (Patchbays)

Balanced to unbalanced problems

Jacks — 2 or 3 pole?

Avoiding chaos

Multiple signal path considerations
Grounding of signal screens

Balanced versus unbalanced — no obvious choice
Sixteen options for one cable

Some comments

Summary

References

Bibliography

616
617

618
618
621
624
625
626
626
629
630
630
631

632
633
635
637
638
640
641
641
642
643
645
646
647
647

648
666
676
678
684
702



About the author

Philip Newell entered the world of music directly from school in 1966, at the
age of 17. His first job was as an apprentice in audio electronics, during
which time he studied radio and television servicing at Blackburn Technical
College, in England. However, he soon gave up his apprenticeship when
offered a job as sound and light operator in a local ballroom, owned by the
Mecca entertainments company. His work was well-liked, and he was gradu-
ally moved to larger ballrooms within the Mecca chain, finally arriving at the
Orchid ballroom in Purley, just south of London, which was then one of the
largest ballrooms in the country.

These were the days when musical groups did not travel with their own
public address systems. They tended to rely on the house systems, and usu-
ally the house sound engineer as well. So the Orchid, being such a prominent
ballroom, was a natural choice of venue for many of the famous musical
artistes of the time. It was just part of his normal work as the resident sound
engineer for Philip to be working with artistes such as Booker T and the
MGs, Junior Walker and the All Stars, Eddie Floyd, Arthur Conley, Sam and
Dave, and many other stars of the Stax/Motown era, as well as groups such
at The Who, The Small Faces and other British rock groups, many of which
he would later meet again, either in recording studios or whilst making live
recordings.

By the age of 21, Philip Newell knew a lot of musicians, and some had asked
him to put together small ‘demo’ studios (the forerunners of today’s project stu-
dios) in which they could work, principally, on their song-writing. One such
studio, Majestic, in Clapham, south London, began to grow out of all proportion
during its construction, finally opening in late 1970 as a quite large, professional
studio. However, its control room, much larger and more absorbent than most
control rooms of the day, was not well received. The more usual rooms were
heavily influenced by broadcast control rooms, and their specifications were
quite rigid. Recording staff also tended to be quite conservative. Philip’s
attempt to build a control room that he thought was more accurate than many
other control rooms did not see much use. The owner decided that the control
room should be reduced in size, brightened up acoustically, and filled with a
proprietary stereo monitor system in place of the custom four-channel system.
At this juncture, Philip went to work for Pye Records, in London’s West End,
and would not attempt anything on the lines of Majestic for another 20 years,
although he never lost faith in the concept of highly damped room:s.

Pye was a large studio complex with two studios, two mix-only rooms
(reduction rooms, as they were then known), three disc-cutting rooms, two
tape duplication rooms and a room for compiling the eight-track masters for
the tape cartridges then used in many motor cars. Pye also had a mobile
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recording unit, and this appealed very much to Philip’s love of live music
events. His experience of music on-stage made him an obvious candidate for
the mobile recording crew. Until late 1971 he was working in the studios,
principally as a maintenance engineer, and on the mobile recording unit as
a ‘Jack of all trades’. Mobile recordings were then very much a team effort.
During this time at Pye records, they built an articulated mobile recording
vehicle, chiefly designed by Ray Prickett, the technical manager of the
studios. This was used to record many live concerts, with artistes such as The
Who (again), The Faces, Free, Emerson Lake and Palmer, Traffic and many
other famous groups of that era.

However, the studio’s administration manager was beginning to take
exception to the length of Philip Newell’s hair, and his tendency to wear
multi-coloured boots. The ultimatum ‘get your hair cut, or else...’ resulted
in Philip accepting an offer as chief engineer at Virgin Record’s almost
completed Manor Studios, near Oxford, where the wearing of long hair and
multi-coloured boots was almost de rigueur. Within weeks he was recording
a solo album for John Cale (ex Velvet Underground) with musicians such as
Ronnie Wood, now with the Rolling Stones.

Nevertheless, the ‘call of the wild’ (mobile recording) was still a strong
pull, and much spare time was spent putting together a mobile recording
vehicle in a corner of the Manor’s 35 acre (15 hectare) grounds. For reasons
still unclear, Richard Branson (Virgin’s chairman) took exception to this, but
made an unusual offer, which was tantamount to ‘Give me all your equip-
ment in exchange for me financing the building of the world’s best mobile
recording studio — of which you will be 20% shareholder — or you are fired’.

Philip began plans for the Manor Mobile — destined to be the world’s first,
purpose-built, 24-track mobile recording studio (using Ampex’s pre-production
MM1100 24-track tape recorder) in January 1973. By the end of that year
there was so much work that the Manor Mobile Ltd bought the Pye Records
mobile recording vehicle. Around this time, Tom Newman, the managing
director of the Manor Studios, left Virgin, and Philip Newell, at the age of 24,
found himself technical director of a newly-formed recording division of
Virgin Records.

1975 saw the rebuilding of the Manor Studios, with Tom Hidley, the then
chief of Westlake Audio. During the same year, Philip also spent months
working with Mike Oldfield on his Ommadawn album, which was re-mixed
into quadrophonics in the newly completed ‘surround’ control room at the
Manor. Shortly after he re-mixed the classic Tubular Bells into four-channel
surround; a mix which was re-released in 2001 as one of the first Super
Audio Compact Discs (SACDs).

In 1978, again with Tom Hidley, Philip led the Virgin team who built The
Townhouse, in London. In 1979, he was back on the road again, as front of
house engineer for Mike Oldfield’s 45-musician extravaganza which toured
Europe. But, not only was he doing the front of house mixing, he was also
producing the recording of the live album, Exposed, which was a gold disc,
on advanced orders, before it even reached the shops.

During eleven years with Virgin, Philip was involved in a mountain of
recordings, both in the studios and with the mobile recording units.
He produced artistes such as Gong and Mike Oldfield (producer or engineer
on six of his albums), recorded The Warsaw Philharmonic Orchestra;
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The Duke Ellington Orchestra; Hawkwind; Led Zeppelin; Don McLean; Captain
Beefheart; Jack Bruce; Dizzy Gillespie; The Small Faces; Ben E. King; The
Buzzcocks; XTC; Nana Mouskouri; The Motors; Jim Capaldi; Stevie Winwood;
The Band; Patti Smith; Queen; Can; Tangerine Dream; Steve Hillage; Alvin
Lee; The Royal Philharmonic Orchestra — not to mention church organs;
English brass bands; fairground organs; Welsh male-voice choirs; Scottish
pipes and accordions; gospel choirs; The Edinburgh Festival Choir — the list
goes on. The great lesson learned from this variety of recordings, plus an
enormous number of long-forgotten recordings, was that a great recording
usually begins with great musicians. What goes into the microphones is much
more important than what a recording engineer can do with the mixing
console.

As Philip Newell was later to say ‘The thing that I found most disappoint-
ing about being a recording engineer was the lack of correlation between the
effort put into the job and the success of the results. I could work extremely
hard, using all my skill and experience, trying to get a half decent recording
from a group of mediocre musicians, or I could sit with my feet on the desk,
pushing up a fader with one finger, and record an absolutely fantastic guitar
sound from Dave Gilmour or Jimmy Page’. This no doubt contributed to his
almost total departure from the recording industry in 1982. Virgin was also
getting to be much more ‘big business’ and bureaucratic, which was not well
suited to Philip’s somewhat free-spirit, so he sold his shares in the company
and invested more in his seaplane fleet, which he had begun in 1979. This
had been largely in connection with Richard Branson’s purchase of Necker
Island, in the British Virgin Islands, and on which they were planning to
build a tax-haven recording studio. However, the collapse of the pound-
sterling on the foreign exchange markets, the very high spending by the
Virgin group on other projects, and the election of Margaret Thatcher, who
greatly reduced the higher tax rates in Britain, all conspired to squash the idea
of the Caribbean studio.

However, it was perhaps the ‘call of the wild’ again, which drew Philip
to the wide-open spaces of the world of float-planes and flying-boats. He flew
in many air-displays, and also for cinema and television work (and even a
BBC radio programme), and by 1982 was a flying instructor, and an examiner
on certain types of small seaplanes. However, without the income from the
music business to support it, it was difficult to keep these operations afloat;
both in the physical and financial senses. In 1983, he sold everything, and
returned to music to produce an album for Tom Newman, the co-producer of
Tubular Bells.

In 1984, he met Alex Weeks, who had a company called Reflexion Arts,
specialising in the sale of very expensive gold and silver flutes. In the same
year, Philip had been asked to design a studio for Jacobs Studios, in southern
England, so he joined with Reflexion Arts to begin a studio design division,
and Jacobs ‘Court’ studio was their first endeavour together. He then
designed a range of monitor systems under the Reflexion Arts name.

In 1986, he realised that he needed further, specialised help in the design
of a more advanced range of monitors, and sought help from the Institute of
Sound and Vibration Research (ISVR) at Southampton University in the UK.
He had come into contact with the ISVR quite coincidentally, via flying.
His aerodynamics colleagues in Southampton University’s Department of



xvi About the author

Aeronautics and Aerospace, where he was making enquiries about horn design
with specialists in trans-sonic (i.e. through the speed of sound) wind tunnel
construction, shared a building with the ISVR. These investigations drifted
him across to the ISVR acoustics department, where he sponsored a 3-year
doctoral research programme which eventually led to Keith Holland’s AX2
horn, somewhat revolutionary in its time (1989) which is still used in the
current Reflexion Arts monitor systems.

The connection with the ISVR continues, where Philip has sponsored
a number of students at undergraduate, Masters, and doctoral research levels.
He was once heard to say to the owner of a school of recording engineering,
who taught at the school but had never himself been a professional recording
engineer, ‘The big difference between us is that students pay you to teach
them, whereas I pay students to teach me’.

Philip Newell left Reflexion Arts in 1988, but has remained in close contact
with them since the late Alex Weeks passed the company to new owners in
1991. It now operates from Vigo, Spain, and has clients around the world. In
1992 he moved to Spain, where he has lived since, though he is rarely home.
During one period of time, between late 1992 and early 1994, he spent one
night at home in 18 months. Philip has now worked, in one capacity or
another, in 34 different countries. He is a member of the Audio Engineering
Society, a Fellow of the UK Institute of Acoustics and a member of the
Seaplane Pilots Association.

His work now involves the designs of studios for music recording, film
mixing, television shooting stages, concert halls, multi-use halls, music clubs,
rooms for voice recording, discotheques, screening rooms, rehearsal rooms,
and occasionally he also gets involved in industrial noise control. From time
to time Philip still also makes recordings. He has designed hundreds of rooms,
and written around a hundred articles for magazines on the subjects of music
recording and aeronautical issues. He has also written around thirty papers
which have been presented at Audio Engineering Society (AES) and Institute
of Acoustics (IOA) conferences, and has also contributed technical works to
their journals.

On occasions he is called upon to give talks at colleges, institutes, univer-
sities and learned societies, and has done so in the UK, Spain, Russia, Serbia,
Ukraine and the USA, to students of music, recording technologies, and
engineering acoustics. This is his sixth book, following on from Studio Moni-
toring Design, Recording Spaces, Project Studios, the first edition of this
book and Loudspeakers, co-written with Keith Holland.
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Preface

The intention of this book is to make accessible to many people involved in
the daily use of recording studios information which is locked away in many
textbooks. The majority of people working in modern music recording studios
have not had the necessary formal education in mathematics, acoustics and
electronics to make the textbooks appear as anything other than cold print.
Largely, also, the days are gone when the majority of studio staff received
formal training in the studios themselves, spending years learning under the
watchful eyes of previous generations of recording engineers.

This book is not intended to replace the textbooks, but to accompany them,
in order to put many of the principles which they define into the context of
modern recording studios, in a way which may help to give more meaning to
the bare facts. The practical examples given cannot cover the almost infinite
range of possible combinations of techniques, but if the examples can be well
understood, then they should help the reader to interpolate the data suffi-
ciently to have a reasonable ability to determine for themselves the likely out-
come of other approaches. Inevitably, in a book of this size, there will be a
certain amount of overlap and repetition. However, where this occurs, it has
been left in for reasons of clarity, emphasis of importance, or for the ability of
a chapter to stand alone, without the need for unnecessary cross-referencing.
Whilst the language used is as plain as possible, there is an extensive glossary
at the end of the book to help to explain any unfamiliar terms, and whilst only
a minimum of simple mathematics is involved, nevertheless the contents of
the book are intended to be as rigorously factual as possible.

Philip R. Newell
Moaiia, Spain
2003



Preface to Second Edition

When this book was originally being discussed with the publisher, a book of
about 80000 words was proposed. However, once work began, it soon
became apparent that in order to deal with the concepts to a depth which most
previous books on the subject had not achieved, the original estimate for the
size of the book had been greatly misjudged. The book grew and grew, up to
a point where the then commissioning editor had to decide whether the ori-
ginal marketing proposals would still be valid, and whether a book of such a
size was still viable. Fortunately, she kept her faith in the idea, but a halt was
called when the word count was approaching two hundred thousand.

Once the book was released it was generally very well received, but
numerous readers commented on certain omissions of details that they would
have found useful, such as how to make sound isolating doors, as one
example. The book was re-printed in 2004, and then in 2005, and even twice
more in 2006. In fact, sales had been continuing at a steady pace since the
first publication. Focal press suggested that perhaps the book could stand an
enlargement sufficient to incorporate the items that some readers had
requested, and also to cover the subjects of more research and developments
that had taken place in the four years since the first publication.

In this Second Edition, apart from more on the subject of doors, more
material has been added on floated floors, as well as on air-conditioning and
climate control. New work has been incorporated on the strengths and weak-
nesses of digital signal processing as a means of room correction, and more
has been added on the use of multiple sub-woofers for room mode cancella-
tion. New sections have also been added on the design of rooms for cinema
soundtrack mixing, along with more on the perception of frequency
responses in rooms of different sizes and modal activity. Again, in response
to reader’s requests, sections have been added on rooms for the recording of
the spoken voice, and rooms for sound effects. Finally, three entire chapters
have been added to the end of the book, dealing with foldback, electrical
supplies and analogue interfacing. It is hoped that these new additions will
substantially augment the usefulness of the book as a work of reference.

Philip Newell
Moafia, Spain
2007



Introduction

The development of sound recording studios advanced steadily from the 1920s
to the 1980s almost entirely in the hands of trained professionals. By the mid
1980s the professional studios had achieved a high degree of sophistication,
financed by a recording industry which drew its money principally from the
record, film and advertising industries. These client industries were themselves
mainly professional industries, and were accustomed to paying professional
prices for professional services.

By the late 1980s, recording equipment of ‘acceptable’ quality (at least on the
face of it) became available on an increasing scale, and the imminent arrival of
domestic/semi-professional digital recording systems was soon to lead to an
‘explosion’. This saw the sound recording studio industry fragment into a myriad
of small facilities, which severely damaged the commercial viability of many of
the larger studios. It broke up huge numbers of experienced teams of recording
personnel, and consequently much of the generation-to-generation know-how
which resided in many of the large professional studio complexes was lost.

This boom in the number of small studios spawned a world-wide industry
supplying the necessary technology and equipment, but the whole recording
studio industry has since become ever more dependent upon (and subject to
the wishes of) the manufacturers supplying its equipment. It has largely
become an industry of recording equipment operation rather than one based
on the skills and knowledge of traditional recording engineering. So much
recording is now software-based, and so many people in the modern industry
are now largely self-taught, that only a relatively few people out of the total
number involved in music recording have, or will ever have, experienced the
benefits that a really well-designed studio can offer.

Clearly, things will never be as they were in the past, but although many
great advances are taking place in recording technology, some of the basic
principles are just as relevant now as ever they were. Good recording spaces,
good monitoring conditions, good sound isolation and a good working envir-
onment are still basic requirements for any recordings involving the use of
non-electronic instruments, which means most recordings, because voices
also come under the ‘non-electronic instruments’ heading.

The general tendency nowadays is to think of the equipment first. Many
so-called recording studios are in fact no more than several piles of rather
sophisticated equipment set up in any reasonable room that will house them.
Many owners realise all too soon after the inauguration of their ‘studios’ that
there is more to recording studios than they first thought. The real needs
become all too obvious, which then often leads to some trial and error, and
sometimes very wildly misguided attempts to convert their already-purchased,
unsuitable space into what they think that they really need.
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The sad fact is that there are now enormous numbers of bad studios
producing recordings of very arbitrary quality. As this situation spreads with
the growth of the less professional industry, many standards are being eroded.
The norms of the industry are being set by the mass market, and no longer so
much by the skilled professionals with their valuable knowledge of what can
be achieved, which seems to be a pity.

It is all the more a pity because modern technology and the knowledge
passed down through the generations can together reach previously unattain-
able levels of excellence. What is more, the cost is not necessarily prohibitive.
Rather it is ignorance which is the enemy, because the cost of doing things
badly is often no more than the cost of doing things well. People waste an
incredible amount of money by their errors, and lose much valuable income
by not being able to offer the first class results which they should be able to
achieve from their investments.

When The Townhouse studios were completed in London in 1978, the two
studios had cost around one million pounds sterling (about 1.4 million
euros) and were staffed by two recording engineers, five assistants and five
qualified maintenance engineers. The cost of each studio per hour was
around £85, which probably relates to something more like £300 (€400) in
2007 money. Few sane people would spend such a sum of money (inflation
adjusted, of course) on a comparable facility. Almost nowhere in the world
would it be possible to charge such an hourly rate for music-only recording.
We therefore need to be realistic in our approach to modern day designs.
Nevertheless, the good news is that with the developments in the recording
equipment, the advanced nature of new acoustic materials and techniques,
and a much greater understanding of psychoacoustics compared with what
was known 25 years ago, we can now achieve comparable, and in many ways
superior results to those which were achieved in the original incarnation of
the classic Townhouse, and for much less money than ever before.

The financial pressure on recording studios is great. Competition is fierce,
and what was once seen as a genuine industry is now often seen more as a
glorified hobby. Where banks used to finance many studio projects, large and
small, they are becoming unwilling to do so in the 21st century. The recording
industry is often seen to be unstable, with ill-conceived ideas and a poor track
record of adequate professionalism. Banks may often finance the purchase of
buildings, which they can sell if the studio fails commercially. Leasing com-
panies may be interested in supplying recording equipment, which they will
continue to be the true owners of until such time that the lease is paid in full.
However, few organisations will risk the financing of the acoustic control
structures that actually define a professional studio. This is simply because if
the studio does fail commercially, the labour costs involved in the construc-
tion are lost. Furthermore, most of the materials used will not be recoverable
in any way that would enable them to have any resale value, and the demolition
costs of the heavy, space-consuming acoustic work can be considerable if the
next occupiers of the building require it in its ‘unmodified’ state. The lack of
available financing for the acoustic work is one reason why it is often now
not afforded its rightful attention. Somewhat unfortunately, the neglect of this
one critical aspect of the studios can be a prime reason for their failures to
perform, either musically or commercially. Many studio owners and operators
are beginning to see this, and it is being realised that much of what was once
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considered an essential part of all serious studios is s#ill an essential part of
all serious studios.

What this book will now discuss are the fundamentals of good studio
acoustics and monitoring, in a language that will hopefully be recognisable
and accessible to the people who may well need the information that it con-
tains. It will deal with the basic principles, their application in practical cir-
cumstances, and the reasons for their importance to the daily success of
recording studios. Because of the importance of good acoustics to the success
of most studios, and because of the financial burden which failure may
impose, getting things right first time is essential. This applies equally to stu-
dios large and small.

It is being presumed that the majority of readers will be more interested
in how these things affect their daily lives rather than wishing to make an
in-depth study of pure acoustics. Bibliographies at the end of most of the
chapters will point interested readers to other publications which may treat
the specific subjects more formally, but inevitably we will have to begin with
a couple of chapters which set out a minimum of the fundamental principles
involved, in order that we can proceed with at least some of the basic concepts
firmly in mind.
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Chapter 1

General requirements and common errors

This chapter lays out the fundamental requirements of premises for profes-
sional recording purposes, including: common underestimation of need for
good isolation; avoidance of disturbance from plant and equipment noises;
influence of location on isolation requirements; considerations of artistic
needs; control room monitoring basics; types of buildings to avoid; and the
need for adequate space and building strength.

1.1 The general requirements

Some of the things that set a professional recording studio apart from a per-
sonal studio are listed below:

1 The ability to work during the chosen hours of use (in many cases 24 hours
per day) without disturbing, or being disturbed by, anything or anybody in
the local community.

2 The studio should be able to record musicians without delays or impedi-
ments to the needs of the musical performance.

3 Studios should inspire confidence in all the personnel involved in any
recording.

4 The achievable quality of recording should not be limited by the inadequacy
of the studio design or installation. Even a modest studio performing opti-
mally may well outperform a much more elaborate one that has been
poorly conceived and installed.

5 The studio should always provide an adequate supply of clean, fresh air, in
a temperature and humidity-controlled environment. (See Chapter 9.)

So now, let us look at these points in some more detail.

1.2 Sound isolation and background noise levels

In the enthusiasm that often accompanies the idea to build a recording studio,
the lack of experience of the people involved often leads to a tendency to fail
to realise the need for good sound isolation. In far too many cases, people
believe that they can work around most of the restrictions which poor
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isolation imposes. This is a dangerous attitude, because once it is realised that
the compromises severely restrict the success of the studio it is often too late
or too financially burdening to make the necessary changes. The result is
often either a ceiling placed on the ability of the studio to develop, or finan-
cial ruin. In 2001, European banks reported bad debts on over 20000 studio
project loans.

Isolation is a two-way problem. The most obvious need for isolation is to
prevent sound from escaping from the studio and disturbing any noise-sensitive
neighbours. Almost everybody realises that repeated disturbance of neigh-
bours is probably going to lead to complaints and, if nothing is done about it,
cause the closure of the studio. Conversely, noises from the local community
activity entering the studio can disrupt recordings and disturb the creative
flow of the artistic performances. Sound isolation also sets the dynamic range
limit for a studio. This latter point is very important in a professional record-
ing situation, but it is often woefully under-appreciated.

1.2.1 From the inside out

If a studio only has an effective isolation of 40dB, then any sounds above
75dBA in the studio will risk annoying neighbours. The resulting 35 dBA
reaching them would certainly be considered a potential noise nuisance,
at least if the studio were to be used after 10 pm and was sited in a residential
area. For example, one cannot turn down the volume of a drum kit. Playing
quietly is no solution, because it produces an entirely different tone quality to
playing loud. Realistic drum levels are more in the order of 110dBA, so
75dB of isolation (the 110dBA SPL [Sound Pressure Level] of the drums
minus the 35dBA acceptable to the neighbours) would be a basic require-
ment, though this could be reduced at low frequencies, as will be discussed in
Chapter 2.

Many people decide that they can mix in the control room at night
in rooms with reduced isolation, in the belief that they can work with the
monitor volume controls reduced below their daytime levels. It soon
becomes apparent that if the studio is to be used commercially, it is usually
the clients, not the studio owners, who decide at what level they wish to
monitor. If they cannot work in the way that they wish or need to work, they
will perhaps look elsewhere when planning their next recordings. In addi-
tion, when the ability to monitor at higher levels is denied, low level noises
or distortions may go unnoticed, only to be heard at a later date. This may
result in either the work having to be done again or the bill for the wasted
session going unpaid.

Even more disturbing (see next chapter and Figure 2.1 for reasons), mixing
at a relatively quiet SPL of 75 dB is at the lower end of the preferred range for
music mixing, because it is already descending into a region where the ear is
less sensitive to the upper, and especially the lower frequency ranges. Mixes
done at or below this level may tend to sound excessive in bass when
reproduced elsewhere at higher SPLs, as would often be the case. Therefore,
mixing at a low level so as not to annoy the neighbours is not really a profes-
sional option.

It is true that for a voice studio for publicity or radio recording (and espe-
cially when the end-product is not likely to be listened to from an audiophile
perspective), 40 or 50dBA of isolation and a 75dB maximum operating
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level may suffice, but such conditions would certainly not be suitable for music
recording. In conditions of poor isolation, frustrating moments of lost artistic
inspiration can be frequent, such as when a good take is ruined by an external
noise, or when operating level restrictions deny the opportunity to do what is
needed when the moment is ‘hot’. Professional studios should be ready for
whatever the musicians reasonably require, because capturing the artistic
performance is the prime reason for their existence.

1.2.2 From the outside in

Background noise levels of below 20dBA (or NR20 or NC20 as variously used)
were the norm for professional studios. In recent years, cost constraints on air
conditioning systems, together with the appearance of ever more computer disc
drives in the control rooms, have pushed these levels higher. These problems
will also be discussed in later chapters, but background noise levels above
25 or 30dBA in either the studio rooms or the control rooms seriously begin
to encroach on the recording operation.

Most musical instruments have been designed to have sufficient loudness
to be heard clearly over the murmur of a quiet audience, but if the back-
ground noises in a recording room exceed around 30 dBA there will be a ten-
dency for the extraneous noises to enter the microphones with sufficient level
to degrade the clarity of the recordings. Much important low-level informa-
tion in the tone of an instrument or voice may then be masked by the noise. In
the control rooms, we should reasonably expect a background noise level at
least as low as that of the recordings. Otherwise, when monitoring at life-like
levels similar to those produced by the instruments in the studio, one could
not monitor the background noise level on the recording because it would
tend to be masked by the higher background noise level in the control room.
The number of so-called recording studios which now have 50dBA or more
of hard disc and cooling fan noise in the control room, with monitoring limits
of only 90dB SPL, is now reaching alarming proportions. That represents
a monitoring signal-to-noise ratio of only 40dB. It is absurd that many such
studios are promoting their new, advanced, 24 bit/96 K recording systems as
part of a super low noise/high quality facility, when the 100dB+ signal-
to-noise ratio which they offer cannot even remotely be monitored. One
cannot trust to luck and call oneself professional.

1.2.3 Realistic goals

The previous two sub-sections have outlined the basic reasons why good sound
isolation is required in recording studios. The inside to outside isolation is
usually dominant, as few studios are sited next to neighbours producing
upwards of 110dBA. As the 30-dBA region is reasonably close to the limit for
tolerance of background noise by either the neighbours or the studio, it is prin-
cipally the 110dBA or so produced in the studio that dictates the isolation needs.

Of course, a well-judged choice of location can make life easier. Siting the
studio in the middle of nowhere would seem to be one way of reducing the
need for so much isolation. However, the owners must ask themselves if their
clients are likely to travel to such a remote location in commercially viable
numbers. Furthermore, one should be wary of other likely problems. One
expensive studio was located in a place with little sound isolation because it
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was so remote from any neighbours. Three months of unseasonably strong
winds and heavy rain almost drove them to ruin because of the weather-
related noise entering the studio. At great cost, improved sound isolation had
to be added after the studio had been completed, which proved to be far more
expensive than it would have been had it been incorporated during the initial
construction of the studio.

It is client convenience which often drives studio owners to locations in city
centres or apartment buildings. Convenient for the clients they may be, but high
property prices and/or high isolation costs often cause the owners to look for
premises which are too small. Often there is simply no room for adequate isola-
tion in their chosen spaces, even when very expensive techniques are employed.
This subject will be dealt with in greater depth in Chapter 2.

1.2.4 Isolation versus artistry

Artistic performance can be a fragile thing. Curfews on what can be done in
the studio and during which hours can be a source of great problems. No matter
how clearly it is stressed that the working hours are 10 am to 10 pm, for
example, the situation will always arise when things are going very well or
very badly, where a few extra hours of work after the pre-set deadline will
make a good recording great or perhaps save a disaster. In either case, using
a studio where this flexibility is allowable is a great comfort to musicians and
producers alike, and may be very much taken into account when the decision
is made about which studio to use for a recording.

1.3 Confidence in the system

A professional studio should be able to operate efficiently and smoothly. Not
only should the equipment be reliable and well maintained, but also all
doubts should be removed as far as possible from the whole recording pro-
cess. This means that a professional studio needs recording rooms with ade-
quately controlled acoustics and a monitoring situation that allows a reliable
assessment to be made of the sounds entering the microphone. This latter
requirement means reasonably flat monitoring systems are needed, in control
rooms that allow the flat response to reach the mixing position and any other
designated listening regions of the room. The monitoring systems should also
have good transparency and resolution of fine detail, uncoloured by the
rooms in which they are placed or by the disturbances caused by the installed
recording equipment. Where doubt exists about the monitored sound, musi-
cians may become insecure and downhearted, and hence will be unlikely to
either feel comfortable or perform at their best.

The decay time of the control room monitoring response should be shorter
than that of any of the main recording rooms (dead isolation booths may be
an exception), otherwise the recording personnel may not know whether the
decay that they are hearing is a part of the recording or a result of the
monitoring environment. This subject can arouse many strongly opinionated
comments from advocates of some older control room design philosophies,
but the fact remains that adequate quality control monitoring can be difficult
to perform in rooms with typically domestic decay times.
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When recording personnel and musicians realise that they can trust that
what they are hearing is what the audiophiles will hear in good conditions, it
tends to give them more confidence. Confidence is often lacking in an insecure
artistic world, so anything that can boost it is much to be valued. Small loud-
speakers are effectively de rigueur in all studios these days, both as a mixing
tool and as a more domestic reference. This is a very necessary requirement,
as one obviously wants to know what the likely result of a mix will be in 95%
of the record buyers’ homes. Nevertheless, it still seems to be incumbent on
a professional studio to be able to provide the means to monitor the full range
of a recording. Those paying fortunes for their super hi-fi systems will not
then be disappointed, as they would be when buying poorly monitored
recordings that could have been so much better if only the recording studio
had had better monitoring. The large monitors are also necessary for a good,
full frequency range, quality control assessment of the basic recordings, even
if they are not to be used at the mixing stage, but this will be dealt with in
much more detail in Chapter 19. If there is any one thing that disgraces so
much of the ‘less than professional” part of the recording industry it is the
widespread use of appalling monitoring conditions.

Although a detailed discussion is outside of the scope of this book, it
should still not go without mention that nothing really inspires more confidence
in a recording process than the participation of an experienced and know-
ledgeable staff.

1.4 The complete system

A recording studio is a system, just as a racing car is a system. No haphazard
combination of high quality gearbox, engine, wheels, tyres, axles and chassis
will guarantee a well-performing car. The whole thing needs to be balanced.
The same principle applies to recording studios. A hugely expensive, physic-
ally large mixing console, with large flat surfaces will tend to dominate the
acoustic response of a small control room. In such situations, even when
using the flattest monitors available, there is little chance of achieving a flat
response at the listening position(s) in a small room. When studio equipment
outgrows the rooms as the studio expands, the results usually suffer.

Studios should also be well ventilated, with good stability of temperature
and humidity, otherwise musicians can become uncomfortable and instruments
can vary in their tuning. Correcting the tuning later by electronic means is not
a professional solution to any of these problems, because if the problems
exist at the time of the recording they will almost inevitably affect the per-
formance negatively. In fact, speaking about negativity, perhaps we should
look at some of the typical things that many prospective studio owners get
wrong, or misunderstand most often.

1.5 Very common mistakes
In an enormous number of cases, prospective studio owners purchase or

lease premises which they consider suitable for their studio before calling in
a studio designer or acoustical expert. They often realise that there could
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be potential problems, but they believe that they can talk their way around any
difficulties with neighbours. They invest considerable money in building
something which they deem to be suitable for their needs, and then only call
in specialists once the whole thing has been completed but the neighbours
refuse to ‘see reason’.

Acoustics is not an intuitive science, and many people cannot appreciate
just how many ‘obvious’ things are, in reality, not that obvious at all. It is a
very unpleasant experience for acoustics engineers to have to tell people,
who have often invested their hearts, souls and every last penny in a studio,
that the building simply is not suitable. Unfortunately, it happens regularly.

The problem in many of these cases is that the buildings are of lightweight
construction and the neighbours are too close. Three things are instrumental
in providing good sound isolation — rigidity, mass and distance. Lightweight
buildings are rarely very rigid, so if the neighbours are close, such buildings
really have nothing going for them except cheapness. Even if there is space to
build internal, massive, floated structures, the floors may not be strong
enough to support their weight because the buildings are only of weak, light-
weight construction. In many cases, the premises will have been purchased
precisely because they are inexpensive; perhaps they were all that could be
afforded at that time, which often also means that the money for expensive
isolation work is not available. The cost of massive isolation work in a cheap
building will obviously be greater than a smaller amount of isolation work in
a more sturdily constructed building, and usually the overall cost of the build-
ing and isolation work will be cheaper in the latter case.

An actual set of plans for the isolation work in a rather unsuitable building
in southern Spain is shown in Figure 1.1. It is sited in the ground floor garage
of an apartment building. Initial tests with bass and drums in the proposed
studio, after it had been purchased, produced 83dBA in a neighbour’s bed-
room. This would have meant trying to sleep with the equivalent of a loud
hi-fi system playing in the bedroom. The almost absurd quantity of required
sound isolation work eventually reduced the noise level in the bedroom to
around 30 dBA, but the cost was not only financial; much space was also lost.

1.5.1 The need for space

Space is also something which many potential studio owners underestimate.
Whilst it is not universally appreciated just how much space can be con-
sumed by acoustic isolation and control measures, it is still alarming that so
many studio owners buy premises in which the rooms, when empty, have
precisely the floor area and ceiling height that they expect to be available in
the finished rooms. The owners of the studio shown in Figure 1.1 were very
distressed when they saw their space being eaten up by the acoustic work.
They could only breathe easily again when they realised that the isolation
was adequate and that the relatively small remaining space had an open
sound in which they could make excellent recordings. They eventually had to
market the studio on its sound quality, and not on its size; which on reflection
was perhaps not a bad idea. The studio became very successful.

If prospective studio owners can consider space in a new building before
itis completed, then access by the acoustics engineer to the architects can
usually provide some remarkably inexpensive solutions. Concrete, steel and
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sand are relatively cheap materials, and most structures can cope with
supporting a lot of extra weight if this is taken into account at the planning
stage. What is more, results are more easily guaranteed because the precise
details of the structure will be known. Old buildings often lack adequate
plans, and the acoustic properties of the materials used are often unknown.
Hidden structural resonances can thwart the results of well-planned isolation
work, so it is often necessary to err on the safe side when trying to guarantee
sound isolation in old buildings, which usually leads to more expense.

Obviously, though, what we have been discussing in the previous few
paragraphs require long-term investments. Many start-up studios are under-
financed, and the owners find themselves in short-lease premises in which
the acoustic treatment is seen as a potential dead loss when the day comes to
move. These people tend to be very resistant to investing in acoustics. Not
very much can be done to make serious studios in such premises, certainly
not for high quality music recording, though exceptions do exist.

1.5.2 Height

It is very difficult to make a good quality studio, free of problematical
compromises, in a space with inadequate height. Control rooms require height
because of the need to avoid parallelism between the floor and the ceiling.
At low frequencies, all suitable floors are reflective, so the ceilings must be
designed such that monitor response problems are not created by the vertical
room modes. As will become apparent in later chapters, all forms of suitable
treatment for the ceilings are wavelength dependent. So if a metre is needed
for the ceiling structure, and 20 cm or so for a floated floor, then to maintain
a ceiling height of 2.5 m within the room, something approaching 4 m will be
needed in the empty space before construction.

In the studio rooms, microphones placed above instruments, as often they
must be, will be far too close to a reflective boundary unless adequate height
is available in the room. Again, with less than 4 m of height to begin with it
becomes very difficult to achieve the acoustics necessary to make a flexible,
high quality recording room. Six metres is a desirable height for an area in
which a music studio is to be built. Less than 3 m makes the construction of
an excellent studio almost impossible.

Experience has shown that if less than 4m of height is available before
treatment, the best that can be achieved are rooms of either limited flexibility
or idiosyncratic sound. Obviously many rooms are built, these days, in spaces
with much less height than optimum, but few of them could truly claim to
have a “first division’ response. The lack of ceiling height in the chosen spaces
is one of the most common errors made by prospective studio owners when
acquiring premises.

1.5.3 Floor loading

In general, sound isolation systems are heavy. The details of why and to what
degree will be dealt with further in Chapter 3. There is no simple weight per
cubic metre figure for typical isolation, but as an example, an adequately
isolated room of 10mx6mx4m in a residential building could easily contain
40 tonnes. On the 60 m? floor, this would mean an average loading of around
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700kg/m? (or around 150 pounds per square foot in imperial measure). This is
more than a general light industrial loading, and much more than a domestic
loading, and it is made worse by the fact that the weight is not evenly distrib-
uted. There may be areas beneath the lines of dividing walls, such as between
the control room and the studio, where load of 4 or 5 tonnes/m? may be present.

This is simply often not appreciated by people looking for suitable studio
premises. Figure 1.2 shows the steelwork in a reinforced concrete fourth floor
of an apartment building in Mallorca. Despite looking quite complex, it was
not very expensive to make. Luckily, the prospective studio owner had taken
advice from an acquaintance and bought a return air ticket to send to an
acoustics engineer to enable him to meet the architect of the building before
construction began. The floor in Figure 1.2 can carry 40 tonnes, and the pro-
posed studio eventually went into operation without problems. Had the
owner not had the foresight to consult an acoustics engineer, and had begun
the internal isolation work without the required knowledge, then the studio
could have been forced to close soon after opening due to poor isolation to
the rest of the buildings. What is more, and in fact worse, the owner could
have tried to provide sufficient isolation, only for the floor to collapse with
perhaps fatal consequences.

The underestimation of the need for adequate floor strength and rigidity is
a very common error made by prospective studio owners. What makes the
situation worse is that in many cases the buildings that have weak floors
often also have weak walls and weak ceilings, which make them the very
buildings that require the heaviest isolation, which of course they cannot sup-
port. Obviously, therefore, they are not suitable as recording studios unless
they are without neighbours and in areas of very low external noise, but as
previously mentioned, the weather can then cause problems. The lowest floor
of a solidly constructed building is clearly a better option.

The requirements for, and the cost of, the sound insulation/isolation can
therefore be very much influenced by the nature of the structure of the build-
ing and its situation vis-a-vis noise sources and noise sensitive neighbours.
The cost difference between needing 50dB or 70 dB of isolation is very great,
so if an appropriate building and location can be chosen, even if it is more
expensive to buy or lease, it may still work out cheaper when the cost of the
entire studio is fully appreciated.

If the things mentioned in this chapter are given due consideration at the
very early stages of studio planning, then many problems can be avoided.
In addition, if many things are not duly considered, problems in the realisa-
tion of the studio can be so deep-seated that they may have to be lived with
for its working lifetime. Such problems can severely limit the potential for
upgrading the studio to suit new ideas or a higher standard of recording.
There is no doubt that a comprehensive knowledge of what one is seeking to
achieve is a good starting point in almost any form of construction. There-
fore, on that theme, we will continue.

1.6 Summary

The general requirements of a studio should be carefully thought about before
a location is chosen.
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Good sound isolation is essential, and many people greatly underestimate
its importance.

One cannot work more quietly at night time and expect to achieve the
same results as working at normal SPLs.

Noisy electro-mechanical systems, such as ventilator fans, disc drives and
air-conditioning units should not be allowed to disturb the recording or moni-
toring environments. Background noises above 30dBA are not acceptable
for professional use.

Choice of location can greatly simplify sound isolation requirements, but
convenient access for the clients may drive studios into more noise sensitive
areas. In the latter case, costs must be expected to rise. Potential earnings, on
the other hand, may also be greater.

An undisturbed recording environment may be essential for achieving great
artistic performances.

Control room and monitor system decay times should be shorter than the
decay times in the principal studio (performing) rooms. Otherwise monitor-
ing environment decay may mask the performing room decay, and make the
recorded ambience very difficult to assess.

Large and small monitor systems tend to be needed, each for different
reasons.

It is best to seek expert advice before choosing a building in which to site
a recording studio, because acoustics is not an intuitive science.

Lightweight, inexpensive buildings rarely make good studios. Buildings
should also be considerably larger than what is needed solely for the interiors
of the finished rooms. Isolation and acoustic control work can be space
consuming. Adequate height is also beneficial. Old buildings often have hid-
den problems, so the prediction of conversion costs can sometimes be
difficult to assess accurately.

Adequate low frequency isolation can often require the use of considerable
quantities of heavy materials. These need not be expensive, but the question
often arises as to whether a given building can support the weight.



Chapter 2

Sound, decibels and hearing

Important aspects of hearing sensitivity and frequency range. An introduction
to the decibel in its various applications. The speed of sound and the
concept of wavelength. Relation between absorbers and wavelength.
Sound power, sound pressure, sound intensity. Double-distance rule. The
dBA and dBC concepts. Sound insulation and noise perception. Aspects of
hearing and the concept of psychoacoustics. The sensitivity of the ear and
the differences of perception from one person to another. The effect on the
perception of loudspeakers vis-a-vis live music.

2.1 Perception of sound

That our perception of sound via our hearing systems is logarithmic becomes
an obvious necessity when one considers that the difference in sound power
between the smallest perceivable sound in a quiet room and a loud rock band
in a concert is about 102 — one to one-million-million times. A rocket launch
at close distance can increase that by a further one million times. The ear
actually responds to the sound pressure though, which is related to the square root
of the sound power, so the pressure difference between the quietest sound
and a loud rock band is 10° — one to one-million.

When a pure tone of mid frequency is increased in power by ten times, the
tone will subjectively approximately double in loudness. This ten times
power increase is represented by a unit called a bel. One tenth of that power
increase is represented by a decibel (dB) and it just so happens that one-
decibel represents the smallest mean detectable change in level that can be
heard on a pure tone at mid frequencies. Ten decibels (one bel) represents
a doubling or halving of loudness. However, the terms ‘pure tone’ and ‘mid
frequencies’ are all-important here. Figure 2.1 shows two representations of
equal loudness contours for human hearing. Each higher line represents
a doubling of subjective loudness. It can be seen from the plots that at the
frequency extremes the lines converge showing that, especially at low fre-
quencies, smaller changes than 10dB can be perceived to double or halve the
loudness. This is an important fact that will enter the discussions many times
during the course of this book.

It is the concept of the doubling of loudness for every 10dB increase in
sound pressure level that fits so well with our logarithmic hearing. A street,
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Figure 2.1 (a, b) Equal loudness contours. (a) The classic Fletcher and Munson contours of
equal loudness for pure tones, clearly showing higher levels being required at high and low
frequencies for equal loudness as the SPL falls. In other words, at 110dB SPL, 100 Hz, 1 kHz
and 10 kHz would all be perceived as roughly equal in loudness. At 60 dB SPL, however, the
60 phon contour shows that 10kHz and 100 Hz would require a 10dB boost in order to be
perceived as equally loud to the 1kHz tone. (b) The Robinson—Dadson equal loudness
contours. These plots were intended to supersede the Fletcher—Munson contours, but, as can be
seen, the differences are too small to change the general concept. Indeed other sets of contours
have subsequently been published as further updates, but for general acoustical purposes, as
opposed to critical uses in digital data compression and noise shaping, the contours of (a) and
(b) both suffice. The MAF (minimum audible field) curve replaces the ‘O phons’ curve of the
older, Fletcher-Munson contours. The MAF curve is not absolute, but is statistically derived
from many tests. The absolute threshold of hearing varies not only from person to person, but
with other factors such as whether listening monaurally or binaurally, whether in free-field
conditions or in a reverberant space, and the relative direction of the source from the listener.
It is therefore difficult to fix an absolutely defined 0 dB curve
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with light traffic in a small town will tend to produce a sound pressure level
(SPL) of around 60dBA, whereas a loud rock band may produce around
120dBA (dB and dBA will be discussed later in the chapter). The sound
pressure difference between 60 and 120dBA is one thousand times, but it is
self-evident that a loud rock band is not one thousand times louder than light
traffic. If we use the 10dB concept then 70dBA will be twice as loud as
60dBA, 80dBA four times as loud (2x2), 90dBA eight times (2X2X?2),
100dBA 16 times (2x2x2x2), 110dBA 32 times (2x2x2x2x2), and
120dBA 64 times as loud (2x2x2x2x2x2). The concept of a loud rock
band being 64 times as loud as light traffic is more intuitively reasonable,
and in fact it is a good approximation.

The concept of 1dB being the smallest perceivable level change only
holds true for pure tones. For complex signals in mid frequency bands it has
been shown that much smaller level changes can be noticeable. Indeed,
Dr Roger Lagadec, the former head of digital development at Studer Inter-
national, in Switzerland, detected in the early 1980s audible colouration
caused by amplitude response ripples in a digital filter at levels only just
above +0.001 dB. However, whether he was detecting the level changes,
per se, or an artefact of the periodicity of the ripples, may still be open to
question.

Perhaps it is therefore important to note at this early stage of the chapter
that many so-called facts of hearing are often wrongly applied. Tests done on
pure tones or speech frequently do not represent what occurs with musical
sounds. Traditionally it has been the medical and communications industries
that have funded much of the research into hearing. The fact that it is a differ-
ent part of the brain which deals with musical perception to that which deals
with speech and pure tones is often not realised. One should be very careful
when attempting to apply known ‘facts’ about hearing to the subject of
musical perception. They can often be very misleading.

2.2 Sound itself

Sound is the human perception of vibrations in the region between 20Hz and
20kHz. ‘Hz’ is the abbreviation for hertz, the internationally accepted unit
denoting cycles per second, or whole vibrations per second. The abbreviation
‘cps’ for cycles per second is still to be found in some older publications.
(In some very old French texts, half-vibrations [zero-crossings] per second were
used, with a consequent doubling of the frequency figure.') Figure 2.2 shows a
graphic representation of a cycle of a sine wave. It can be seen that the pressure
cyclically moves from compression to rarefaction and back to compression. The
number of times which each whole cycle occurs in a second is known as the
frequency. Hence, a frequency of 200Hz denotes that 200 cycles occur in any
given second.

The compression and rarefaction half cycles represent the alternating
progression of the pressure from static pressure to its peak pressure, the
return through static pressure and on to peak rarefaction, and finally back to
static pressure. The whole cycle of a sine wave can be shown by an arrow
placed on the perimeter of a rolling wheel whose circumference is equal to
one wavelength. One complete revolution of the wheel could show one
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period of the sine wave (A to E), then as the wheel rolls, a line drawn radially on the wheel will
indicate the phase angle of the associated sine wave. This is why phase is sometimes denoted
in radians — one radian being the phase angle passed through as the wheel advances by its own
radial length on its circumference. Therefore, 360° =2 & radians (i.e. circumference =2 1 x radius).
1 radian =360°/2nt=57.3° approximately

whole cycle of a sine wave, hence any point on the sine wave can be related
to its positive or negative pressure in terms of the degrees of rotation of the
wheel which would be necessary to reach that point. One cycle can there-
fore be described as having a 360° phase rotation. The direction of the
arrow at any given instant would show the phase angle, and the displace-
ment of the arrowhead to the right or to the left of the central axle of
the wheel would relate to the positive or negative pressures, respectively.
The pressure variation as a function of time is proportional to the sine of
the angle of the rotation of the wheel, producing a sinusoidal pressure
variation, or sine wave.

Another way of describing 360° of rotation is 2r (pi) radians, a radian
being the length on the circumference of the wheel which is equal to its
radius. In some cases, this concept is more convenient than the use of
degrees. The concept of a sine wave having this phase component leads to
another definition of frequency: the frequency can be described as the rate of
change of phase with time.

An acoustic sine wave thus has three components, its pressure amplitude,
its phase, and time. They are mathematically interrelated by the Fourier trans-
form. Fourier discovered that all sounds can be represented by sine waves in
different relationships of frequency, amplitude and phase, a remarkable feat
for a person born in the 18th century.
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The speed of sound in air is constant with frequency, and is dependent
only on the square root of the absolute temperature. At 20°C it is around
344 m per second, sometimes also written 344 m/s or 344m s~!. The speed of
sound in air is perhaps the most important aspect of room acoustics, because it
dominates so many aspects of acoustic design. It dictates that each individual
frequency will have its own particular wavelength. The wavelength is the
distance travelled by a sound at any given frequency as it completes a full
cycle of compression and rarefaction. It can be calculated by the simple
formula:

- @.1)

~I10

where

A=wavelength in metres
f =frequency
¢ =speed of sound in air
(344 metres per second at 20 °C)

For example, the wavelength of a frequency of 688 Hz is:

_344 _ _
7»—688 0.5m=50 cm

The wavelength of 100 Hz is:

34344
A T00 T 3.44 metres

To give an idea of the wavelength at the extremes of the audio frequency
band, let us calculate the wavelengths for 20 Hz and 20 kHz:

344
20Hz =30 17.2 metres
_ 344 _
20kHz = 2—0,00 0.0172 metres

or 1.72cm

Note the enormous difference in the wavelengths in the typical audio frequency
range, from 17.2 metres down to 1.72 centimetres; a ratio of 1000:1.

There is also another unit used to describe a single frequency acoustic
wave, which is its wave number. The wave number describes, in radians per
metre, the cyclic nature of a sound in any given medium. It is thus the spacial
equivalent of what frequency is in the time domain. It is rarely used by non-
academic acousticians, and is of little general use in the language of the studio
world. Nevertheless, it exists in many text books, and so it is worth a mention,
and helps once again to reinforce the concept of the relationship between
sound and the world in which we live.

So what has all of this got to do with recording studios? A lot. An awful lot!
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Sound is a wave motion in the air, and all wave motions, whether on the
sea, through the earth (earthquakes), radio waves, light waves, or whatever
else, follow many of the same universal physical laws. The spectrum of vis-
ible light covers about one octave, that is, the highest frequency involved
is about double the lowest frequency. Sound, however, covers 20-40 Hz,
40-80Hz, 80-160Hz, 160-320Hz, 320-640Hz, 640-1280Hz, 1280-2560Hz,
2560-5180Hz, 5180-10,360Hz, 10,360-20,720Hz.... 10 octaves, which one
could even stretch to 12 octaves if one considers that the first ultrasonic and
infrasonic octaves can contribute to a musical experience. That would mean
a wavelength range from 34.4 metres down to 8.6 millimetres, and a fre-
quency range not of 2 to 1, like light, but more in the order of 4000 to 1.

The ramifications of this difference will become more obvious as we
progress in our discussions of sound isolation and acoustic control, but it
does lead to much confusion in the minds of people who do not realise the
facts. For example, as a general rule, effective sound absorption will take
place when the depth of an absorbent material approaches one quarter of a
wavelength. Many people know that 10cm of mineral wool (Rockwool,
Paroc, etc.), covering a wall, will absorb sound. Speech frequencies, around
1000Hz, with a wavelength of around 34 cm will be maximally absorbed,
because the quarter wavelength would be 8.5 cm, so the 10cm of absorbent
would adequately exceed the quarter wavelength criterion. Indeed, all higher
frequencies, with shorter wavelengths, would also be maximally absorbed.
However, 100Hz, with a quarter wavelength of 85cm (a wavelength of
around 3.4m), would tend to almost be totally unaffected by such a small
depth of material. Nearly a one metre thickness would be needed to have the
same effect at 100 Hz as a 10 cm thickness at 1 kHz.

Figure 2.3 shows a medium sized anechoic chamber. The fibrous wedges
are of one metre length, and they are spaced off from the walls in such a way
that augments their low frequency absorption. The frequency having a four
metre wavelength (one metre quarter wavelength) is 86 Hz. With the aug-
mentation effect of the spacing, the room is actually anechoic to around
70Hz. This means that all frequencies above 70Hz will be at least 99.9%
absorbed by the boundaries of the room.

Contrast this to a typical voice studio with 10cm of ‘egg-box’ type, foam
wall coverings. For all practical purposes, this will be very absorbent above
800 Hz, or so, and reasonably absorbent at 500 Hz, or even a little below, but
it will do almost nothing to control the fundamental frequencies of a bass guitar
in the 40-80Hz range. This is why a little knowledge can be a dangerous
thing. A person believing that thin foam wall panels are excellent absorbers,
but not realising their frequency limitation, may use such treatments in rooms
which are also used for the recording or reproduction of deep-toned instru-
ments. The result is usually that the absorbent panels only serve to rob the
instruments of their upper harmonics, and hence take all the life from the
sound. The totally unnatural and woolly sound which results may be in many
cases subjectively worse than the sound when heard in an untreated room.
This type of misapplication is one reason why there are so many bad small
studios in existence. The misunderstanding of many acoustic principles is
disastrously widespread. (Section 5.11 deals with voice rooms in more
detail).

So, is mineral wool absorbent? The answer depends on what frequency
range we are considering, where it is placed, and what thickness is being
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Figure 2.3 The ISVR anechoic chamber. The large anechoic chamber in the Institute of
Sound and Vibration Research at Southampton University, UK, has a volume of 611 m>. The
chamber is anechoic down to around 70 Hz. Below this frequency, the wedges represent less
than a quarter of a wavelength, and the absorption falls off with decreasing frequency. The
floor grids are completely removable, but are strong enough to support the weight of motor
vehicles

used. The answer can vary from 100% to almost zero. Such is the nature of
many acoustical questions.

2.3 The decibel; sound power, sound pressure and sound intensity

The decibel is, these days, one of the most widely popularised technical terms.
Strictly speaking, it expresses a power ratio, but it has many other applications.
The dB SPL is a defined sound-pressure-level reference. Zero dB SPL is
defined as a pressure of 20 micro pascals (one pascal being one newton per
square metre) but that definition hardly affects daily life in recording studios.
There are many text books which deal with the mathematics of decibels, but
we will try to deal here with the more mundane aspects of its use. Zero (0) dB
SPL is the generally accepted level of the quietest perceivable sound to the
average, young human being.

Being a logarithmic unit, every 3 dB increase or decrease represents a doub-
ling or halving of power. A 3 dB increase in power above 1 W would be 2 W,
3dB more would yield 4 W, and a further 3dB increase (9dB above 1W)
would be 8 W. In fact, a 10dB power increase rounds out at a 10 times
increase in power, and this is a useful figure to remember.

Sound pressure doubles with every 6dB increase, so one would need to
quadruple the sound power from 1W to 4W (3dB+3dB) to double the
sound pressure from an acoustic source. Our hearing perception tends to
correspond to changes in sound pressure level, and it was stated earlier that



Sound, decibels and hearing 19

a roughly 10dB increase or decrease was needed in order to double or halve
loudness. What therefore becomes apparent is that if a 10dB increase causes a
doubling of loudness, and that same 10dB increase requires a ten times
power increase (as explained in the last paragraph), then it is necessary to
increase the power from a source by 10 times in order to double its loudness.

This is what gives rise to the enormous quantities of power amplifiers used
in many public address (PA) systems for rock bands, because, in any given
loudspeaker system, 100 W is only twice as loud as 10 W. One thousand
watts is only twice as loud as 100 W, and 10000 W is only twice as loud as
1000 W. Therefore, 10000 W is only eight times louder than 10 W, and, in
fact, only 16 times louder than / W. This is totally consistent with what was
said at the beginning of the chapter, that a rock band producing 120dB SPL
was only about 64 times louder than light traffic, despite producing a thou-
sand times more sound pressure. Yes, one million watts is only 64 times
louder than 1 W — one million times the power produces one thousand times
the pressure, which is 64 times louder at mid frequencies. The relationships
need to be well understood.

Sound intensity is another measure of sound, but this time it deals with the
flow of sound energy. It can also be scaled in decibels, but the units relate to
watts per square metre. Sound waves in free space expand spherically. The
formula for the surface area of a sphere is 47 X1 or 4mr?. (Free air is often
referred to as 47 space, relating to 47 steradians [solid radians].) The surface
area of a sphere of 1 m radius (r) would thus be 4x3.142 (r=3.142)x 1% or
about 12.5m?. The surface area of a 2m radius (r) sphere would therefore be
41tx2? or 4x3.142 x4, which is about 50 m?2. So, every time the radius doubles,
the surface area increases by four times.

Now, if the sound is made to distribute the same power over a four times
greater area, then its infensity (in watts per square metre) must reduce by
a factor of four. For the same total power in the system, each square metre
will only have one quarter of the power over the surface of the 2 m radius
sphere than it had on the surface of the 1 m radius sphere. One quarter of the
power represents a reduction of 6dB (3dB for each halving), so the sound
pressure at any point on the surface of the sphere will reduce by a half every
time that one moves double the distance from the source of sound in free air.
This is the basis of the often referred to ‘double-distance rule’ which states
that as one doubles the distance from a sound source in free air, the sound
pressure level will halve (i.e. fall by 6dB).

Sound pressure level is represented by ‘SPL’. Sound power level is usually
written ‘SWL’. The sound intensity is usually annotated ‘I’. From a point
source in a free-field the intensity is the sound power divided by the area, or,
conversely:

Sound power =sound intensity x area (or SWL=1IA)

The sound intensity therefore falls with the sound pressure level as one
moves away from a source in a free-field. In a lossless system, they would
both reduce with distance, even though the total sound power remained
constant, merely spreading themselves thinner as the surface area over which
they were distributed increased.
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2.3.1 The dBA and dBC scales

Reference has already been made, in earlier sections, to dB SPL and dBA.
Essentially, a sound level meter consists of a measuring microphone coupled
to an amplifier which drives a meter calibrated in dB SPL, referenced to the
standard 0dB SPL. The overall response is flat. Such meters are used for
making absolute reference measurements. However, as we saw from Figure 2.1,
the response of the human hearing system is most definitely not flat.
Especially at lower levels, the ear is markedly less sensitive to low and high
frequencies than it is to mid frequencies. It can be seen from Figure 2.1 that
60dB SPL at 3kHz will be very audible, in fact it will be over 60 dB above
the threshold of hearing at that frequency, yet a tone of 30Hz would be
inaudible at 60dB SPL; it would lie on the graph below the O phon curve of
‘just audible’.

Consequently, if a flat reading of 60dB was taken on an SPL meter meas-
uring a broad-band noise signal in a room, then 25 dB of isolation would be
needed at 3kHz if the neighbours were not to be subjected to more than
35dBA. However, at 30 Hz, nothing would need to be done, because the
sound at that frequency would not even be audible in the room, let alone out-
side of it. Hence, providing 25dB of isolation at 30 Hz to reduce the outside
level to less than 35 dB SPL unweighted (i.e. a flat frequency response) would
simply be a waste of time, money, effort and space.

To try to make more sense from the noise measurements, an ‘A-weighting’
filter is provided in the amplifier circuits of most SPL meters, which can be
switched in when needed. The ‘A’ filter is approximately the inverse of the
40 phon curve from the equal loudness contours of Figure 2.1, and is shown
in Figure 2.4. The effect of the A-weighting is to render the measurement at
any frequency (at relatively low SPLs), subjectively equal. That is to say, a
measurement of 40 dBA at 40 Hz would sound subjectively similar in level as
a measurement of 40dBA at 1kHz, or 4kHz, for example. This greatly helps
with subjective noise analysis, but A-weighting should never be used for
absolute response measurements such as the flatness of a loudspeaker. For
such purposes, only unweighted measurements should be used.

Also shown in Figure 2.4 is the ‘C-weighting’ curve. This roughly equates
to the inverse of the 80 phon curve of Figure 2.1. C-weighting is more appro-
priate than A-weighting when assessing the subjectivity of higher level
noises, but as it is the nuisance effect of noise that is usually of most concern,
the C-weighting scale is less widely used. There is also a ‘B-weighting’ curve,
but it is now largely considered to be redundant, especially as no current legis-
lation makes use of it.

One must be very careful not to mix the measurements because there is no
simple way of cross-referencing them. In the opening paragraphs of this
chapter reference was made to a loud rock band producing 120 dBA. Strictly
speaking, the use of the dBA scale in the region of 120dB SPL is a nonsense,
because the A curve does not even vaguely represent the inverse of the
response of the ears at the 120 phon loudness level, shown in Figure 2.1,
which is almost flat. The 120phon level actually equates better to an
unweighted response, but, as has just been mentioned, one cannot mix the use
of the scales. It would have been more accurate to say that a very loud rock
band at 120dBA would, in the mid frequency range, be 64 times louder than light
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Figure 2.4 (a) A-, B-, C- and D-weighting curves for sound level meters. (b) Inverse equal
loudness level contours for a diffuse field for the range from the hearing threshold to 120 phon
(thin lines), and A-weighting (thick line). The above figure was taken from ‘On the Use of
A-weighted Level for Prediction of Loudness Level’, by Henrik Miiller and Morten Lydolf, of
Aalborg University, Denmark. The paper was presented to the 8th International Meeting on
Low Frequency Noise and Vibration, in Gothenburg, Sweden, in June 1997. The work is
published in the Proceedings, by Multi-Science Publishing, UK
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traffic in the street of a small town. The low frequencies may in fact, sound
very much louder.

This fact affects the thinking on sound isolation, which can also be rated in
dBA. There are measurements known as Noise Criteria (NC) and Noise Ratings
(NR) which are close to the dBA scale. They allow for reduced isolation as
the frequency lowers, in order to be more realistic in most cases of sound
isolation, although they are perhaps more suited to industrial noise control than
to recording studio and general music use. Where very high levels of low
frequencies are present, such as in recording studios, 60dB of isolation at
40 Hz may well be needed, along with 80dB of isolation at 1kHz, in order to
render both frequencies below the nuisance threshold in adjacent buildings. An
NR, NC or A-weighted specification for sound isolation would suggest that
only 40dB of isolation were necessary at 40Hz, not 60dB, so it would
underestimate by 20dB the realistic isolation needed. Not many industrial
processes produce the low frequency SPLs of a rock band.

If all of this sounds a little confusing, it is because it is. The non-flat fre-
quency response of the ear and its non-uniform dynamic response (i.e. the
frequency response changes with level) have blighted all attempts to develop
a simple, easily understood system of subjective/objective noise level analysis.
Although the A-weighting system is very flawed, it nevertheless has proved
to be valuable beyond what could ever have been academically expected of
it. However, all of these measurements require interpretation, and that is why
noise control is a very important, independent branch of the acoustical sciences.
Failing to understand all the implications of the A, C and unweighted scales
has led to many expensive errors of studio construction, so if the situation is
serious, it is better to call in the experts.

2.4 Human hearing

The opening section of this chapter, although making many generalisations,
hinted at a degree of variability in human perception. By contrast, the second
section dealt with what is clearly a hard science; that of sound and its propaga-
tion. Acoustic waves behave according to some very set principles, and des-
pite the interaction at times being fiendishly complex, acoustics is
nevertheless a clearly definable science. Likewise in the third section, the
treatment of the decibel is clearly mathematical, and it is only its application
to human hearing and perception where it begins to get a little ragged. It is
however the application that gets ragged, not the concept of the decibel itself.
Eventually, though, we must understand a little more about the perception of
sound by individual human beings, because they are the final arbiters of
whatever value exists in the end result of all work in recording studios, and it
is here where the somewhat worrying degree of variability enters the
proceedings in earnest.

The world of sound recording studios is broad and deep. It straddles the
divide between the hardest objective science and the most ephemeral art, so
what the rest of this chapter will concentrate on is the degree of hearing
variability which may lead many people to make their own judgements.
These judgements relate both to the artistic and scientific aspects of the
recording studios themselves, and the recordings which result from their use.
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The human auditory system is truly remarkable. In addition to the charac-
teristics described in earlier sections, it is equipped with protection systems
which limit ear drum (tympanic membrane) movement below 100 Hz. These
are to prevent damage, yet still allow the brain to interpret, via the help of
body vibration conduction, what is really there. The ear detects pressure half-
cycles, which the brain re-constructs into full cycles, and can provide up to
15 dB of compression at high levels. By means of time, phase and amplitude
differences between the arrivals of sound at the two ears, we can detect direc-
tion with great accuracy, in some cases to as little as a few degrees. Human
pinnae (outer ears) have evolved with complex resonant cavities and reflectors
to enhance this ability, and to augment the level-sensitivity of the system.

Our pinnae are actually as individual to each one of us as are our finger-
prints, which is the first step in ensuring that our overall audio perception sys-
tems are also individual to each one of us. When we add all of this together,
and consider the vagaries introduced by what was discussed in Section 2.3.1,
we should be able to easily realise how the study of acoustics, and audio in
general, can often be seen as a black art. Hearing perception is a world where
everything seems to be on an individually sliding scale. Of course, that is also
one reason why it can be so fascinating. However, until it is sufficiently
understood, frustration can often greatly outweigh fascination.

Psychoacoustics is the branch of the science which deals with the human
perception of sound, and it has made great leaps forward in the past 25 years,
not least because of the huge amount of money pumped into research by the
computer world in their search for ‘virtual” everything. Psychoacoustics is an
enormous subject, and the bibliography at the end of this chapter suggests
further reading for those who may be interested in studying it in greater
depth. Nevertheless, it may well be useful and informative to look at some
concepts of our hearing, and its individuality with respect to each one of us,
because it is via our own hearing that we each perceive and judge musical
works. From the differences which we are about to explore, there can be little
surprise if there are some disagreements about standards for recording studio
design.

What follows was from an article in Studio Sound magazine, in April 2000.

2.4.1 Chacun A Son Oreille

In 1896, Lord Rayleigh wrote in his book, The Theory of Sound (Strutt, 1896,
p- 1) ‘The sensation of a sound is a thing sui generis, not comparable with
any of our other senses. . .. Directly or indirectly, all questions connected with
this subject must come for decision to the ear,...and from it there can be no
appeal’. Sir James Jeans concluded his book Science & Music (Cambridge
University Press, 1937) with the sentence ‘Students of evolution in the animal
world tell us that the ear was the last of the sense organs to arrive; it is beyond
question the most intricate and the most wonderful’.

The displacement of the ear drum when listening to the quietest perceiv-
able sounds is around one-hundredth of the diameter of a hydrogen
molecule, and even a tone of 1 kHz at a level of 70dB still displaces the ear
drum by less than one-millionth of an inch (0.025 micrometres). Add to all
these points the fact that our pinnae (outer ears) are individual to each
one of us, and one has a recipe for great variability in human auditory
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perception as a whole, because the ability to perceive these minute differences
is so great.

In fact, if the ear was only about 10dB more sensitive than it is, we would
hear a permanent hiss of random noise, due to detection of the Brownian
motion of the air molecules. Some people can detect pitch changes of as little
as 1/25th of a semitone (as reported by Seashore). Clearly there is much vari-
ability in all of this from individual to individual, and one test carried out on
16 professionals at the Royal Opera, Vienna, showed a 10:1 variability in
pitch sensitivity from the most sensitive to the least sensitive. What is more,
ears all produce their own non-linear distortions, both in the form of har-
monic and inter-modulation distortions. I had one good friend who liked
music when played quietly, but at around 85 dB SPL she would put her hands
to her ears and beg for it to be turned down. It appeared that above a certain
level, her auditory system clipped, and at that point all hell broke loose inside
her head.

Of course, we still cannot enter each other’s brains, so the argument about
whether we all perceive the colour blue in the same way cannot be answered.
Similarly we cannot know that we perceive what other people hear when
listening to similar sounds under similar circumstances. We are, however,
now capable of taking very accurate in-ear measurements, and the suggestion
from the findings is that what arrives at the eardrums of different people is
clearly not the same, whereas what enters different people’s eyes to all
intents and purposes is the same. Of course, some people may be colour-
blind, whilst others may be long-sighted, short-sighted, or may have one or a
combination of numerous other sight anomalies. Nevertheless, what arrives
at the eye, as the sensory organ of sight, is largely the same for all of us.
However, if we take the tympanic membrane (the ear drum) as being the
“front-end’ of our auditory system, no such commonality exists. Indeed, even
if we extend our concept of the front-end to some arbitrary point at, or in front
of, our pinnae, things would still not be the same from person to person
because we all have different shapes and sizes of heads and hair styles. This
inevitably means that the entrances to our ear canals are separated by differ-
ent distances, and have different shapes and textures of objects between
them. Given the additional diffraction and reflexion effects from our torsos,
the answer to the question of whether we all ‘see the same blue’ in the audi-
tory domain seems to be clearly ‘no’, because even what reaches our ear
drums is individual to each of us, let alone how our brains’ perceive the
sounds.

There is abundant evidence to suggest that many aspects of our hearing are
common to almost all of us, and this implies that there is a certain amount of
‘hard-wiring’ in our brains which predisposes us towards perceiving certain
sensations from certain stimuli. Nevertheless, this does not preclude the
possibility that some aspects of our auditory perception may be inherited, and
that there may be a degree of variability in these genetically influenced
features. Aside from physical damage to our hearing system, there may also
be cultural or environmental aspects of our lives which give rise to some of
us developing different levels of acuteness in specific aspects of our hearing, or
that some aspects may be learned from repeated exposure to certain stimuli.

It would really appear to be stretching our ideas of the evolutionary pro-
cess beyond reason, though, to presume that the gene pairings which code our
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pinnae could somehow be linked to the gene pairings which code any variables
in our auditory perception systems. Furthermore, it would seem fotally unrea-
sonable to expect that if any such links did exist, that they could function in
such a way that one process could complement the other such that all our
overall perceptions of sound were equal. In fact, back in the 1970s, experi-
ments were carried out (which will be discussed in later paragraphs) which
more or less conclusively prove that this could not be the case. Almost with-
out doubt, we do not all hear sounds in the same way, and hence there will
almost certainly always be a degree of subjectivity in the judgement and
choice of studio monitoring systems. There will be an even greater degree of
variability in our choice of domestic hi-fi loudspeakers, which tend to be
used in much less acoustically controlled surroundings.

Much has been written about the use of dummy head recording techniques
for binaural stereo, and it has also been frequently stated that most people
tend to perceive the recordings as sounding more natural when they are made
via mouldings of their own pinnae. In fact, many people seem to be of the
opinion that we all hear the recordings at their best if our own pinnae mould-
ings are used, but this is not necessarily the case. It is true that the perception
may be deemed more natural by reference to what we hear from day-to-day,
but it is also true that some people naturally hear certain aspects of sound
more clearly than others. In my first book,” I related a story about being
called to a studio by its owner, to explain why hi-hats tended to travel in an
arc when panned between the loudspeakers; seeming to come from a point
somewhere above the control room window when centrally panned. The
owner had just begun to use a rather reflexion-free control room, in which the
recordings were rendered somewhat bare. On visiting the studio, all that I
heard was a left-to-right, horizontal pan. We simply had different pinnae.

In a well-known AES paper, and in her Ph.D. thesis, the late Puddie
Rodgers** described in detail how early reflexions from mixing consoles, or
other equipment, could cause response dips which mimicked those created by
the internal reflexions from the folds and cavities of different pinnae when
receiving cues from different directions. In other words, a very early reflex-
ion from the surface of a mixing console could cause comb filtering of a
loudspeaker response which could closely resemble the in-ear reflexions
which may cause a listener to believe that the sound was coming from a
direction other than that from which it was actually arriving. Median plane
vertical perception is very variable from individual to individual, and in the
case mentioned in the last paragraph, there was almost certainly some source
of reflexion which gave the studio owner a sensation of the high frequencies
arriving from a vertically higher source, whilst I was left with no such sensa-
tion. The differences were doubtless due to the different shapes of our pinnae,
and the source of reflexions was probably the mixing console.

In the ‘letters’ page of the October 1994 Studio Sound magazine, recording
engineer Tony Batchelor very courageously admitted that he believed that
he had difficulty in perceiving what other people said stereo should be like.
He went on to add, though, that at a demonstration of Ambisonics he
received ‘a unique listening experience’. Clearly to Tony Batchelor, stereo
imaging would not be at the top of his list of priorities for his home hi-fi
system, yet he may be very sensitive to intermodulation distortions, or frequency
imbalances, to a degree that would cause no concern to many other people.
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Belendiuk and Butler® concluded from their experiments with 45 subjects
that ‘there exists a pattern of spectral cues for median sagittal plane positioned
sounds common to all listeners’. In order to prove this hypothesis, they
conducted an experiment in which sounds were emitted from different,
numbered, loudspeakers, and the listeners were asked to say from which
loudspeaker the sound was emanating. They then made binaural recordings
via moulds of the actual outer ears of four listeners, and asked them to repeat
the test, via headphones, of the recordings made using their own pinnae. The
headphone results were very similar to the direct results, suggesting that the
recordings were representative of ‘live’ listening. Not all the subjects were
equally accurate in their correct choices, with some, in both their live and
recorded tests, scoring better than others in terms of identifying the correct
source position.

Very interestingly, when the tests were repeated with each subject listen-
ing via the pinnae recordings of the three other subjects in turn, the experi-
menters noted, ‘that some pinnae, in their role of transforming the spectra of
the sound field, provide more adequate (positional) cues...than do others’.
Some people, who scored low in both the live and recorded tests, using their
own pinnae, could locate more accurately via other peoples’ pinnae. Conversely,
via some pinnae, none of the subjects could locate very accurately. The above
experiments were carried out in the vertical plane. Morimoto and Ando,® on
the other hand, found that, in the horizontal plane, subjects generally made
fewer errors using their own head-related transfer functions (HRTFs), i.e. via
recordings using simulations of their own pinnae and bodies. What all the
relevant reports seem to have shown, over the years, is that different pinnae
are differently perceived, and the whole HRTF is quite distinct from one
person to another. All of these differences relate to the different perceptions of
different sound fields.

Studio Monitoring Design (Newell, 1995)* also related the true story of
two well-respected recording engineers who could not agree on the ‘correct’
amount of high frequencies from a monitor loudspeaker system which gave
the most accurate reproduction when compared to a live cello. They disagreed
by a full 3dB at 6kHz, but this disagreement was clearly not related to their
own absolute high frequency sensitivities because they were comparing the
sound of the monitors to a live source. The only apparent explanation to this is
that because the live instrument and the loudspeakers produced different
sound fields, the perception of the sound field was different for each listener.
Clearly, all the high frequencies from the loudspeaker came from one very
small source, the tweeter, whilst the high frequency distribution from the
instrument was from many points — the strings and various parts of the body.
The ‘highs’ from the cello radiated, therefore, from a distributed source hav-
ing a much greater area than the tweeter. Of course, the microphone could
add its own frequency tailoring and one-dimensionality, but there would
seem to be no reason why the perception of this should differ from one lis-
tener to another.

So, given the previous discussion about pinnae transformations and the
different HRTFs as they relate to sounds arriving from different directions,
it does not seem too surprising that sound sources with spacially different
origins may result in spectrally different perceptions for different people.
Tony Batchelor’s statements about his not being able to appreciate stereo, yet
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readily perceiving Ambisonic presentations of spacial effects, would seem to
be strongly related to aspects of the sound field. He and I would no doubt
attach different degrees of importance to the horizontal effects of stereo if
working on a joint production. Martin Young (the aforementioned studio
owner) and I clearly had different vertical perception when panning a hi-hat;
and the two well-known engineers could not agree on a natural high-
frequency level in a live versus loudspeaker test.

The implications of all this would suggest that unless we can reproduce an
accurate sound field, we will never have universal agreement on the question
of ‘the most accurate’ monitoring systems. Add to this a good degree of per-
sonal preference for different concepts of what constitutes a good sound, and
it would appear that some degree of monitoring and control room variability
will be with us for the foreseeable future. Nevertheless, the last 20 years have
seen some very great strides forward in the understanding of our auditory
perception systems, and this has been a great spur to the advancement of
loudspeaker and control room designs. Probably, though, we have still barely
seen the tip of the iceberg, so it will be interesting to see what the future can
reveal.

To close, let us look at some data that has been with us for 40 years, or more.
The plots shown in Figures 2.5 and 2.6 were taken from work by Shaw.’
Figure 2.5 shows the average, in-ear-canal, 0° and 90° responses for ten people.
Note how the ear canal receives a very different spectrum depending upon
the direction of arrival of the sound. Figure 2.6 shows the ten individual
sources from which Figure 2.5 was derived. The differences from person to
person are significant, and the response from one direction cannot be inferred
from the response from a different direction.

Given these differences, and all of the aspects of frequency discrimination,
distortion sensitivity, spectral response differences, directional response
differences, psychological differences, environmental differences, cultural

(b) Frequency in Hz

Figure 2.5 Shaw’s data showing the ratio (in dB) of the sound pressure at the ear canal
entrance to the free field sound pressure. The curves are the average of ten responses. (a) shows
the average response for a sound source at 0° azimuth and (b) shows the average response for a
sound source at 90° azimuth
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(b) Frequency in Hz

Figure 2.6 Shaw’s data showing the ratio (in dB) of the sound pressure at the ear canal
entrance to the free field sound pressure. (a) shows the response for each of the ten subjects for
a sound source of 0° azimuth. (b) shows the response for a sound source at 90° azimuth

differences, and so forth, it would be almost absurd to expect that we all per-
ceive the same balance of characteristics from any given sound. It is true that
whatever we each individually hear is natural to each one of us, but when any
reproduction system creates any imbalance in any of its characteristics, as
compared to a natural event, the aforementioned human variables will inevi-
tably dictate that any shortcomings in the reproduction system will elicit
different opinions from different people vis-a-vis the accuracy of reproduc-
tion. As to the question of whether it is more important to reduce the
harmonic distortion in a system by 0.02%, or the phase accuracy of 5° at
15 kHz, it could well be an entirely personal matter, and no amount of general
discussion could reach any universal consensus. Indeed, Lord Rayleigh was
right; the sensation of sound is a thing, sui generis (sui generis meaning
‘unique’).

2.5 Summary

Hearing has a logarithmic response to sound pressures because the range of
perceivable sound pressures is over one-million to one. It is hard to imagine
how we would hear such a range of pressure levels if hearing were based on
a linear perception.

One decibel approximates to the smallest perceivable change in level for a
single tone. At mid frequencies, 10 dB approximates to a doubling or halving
of perceived loudness. Doubling the loudness requires ten times the power.

The speed of sound in air is constant with frequency, (but this is not so in
most other substances). The speed of sound in any given material determines
the wavelength for each frequency.
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The spectrum of visible light covers about one octave, but the spectrum of
audible sound covers more than 10 octaves. This leads to wavelengths differing
by 1000 to 1 over the 20 Hz to 20 kHz frequency range — 17.4m to 1.74 cm.

How absorbers behave towards any given sound is dependent upon the
relationship between size and wavelength.

The decibel is the most usual unit to be encountered in measurements of
sound. Sound power doubles or halves with every 3 dB change. Sound pressure
doubles or halves with every 6dB change. Our hearing system responds to
changes in sound pressure.

Souznd intensity is the flow of sound energy, and is measured in watts
per m-.

Sound decays by 6dB for each doubling of distance in free-field conditions,
because the intensity is reduced by a factor of four on the surface of a sphere
each time the radius is doubled.

The dBA scale is used to relate better between sound pressure measurements
and perceived loudness at low levels.

The dBC scale is more appropriate for higher (around 80dB) sound pressure
levels.

For equipment response measurements, or any absolute measurements,
only a flat (unweighted) response should be used.

Sound isolation need not be flat with frequency because our perception of
the loudness of the different frequencies is not uniform.

Our pinnae are individual to each one of us, so to some extent we all per-
ceive sounds somewhat differently.

Psychoacoustics is the branch of the science which deals with the human
perception of sound.

The displacement of the ear drum by a sound of 0dB SPL is less than one
one-hundredth of the diameter of a hydrogen molecule.

Some people can detect pitch changes of as little as one 1/25th of a semitone.

Due to the physical differences between our bodies, and especially our
outer ears, the sounds arriving at our ear drums are individual to each one of us.

Some pinnae perform better than others in terms of directional localisation.

The differences in perception between different people can give rise to
different hierarchies of priorities in terms of what aspects of a sound and its
reproduction are most important.

Perception of musical instrument, directly or via loudspeakers, can be
modified by pinnae differences; so the loudspeaker that sounds most accurate
to one person may not be the one that sounds most accurate to another
person.
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Chapter 3

Sound isolation

The weight of air. Interaction of the air vibrations with room boundaries.
Reflexion, transmission and absorption. Reflexion and absorption as means of
isolation. The mass law, damping and decoupling. Frequency dependence of
isolation needs. Level dependence of isolation needs vis-a-vis the non-uniform
ear response. Floor, wall and ceiling isolation. Weight considerations. Material
densities. The journey through a complex isolation system. Considerations
regarding impact noises. Matters influencing studio location choice. The
behaviour of mass/spring floor systems and the characteristics of fibrous
and cellular base layers.

3.1 Vibrational behaviour

Sound waves in air can be remarkably difficult to stop. Air is a fluid of
considerable substance. It can support 500-tonne aeroplanes and blow down
buildings. In fact, it is much heavier than most people think. On earth, at sea
level, air weighs about 1.2kg per cubic metre, which is a very good reason
for pumping any unnecessary excess of it out of aeroplanes (de-pressurising).
This process is partially carried out to reduce the pressure differential stresses
on the aircraft fuselage when flying at altitude in air of lower pressure (and
density), but the aircraft also use less fuel by not having to carry excessive
quantities of air over their entire journeys. A jumbo jet can actually reduce its
load by around half a tonne by de-pressurising to an equivalent pressure alti-
tude of around 8000 feet (2500 m). Air is also a rather springy substance,
which makes it useful in air-pistols, shock absorbers and car tyres.

When any material is immersed in a vibrating fluid, it will itself be set into
vibration to some degree. The characteristics of the resulting vibration will
depend on the properties of the material, especially as, unlike air, the speed of
sound is frequency dependent in many materials. The ‘laser gun’ sound
sometimes heard in railway tracks when a train is approaching is due to phase
dispersion within the steel tracks. The high frequencies travel faster than the
low frequencies when the wheel flanges excite the rail modes, and so arrive
first, with the lower frequencies following later.

An acoustic wave when travelling through air will continue to expand until
it reaches a discontinuity, which may be a solid boundary or a porous material.
It will then encounter a change in acoustic impedance that will cause some of
the energy to be reflected, some to be absorbed, and some to be transmitted
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beyond the discontinuity. The degree of reflexion will be determined by the
lack of acoustic permeability of the boundary and the degree of internal
losses that will tend to convert the acoustic energy into heat. A rigid, heavy,
impermeable structure, such as could be made from a one-metre thickness of
reinforced concrete with a well-sealed surface, would reflect back perhaps
99.9% of the incident energy. Conversely, a wall of one metre wedges of
open-cell foam or mineral wool would present a very gradual impedance
change which would allow the acoustic wave to enter with minimum reflex-
ion, perhaps absorbing 99.9% of the incident energy. Mechanisms such as
internal friction, tortuosity, and adiabatic losses convert acoustic energy into
heat. The internal friction results in losses as the materials, on a molecular or
particulate level, rub together. The energy required for these motions is taken
from the acoustic energy.

Tortuosity relates to the degree of obstruction placed in the way of the air
particles as they try to move under the influence of the acoustic wave. Air, in
some circumstances, can act like a rather sticky, viscous fluid, and the vis-
cous losses are increased as the degree of tortuosity increases. The fibres of
a medium density mineral wool, for example, present a very tortuous path for
the air vibration to negotiate. Remember, though, that there is no net air flow
associated with these vibrations. The air particle motion is very localised, and
is dependent upon the amplitude and frequency of the vibration. Adiabatic
losses occur when the heat of compression and the cold of rarefaction, which
both normally contribute to the sound propagation (see Chapter 4), are con-
ducted away from the air by the close proximity of a porous medium in which
the air is dispersed.

Because the above losses are proportional to the speed with which a par-
ticle of vibrating air tries to oscillate within the material, their absorption
coefficients tend to be greater as the frequency rises due to the particle
movements being more rapid. In addition, as the acoustic wave propagation
must stop and reverse when it reaches a solid boundary, the particle motion
will tend to zero when the boundary is approached. The absorbent effect of
fibrous materials is therefore greater when the materials are placed some dis-
tance away from the reflective boundary. The particle velocity is greatest,
and hence fibrous absorption is greatest, at the quarter and three-quarter
wavelength distances from the boundary, on the velocity anti-nodes, which
correspond with the pressure nodes of an acoustical wave. (See Chapter 4.)

Wave motion can be thought of like a swinging pendulum. When the
pendulum is at its maximum height, the movement is zero, and when
the movement is at its maximum velocity, the pendulum is swinging through
its point of minimum height. The height is therefore at its maximum when
the speed is at its minimum, and vice versa. Similarly, in an acoustic wave, the
velocity component is at its maximum when the pressure component is at its
minimum, and vice versa, and the energy in the propagation is continuously
passing from one component to the other. This will also be discussed further
in Chapter 4, because absorption will be seen to be more relevant to acoustic
control than to isolation. When absorbent materials are used in isolation
systems, they tend to be used more as mechanical springs and for acoustic
damping. One reason for this is that fibrous/porous absorbers in general are of
little effect at low frequencies except in great depth and away from a reflective
boundary. When we are considering sound isolation for recording
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studios, we tend to be considering treatment principally af low frequencies and
near to boundaries, because preventing the acoustic energy from bass guitars and
bass drums entering the boundaries is what we are largely seeking to achieve.

Once acoustic waves are allowed to enter a structure, things may become
highly unpredictable. The disturbance will travel through the materials of the
structure at their characteristic speeds of sound, sometimes with very little
loss, then re-radiate into the air from the vibrating surfaces with unfathom-
able phase relationships that can produce ‘hot spots’ of sound energy in some
very unexpected places. The speed of sound in solids is usually much greater
than in air. For example, in concrete it is around 3500 m/s, in steel over
5000 m/s, and in water about 1500 m/s. In woods, the speed of sound can be
dependent on the direction of propagation. Taking the case of beech, sound
propagates along the grain at around 4500 m/s, yet at only just over 1100 m/s
across the grain. These speeds are all approximate because the materials are
somewhat variable in nature — fresh water and seawater, for instance — and
there can be different speeds at different frequencies.

3.1.1 Relevance to isolation

If isolation is the goal, then it is the degree of transmission through the
boundaries that is important. From this point of view absorption and reflex-
ions are often lumped together, because isolation will be achieved either by
reflecting the energy back from a boundary or by absorption within it. Reflex-
ion is by far the most important control technique, because absorbent walls
would need to be of enormous thickness to be effective at low frequencies —
several metres at 20 Hz, for example. In Chapter 2 it is mentioned that an ane-
choic chamber with one-metre wedges would absorb around 99.9% of the
sound power down to 70 or 80 Hz or so, but such absorption is minimal in
terms of isolation. Ninety-nine point nine per cent of the power being
absorbed leaves only one part in 1000 of the original energy, but still only
represents a 30dB reduction (10dB for each 10 times reduction). For meas-
urement purposes, this renders reflexions insignificant in most cases, but
30dB of isolation around a drum kit and bass guitar could still leave over
80dB SPL on the other side of a 99.9% absorbent wall. To isolate by 60 dB
we cannot allow more than one part in one million of the sound power to
escape. Ten-metre thick walls of 70 kg/m> mineral wool may suffice at 20 Hz,
but it is hardly a practical solution, especially when one realises that the
ceiling would need the same treatment.

3.2 Basic isolation concepts

There are essentially four aspects to sound isolation; mass, rigidity, damping
and distance. Taking the last one first, if we can get far enough away from
noise sources and our neighbours, then we will have solved our isolation
problems. At least that seems to be rather obvious, but obvious things in
acoustics are rather rare. The characteristics of mass, rigidity and damping
are a little more complex.

All other things being equal, it takes more energy to move a large mass
than a small one. Consequently, a large mass subjected to an acoustic wave will



34 Recording Studio Design

tend to reflect back more energy than a small mass, because it has more inertia.
It has more acoustic impedance because it has a greater tendency to impede
the path of the wave. However, if the mass is not rigid, and has a tendency to
vibrate at its natural frequencies, energy may be absorbed from the acoustic
wave that can set up resonances in the structure. Once the whole mass is
resonating, its surfaces will be in movement and will act as diaphragms,
re-radiating acoustic energy. If this mass were a wall, then the outer surface
would selectively re-radiate the sound which was striking the inner surfaces.
Isolation would therefore be dependent on the degree of the freedom of the
mass to resonate.

If the mass were perfectly rigid, then resonances could not occur, because
vibration implies movement, and infinite rigidity precludes this. Theoretically,
of course, if a sealed room were made from an infinitely rigid, lightweight
material, then because it could not vibrate it would be sound proof unless the
whole thing could be set in movement en masse. In the latter case, the inertia
of the air inside the room would resist the motion of the shell and set up
pressure waves from the boundaries. Unfortunately, lightweight infinitely
rigid materials do not exist, so the only way we can normally achieve high
degrees of sound isolation over short distances is by the use of highly rigid,
massive structures.

3.2.1 Damping and the mass law

A great influence on the ability of any structure to provide sound isolation is
that of damping. Damping is the degree to which a propagating wave within
a material or structure is internally absorbed, normally by the conversion of
the vibrational energy into heat. The damping of a material or structure can
also be achieved to some degree by the addition of a damping material to its
surface — Plasticine on a bell, for example. An acoustically very ‘lossy’ (highly
damped), massive structure can in many cases, for the same degree of isolation,
be less rigid, because the passage of the vibrational waves through the structure
is severely attenuated before the waves can re-radiate from another surface.

Limpness, to some degree, achieves the same end as rigidity — the inability
of the structure or material to vibrate sympathetically — but unsupported limp
materials are incapable of forming a structure — they have inertia, but no stiff-
ness. This leads us to partitions that are essentially controlled by the mass
law, which roughly states that when the inertia of a panel, rather than its stiff-
ness, is the dominant principle for sound transmission loss, that loss increases
by 6dB for each doubling of the mass per unit area, and by 6 dB for each
doubling of frequency. At least, that is, for plane waves at a given angle, this
is why the mass law is only an approximation to normal circumstances.

3.2.2 Floating structures

In practice, the means by which isolation is usually achieved is by mechan-
ically decoupling the inner structure of a room from the main structure of
the building. As has been discussed, isolation by pure absorption is very
unwieldy — rooms made from 10 m thick mineral wool walls and ceilings are
not an option. As no lightweight super-rigid structures are readily available,
then neither is rigidity alone a practicable solution. To some degree, mass
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is used, but if it were to be used alone, then it too can become unrealistic in
its application. For example, let us presume that a concrete block wall of
20 cm thickness and 40 dB isolation were to be augmented, by mass alone, to
achieve 60dB of isolation at low frequencies. The mass law would add at the
most around 6dB of isolation for each doubling of the mass per unit area,
though the increasing rigidity of the more massive structure could tend to
raise the isolation to above the 6 dB mark. Under ideal circumstances, which
may not be realised in practice, doubling the thickness to 40 cm would yield
46 dB. Doubling this to 80 cm would result in 52dB, and doubling this yet
again to 1m 60cm would still only provide 58 dB of isolation. We would
therefore require walls of around 2 m thickness to achieve 60 dB of low fre-
quency isolation if we were to rely on increasing the mass alone, and even
this may be compromised by internal resonances within the structure.

The practical answer to the isolation problem lies in decoupling the inner
and outer structures. This can be achieved by many means, such as by steel
springs, rubber or neoprene blocks, fibrous mats, polyurethane foams and
other means. There have even been cases of rooms floated on shredded car
tyres, and even tennis balls, but the problem with tennis balls is that the air
will gradually leak out over time. Re-inflatable air bags use the same prin-
ciple, and this is another practical solution sometimes used.

The floating relies on the mass/spring/mass resonant system as shown in
Figure 3.1. If the first mass is set in motion, the force exerted on the spring
will be resisted by the inertia of the second mass, and above the resonant fre-
quency of the system the spring will be heated by the vibrational energy. This
converts the acoustic energy into thermal energy. Such isolation systems work

M, M,

(a) mass-spring-mass

M, <—— e.g. a solid concrete floor

(b)

Figure 3.1 (a) A resonant system. (b) If we now ‘earth’ M, we will have a good representation
of a floated floor, where M, becomes of almost infinite impedance, such as would be the case
for a heavy base slab on solid ground. If mass M, were to be set in motion, say by pressing
down on the mass and releasing it, the system would oscillate at its resonant frequency until all
the energy was dissipated. The length of time for which the system oscillates depends on the
resistive losses — the damping. If the mass M, were caused to vibrate at a frequency above the
resonant frequency of the system, the spring would effectively decouple the vibrations from
the earthed mass, M,
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down to about 1.4 times the resonant frequency of the system, below which
the decoupling ceases to become effective. The resonant frequency is a func-
tion of the mass that is sprung and stiffness of the springs. Increasing the mass
and decreasing the spring stiffness both tend to reduce the resonant frequency.

The effect of this decoupling of the masses is to render the two systems
(floated and structural) acoustically independent. Hence if we had a structure
of 20 cm sand-filled concrete blocks, with 40 dB of low frequency isolation,
we would only need an internal floated structure with 20dB of isolation in
order to achieve 60dB of total isolation. This may be achieved by internal
floated walls of 10cm thickness, such as of sand-filled, concrete blocks,
spring isolated from the floor, with a 5 cm mineral-wool lined air space between
the two walls. Such a system, as depicted in Figure 3.2, would achieve in a
total thickness of 35 cm what could only be achieved by two metres thickness
of blocks that were mechanically connected.

The way that this works is that the internal wall attenuates the sound from
inside the room by 20dB, which is the resultant level on the outside of the
inner wall. The air between the walls acts as a spring and it is not capable of
efficiently pushing or pulling the much greater mass of the inert outer wall.
If the walls were in contact, the masses would be reasonably comparable, so
the vibration in the inner layers would have relatively little trouble progressing
through the structure. In the isolated wall system, it is only the sound

5cm space, filled
with mineral wool

\

10 cm hollow concrete
blocks, sand-filled

20 cm hollow
concrete
illed

blocks, sand-f \

25 mm plywood —
to spread the
load and give
greater stability

10cm 140 kg/m3
mineral wool

s

Figure 3.2 Floating a wall — an earthed mass-spring-mass system in practice
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pressure which has already been attenuated by 20 dB which impinges on the
outer wall, which then attenuates the sound by another 40 dB before reaching
the outside of the building, thus achieving the 60 dB of isolation.

3.2.3 Floating system choices

The choice of what to use to float the inner structure depends on the mass to
be floated and the lowest frequency to which isolation is needed. Two identical
studio rooms, one for the recording of bass guitar and one for the recording of
speech, both requiring the same degrees of isolation within the frequency
range of their intended usages, would need rather different suspension systems
if they were to be built in economically efficient ways. The former room
would be much more expensive to build, and it would be a total waste of
money to make a room such as this if so much low frequency isolation was
unnecessary. For simplicity, let us make a comparison of two such rooms in
which we are only interested in the sound leakage in the outward direction
to a neighbouring bedroom.

Taking the vocal recording room first, most of us will have experienced
how the sound of speech can travel through walls. Noisy neighbours talking
till late in the night whilst we are trying to get some sleep, either at home or
in a holiday hotel, for example. This problem is so easy to solve that it is a
disgrace that so many buildings have been constructed with so little thought
about the problem. However, if a huge number of people want to go away on
holiday as cheaply as possible, it is not too surprising that the hotels that they
stay in will have been built as cheaply as possible. You often get what you
pay for, but not much more.

People talking relatively loudly are likely to produce sound pressure levels
in the order of 80dB SPL (or the same dBA as there is little low frequency
content) at the boundary of a room, a couple of metres from the source of the
sound. (The speech frequencies, whose lower frequencies begin around
100 Hz, are little affected by the low frequency roll-off of the dBA weight-
ing.) The deepest tones of some male voices extend down to 80 Hz or so, but
they tend to be weak in level, and even with a little attenuation through a wall
soon reduce to levels that become imperceptible. A glance at Figure 2.1 will
reveal that at low frequencies at low levels the equal loudness curves close
together. They do so to such a degree that only 5dB or less reduction in SPL.
will produce a halving of subjective loudness as opposed to the 10dB a mid
frequency would require to produce the same effect. Twenty decibels of iso-
lation at 70 Hz and 50 dB of isolation at mid-frequencies would render speech
all but inaudible above a quiet background noise in an adjacent room. Figure
3.3 shows how this could typically be achieved. A person recording drama in
an otherwise residential building would be unlikely to make the neighbours
aware of their activities if such a treatment of the recording room were to be
undertaken.

A musician wishing to practice playing bass guitar at home, in the same
building as our drama studio, would not be so lucky. In this case, the funda-
mental frequencies of the new 5-string basses can go down as far as 35 Hz.
Enthusiastic playing could produce 100dB SPL or more if it was for record-
ing, where the sound of amplifier compression at high level can become an
integral part of the sound. What is more, the relatively sustained notes of
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Figure 3.3 Isolation treatments for direct application to walls. (a) With reflective surface to room.
(b) With absorbent surface to room. Typical isolation for both systems: 20 dB at 70 Hz; 50 dB at
2kHz

a bass guitar can exist for a sufficient period to excite strong structural reso-
nances in an acoustically non-specifically designed construction, such as an
apartment building.

From Figure 2.1 it can be seen that below about 55dB SPL, 35 Hz is inaud-
ible. If the bass guitarist were playing at a level of 80dB at that frequency,
then whether the room had 30dB of isolation or 40dB of isolation would
make no difference, because in either case the resultant leakage at 35Hz
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would be inaudible. Thirty dBA is usually considered to be an acceptable
noise level for sleeping, and at 35 Hz, 30 dBA would actually be about 70 dB
SPL (the 30 phon level in Figure 2.1) so in practice, even 10dB of isolation
at 35 Hz would suffice if the intention was not to annoy the neighbours. At
500Hz, if the guitar were also producing 80dB, then 50dB of isolation
would be the minimum needed in order not to annoy the neighbours with
more than 30dB of ‘noise’.

If the musician increased the volume by 30dB, so that both the 35Hz and
500Hz components of the bass guitar were producing 110dB, 30dB extra
isolation would be needed at both 35Hz and 500Hz to reduce the 110dB
down to a tolerable 30 phon (the 30dBA curve equivalent) for the neighbours.
However, because of the ear’s tendency to increase its sensitivity to low fre-
quency level changes as the frequency descends, the provision of only 15dB
of extra isolation at both frequencies would not have an equal subjective
effect. At 500Hz, the 15dB excess leakage would somewhat more than double
the subjective ‘noise’ level for the neighbour (10 dB doubles loudness at mid
frequencies) which during the daytime and early evening may be tolerated.
Not so at 35 Hz, though. Figure 2.1 shows that at 35 Hz, 70 dB SPL lies about
the 30 phon level. Increasing the SPL to 85dB (the 15 dB extra leakage) now
places 35Hz on the 60 phon level. In other words, it will have subjectively
doubled in loudness from the 30 to 40 phon curves, doubled again between
the 40 and 50 phon curves, and doubled yet again between the 50 and 60 phon
levels. The result would be an eight times increase in apparent loudness,
which the neighbours simply may not tolerate.

What this means is that if the drama group begin to scream and shout and
produced 30dB more sound during the day, then they may well get away
with an increase of isolation of only 15dB in the mid and low frequencies, as
they produce little low frequencies. However, the bass guitarist would not
remain a friendly neighbour if the volume were to be increased by 30 dB with
only 15dB extra isolation being provided. What is worse is that low fre-
quency isolation in structures is much less effective than high frequency
isolation because of the aforementioned mass law. (See Section 3.2.1.)
Therefore, not only will the bass player need more isolation, but also the
extra low frequency isolation needed will be much heavier than the equival-
ent mid frequency isolation. In a domestic building, the basic structure may
simply not support the necessary weight of isolation materials, and so being a
good neighbour whilst playing a bass guitar at 110 dB SPL may simply not be
possible unless the other occupants of the building are deaf.

This variability in hearing sensitivity with level causes so much confusion
for non-specialists in the understanding of sound isolation requirements.
Simple figures are not possible, as everything must relate to frequency and
level. In effect, only curves of isolation requirements can be specified,
dependent on the frequency range to be isolated and the levels to which they
either will produce sound, or need to be isolated from it.

Figure 1.1 shows an actual construction that was necessary to prevent bass
guitars at around 110dB from annoying the neighbours in a bedroom above.
Looking at this and Figure 3.2 will show clearly the degree to which the
isolation of low frequencies at high levels can get wildly out of hand in
inappropriately chosen buildings. The room shown in Figure 1.1 weighs
about 40 tonnes, and has a floor area of about 27 m?, so had it been on anything
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other than the ground floor — and on solid ground, with no basement —
then it would not have been feasible to construct it in any normal domestic
building. The only exception would have been if acoustic engineers could
have got to the architects before the building was constructed, in order to sug-
gest the type of reinforcement shown in Figure 1.2. If the premises were to be
used for commercial recording, as was the case in Figures 1.1 and 1.2, then
such isolation work might just be realistic, but for purely rehearsal, it would
normally (in fact in almost all cases) be economically out of the question.
What often fails to be appreciated is that the sound waves do not know why
they are being produced, so the isolation requirements do not change accord-
ing to the use or the economic viability of their constraint. It is remarkable
how many people believe that if they ‘only’ want to make the sound for per-
sonal fun, the isolation will somehow cost less than if they were making the
sound for commercially serious recording.

3.3 Practical floors

Figure 3.4 shows a selection of typical floor systems. The range of choice is
necessary because of the range of isolation needs and the structural condi-
tions encountered. Figure 3.1 shows the principle of the mass/spring/mass
system, and Figure 3.5 shows the need for the ideal deflexion range of the
spring material. In this case, it is a rubber block, but the principle applies
equally to whatever type of spring is used.

It can therefore be seen that the springs cannot be chosen without an accu-
rate knowledge of the weight that they will be supporting. In turn, the weight
cannot be calculated until the structural requirements and the lowest fre-
quency of required isolation are known. The choice of isolating springs may
also depend on the floor which supports it, because obviously the springs
which are spaced out over the surface of the floor present much higher point-
loads on the supporting floor than do the ‘blanket’ coverings of fibrous mater-
ials or polyurethane foam panels [Compare Figures 3.4 (a) and (b)]. Figures
3.6 and 3.7 show the practical problems which may be encountered if the
floor floating spring material is inappropriately chosen, even though the iso-
lation achieved may be entirely adequate. These problems are not restricted
to lightweight foams, however, as there have been cases of rooms built on
40 cm concrete slabs, and floated on very low frequency steel springs, which
have tilted alarmingly when a heavy mixing console has been placed in an
off-centre position when the rooms were equipped ready for use.

Vibration conduction via the ground itself can also be considerable, but it
is so dependent on the nature of the local terrain that it is difficult to predict
or describe. Therefore, even a very massive rock and concrete floor can be set
into vibration by a bass guitar amplifier in contact with it, so, in all but the
rarest of cases, a floated floor is mandatory for a professional recording
studio. This is even more necessary if there is a potential for vibrations to
enter the studio, such as may be the case with main roads or railways in the
vicinity, or neighbouring factories with heavy, vibrating machinery.

As previously discussed, the low frequency isolation in terms of both the
cut-off frequency and the degree of isolation will be dependent upon the type
of recording to be undertaken. The isolation system shown in Figure 3.4(a) is
typical of the large studios for full frequency range recording. The 20cm
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Figure 3.4 A selection of floor-floating options

concrete slab weighs about half a tonne per square metre, and the springs are
chosen to support this weight in their mid-compression range, when the
whole system will probably have a resonance of 5 to 8 Hz. The bases of the
spring mounting frames (or boxes) will be likely to have an area of about
400cm?, or 0 04 m?. If there were one spring for every 1 m?, then the load on
each 0.04 m? base would be 500 kg, which equates to a pressure of 12.5 tonnes
per square metre immediately below the bases. Things like this must be taken
into account when designing floor-floating systems. If such spot loads cannot
be supported, then something must be done to spread the load. Likewise the
floated slab itself must usually have some load spreading, to avoid the fops of
the springs punching through it. However, this is usually automatically a part
of the construction, because the slab will need a continuous base over its



(a)
Here we see a weight,
suspended above a block

of material intended for
isolation.

(b)

In this figure, the weight is
resting on the block, but the
block shows no sign of
compression. Its stiffness must
therefore be very great,
effectively making a rigid
coupling between the weight
and the ground. Vibrations in
the weight (if, for example, it
was a vibrating machine) will
be transmitted to the ground.

(c)

In the above example the
isolation material is too soft,
and the weight has
compressed it down to a very
thin layer. lts density and
stiffness will thus also increase,
and the effect will be an

almost rigid coupling with the
same effect as in (b).

Figure 3.5 Float materials need to be in the centre of their compression range for the most effective isolation

(d)

Above, the weight can be

seen to have compressed the
isolation material to about half
its original thickness. The system
is at rest due to the equilibrium
being found between the
gravitational down-force on

the weight and the elasticity of
the material.

Vibrations in the weight will be
resisted by the mass of

the floor and the elasticity of the
isolation material. Much of

the vibrational energy will be
turned into heat by the internal
losses in the isolation material,
and hence will not be
transmitted into the ground.

u31so( orpni§ SUIPI0OOY Tt



Sound isolation 43

Separately
floated
wall

Large
\ heavy

amplifier
]E i Low density foam —"t_o:E) low densit)-/ for this use
Foam compressed /
at this side Floor may rise at this side,

perhaps making contact
with skirting board, and
reducing isolation

Figure 3.6 Effect of uneven floor loading on low-density float material
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Figure 3.7 Crown effect

entire area, above the springs, before it is cast. (See the plywood base in
Figure 3.4(a).)

Whether the floated slab supports walls around its perimeter is largely
dependent upon the weight of the perimeter walls. For a heavy concrete block
isolation-wall structure, such as shown in Figure 1.1, it would be typical to
float the heavy walls separately, and only to build the lighter weight acoustic
control shell walls directly on the floated slab. Too much weight around the
perimeter could lead to the crown effect shown in Figure 3.7 unless extra
spring reinforcement were to be placed close to the edges of the slab. It is
definitely preferable, however, with heavy structures, to float the walls
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separately on their own spring base, which makes the calculations and the
construction much easier. It is also more flexible should modifications need to
be made later. Furthermore, the heavy isolation walls may also have to carry
the weight of a roof structure, so the downloads below the isolation wall can
easily reach 5 or 10tonnes per square metre, which is excessive in terms of
being supported on the edges of a floated slab.

Figure 3.4(b) shows a 10 cm reinforced concrete slab floated on a mineral
wool base ‘spring’. Using this technique, the load is evenly distributed over
the entire supporting area. It is relatively simple to cast tubes in this type of
floor to carry cables, even though the concrete is relatively thin, as shown
in Figure 3.8. There can be advantages and disadvantages to this type of
floating because, depending on circumstances, the continuous blanket of
mineral wool can transmit more energy into the base slab by virtue of the
greater area of contact, or, it may improve matters due to the extra damping
of the base slab. Certainly, if the floated floor is not on solid ground, such
as if it were above a basement, the more even weight distribution of the
continuous spring material may be advantageous structurally, even if not
acoustically.

Figure 3.4(c) shows a composite floor made from multiple layers of heavy
and limp materials, floated on a reconstituted polyurethane foam base. (The
polyurethane foam is the sponge [open cell] type, not the aerosol type of closed
cell expanding polyurethane foam, which has entirely different properties.)
This system is useful where wet-work (cement) is impracticable. Such a floor
sandwich would weigh about 50kg per square metre, which is about one fifth
of the weight of a concrete slab of 10 cm thickness. For stability, and to avoid
the effect shown in Figure 3.6, the foam spring layer would typically be 3cm
of 120kg/m? sponge. This type of floated floor exhibits less low frequency
isolation than the concrete floors, but can achieve what is often an adequate
degree of isolation in circumstances where the floor loading is restricted. Many
domestic bulldmgs may only have total floor loading capabilities in the
region of 120kg/m?, which would be 1ncapable of supporting even a 10cm
concrete floated slab. The density of concrete is typically around 2500 kg/m?
so a one-metre square of 10cm concrete slab would weigh around 250kg.
The typlcal light industrial loading for a bulldlng would be in the order of
400kg/m? (or 100 pounds per square foot in imperial measure). Table 3.1
shows the densities of some typical acoustic materials, plus a few others to
provide some points of reference.

Figure 3.4(d) shows a very light floating system. It consists of a wooden
floor surface glued on top of a 19 mm layer of chipboard, floated on top of
a composite of a 3.5kg/m? deadsheet and a 2cm layer of cotton-waste felt.
Deadsheets will be discussed further in the chapter on acoustic control (see
also the Glossary), but they are essentially heavy, limp membranes used as
damping layers. This type of floor is principally used to reduce the effect of
impact noises from entering a structure. They are particularly useful above
a weak ceiling where impact noises from footsteps could enter a structure and
be rather difficult to treat from below, especially when the room below has
only limited height, and hence not much room for treatment. Figure 3.9 shows
arange of isolators used for structural floating. It should now be apparent that
the range of possibilities for floor floating is enormous, which is just as well
because the range of different circumstances requiring floated floors is equally
enormous.
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(b)

Figure 3.8 Cable tubes. (a) If the 10 cm of mineral wool is composed of two layers of 5 cm, the
upper layer can have channels cut into it to allow the tubes to be lowered on to the lower layer,
thus positioning the tube half in the mineral wool and half in the concrete. (b) The tubes and
mineral wool are covered in plastic sheeting and steel reinforcing mesh. The tube mouths can
be seen protruding. They are blocked with mineral wool plugs prior to the pouring of the 10 to
15 cm concrete slab. (Tio Pete Studios, Bilbao, Spain, 1998)

3.3.1 Floors on weak sub-floors

The situation of floor floating is complicated enormously when the structural
floor is itself significantly resonant. Such can typically be the case when
a ground floor studio is sited over an underground car park, or when studios
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Table 3.1 Density of materials

Cork 0.25

Pine 0.45
Typical hardwoods 0.60-0.75
Plywood 0.60-0.70
Plasterboard 0.75
Chipboard 0.81
Water 1.0

Dry sand 1.5

Brick (solid) 1.8

Glass 2.4
Concrete 1.8-2.7
Aluminium 2.7
Granite 2.7

Slate 2.9

Steel 7.7

Iron 7.8

Lead 11.3

Gold 19.3
Osmium 224

(the densest element known)

The figures are in grammes per cubic centimetre, but
they also represent tonnes per cubic metre.
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are stacked one above the other in the same building. If the site under
consideration as a potential studio building also has low ceilings, then the
sound isolation problems can become impossible to solve without major
reconstruction of the building.

When structural floors are weak, it is very difficult to prevent low fre-
quency noises (such as caused by a bass drum on a floated floor) from pass-
ing through the spring layer and exciting the resonances in the floor below. If
the floor is resonant, then it only requires a relatively small amount of energy
to excite the natural frequencies of resonance. In many cases, the only way to
overcome such difficulties would be to support another floor, on steel beams,
above the main floor, but this can only be done in cases where the walls are
strong enough to support the extra weight and when there is sufficient head-
room to accept the loss of height. In the following section, these problems
will arise again when we look at the problem of low headroom and weak ceil-
ings, and it will also be discussed in Section 3.8.

Essentially, a fundamental requirement for high isolation, unless large
amounts of money or space are to be consumed, is that the entire outer shell
of the chosen building should be massive, rigid, and well damped. Steel,
and cast concrete, often fail to provide the last of the three requirements;
they can have characteristic resonances that weaken the isolation. How-
ever, steel-reinforced concrete floors can be excellent when they are
sufficiently strong, as the steel rods encased in the concrete can be effective
in providing damping, but the situation can be improved further by the
addition of damping agents to the wet concrete mix if the floors are to be cast
from new. ‘Concredamp’, for example, is one proprietary brand of such
a compound.

3.4 Ceiling isolation

Reference, once again, to Figure 1.1 will show a range of techniques used for
ceiling isolation. The need for this seemingly excessive collection of techniques
was precipitated by the somewhat absurd decision by four Andalusians to site
a recording studio, for 24 hours per day use by rock bands, directly under the
bedroom of an unsympathetic neighbour in a building of unsuitably weak
structure. Although, for clarity, the drawing is not exactly to scale, neither is
it too far from scale. It does give, therefore, a reasonably realistic view of the
amount of space lost to isolation and acoustic control.

Such a construction was only possible because the original space had
(barely) adequate height — about 3.5 m — allowing about 1 m for isolation and
acoustic control before the inner fabric ceilings at 2.5 m. There is currently a
tendency towards smaller and smaller studios as the perceived size require-
ment comes down by using hard-disc-based recording and mixing systems.
However, the size of human beings and acoustic wavelengths is not coming
down, and as virtual studios do not replace conventional ones, there is a limit
to how small one can go. The other force that is bearing down on studio size
is an economic one. In many cases, as the real price of recording equipment
of good sound quality comes down, an enormous number of people now
seem to expect that the cost of recording acoustics should somehow fall
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accordingly. It is unlikely to do so, though; simply because economics have
no bearing on the speed of sound or any other physical law, and it is the
physical laws of acoustics that determine whether a room is well isolated or
not — and also whether it is going to have good internal acoustics or not.
There will be more on this subject in the following chapters, but there defi-
nitely is a tendency for people to underestimate the need for adequate ceiling
height in order to make a good studio.

Given a ceiling height of only 3m, it is almost impossible to install
adequate ceiling isolation if the floor above is either noise sensitive or liable
to radiate noises that can be prejudicial to the operation of the studio. The
only exception is if the floor is truly massive, but this may only be of use in
constraining sound within the studio. In the reverse direction, the vibrations
in a floor that has considerable mass can be extremely difficult to stop from
entering the space below unless an isolated ceiling can be employed which is
suspended from floated walls, and not from the ceiling above. In Figure 1.1,
an isolated plasterboard inner ceiling, above the acoustic control shell, can be
seen suspended from a 6 cm layer of polyurethane sponge (reconstituted foam)
which is in turn glued to a plasterboard/deadsheet/plasterboard sandwich
fixed below wooden beams. These are supported on the floated concrete
walls. In addition, to augment the transmission loss and to prevent resonances
between the upper plasterboard layer and the plasterboard suspended from
the upper ceiling, a mineral wool infill was used between the beams. There is
therefore no physical contact between the structural ceiling and the intermediate
isolation ceiling except via the air, and ultimately the ground, but this contact
is decoupled by way of the suspension materials between the floated concrete
isolation walls and the main structure. Furthermore, on the underside of
the structural ceiling (the floor of the bedroom), a layer of 5cm medium
density mineral wool had been attached by a cement. Below that, also by
means of a cement, had been suspended a layer of 18 mm plasterboard. A further
isolation layer of two 13mm plasterboards had been laid on top of the
inner isolation structure.

One reason why so many different materials and suspension systems were
used was to avoid any coincident resonances that can result from using too
much of too few materials. Any resonances inherent in any structure or
material will tend to reduce the isolation, perhaps seriously, at the resonant
frequency. By using a variety of isolation techniques, the resonances will
tend to occur at different frequencies, and hence any weak spots will be
covered by the other material combinations in the different layers. A brief
‘ride’ on a sound wave attempting to propagate through the isolation ceiling
may be usefully informative, as we can discuss the isolation mechanisms
involved as we come across them.

3.4.1 A trip through the ceiling

Before reading this sub-section, it may be worthwhile photocopying Figure 1.1
and keeping it visible during the discussion. The description of the passage of
an acoustic wave through the ceiling system should be informative because it
will encounter the many different types of obstacles that have been built into
this ceiling in order to try to achieve the desired isolation. An understanding
of something of the feel for these isolation concepts is essential, because
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experience and knowledge of the practical application of these principles are
perhaps the only real way of deciding on the most effective combination.

Even great academic acousticians acknowledge that ‘the theoretical analy-
sis of the sound transmission through double leaf partitions is far less well
developed than that of single leaf partitions, and that consequently greater
reliance must be placed on empirical information’.! Clearly, the ceiling
construction that we are describing here is even more complex than a double
leaf partition, so if any readers get any bright ideas about using their computers
to solve these complex interactions — forget it! There are simply no programs
to deal with this sort of thing, and even experts need to use a lot of discretion
when using what limited computerised help that they have. In the words of
Fahy “The reason is not hard to find; the complexity of construction and the
correspondingly large number of parameters, some of which are difficult to
evaluate, militate against the refinement of theoretical treatments’.' Bearing
this in mind, please forgive the following wordy treatment of the subject.

An acoustic wave originating in the recording space shown in Figure 1.1
and travelling in the direction of the ceiling would first pass through the
lower layers of the inner ceiling, whose purpose is primarily for controlling
the character of the sound within the room itself. The wave would next
encounter the two layers of plasterboard fixed on top of the support beams of
the inner acoustic shell. Plasterboard consists of a granular textured plaster core,
covered with a layer of paper on each side to provide a degree of structural
integrity. It is more resistant, less dense and less brittle than pure plaster sheet.
High frequencies striking this surface would be almost entirely reflected back,
because the plasterboard is reasonably heavy, having a density of about
750kg/m>. The weight of a double layer, around 18 kg/m* would be sufficient
for the mass law, alone, to ensure that the highest frequencies were reflected
back. As the frequencies lower, they will be progressively more able to enter
the material and set it into vibration. To some degree, these vibrations will
set the whole layer in motion, and the opposite surface will then re-radiate
the vibrations into the air above. However, to a considerable degree, the
particulate/granular nature of the core material will cause frictional losses as
the vibrations pass through the material, turning acoustic energy into heat
energy. The amount of energy available to re-radiate from the upper surface of
the plasterboard will therefore have been reduced, and a degree of isolation
will have been achieved. Figure 3.10 shows a typical loss versus frequency
plot for this type of ceiling. However, the plot can only be taken as approxi-
mate, because the isolation provided by such structures is dependent upon
their absolute surface area, their rigidity, and numerous other factors.

Not all the isolation is due to absorption, of course, because some is due to
the energy being reflected back down towards the floor, but there will be
progressively more absorption, and transmission via re-radiation, as the fre-
quency lowers and the reflectivity reduces. The overall transmission loss will
include the reflexion and absorption, and the overall coefficient of absorption
figure will include absorption and transmission. Essentially the isolation is
what is not transmitted, and the absorption coefficient is what is not reflected.
In fact, absorption is traditionally measured in units called sabins, after
Wallace Clement Sabine, the pioneer of reverberation analysis, who himself
first used ‘equivalent open window area’ as a unit of absorption. From this
concept, it can be clearly understood how absorption can include transmission,
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Figure 3.10 Acoustic performance of a typical ceiling cap. (a) Typical ceiling cap, (b)
transmission loss versus frequency, (c) absorption versus frequency. Note how the addition of
an extra layer of plasterboard increases the transmission loss (isolation), as shown in (b), but
decreases the absorption, as shown in (c¢). The addition of a second layer adds more mass to the
system and tends to make it more rigid. The effect is that the two layers become more reflective
than the single layer. The additional layer therefore improves the isolation by means of
reflecting more energy back into the room, but this will of course make the room more
reflective or reverberant. If the decay time of the room with only one plasterboard installed was
to be maintained after the addition of the second layer, more absorbent materials would need to
be introduced into the room. Isolation and absorption are often confused by non-specialists, but
this situation clearly demonstrates the difference
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because an open window converts almost no acoustic energy into heat. It
transmits almost all of it to the other side.

One hundred per cent transmission=100% absorption=zero reflexion.
Zero transmission, achieved either by 100% absorption, 100% reflexion, or
some combination of the two, still amounts to 100% isolation. The loosely
used terminology can be a little confusing, but absorption does get lumped
into isolation and transmission figures, dependent upon which one is of greatest
importance in the context of the problems. Just to help to clarify things,
aroom of one-metre thick, smooth, solid concrete walls and ceiling would
have excellent isolation, but very little absorption. It would tend to have
along reverberation time because the sound energy would be trapped
inside of it. Almost nothing would escape. Conversely, a room of tissue paper
in the middle of a desert would have very high absorption (and consequently
almost no reverberation time), but almost no isolation, because all the energy
would be either lost in the sand, or would be free to escape to the outside air.

Anyhow, let us now return to our discussion of Figure 1.1. The vibrational
energy that is transmitted through the double plasterboard acoustic shell cap
would then proceed across the air gap to the lower surface of the isolation
shell ceiling. The acoustic wave would first pass through a layer of 2 cm cotton
waste felt, bonded to a 3.5kg/m? layer of an acoustic deadsheet (see Glossary).
Here we encounter an additional, loosely coupled mass layer with the absorb-
ent felt layer uppermost, in the air gap. The function of these layers is to
damp resonances in both the plasterboard and the air. The high viscous losses
in the deadsheet tend to suppress any high Q (see Glossary) resonances in the
plasterboard, and the fibrous absorption characteristics of the felt will tend to
damp down any cavity resonances, caused by the hard parallel surfaces of the
upper surface of the control shell and the lower surface of the isolation shell.

The lower surface of the isolation shell is a classic mass/spring/mass
combination, formed by a double layer of 13mm plasterboard (the lower
mass) connected, by contact adhesive only, toa 6¢cm layer of reconstituted
open cell polyurethane foam of 80kg/m? (the spring). This is in turn connected,
by contact adhesive only, to the upper mass. In this case, the upper mass
consists of a sandwich of two layers of plasterboard with a 5kg/m? deadsheet
in-between, nailed to a relatively heavy and rigid series of wooden support
beams. The lower plasterboard layers are not in contact with the concrete
block walls — there is a gap of a few millimetres all around. This mass layer is
therefore free to vibrate, with its vibrations alternately applying compression
and expansion forces on the polyurethane foam spring. Such a system might
seem a little insecure, but in fact the foam can withstand traction forces of
over 3 tonnes per square metre. With a good adhesive, there is little chance of
the plasterboard causing problems, as the double layer weighs less than 20 kg
per square metre — less than 1% of the traction limit.

Once again, the lower plasterboard layers will tend to reflect back the
incident wave to a degree according to the frequency, and will absorb some
of the energy in the internal frictional losses. However, this time its upper
surface is not so free to radiate, because it is glued to a spongy foam. The
foam will have the action of damping the vibration in the plasterboard, again
rather like sticking Plasticine on a bell. The vibrations that do enter the foam
layer will be strongly resisted by the mass and rigidity of the upper mass
layer. The tendency, therefore, will be for the foam to compress and expand,
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rather than to move as a whole, and the internal frictional losses in the cellu-
lar construction of the foam will be very effective in converting the acoustical
energy into heat. This action will be effective down to the resonant frequency
of the spring thus loaded.

The upper mass layer acts as a low frequency barrier, and its effect is
augmented by the rigidity imparted by the wooden beam structure. In this
instance, the two layers of plasterboard sandwich a layer of a 5kg/m* dead-
sheet, the combination constituting what is known as a constrained layer
system. The principle of the damping effect and additional acoustic losses
due to the constrained layer are shown in Figure 3.11. Such a system will be
reflective down to lower frequencies than the plasterboard alone, but it will
also produce more absorption down to lower frequencies. It will certainly
transmit less.

Whatever acoustic energy is left to propagate above the constrained layer
will then cross the air gap between the wooden beams and proceed on to the
layer of 18 mm plasterboard, attached to a layer of medium density mineral

(a) e e e e e Damping material fixed
to flexible panel

When panel is flexed in this
direction, the damping material
(shaded layer in diagram) will
stretch

When flexed in this direction,
the damping layer will compress

i

[ | Damping layer sandwiched
(d) [ | between two similar flexible
panels

When flexed, the top layer will
stretch and the bottom layer will
compress. The damping layer,
however, will remain the same
length, but, if viscous, will attempt
to shear throughout its entire
area, down its centre line.

The forces resisting this are very
great indeed, and consequently,
so is the damping provided by
the constrained layer.

Figure 3.11 Constrained-layer damping principle
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wool by a cement. The mineral wool is itself then attached to the structural
ceiling by the same cement-type adhesive. The air gap again contains mineral
wool to suppress any cavity resonances, but it also acts as a velocity compon-
ent absorber, as described in Section 3.1.

The plasterboard/mineral wool/structural ceiling combination again is a mass/
spring/mass system. As mentioned previously, the reason for using different
materials and thickness in this upper system was to avoid any weak spots
caused by resonances that coincided with the resonances in the lower mass/
spring/mass system. Once again, the upper mass of the structural floor acts to
resist the bodily movement of the mineral wool spring as it is set in motion
by the vibrational energy impinging on the lower mass of 18 mm plaster-
board. By this time, the acoustic energy from the source in the recording
room will have been reduced to such a degree that what remains to re-radiate
into the bedroom is insufficient to create any disturbance to the sleep of the
neighbours. By now, also, it will only consist of low frequencies — the highs
will be virtually non-existent. If this all seems a little extreme, it must be
borne in mind that in order to achieve even 60dB of isolation, only one one-
millionth of the sound power can be allowed to penetrate the barriers.

3.5 Summing the results

So, from the individual isolation figures of the individual isolation systems
we should be able to calculate the total isolation, but there are some practical
circumstances which make calculations difficult unless many other factors
are known.

If we have a noise source in the recording room, then it is of little help if
we only know its output SPL in free-field (anechoic) conditions. If we know
that a guitar amplifier can produce 110-dB SPL at one metre distance in a
relatively dead room, that does not mean that it cannot produce more in other
circumstances. If we were to take it into a very live room, the level of the
direct signal would be augmented by all the reflexions, which could super-
impose their energy on the direct sound and easily produce 6 or 8 dB more
SPL. Therefore, we need to know the sound pressure levels that will be
produced by instruments in the actual rooms which we need to isolate, and
from this, it will be obvious that for any given sound source, a live room will
need more isolation than a dead room. Quite simply if things sound louder in
an acoustically live room, then the sound isolation requirements to an adjacent
room will be correspondingly greater.

Conversely, if the receiving room is reverberant it will amplify, by means
of reflected energy, the noises entering from an adjacent room. In a small
bedroom, a double bed provides significant absorption, as do furniture and
curtains. In the case that we have been discussing, the bedroom was well
furnished, and the noise level measurements were taken at a point 50cm
above the bed. Had the room been stripped of all furnishings it would have
become much more reverberant, so the 30 dBA measured after the isolation
may then have risen to 35 dBA or so, which could be deemed to be unaccept-
able for the neighbours to sleep easily. Similarly, if the acoustic control treat-
ment were to be removed from the recording room, rendering it much more
reverberant, the maximum SPL produced in the room by typical instruments
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would also increase, and again the isolation shown in Figure 1.1 may no
longer be adequate. So many variables exist in acoustic control work, which
is why it is often so difficult for acoustics engineers to give simple answers to
what may appear to be simple questions.

3.5.1 Internal reflexions

There is another reason why the simple summation of the calculated isolation
provided by each individual section of the complete structure cannot be relied
upon to give the isolation of the whole system. It is that internal reflexions
can be set up between the layers, which can add re-reflected energy to the
forward-going propagation. This is shown diagrammatically in Figure 3.12.
The reduction of this effect requires fibrous layers in the various air spaces.
Especially in existing buildings, where the exact nature of the structure is not
known, a degree of ‘cut and try’ can be involved, even for very experienced
acoustic engineers.

upper structure

‘\ foam j
I S !
re-reflected weakened
air cavity | €neray. reinforcing transmitted plasterboard
transmitted energy

direct energy

incident
energy

Figure 3.12 Re-reflexion between layers. Resonant build-up in an air cavity can reduce
isolation in a similar way to which the build-up of reverberant energy in a space can make a
source louder than it would be in free-field conditions

3.6 Wall isolation

In general, walls are easier to isolate than floors or ceilings. Figure 3.13
shows a relatively simple solution, the addition of a heavy internal wall with
a cavity between the isolation wall and the structural wall. There is usually
little problem constructing walls of significantly greater mass per square
metre than can be used in ceilings, for example. Floors, of course, will be in
some sort of physical contact with the structure, via either springs or mats,
but heavy ceilings need to be supported with massive beams or suspension
systems, which can often be quite difficult or impracticable. A wall, however,
as long as it has a solid floor below it, can usually be both very heavy and
simple to construct. The only problem with the wall system in Figure 3.13(a)
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Figure 3.13 The benefits of floating surfaces. (a) The addition of an inner wall to aid isolation
between the rooms can be largely ineffective if flanking transmission via the floor and ceiling
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is the flanking transmission via the contacts at the floor and ceiling. This is
simply avoided by the insertion of spring seals as shown in Figure 3.13(b).
Wall isolation is sometimes also made easier by the fact that the existing
structural walls are often more massive than the floors (other than those built
directly on the ground) and ceilings. Very effective wall isolation can be
achieved by the use of floated concrete block walls filled with sand. These
are especially effective if the structural walls are also massive and well
damped. In new buildings, it can be advantageous to ask the architects to use
sand-filled concrete blocks in the main structure. The combination of struc-
tural and floated wall systems so made, with a 5 or 10cm air space between,
can easily produce more than 70dBA of isolation, which is extremely dif-
ficult to achieve in floor or ceiling isolation systems unless these can be used
simultaneously, both above and below the structural ceilings and floors. In
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shared buildings, therefore, where access to the walls, floors and ceilings of
neighbouring premises is not possible, wall isolation is by far the easiest to
achieve in one-side-only treatments.

3.7 Lighter weight isolation systems

In some circumstances, either only a limited degree of isolation is necessary,
or moderate isolation is needed in buildings with weak floors. In such cases,
systems such as those shown in Figure 3.14 can be used. The technique simply
involves lining the entire room with open cell polyurethane foam (or mineral
wool) of suitable density and thickness, and lining the interior with plaster-
board. With low density spring materials (foam or mineral wool) on the walls
and ceiling, the system resonances can be kept quite low. On the floor,
however, low density materials would lead to instability, such as shown in
Figure 3.6, so to keep the system resonances sufficiently low with the higher
density spring, a correspondingly greater weight needs to be added. This can
be achieved by laying concrete paving slabs on top of the floor covering, or
even casting a reinforced concrete slab if it is feasible.

The results with this type of isolation system can be surprisingly good,
though their resistance to the ingress of impact noise from outside the struc-
ture can be poor. The other benefit is that the weight is distributed about the
room surfaces, and the whole load is not imposed on the floor. Even the walls
carry some of the load, which can be very advantageous in weak buildings.

3.8 Reciprocity and impact noises

Notwithstanding certain restrictions, if we were to build two adjacent rooms
with 60dB of isolation between them, it would not make any difference
which room contained the source of the sound and which was the receiving
room. The isolation would remain the same, even though the order of mater-
ials in the isolation system may be asymmetrical, as shown in Figure 3.15.
However, this only remains true for airborne sound, where the solid materials
present an acoustic impedance much greater than that of the air, because their
densities are enormously different to that of air.

Figure 3.16 shows the vertical separation of two rooms, the lower one
having an open cell foam/plasterboard ceiling isolation, which is typical in
many rooms with limited ceiling height because it provides a means of, in
many cases, adequately protecting the rooms above from airborne noise from
below. Once again, 50dBA of isolation could be achieved, irrespective of the
direction, if the sounds reaching the horizontal surfaces were airborne.

The problem arises when people, and especially when wearing high, slim
heeled shoes, walk on the upper floor. In this case, the weight on a small area
when the heel strikes the floor presents a totally different case than if some-
body were to strike the lower plasterboard ceiling with a similar shoe heel.
The difference between this situation, where the isolation is not reciprocal,
and the case of airborne noise isolation, where reciprocity exists, lies in the
nature of the impedance differences.
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Figure 3.14 Distributing the isolation load. (a) Typical construction. Isolation of this type can
be very effective. The walls and ceiling bear much of the load, which can make this technique
useful in premises with weak floors. Alternatively, a similar system can be used with mineral
wool and a cement-based adhesive. (See Figure 1.1.) Contact adhesive gives a more instant
bond, without the need for support during setting, but the noxious fumes can be a problem
during construction. (b) The plot shows the typical extra isolation achieved by the sort of
system shown in (a), above that provided by the basic building structure

When a shoe heel strikes the hard surface of the upper floor, the heel is
brought to rest almost instantly. The transmission of the impact energy into
the floor is great because the termination is abrupt and resistive (solid). If the
heel were to strike the plasterboard surface, below, the surface presents a less
abrupt termination to the impact. The plasterboard on the foam will tend to
give, acting like a shock absorber, and the springiness will rebound and
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Figure 3.15 Non-directionality of airborne sound isolation. Despite the asymmetric distribution
of the isolation materials, the isolation for airborne sounds will be equal in either direction

return some of the energy to the heel. There will be a sensation of a bounce-
back: the termination will be more reactive (see Glossary). Such solid object-
to-solid surface contacts are not typical of the gas/solid/gas contacts of
normal airborne sound isolation, and they behave differently.

Without making a complete break in the solid materials it is very difficult
to prevent the structural impact noises from penetrating most practical ceiling
isolation systems. This is where the problem arises when structural ceilings
are too low, and there is too little room to use a separate set of ceiling joists
on the floated walls to float a completely separate ceiling structure. One solu-
tion to the problem is to use a simple floated floor system, such as shown in
Figure 3.4(d), on the floor above, but this may not be possible when the upper
floors are occupied by different owners. In any case it may not be possible to
float the floors because of the need to change doors; and their frames if the
raised floor reduces headroom below legal limits.

In general, adequate isolation may be difficult if not impossible to achieve
when chosen premises do not have adequate ceiling height.

3.9 The distance option

The degree to which sound isolation is required in any proposed recording
studio building is dependent upon several factors: the construction of the
building (whether light or heavy); the proximity of noise sensitive neighbours;
the proximity of external noise sources; also the nature of the recording to be
undertaken. All affect the noise control calculations. At one extreme, let us
imagine a synthesizer-based musical group, who wanted to make recordings
in a studio on the ground floor of a massively built farm building in a valley.
If this building were sited miles away from any neighbours, and not subject
to any farm machinery or heavy transport noise, then the sum total of isolation
needed would probably be to fit double-glazing with 40cm between the
panes of glass, and change the doors to a type with good acoustic isolation.
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Figure 3.16 Airborne and impact noise isolation. (a) For airborne sound, (b) for impact noises.
Direct impacts on the structure can set the whole thing in motion, including anything that may
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which are capable of exciting many resonances
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At the other extreme, let us consider the isolation needs for a recording
studio for orchestral and choral use, sited in an office building in a location
above an underground railway and surrounded by streets with heavy traffic.
In this case, it would be unacceptably expensive for noise-induced delays to
affect the recording of a 100-piece orchestra due to underground train rumble
during quiet passages. It would also be unacceptable for the fortissimo pas-
sages to disturb people who may be concentrating on their work in adjacent
offices. The isolation work may require the construction of an entirely floated
inner isolation shell, of considerable weight, which may need the reinforce-
ment of the floor in order to support it. In turn, this new hermetically sealed
box would need to be penetrated by HVAC (heating, ventilation and air-
conditioning) systems, which themselves would require considerable isolation.
The costs could be very high indeed.

In the first of the cases discussed above (the studio for the synthesiser
band), probably the only acoustic recordings would be of close-mic’d vocals
and the occasional guest musician. Neither the sound egress nor ingress
would be particularly problematical, because there would be nobody to annoy
by any external leakage of the sound, and except for the rare coincidences of
extreme weather conditions during the recording of an even rarer acoustic
guitar, the signal to noise ratio of recordings would generally be excellent.
The only problem in this type of situation is that it would be restricted in its
use. To some degree, though, all recording studios are restricted in their use;
none are universal in their applications.

In the second case, after due isolation work and internal acoustic treatment,
the studio would be capable of recording just about any type of music at any
time of day. The main restriction would be financial. After spending so much
money on the studio building and preparation, the hourly rate would need
to be prohibitively high for the general overdubbing of vocals, for example.
That high hourly rate may be inconsequential though, compared to the cost of
an orchestra’s expenses when travelling to a studio in a distant out of town
location.

It is true, therefore, that an isolated location, by virtue of its distance from
noise related problems is an option for reducing isolation costs, because the
physical, geographical isolation is acoustic isolation. However, when overall
convenience of access is important, this geographical isolation may be com-
pletely impractical, so the only solution may lie in the choice of an inner-city
site and a considerable amount of acoustic engineering.

3.10 Discussion and analysis

Clearly, isolation is not a simple subject to grasp, and no simple computer pro-
grams can solve the problems. Isolation is a subject for specialists, and where
critical situations exist, the cost of calling in a specialist before construction
will surely be less than the cost of trying to fix the problems after construc-
tion. In fact, the problems may lie deep within the construction, in which case
total rebuilding may be required. Intuitively, leaving out a layer of fibrous
material between two of many layers in an isolation system may seem insig-
nificant, but if the cavity resonates without the lining, the air at resonance can
be a remarkably strong coupling medium.
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The addition, or not, of a small component in a complex structure may thus
make a disproportionate difference to the results, and even one decibel of
improved isolation may be important. Experience has shown that it is better
to design for inaudibility for the neighbours, rather than to legal limits,
because peace with the neighbours can be crucial to their tolerance of the
occasional nuisance. Nevertheless, ultimately the law will decide if the worse
comes to the worst, and that is where that one decibel can mean make or break.

In fact, if the room shown in Figure 1.1 had failed to achieve its low
frequency isolation target by 1 dB, then where would one begin to look for
the weakness? What would one do to plug the 1dB leak? If the room had been
completed, with all its decorations, and was considered by all concerned to
sound good, then how could an extra decibel of isolation be found without
perhaps destroying all the finishes, changing the sound within the room,
and severely straining the finances of the owners? These are not easy ques-
tions to answer; not even for experts, so to fail by 1 dB could be disastrous.

Efficient acoustic engineering implies that the maximum effect is achieved
with the minimum use of resources, but isolation in difficult situations does
not always lend itself to precise analysis and the presentation of finely tuned
solutions. Despite the fact that isolation can be expensive, there needs to be a
safety margin in the calculations and assessments of situations, because the
science is not exact and the cost of failure can be so grave. It is always better
to err on the safe side.

Hopefully, this chapter will have given a good idea of the problems to be
aware of and the likely solutions available, but isolation is nevertheless
something that should not be undertaken without adequate knowledge of the
subject, because much of it is very counter-intuitive, and the potential for
disappointing results and wasted money is very great.

3.10.1 Fibrous and cellular springs — thicknesses and densities

To highlight some of the above points, and to answer the queries of some
readers of the first edition of this book, it may be informative to discuss the
seemingly simple subject of the resilient layers below floated floors. However,
despite the fact that it may seemingly be simple, there are many factors which
need to be taken into account in order to choose the most appropriate density
and thickness for any given application.

As shown in Figure 3.5, if the elasticity of the floor floating springs is
either too great or too little, good isolation will not be achieved. Below the
resonant frequency of the mass/spring system, such as that formed by
a floated concrete slab and a mineral wool layer beneath it, most of the
isolation is lost. At and around the resonant frequency, the isolation can actu-
ally be worse than with no treatment at all because of the amplifying effect of
the resonance. In general, isolation is considered to begin to become effective
above about 1.4 (N2) times the resonant frequency; thus if isolation down
to 20Hz is required, the floor resonance should be below 14Hz or so
(14Hzx 1.4 = 19.6 Hz). Nevertheless, effective isolation does not tend to
occur until the resonant frequency is around half of the lowest frequency to
be isolated. In practice, for full frequency range isolation, 12Hz is a good
target to aim for.
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Using a weaker spring will lower the resonant frequency, as will increasing the
weight placed upon it, but as shown in Figures 3.6 and 3.7, if the spring mate-
rial is too weak then floor stability and flatness may be lost If, for example,
70kg/m? mlneral wool were to be used as the base, then doubling the density
to 140kg/m® would increase the resonant frequency (by v1rtue of providing a
stiffer spring) by V2 (1.414). Halving the density to 35kg/m® would reduce
the resonant frequency by the same amount. If the higher density was necessary
in order to give increased stability, then the only way to reduce the resonance
frequency to its original value would be to double the weight resting upon it.

If the resonance frequency were required to be halved, whilst using the
same mineral wool spring (or, in fact, any given spring), then the weight
would need to be quadrupled. That is, if the frequency of resonance of a 10cm
concrete slab floor resting on a given mineral wool base spring were to be
halved, then 40cm of the same concrete would be necessary. Adjusting the
springs is therefore often a more practical (and height saving) option than
adjusting the masses. Of course, one could always increase the density of the
concrete if the height increase from 10cm to 40cm was unacceptable, but
even a density change from 2 tonnes per cubic metre to 3 tonnes per cubic
metre would still need a thickness of about 27 cm.

Note, here, that the weight (mass X gravity) is what is important. This gives
rise to the force acting down upon the spring. In the case of the mineral wool,
the density affects the elasticity of the spring, whereas the concrete density
affects the weight (and hence force) applied to the spring for any given thick-
ness of slab.

However, as we shall see below, we cannot reduce the mineral wool density
too far or it may become so compressed that it looses its elasticity and ceases to
behave like the required spring. Furthermore, if the mineral wool is compressed
to a thickness commensurate with any irregularities in the surface of the floor
on which it is laid (or the concrete that may be poured on top of it), then at
some places rigid contacts may be made as some points penetrate the
material. This problem can be ameliorated by placing a layer of plywood, for
example, on top of the mineral wool, and smoothing the floor below it, but
such treatments tend to be wasteful of time and materials compared to simply
using a thicker layer of mineral wool and/or a higher density.

3.10.2 The general situation with masses and springs

Figure 3.17 shows a graph of the relationship between the mass and the reso-
nance frequency when the mass is loaded on a moulded panel material made
from glass fibre, sold under the trade name of Acustilastic. The aforementloned
12 Hz resonance can be seen to be achieved with a load of about 230 kg/m?,

which would signify a 10 cm slab of 2.30 density concrete (2.3 tonnes per
cubic metre). Another type of graph which is commonly encountered is
shown in Figure 3.18. In this case, it is for a rubber matting known as Acustisol
used typically under brick or concrete block walls, where the loads can be
very great. The graph shows the degree of compression under load — up to 300
tonnes per square metre. Although this does not directly show the resulting
resonant frequency, it can be calculated from applied force (the weight) and
the degree to which the material is compressed under static load as a proportion
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Figure 3.17 Load versus resonance frequency graph for the material Acustilastic. It can be
seen that the weight of the load must be quadrupled in order to halve the resonance frequency;
hence to guarter the resonance frequency the load must be multiplied by sixteen

of its original thickness (see sub-Section 3.10.4). In both cases (Figures 3.17
and 3.18), it can be seen that the relationships are described by curves, and
not by straight lines, because as the materials are compressed their densities
increase. Consequently, a 70kg/m® mineral wool base compressed to 50% of its
original thickness would then have a density of 140kg/m’, and so would
resist more a given extra force (weight placed upon it) than would the
uncompressed mineral wool. In other words, if a 50 kg weight over a given
area compressed the original 70kg/m? mineral wool by 4 mm, the addition of an
extra 50 kg/m? would only compress the material by around a further 2 mm.

In the case of Figure 3.17, the graph stops at 2250 kg/m>. This material
(Acustilastic) has an allowed maximum deformation of 30% (which corre-
sponds to a resonant frequency of 4 Hz with the 2250 kg/m? load) because
above around 2500 kg/m? the material goes beyond its elastic limits and
begins to permanently deform due to the breakrng of 1nd1V1dual fibres. The
recommended usable load for this material is 2000 kg/m?>. However, if sig-
nificantly heavy loads are expected to be placed on such a floor, the usable
load would need to include the extra load, and cannot be consumed by the
floated slab alone. The resonant frequency would be a function of the roral
load In the case shown in Figure 3.7, where the walls and ceilings are also
loaded on the slab, their extra weight will also contribute to the overall load
and so they must also be taken into account when calculating the final reso-
nant frequency of the floor when the whole room is finished and loaded
with equipment.

On the subject of the thickness of a ‘spring’ material, consider the examples
shown in Figures 3.19, 20 and 21. In Figure 3.19, a single spring is loaded by
a given weight and can be seen to compress by 20% of its original length. In
Figure 3.20, two similar springs are placed in parallel and loaded by the same
weight, where the deflexion can be seen to be less for each spring. In Figure 3.21,
however, the two springs are placed one on top of the other — in series — and
as the force acting upon them is equal (i.e., they are each carrying the same
load — it is not divided between them) they each compress to the same degree
as the single spring shown in Figure 3.19. The proportional compression of each
spring would therefore be the same as for the single spring. Nevertheless,
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Figure 3.18 (a) Acustisol is a material for floating heavy walls. (b) Plots showing the degree of
compression of the material (Acustisol) with different loads

Spring Length

Rigid Ground Surface

Figure 3.19 In the example shown, a weight of 1kg has compressed the spring to 80% of its
unloaded length
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Figure 3.20 In the case of the two parallel springs, each identical to the single spring shown in
Figure 3.19, the compression for each spring is half of the compression of the single spring: the
force on each spring is half of the force on the spring shown in the previous figure. The
resonance frequency will rise by \2 (1.414) compared to the resonance frequency shown in
Figure 3.19 because the stiffness has been increased
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Figure 3.21 In the above example, two springs, each identical to the spring shown in Figure 3.19,
are placed in series. The force acting on each spring is the same, and is also the same as the force
acting on the spring in Figure 3.19, so the compression of each spring will also be the same.
However, the overall effect is that of a softer spring, as the total compression distance is double that
of a single spring, and the resonant frequency will be that of Figure 3.19 divided by V2 (1.414)

twice the deflexion would be experienced, so effectively the spring would be
softer. The stiffness would be halved, so the resonant frequency of the mass/
spring system would be the resonance of the same weight on a single spring
divided by 2 i.e. 1.414. (The same work cannot compress two springs as
many times per second as it can compress only one spring.)
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Consequently, doubling the thickness of a mineral wool base below a concrete
slab would reduce the resonant frequency by a factor of about 1.4. Halving
the thickness would increase the resonant frequency by about 1.4. Doubling
the density or halving the density of the mineral wool would also increase
or reduce the resonant frequency by a factor of about 1.4, respectively.
However, as previously mentioned, if the initial thickness of the material
is too little, and/or the density is too low, the material may be compressed to
the extent shown in Figure 3.5 (c), in which case the spring effect may be
lost, and with it much of the isolation if it were the base for a floated floor.

Figure 3.22 shows a somewhat more complicated case. Here, two springs
of different stiffnesses are placed in series, one on top of the other. Despite
being in series physically, their stiffnesses behave like two electrical resistors
in parallel — the resultant stiffness is always less than the least stiff spring,
just as the combined resistance of two parallel resistors is always less than
the lower of the two resistances. For resistors in parallel, the combined
resistance is calculated by dividing the product by the sum; in other words:

R, xR,
R, +R,

(3.1

For two parallel resistors of 10 ohms and 20 ohms:

10x20 _ 200 _ ¢ oee ohms

10+20 30

(In fact, the springs in series behave like two capacitors in series, but the
concept of resistors is perhaps more widely understood by people not so
conversant with electrical theory.)

The resonance frequency of the system shown in Figure 3.22 with respect
to that shown in Figure 3.19 can be calculated from the change in stiffness,
but will always be below the resonance frequency of either of the single
springs loaded by the same weight. However, if we separate the springs by
another mass, as may occur if a floated floor is laid on top of an already resonant
floor — which has its own mass and spring components — the situation begins
to become rather complicated. The concept is shown diagrammatically in
Figure 3.23. If the two resonant systems share the same resonant frequency,
individually, then the interactive coupling will move the resonances apart.
Prediction of exactly what will happen in practical structures is very complicated,
as many of the relevant parameters will not be known.

On the other hand, if the resonances of the two systems are well separated,
then one resonance may dominate, or the pair may behave chaotically,
especially under transient excitation. Parallels can be drawn with the behaviour
of double pendulums and their ‘strange attractors’ described in chaos theory.
In the automobile industry, such complicated multiple spring/mass systems
are sometimes used, where the huge research and development costs of
modelling and measuring can be amortised over a long production run of
identical vehicles. Conversely, most acoustic calculations for architectural
sound isolation purposes relate to one specific job, so it is usually better to
stick to the use of more easily predictable systems, and to avoid double mass/
spring systems because the research costs usually cannot be supported.
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Figure 3.22 In this example, two dissimilar springs have been placed in series. The result is
still a single resonance frequency, because the springs combine to yield a total stiffness which

can be calculated from the product divided by the sum, as for parallel resistors or inductors, or
capacitors in series
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Figure 3.23 This can be a difficult problem to calculate, because in practice, combined
structures are rarely pure springs or pure masses. The springs in this example are separated by
a mass, so two resonant systems exist. There are two degrees of freedom, and interactions of
accelerations. Had the two springs and masses in the above case been equal, they would still

not resonate at the same frequency because the resonance would be displaced by the
interactions
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In multiple mass/spring systems, factors such as the relative masses or
stiffnesses will also have to be taken into consideration, as will any damping
or loading effects which one system may impose on the other. What is more,
if the masses are reasonably similar to each other they may interact in a way
which is very different to the case if they were greatly different. The importance
of the various rules which govern the behaviour of such systems can
therefore change with the relative proportions of each system.

As a practical example of this type of double system, one can imagine a case
where a floated isolation floor needs to be laid over a structural floor at ground
level, but with a subterranean car park below. It is not uncommon to find
such floors with natural resonances in the region of 20 or 30 Hz. In general, if
a load-bearing, structural floor exhibits a relatively high resonance fre-
quency, then a floated floor of soft springs and high mass (low stiffness, high
inertia) may be needed in order to achieve much isolation below the resonant
frequency of the structural floor. If that floor cannot support such a load, then
achieving useful low frequency isolation may be out of the question. These
are the sorts of situations where the experience of acoustics engineers is
invaluable on a case by case basis. There tend to be too many variables in this
type of equation to expect a simple computer analysis to predict the results.

In practice therefore, combinations of slab thickness and density both affect
the weight (mass), and changes of the thickness and density of the mineral wool
will affect the stiffness of the spring. All of these changes will have effects on
the resonance frequencies of the systems. When considerations such as floor
height or strength must be taken into account the parameters will be chosen
for the most practical result. For example, a mineral wool under-layer which is
doubled in thickness and halved in density will lower the resonance frequency
by half; achieving a reduction of V2 from the doubling of the thickness and a
further V2 from the doubling of the density. The resonance could be returned
to its original frequency by quartering the weight of the concrete slab. Such a
change may be necessary if a lighter weight or less high floor was required, but
the floor would also, obviously, be much weaker with only one quarter of the
thickness of concrete. On the other hand, rigidity could perhaps be increased
by choosing a thicker layer of a lower density concrete and using more steel
reinforcement mesh. Such are the decisions of an acoustics engineer.

3.10.3 Measured characteristics of various suspension materials

In order to show the effects of the practical application of a selection of
commonly used materials for floating floors, a series of measurements was
undertaken specifically for the second edition of this book. Materials were
cut into samples of 10cm squares (i.e. 100cm?). On each sample, a 1kg
weight would equate to approximately 100 kg/m?, allowing for small differ-
ences due to the different ratios of surface area to edge. The material samples
were placed in a device which allowed different weights to be loaded on to
them, and to be distributed evenly over their surfaces by means of a light but
rigid plate of the same size as the samples. In each case, the height of each
material sample was measured unloaded, then measured again at increments of
lkg between 1kg and 10 kg, the latter corresponding to approximately
1tonne per square metre.
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Figure 3.24 Compression versus load for 10cm and 20cm Arkobel (a reconstituted
polyurethane foam) of 60kg/m> density. The thicknesses of the 20cm samples have been
divided by two on the plots in order to make easier comparisons with the 10 cm samples. In fact,
the 20 cm sample compressed in ‘axis A’ coincides so well with the 10 cm sample in the same
axis that the two lines are almost indistinguishable. Axis B is the normal axis of use. The
hysteresis loop shows the different behaviour in compression and expansion

Figure 3.24 shows the static loading effect on two samples of a reconsti-
tuted polyurethane open-cell foam, known as Arkobel, and having a density
of 60kg/m>. In three of the measurements the sample is the same, but it has
been rotated in each case through 90 degrees to measure each axis separately.
There is one axis of recommended use, preferred because of the direction in
which the foam is cut after compression during the manufacturing process.
The preferred axis can be seen to exhibit a curve which is a little less steep
overall. However, what is interesting is that when the sample was unloaded,
from 10 kg back to 0 kg, the curve did not follow the compression curve. The
material was exhibiting hysteresis (see Glossary) under static conditions, but
this should not introduce any unwanted effects under dynamic conditions
because the vibrational movements would be much too small to exhibit non-
linearities.

A 20cm sample was then tested in the ‘A’ and ‘B’ axes, with the figure
showing the results divided by two, which overlays the 10cm and 20cm
curves for easy comparison. In the ‘A’ axis, except for the section between
0 kg and 1kg, the plots overlap exactly, showing the practical results of the
effect shown in Figure 3.21 relating to springs in series. The ‘B’ axis of the
material, in both the 10 cm and 20 cm samples, exhibits a slightly less regular
curve, but the agreement at low and high loadings is relatively consistent.

Figure 3.25 shows the plots for a type of Arkobel with double the density of
the first sample — 120kg/m>. Samples of 6, 9 and 18 cm were tested. Normally,
this higher density is used in smaller thicknesses, such as 3cm, but for these
tests the deflexions would be too small for reliable measurement, so greater
thicknesses were chosen. The 18 cm sample measurements have been divided
by two for easier comparison of the plots. It can be seen that the proportional
compression is much less than for the 60kg/m? sample. Nine point seven
centimetres of 60kg Arkobel compresses to about 3.7 cm under a 10 kg load,
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Figure 3.25 Compression versus load for different thicknesses of Arkobel (reconstituted
polyurethane foam) of 120 kg/m? density. The 6 cm measurement multiplied by 1.5 is overlaid
on the measurement for the 9 cm sample. The two plots correspond very closely up to 8 kg,
after which the 6¢cm sample begins to compress less, indicating that it is beginning to ‘bottom-
out’. The 18 cm sample (+2) and the 9 cm sample show no such effect

whereas 9.1 cm of 120 kg Arkobel compresses to only 6.9 cm under a similar
load — a deflexion of 2.2 cm as opposed to 6 cm.

An interesting observation from Figure 3.25 is the comparison of the
multiplication of the 6 cm sample measurement by 1.5, overlaid on the 9cm
sample plot. At loadings above 8kg, the 6cm sample curve begins to flatten
out, showing that the thinner sample is beginning to bottom; that is, compress
beyond its elastic limits. This effect is also observable with the thinner sam-
ples in Figures 3.26 and 3.27. The bottoming occurs when the material begins
to be compressed into a solid mass, and the mechanisms which give rise to
the springiness begin to cease to operate. (See Figure 3.5 (c)).

The Blancot (a cotton-waste felt material) shown in Figure 3.26 exhibits a
different shape of curve to the foam materials in the two previous figures. In
this case, the 9 layer measurement divided by 3 and overlaid on the 3 layer
measurement shows that the 3 layers begln to bottom at loads above 4kg
(400 g/m?), and between 8 and 10kg there is a horizontal straight line, showing
that the material has ceased to act as a spring. The den31ty of this Blancot is
the same as that of the first Arkobel sample, 60 kg/m?, but a comparison of
Figures 3.24 and 3.26 shows that the way in which the two materials com-
press is very different, as shown by the different curve shapes, particularly in
the lower half of the weight scale.

The mineral wool plots shown in Figure 3.27 are different from both the
Blancot and the Arkobel. Of the lower density samples, the plots show a high
initial rate of compression which rapidly begins to flatten out, and indeed
bottoms out in the case of the thinner sample. The 10 cm sample of the higher
density (60-70kg) is very typical of what is often used in studio isolation
floors. Finally, Figure 3.28 shows an interesting comparison of the different
slopes and shapes of the different materials as measured for the previous figures.
Clearly, there are some very different mechanisms at work which are giving
rise to their elasticity.
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Figure 3.26 Compression versus load behaviour of various thicknesses of Blancot, a cotton-
waste felt material of around 60kg/m® density. The 3 layer plot and the 9 layer plot +3 are
identical up to 4 kg loading, after which the 3 layer plot shows evidence of bottoming out as the
thinner sample begins to compress proportionately much less than the thicker, 9 layer sample

3.10.4 Calculation of resonance frequency

From the measured deflexions of the materials, the resonance frequency for
each mass/spring combination can be calculated. If the spring is perfect, i.e.
2 Xload =2 X deflexion, the resonance frequency is given by:

_ 1 jg_ 1 32
Jres 27\/; e (3.2)

where x is the deflexion in metres and g is the acceleration due to gravity
(9.81 ms‘z). In general, as shown above, practical materials do not behave as
perfect springs and the stiffness of the spring changes with changing load.
Under these conditions, the resonance frequency for a particular load may be
estimated from the slope of the load/deflexion curve, thus:

(3.3)
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The fact that the resonance frequency rises as weight is
added to the 40 kg/m® mineral wool samples means that
even at 3 kg/100 cm? (or 300 kg/m?) the material is already
stiffening to the point where it is losing its spring effect.

Figure 3.27 Compression versus load for different thicknesses of 40 kg/m? and 60 kg/m® mineral
wool. Again, bottoming-out is evident above 8 kg/m? loading for the thinner sample of the lower
density material. The resonance calculations relate to the descriptions given in sub-Section
3.10.4. Of the two samples which had a thickness of 10cm when unloaded, the lower density
material, as expected, compresses much more as weight is added, up to about 4 kg/100 cm?, but
thereafter compresses less than the higher density sample. This suggests the beginning of a
bottoming-out process for the lower density sample under higher loads. In the resonance/load
table, note how the resonance frequency begins to rise abruptly once the bottoming-out begins,
showing that the spring is becoming very stiff
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Figure 3.28 Comparison of the shapes of the compression versus load curves for the different
fibrous and cellular materials. The cellular materials can be seen to behave more uniformly,
which is evident from the straighter nature of the curves. Clearly, the mechanisms giving rise to
the spring-like behaviour are different in each material
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where dx/dm is the slope (gradient) of the load/deflexion curve at the applied
mass m (note that for a perfect spring, dx/dm=x/m and the two expressions
become identical).

By way of example, marked on Figure 3.27 are two estimates of the reso-
nance frequency of a material (which is clearly not a perfect spring) loaded with
a mass of 2kg/100 cm?, one based on the static deflexion and the other on the
slope of the curve. The static deflexion estimate is shown to be less than half
of the value of the more reliable estimate based on the slope of the curve.

3.11 Summary

When anything is immersed in a sound field, it will, to some degree or other,
be set into vibration. Any vibrating structure can, depending upon the degree of
isolation that it can achieve, receive the vibrations on one of its surfaces and
re-radiate them from another.

When a sound wave strikes any surface, the three possibilities are that the
energy in the wave can be reflected, transmitted, or absorbed.

Absorption can be achieved in several ways, such as by tortuosity, particulate
friction, and internal viscous losses.

Porous absorbers work best in situations of maximum particle velocity,
such as at pressure nodes and at high frequencies.

The differences in the speed of sound through the different materials in the
structure of a building can give rise to great difficulties in predicting the
structural vibration and re-radiation.

Isolation is best achieved by reflexion, because isolation by absorption
would generally be too bulky to be practical.

The three basic means of sound isolation are mass, rigidity and distance;
but acoustic damping can play a prominent part.

The use of springs to isolate internal and external structures is usually the
best way to achieve high isolation; by decoupling.

A good hint to remember is that springs do not like to change their length,
and masses do not like to change their velocity. When something tries to
vibrate a mass/spring system, both the mass and the spring try to resist the
vibration, for their own individual reasons. Working together, they can make
very efficient isolation systems.

The degree of isolation needed at any given frequency will be dependent
upon circumstances and the type of recordings to be made. Low frequencies
are generally much more difficult to isolate than high frequencies, though the
general reduced sensitivity of the human ear to low frequencies at low levels
helps to mitigate the problems incurred.

For floated isolation systems to be effective, their frequency of resonance
must be below the lowest frequency to be isolated.

In weak buildings, adhesive mounted isolation systems can be attached to
all parts of the internal surfaces.

Complex isolation structures are difficult to analyse, and a degree of
empirical experience is often needed to achieve reliable predictions of the
outcome of a design.

Impact noises can be much more difficult to deal with than airborne noises.



74 Recording Studio Design

If possible, careful choice of location can also be instrumental in reducing
isolation requirements.

Mass/spring systems are often used for making isolation floors by means
of concrete slabs over mineral wool bases.

Doubling or halving the mass, whilst maintaining the same spring, will
respectively lower or raise the resonant frequency of the system by V2. Quad-
rupling or quartering the mass will respectively halve or double the resonance
frequency.

Doubling or halving the stiffness of the spring, such as by means of dou-
bling or halving the density of mineral wool, (the initial thickness remaining
the same), will respectively raise or lower the resonance frequency of the
system by V2. Quadrupling or quartering the stiffness will double or halve the
resonance frequency.

Doubling or halving the thickness of a mineral wool spring will lower or
raise the resonance frequency by V2. Quadrupling or quartering the thickness
will respectively halve or double the resonance frequency.

Mass/spring, floated floors begin to become usefully effective in their
isolation about one octave above their resonant frequency.

Resonant frequencies can be calculated from the applied force (mass x
gravity, or weight) and the proportional compression of the spring.

Two identical springs in series (such as doubling the thickness of a mineral
wool base) will reduce the resonance frequency by 2.

Two identical springs in parallel (such as achieved by doubling the density
of a mineral wool base) will increase the resonance frequency by V2.

Springs of different stiffness, placed in series, will behave like electrical
resistors in parallel, and the combined stiffness will always be below the
stiffness of the weaker spring.

Systems with two degrees of freedom, such as mass/spring/mass/spring,
can behave in complex ways. If the two masses and springs are identical, the
resonances will not be: they will move apart. If the masses and springs are
not identical, then their behaviour can depend on their relative proportions.
Prediction of the overall behaviour can be very difficult to achieve: one
resonance may dominate, or the two resonant systems may even behave
somewhat chaotically under shock excitation.
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Chapter 4

Room acoustics and means of control

The negative aspects of an isolation shell. Basic wave acoustics. Reflexions.
Resonant modes and forced modes. The pressure and velocity components of
sound waves. Modal patterns. Flutter echoes. Reverberation. Absorption.
The speed of sound in gases and the ratio of the specific heats. Porous absorb-
ers, resonant absorbers and membrane absorbers. Q and damping. Diffu-
sion, diffraction and refraction.

The main means by which we achieve the necessary sound isolation in
recording rooms is by reflexion, because absorption, as a means of isolation,
is rather disastrously inefficient. In typical isolation shells, the sounds
produced within the rooms are reflected back from the boundaries, and thus
contained within the space. Sounds emanating from without the room are
similarly reflected back whence they came, and thus little sound can pene-
trate the isolation barrier from one side or the other.

Reflective isolation from exterior noises presents no problems, but this
method of isolation 7o the exterior, by the concentration of the acoustic energy
inside the room, means that in the extreme we are creating a reverberation
chamber. This only serves to make the job of acoustically controlling the
room much more difficult than it would have been in its less isolated original
state, where much of the sound could leak out. This is especially so at low
frequencies. In fact, one reason why so many domestic hi-fi systems sound
better in people’s homes than the monitor systems in some badly designed
control rooms has its roots in the relative degrees of isolation. Very often, the
domestic constructions are of a much more leaky nature to low frequencies.
This means that it is easier to achieve a more flat, controlled response in most
domestic rooms than within the isolation shell of a simple control room, even
though musical acoustics never entered the head of most domestic architects.
If we start off with a highly reverberant shell, then the control measures must
be much more drastic (and proportionally more expensive) than if we begin
in a normal domestic room, where the reflected low frequencies are not so
concentrated.

There is no doubt that once we provide a studio with a highly effective
isolation shell, we are making our own lives much more difficult from the point
of view of subsequent acoustic control. Nevertheless, the isolation is usually a
prime requirement, without which the studio could not function effectively, so
we have little option but to deal with the situation in which we find ourselves.
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Figure 4.1 The large reverberation chamber at the ISVR. It has a volume of 348 m’® with
a reverberation time of 10s at 250 Hz, and 5's at 2500 Hz. All surfaces are non-parallel and are
made from painted concrete

Figures 4.1 and 4.2 show a reverberation chamber and an anechoic chamber
respectively. It is between these two acoustic extremes that all practical stu-
dio rooms are constructed. So by understanding the performance of these two
extremes we will be able to get some feel for which characteristics of each of
them we may require in our desired acoustics. First, however, we need to look at
some basic wave acoustics.

There are many text books which wholly or partly dedicate themselves to
arigorous treatment of room acoustics. Some are listed in the Bibliography at
the end of this chapter, and they are recommended reading for anybody wishing
to take the mathematics and the theory some steps further. The purpose of this
book, though, is to try to discuss these principles with people whose lives they
affect every day, even if they do not have an academic background in acoustics
or mathematics. For this reason the following discussion will be as accurate
as can be achieved without the maths, but that does not imply that the mathe-
matics would tell the whole story. In many of the situations that we encounter
in room acoustics, there are simply too many variables, so in many cases a
good feel for the problem is even more important than knowing the theory
without having the practical experience. Anyhow, let us begin with a review
of some basic acoustic principles.

4.1 Internal expansion

When a sound source in a highly reverberant environment emits an acoustic
wave, the wave initially expands according to normal free-field expansion.
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Figure 4.2 The anechoic chamber as previously shown in Figure 2.3, but here with almost all
of its floor grids and supports removed, rendering it almost totally anechoic above its cut-off
frequency

position of
listener

transmitted
waves

reflected
waves

Figure 4.3 When a loudspeaker is placed near to a solid boundary, some of the waves, which
would have continued to expand in free space, will be reflected back from the boundary in the
direction of the source and the listener. When the reflected waves arrive at the listener, and if
the boundary is perfectly reflective, the situation and perceived sound would be identical to
that shown in Figure 4.4

Before the sound reaches the first boundary, the conditions are, by definition,
anechoic. Therefore, let us first take the simple case of a loudspeaker emit-
ting a low frequency sine wave in the region of a hypothetically perfectly
reflective wall. The progressive wave expansion is shown in Figure 4.3. The
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0° position of
listener

with boundary
removed

Figure 4.4 The wave reflected from the boundary in Figure 4.3 can be represented by a
loudspeaker placed behind the source loudspeaker with the boundary removed, positioned such
that the second loudspeaker is the same distance behind the imaginary boundary as the source
loudspeaker is in front of it

situation for the listener, sat by the loudspeaker, would be absolutely identi-
cal if the situation shown in Figure 4.4 existed. In this case the wall has been
replaced by a second loudspeaker, placed the same distance behind the position
of the wall as that from the wall to the first loudspeaker. The two identical
loudspeakers would be fed the same signal at the same level. Were the wall to
have an absorption coefficient of 0.5, in which case it would absorb half the
acoustic power, then this situation could still be identically mimicked by
reducing the signal level to the second loudspeaker by 3 dB — half the power.
Even if the wall were to have a frequency dependent absorption characteristic,
as all real walls do have, the situation could still be identically replicated by
means of an electrical filter, having the same response as the wall absorption,
in series with the feed to the second loudspeaker.

This leads us to the classic mirrored room analogy, as shown in Figure 4.5,
when the behaviour of a sound source in a real room is visualised from the
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Figure 4.5 Mirrored room analogy. Reflexions behave as if they were independent sound
sources, located at the positions of their images. Floors and ceilings behave similarly: A and B,
actual sound sources, C to F, apparent sound sources

point of view of a listener sitting in a room with mirrors on all surfaces. Quite
simply, from every point where a reflexion or a reflexion of a reflexion
existed, the room would behave sonically as though there were no walls, and
an identical signal were being fed to all the ‘loudspeakers’ that were visible. It
often seems to be easier for many people to grasp the concept of room behav-
iour in this way, because loudspeakers with volume and tone controls are
much more familiar than the invisible concepts of frequency contoured
acoustic reflexion. This analogy is useful because it is absolute. There are no
differences whatsoever until we begin to introduce complex diffusive and
scattering surfaces, but even then we could roughly visualise things by placing
obstacles in the way of the reflexions or smearing the mirror with grease at
certain points to make the reflected image more fuzzy.

Let us now look at Figure 4.6, which encloses the loudspeaker within the
four boundaries of a two dimensional room. In (a) and (b) the walls are ane-
choic, therefore they behave acoustically as though they do not exist, and the
loudspeaker is in free space. In (c) and (d) the walls are perfectly reflective,
which is a four-walled representation of the case shown in Figure 4.3. In this
case the wave tries to expand, but it is constrained by the perfectly reflective
surfaces and so the paths of the waves continuously fold back on themselves.
With nowhere for the energy to go, the wave pattern in the room rapidly
becomes ultra-complicated, and the acoustic power within the hypothetical
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Figure 4.6 Comparison of loudspeaker sitings in anechoic and reverberant spaces, (a) anechoic,
flush, (b) anechoic, free-standing, (c) reverberant, flush and (d) reverberant, free-standing. At
point X in the anechoic room, the low and high frequencies are perceived equally for both
flush mounted and free-standing loudspeakers. However, in a more reverberant room, the
low frequencies rapidly become confused. For the free-standing loudspeaker, the confusion sets
in more rapidly than for the flush mounted loudspeaker in any given period. — omni-directional
low frequencies, ----- directional high frequencies

room would build up until the room finally exploded. That is if it were
hermetically sealed. In reality, of course, absorption exists, and even in the
highly reverberant room shown in Figure 4.1 this acoustic energy drops by
60dB in about 8.

Figure 4.6(c) and (d) also show a further important point which relates
very much to control room acoustics. If the loudspeaker is placed within the
room, as opposed to being mounted flush within the boundary, it also sends
a wave to the wall behind it, which then adds to the reflexions in the room.
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Figure 4.7 Phase relationships of reflected waves at different frequencies

It can further be seen from Figure 4.6(c) and (d) that after the same period of time,
the wave pattern is much more complex in the room with the free-standing
loudspeakers than in the room in which they are flush-mounted.

For steady state signals, such as sine waves, the consequences of the room
reflexions are frequency dependent. Figure 4.7 shows the pressure fluctu-
ations in the air between a loudspeaker and a wall at three different
frequencies. In the first case, the reflected wave arrives back at the source
loudspeaker with a 90° phase shift relative to the direct wave. In the second
case, there is an exact fit for two whole cycles between the source and the
wall, so the reflected path corresponds exactly with the outgoing wave in
terms of pressure and rarefaction peaks. In the third case, the reflected wave
coincides exactly in anti-phase with the outgoing wave in terms of the relative
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Figure 4.8 Effects of phase shifts at different positions. Results: (a) 90° (or 270°) phase shifts
cause 3dB variation in summed response. (b) 0 degrees phase shift. Waves reinforce each other
at all points. (c) 180 degrees phase shift. Waves cancel at all points

pressure and rarefaction peaks. The sums of the wave pressures are shown in
Figure 4.8 at two different positions. It can be seen that the effects at each
position are quite different for the three frequencies shown.

This idea is shown in plan view in Chapter 11, in Figure 11.25 where different
points in the room exhibit different responses to the combination of direct and
reflected signals, dependent upon position and frequency. Whether this complex
interaction of direct and reflected signals is a good thing or not is largely depend-
ent upon whether we are listening to live music, or to recorded music, and for
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Figure 4.9 Characteristics of a resonant mode. (a) At resonance, where an exact number of half-
cycles can fit between the walls, the direct and reflected waves will superpose constructively to
create a resonant build-up, shown dashed. (b) The particle velocity component of the wave must
always be at a maximum or minimum when the pressure component is at zero, in order to
conserve the energy contained in the wave — see Figure 4.10

what purpose. These concepts will be discussed later in their relative contexts.
However, what we tend to want to avoid in almost all cases are the stationary
waves, or ‘standing waves’ as they are commonly called. (See Glossary.)

Let us assume that the case of Figure 4.7(b) is modified with a further wall
behind the loudspeaker, at exactly the same distance from it as the front wall.
It is shown diagrammatically in Figure 4.9(a). Because of the exact fit of four
cycles across the room, and the position of the loudspeaker on the centre
point, the first reflected wave will retrace exactly the path of the outgoing
wave. The reflected wave from the rear wall will also retrace the same path, so
the pressure changes will linearly superpose themselves, causing a build up in
the wave motions.

Figure 4.9(b) shows the velocity component of the wave motion, which it
can be seen is shifted 90 degrees from the pressure component. Thought of
logically, this is reasonable enough, because when the wave which is travelling
at the speed of sound strikes the perfectly reflective wall, it must obviously
stop before returning in the reverse direction. For a stationary wave, the pressure
component at a boundary must always be a maximum. This must be so, because
with the velocity at zero, all the energy in the acoustic wave has to be carried
in the pressure component: the energy simply cannot disappear every time
the pressure change passes zero.

Figure 4.10 shows the energy transfer during the swinging of a pendulum.
At either extreme of travel the pendulum stops. At these points it has no



84 Recording Studio Design

Acoustically
Maximum representing: . Minimum
pressure I " pressure
Static
pressure
N Maximum height.
IANN Zero velocity
Maximum height. FEENN . .
Zero velocity I AN Maximum potential
) NN energy.
| AN M . k .
/| NN inimum kinetic
maximum | : Ny energy
| NN -
1! b A
height ! \ \
(potential ! N //
energy) | : ~_ -
|
n

minimum \ /~

Minimum height

Maximum velocity
Maximum kinetic energy —
energy of motion

Minimum potential energy —
energy of position

Figure 4.10 Energy in a pendulum

kinetic energy, but with the height advantage over its vertically down pos-
ition it has its maximum potential energy for its given distance of swing. At
the low point of its travel, the pendulum passes through its point of maximum
velocity, where its kinetic energy is at its maximum and its potential energy
minimum. (See Glossary, if necessary, for potential and kinetic energies.) At
all points of the swing, other than the three already mentioned, the pendulum
has a mixture of both potential and kinetic energy. Similarly, the wave
motion has a mixture of potential and kinetic energy at all points other than
its nodes and anti-nodes. The nodes are the zero crossing points on either the
velocity or pressure plots in Figure 4.9. The anti-nodes are the positive and
negative peaks in the plots, and it can be seen from (b) that the velocity nodes
correspond with the pressure anti-nodes, and the pressure nodes with the
velocity anti-nodes. The velocity and pressure are always 90° out of phase
with each other. The importance of this will become evident when, in later
chapters, we begin to discuss the acoustic control of rooms.

4.2 Modes

The pathways available for a sound wave to travel around a room are known
as modes, and in any room they are infinite in number. When an omni-
directional sound source is in a room, it drives the room by radiating sound in
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all directions. If the sound source is then interrupted, some energy will be
trapped in the repetitive pathways of the standing waves. The resonances
associated with these pathways are called eigentones, which is German for
the room’s ‘own frequencies’. These are the natural frequencies of resonance
in the room. The non-resonant pathways which are driven by the sound
source are known as forced modes. Those pathways which continue to decay
for some time after the driving source has ceased are known as resonant
modes. Thus, all modes are not standing wave paths, but all standing wave
paths are modes. (See Glossary for more on modes.)

There are three types of resonant mode in a rectangular room. Axial
modes, which exist between two parallel surfaces; fangential modes, which
exist between four surfaces and travel parallel to the other two, and oblique
modes, whose pathways involve striking all six surfaces before returning to
their point of origin to begin retracing the paths. In a room with all surfaces
similarly treated, the axial modes of the longest dimension of the room tend
to contain the most energy, because they strike fewer surfaces for any given
distance travelled. In real rooms, it is the absorption at the surfaces, on each
reflexion, which depletes the energy in the modes. The lowest mode of the
room will always be the axial mode between the two most widely spaced
surfaces. Despite the longer total pathways for the tangential and oblique
modes, their lowest frequencies will always be higher than the lowest axial
mode, because it is the shorter side of the pathway which determines the
lowest frequency to be supported in any resonant mode. This is because an
exact integral number of half-wavelengths must fit into the dimensions of
the tangential and oblique modes.

The typical pathways of the modes are shown in Figure 4.11. The combin-
ation of these three types of modes can form a very dense set of resonant fre-
quencies in a reflective room. The following equation gives the frequencies
of all the possible modes in a rectangular room

= )0+

where

x, y and z represent the number of half wavelengths between the surfaces
(up to the limit of interest — say the first 10 modes)

L =room length (m)

W =room width (m)

H=room height (m)

c=speed of sound (m/s)

For axial modes, only the x term is used; for tangential modes, the x and y
terms are used, whilst for oblique modes the x, y and z terms are used.

The lowest axial mode exists at a frequency where half a wavelength fits
exactly into the distance between the furthest two parallel surfaces. If the
room is 15m in length, for example, then the lowest resonant frequency
would have a wavelength of 30m, because two half wavelengths would return
the energy in phase to the starting point for the cycle to repeat. This would
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Figure 4.11 Axial, tangential and oblique modes

represent a frequency of about 11.5Hz. The next mode would be at 23 Hz.
These frequencies can be derived from the previous formula as:

2
2 (4.2)
=(%)
but for axial modes, only, it can be simplified to:
c_x
=t (4.22)
S 2 L

The following axial mode would be at 34.5 Hz; the next at 46 Hz. On a linear
frequency scale, the first 12 modes would appear as shown in Figure 4.12,
but on a logarithmic scale, which more closely approximates to the way that
we hear, they would be distributed as shown in Figure 4.13. Here, the
increasing modal density per octave band can clearly be seen, and this is an
important point, as we shall see later.

Figure 4.14 shows the first 51 modes of a room of dimensions 4.7 mXx
3.2mX2.5m, also on a linear frequency scale. It shows how, in three-
dimensions, the modes definitely increase in number per unit bandwidth as the
frequency rises. The problem which faces us is at the lowest frequencies, where
the modes begin to separate. Figure 4.15(a) shows the same modes plotted up
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Figure 4.12 The first axial modes of two room surfaces spaced 15 m apart, plotted on a linear
frequency scale. Note the absolutely equal spacing
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Figure 4.13 The same modes as shown in Figure 4.12, but plotted here on a logarithmic
frequency scale. The logarithmic scale relates better to the way in which we hear
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Figure 4.14 The first 51 modes of a room. The first 51 resonance frequencies of a rectangular
room of dimensions length =4.7 m, width=3.2 m, height=2.5 m, plotted on a linear frequency
scale. The modes at low frequencies are more widely spaced than those at higher frequencies,
which makes their perception as a form of coloration more likely. The thicker lines are where
different modes are almost co-incident in frequency. Not all of the 51 modes are well separated.
Thirteen of them merge with other modes (after G. Adams)

to 100Hz. The general ‘loudness’ of the room will be reinforced by the
energy in the modes, and the overall perceived frequency response will be
somewhat like the broken line which takes a roller-coaster ride across the
modes and the spaces. It can clearly be seen that the room is perceived to
have a flatter frequency response when the modes are more closely spaced. In
Figure 4.15(b) exactly the same pattern exists, but the frequency scale this
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Figure 4.15 Perceived responses in rooms with significant modal activity. (a) Room similar
to that shown in Figure 4.14. A roller-coaster effect begins below 60 Hz. (b) Room of similar
proportions, but with dimensions multiplied by three. Roller-coaster on-set is delayed until
below 20 Hz.

The modal pattern remains similar, and the perceived response shape also remains similar,
but in (b) the frequency scale is reduced by a factor of three, yielding a smoother perceived
response down to a lower frequency

time represents a room where the dimensions have all been multiplied by 3,
to 14.1mx9.6 mx7.5m.

Two things are instantly obvious from the comparisons of the two figures.
Firstly, that the modal pattern is exactly the same. This is because the modal
pattern is a function of the shape of the room and its relative dimensions, not
its absolute dimensions. Secondly, in the larger room, the flattest part of the
roller-coaster response extends to a lower frequency. The implication of this
latter point is that larger rooms with significant modal activity (i.e. they are
reasonably acoustically reflective) will have a response which is perceived to
be flatter down to a lower frequency than a smaller room of the same shape.
In reality though, the modal energy is not as represented in the previous
figures inasmuch as the modes are not at spot frequencies and they do not all
have uniform amplitude as represented by the height of the lines. In fact, they
are more realistically represented as shown in Figure 4.16.

Figure 4.17 shows the measured power output from a loudspeaker, both in
an anechoic chamber and in a room with considerable modal activity. The
loading effect of the room which augments the low frequency response will
be dealt with in later chapters, but it can be seen how, if the modal density is
tightly packed and extended in frequency range, the room can have an overall
frequency response which is acceptably flat. The effect of the modal activity
is to make the room sound louder in response to whatever sound is being



Room acoustics and means of control 89

SPL
(dB)

T T T T T
40 80 120 160 200

f(Hz)
Figure 4.16 Modal response of a typical room. The individual modes are shown with typical
frequency spreading and different amplitudes. This is perhaps more representative of reality

than Figure 4.14, which shows the modes as spot frequencies. A typical partially damped mode
will be active for around 10 Hz either side of its nominal frequency
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Figure 4.17 Increase in loudness and extension of low frequency response by modal support.
The measured power output of a closed-box loudspeaker system placed in the corner of a room
(x=0.7,y=0.7, z=0.5m). The power output measured in an approximately free space (an anechoic
chamber) is shown by the broken curve. The augmentation of the power output due to the room
modes is clearly shown; as is a broad dip around 150 Hz due to the early reflexions

produced within it, compared with what would be perceived from the same
sound source in an anechoic chamber. This is true whether the sound source
is a loudspeaker, a cello, a tuba, a pipe organ or any other instrument that can
provide a relatively continuous output. Things get a little trickier to explain
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Figure 4.18 (a) Plan of the pressure distribution of a 2.1.0 tangential mode. (b) The
distribution of the amplitude of the sound pressure throughout a room of a tangential 3.2.0 mode.
(c) Pressure distribution of a single axial mode. Note how in (c) the wave is progressing across
the room as a series of compressions and rarefactions. The progress of an acoustic wave
(unlike the wave motion of light, which moves in the general fashion of a snake) moves
somewhat like an earthworm. The worm moves in a straight line by means of the passage of a
series o