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Preface

he founders of audiology could not have envisioned the many ways in which this pro-

fession would evolve to meet the needs of children and adults with hearing and bal-

ance disorders. Breakthroughs continue to come in all areas of audiological diagnosis
and treatment, resulting in a profession that is more exciting and rewarding today than ever
before.

Treatment is the goal of audiology, and treatment is impossible without diagnosis. Some
people have developed the erroneous opinion that audiology is all about doing hearing tests.
Surely, testing the hearing function is essential; however, it might appear that many tests could be
performed by technical personnel who lack the education required to be total hearing healthcare
managers. Historically, the profession has rejected this approach and has developed a model
wherein one highly trained, self-supervised audiologist carries the patient and family from taking
a personal history through diagnosis and into management. Toward this end, the development of
a humanistic, relationship-centered, patient—professional approach to hearing care has evolved,
one in which the audiologist guides patients and families to the highest success levels possible.

The profession has moved away from requiring a master’s degree to requiring the Doc-
tor of Audiology (AuD) as the entry-level degree for those wishing to enter the profession of
audiology. This is due in part to recognition of the fact that additional education and training
are necessary for those practicing audiology so that they can meet the demands of an expanding
scope of practice and continuing technological growth.

New to This Edition '3

With each new edition of this book, we strive not only to update the material to keep content
current with recent research, but also to make it more user-friendly for students. Although a
great deal of advanced material has been added, the primary target of this book continues to
be the new student in audiology. While providing an abundance of how-to information, every
effort is made to reveal to the novice that audiology can be a rewarding and fascinating career.
In this edition, a number of features have been added or enhanced, including:

o Expansion of the Evolving Case Studies to include more cases.

o A new list of frequently asked questions (FAQs) in each chapter. These lists are derived
from students’ actual queries in class and during instructor office hours.

e Updated references to reflect the most recent research.

In addition, for the first time, Introduction to Audiology is available in a whole new format
as an eText. The advantages provided in this electronic version are numerous.

xi
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Xii PREFACE

The eText Advantage

Publication of Introduction to Audiology in an eText format allows for several advantages over a
traditional print format. In addition to greater affordability, this format provides a search func-
tion that allows the reader to locate coverage of concepts efficiently. Bold key terms are click-
able and take the reader directly to the glossary definition. Index entries are also hyperlinked
and take the reader directly to the relevant page of the text. Navigation to particular sections of
the book is also possible by clicking on desired sections within the expanded table of contents.
Sections of text may be highlighted and reader notes can be typed onto the page for enhanced
review at a later date.

All websites provided are now active eText links to aid interested readers in additional
research on a topic. It should be noted that neither the authors nor Pearson Education endorse
or approve, nor are they responsible for, the content of any third-party website linked to this
text. The authors and Pearson Education make no representations as to the content or accuracy
of any linked websites.

To further enhance assimilation of new information, links to 20 video clips are inter-
spersed throughout the text and are available through the eText. These video clips demonstrate
different aspects of audiological practice. They include illustration of otoscopic technique and
basic hearing test procedures, as well as more advanced electroacoustic and electrophysiologic
tests, earmold impression technique, hearing aid assessment measures, and more.

At the end of each chapter, readers can access interactive eText multiple-choice Check
Your Understanding questions to assess comprehension of text concepts as well as a variety of
Activities designed to facilitate learning. Immediate feedback is provided on the appropriate-
ness of responses. We believe use of this material can increase confidence in preparation for
examinations and other challenges. In their diagnostic form, these questions and activities can
help identify points of knowledge and areas of weakness or knowledge gaps to direct students
in their review of materials.

It is our hope that this new eText format will enrich the student’s learning experience and
further enhance the learning process. To learn more about the enhanced Pearson eText, go to
www.pearsonhighered.com/etextbooks.

) How to Use This Book

Throughout this book’s history of nearly four decades, its editions have been used by indi-
viduals in classes ranging from introductory to advanced levels. Students who plan to enter the
professions of audiology, speech-language pathology, and education of children with hearing
impairment have used it. All of these individuals are charged with knowing all they can learn
about hearing disorders and their ramifications. To know less is to do a disservice to those chil-
dren and adults who rely on professionals for assistance.

The chapter arrangement in this book differs somewhat from most audiology texts in
several ways. The usual approach is to present the anatomy and physiology of the ear first,
and then to introduce auditory tests and remediation techniques. After an introduction to the
profession of audiology, this book first presents a superficial look at how the ear works. With
this conceptual beginning, details of auditory tests can be understood as they relate to the basic
mechanisms of hearing. Thus, with a grasp of the test principles, the reader is better prepared
to benefit from the many examples of theoretical test results that illustrate different disorders in
the auditory system. Presentations of anatomy and physiology, designed for greater detail and
application, follow the descriptions of auditory disorders.
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The organization of this book has proved useful because it facilitates early comprehension
of what is often perceived as difficult material. Readers who wish a more traditional approach
may simply rearrange the sequence in which they read the chapters. Chapters 9 through 12, on
the anatomy, physiology, disorders, and treatments of different parts of the auditory apparatus,
can simply be read before Chapters 4 through 8 on auditory tests. At the completion of the book,
the same information will have been covered.

The teacher of an introductory audiology course may feel that the depth of coverage of
some subjects in this book is greater than desired. If this is the case, the primary and secondary
headings allow for easy identification of sections that may be deleted. If greater detail is desired,
the suggested reading lists at the end of each chapter can provide more depth. The book may be
read in modules so that only specified materials are covered.

Each chapter in this book begins with an introduction to the subject matter and a state-
ment of instructional objectives. Liberal use is made of headings, subheadings, illustrations, and
figures. A summary at the end of each chapter repeats the important portions. Terms that may
be new or unusual appear in bold print and are defined in the book’s comprehensive glossary.
Review tables summarize the high points within many chapters. Readers wishing to test their
understanding of different materials may find the questions at the end of each chapter useful.
For those who wish to test their ability to synthesize what they learn and solve some practical
clinical problems, the Evolving Case Studies in selected chapters provide this opportunity. The
indexes at the back of this book are intended to help readers to find desired materials rapidly.
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he first part of this book requires no foreknowledge of audiology. Chapter 1 presents an

overview of the profession of audiology, its history, and directions for the future. Chapter 2

is an elementary look at the anatomy of the auditory system to the extent that basic types of
hearing loss and simple hearing tests can be understood. Oversimplifications are clarified in later chapters.
Tuning-fork tests are described here for three purposes: first, because they are practiced today by many
physicians; second, because they are an important part of the history of the art and science of audiology;
and third, because they illustrate some fundamental concepts that are essential to understanding
contemporary hearing tests. Chapter 3 discusses the physics of sound and introduces the units of
measurement that are important in performing modern audiologic assessments. Readers who have had a
course in hearing science may find little new information in Chapter 3 and may wish to use it merely as a
review. For those readers for whom this material is new, its comprehension is essential for understanding

what follows in this text.
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CHAPTER

The Profession
of Audiology

LEARNING OBJECTIVES

The purpose of this opening chapter is to introduce the profession of audiology,
from its origins through its course of development to its present position in the
hearing-healthcare delivery system. At the completion of this chapter, the reader
should be able to

B Describe the evolution of audiology as a profession.

B Discuss the impact of hearing impairment on individuals and society.

B List specialty areas within audiology and the employment settings within
which audiologists may find themselves.

B Describe the reasons that speech-language pathologists may interact closely
with audiologists as they provide services within their chosen professions.

HE PROFESSION OF AUDIOLOGY has grown remarkably since its inception only

a little more than 70 years ago. What began as a concentrated effort to assist hearing-

injured veterans of World War II in their attempts to reenter civilian life has evolved
into a profession serving all population groups and all ages through increasingly sophisticated
diagnostic and rehabilitative instrumentation. The current student of audiology can look for-
ward to a future within a dynamic profession, meeting the hearing needs of an expanding
patient base.




CHAPTER 1 The Profession of Audiology 5

The Evolution of Audiology

Prior to World War II, hearing-care services were provided by physicians and commercial
hearing aid dealers. Because the use of hearing protection was not common until the latter
part of the war, many service personnel suffered the effects of high-level noise exposure from
modern weaponry. The influx of these service personnel reentering civilian life created the
impetus for the professions of otology (the medical specialty concerned with diseases of the
ear) and speech pathology (now referred to as speech-language pathology) to work together to
form military-based aural rehabilitation centers.

These centers met with such success that, following the war, many of the professionals
involved in the programs’ development believed that their services should be made available
within the civilian sector. It was primarily through the efforts of the otologists that the first
rehabilitative programs for those with hearing loss were established in communities around
the country, but it was mainly those from speech-language pathology, those who had devel-
oped the audiometric techniques and rehabilitative procedures of the military clinics, who
staffed the emerging community centers (Henoch, 1979).

Audiology developed rapidly as a profession distinct from medicine in the United States.
While audiology continues to evolve outside the United States, most professionals practicing
audiology in other countries are physicians, usually otologists. Audiometric technicians in
many of these countries attain competency in the administration of hearing tests; however, it
is the physician who dictates the tests to be performed and solely the physician who decides on
the management of each patient. Some countries have developed strong academic audiology
programs and independent audiologists, like those in the United States, but, with the exception
of geographically isolated areas, most audiologists around the globe look to American audiolo-
gists for the model of autonomous practice that they wish to emulate.

The derivation of the word audiology is itself unclear. No doubt purists are disturbed that
a Latin root, audire (to hear), was fused with a Greek suffix, logos (the study of), to form the
word audiology. It is often reported that audiology was coined as a new word in 1945 simultane-
ously, yet independently, by Captain Raymond Carhart' and Dr. Norton Canfield, both active
in the establishment of military aural rehabilitation programs. However, a course established
in 1939 by the Auricular Foundation Institute of Audiology entitled “Audiological Problems in
Education” and a 1935 instructional film developed under the direction of Mayer Shier titled
simply Audiology clearly predate these claims (Skafte, 1990). Regardless of the origin of the
word, an audiologist today is defined as an individual who, “by virtue of academic degree,
clinical training, and license to practice and/or professional credential, is uniquely qualified to
provide a comprehensive array of professional services related to the audiologic identification,
assessment, diagnosis, and treatment of persons with impairment of auditory and vestibular
function, and to the prevention of impairments associated with them” (American Academy of
Audiology, 2004).

Academic Preparation in Audiology

In the United States, educational preparation for audiologists evolved as technology expanded,
leading to an increasing variety of diagnostic procedures and an expanded professional scope
of practice (American Academy of Audiology, 2004; American Speech-Language-Hearing
Association, 2004b). Audiology practices have grown to encompass the identification of hear-
ing loss, the differential diagnosis of hearing impairment, and the nonmedical treatment
of hearing impairment and balance disorders. What began as a profession with a bachelor’s
level preparation quickly transformed into a profession with a required minimum of a mas-
ter’s degree to attain a state license, now held forth as the mandatory prerequisite for clinical
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6 PART I ELEMENTS OF AUDIOLOGY

practice in most states. More than a quarter of a century ago, Raymond Carhart, one of audiol-
ogy’s founders, recognized the limitations imposed by defining the profession at the master’s
degree level (Carhart, 1975). Yet it was another 13 years before a conference, sponsored by the
Academy of Dispensing Audiologists, set goals for the profession’s transformation to a doc-
toral level (Academy of Dispensing Audiologists, 1988).

In recent years academic programs have transitioned to the professional doctorate for
student preparation in audiology, designated as the doctor of audiology (Au.D.). At most uni-
versities, the Au.D. comprises four years of professional preparation beyond the bachelor’s
degree, with heavy emphasis on didactic instruction in the early years gradually giving way to
increasing amounts of clinical practice as students progress through their programs. The final
(fourth) year consists of a full-time clinical placement usually in a paid position.

Although the required course of study to become an audiologist remains somewhat het-
erogeneous, course work generally includes hearing and speech science, anatomy and physi-
ology, fundamentals of communication and its disorders, counseling techniques, electronics,
computer science, and a range of course work in diagnostic and rehabilitative services for those
with hearing and balance disorders. Through this extensive background, university programs
continue to produce clinicians capable of making independent decisions for the betterment of
those they serve.

), Licensing and Certification

The practice of audiology is regulated in the United States through license or registration in
every state of the union and the District of Columbia. Such regulation ensures that audiology
practitioners have met a minimum level of educational preparation and, in many states, that
a minimum of continuing study is maintained to help ensure competencies remain current.
A license to practice audiology or professional registration as an audiologist is a legal require-
ment to practice the profession of audiology. Licensure and registration are important forms
of consumer protection, and loss or revocation of this documentation prohibits an individual
from practicing audiology. To obtain an audiology license, one must complete a prescribed
course of study, acquire approximately 2,000 hours of clinical practicum, and attain a passing
score on a national examination in audiology.

In contrast to state licensure and registration, certification is not a legal requirement
for the practice of audiology. Audiologists who choose to hold membership in the American
Speech-Language-Hearing Association (ASHA) are required by ASHA to hold the Certificate
of Clinical Competence in Audiology, attesting that a designated level of preparation as an
audiologist has been met and that documented levels of continuing education are maintained
throughout one’s career. Many audiologists select certification from the American Board of
Audiology as a fully voluntary commitment to the principles of lifelong continuing educa-
tion. ABA certification is an attestation that one holds him- or herself to a higher standard
than may be set forth by professional associations or in the legal documents of licensure or
registration.

The use of support personnel within a variety of practice settings is growing. The respon-
sibilities of these “audiologist assistants” have been delineated by the American Academy of
Audiology (1997). Licensing laws in nearly half of the states define permitted patient care
assignments for audiology assistants. Assistants can be quite valuable in increasing practice
efficiency and meeting the needs of a growing population with hearing loss. It is audiologists’
responsibility to ensure that their assistants have the proper preparation and training to per-
form assigned duties adequately.
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CHAPTER 1 The Profession of Audiology 7

Prevalence and Impact of Hearing Loss ‘t‘

Although the profession of audiology was formed under the aegis of the military, its growth
was rapid within the civilian sector because of the general prevalence of hearing loss and the
devastating impact that hearing loss has on the lives of those affected. The reported prevalence
of hearing loss varies somewhat depending on the method of estimation (actual evaluation
of a population segment or individual response to a survey questionnaire), the criteria used
to define hearing loss, and the age of the population sampled. However, following the world
health organization’s definition for hearing loss, prevalence in the United States may be as
high as 30 million Americans with hearing loss in both ears or as many as 48 million with
hearing loss in at least one ear (see Table 1.1).

The prevalence of hearing loss increases with age, and it has been estimated that the
number of persons with hearing loss in the United States over the age of 65 years will reach
nearly 13 million by 2015. The number of children with permanent hearing loss is far lower
than the number of adults. However, the prevalence of hearing loss in children is almost stag-
gering if we consider those children whose speech and language development and academic
performances may be affected by mild transient ear infections so common among children.
While not all children have problems secondary to ear pathologies, 75 percent of children in
the United States will have at least one ear infection before 3 years of age (National Institute on
Deafness and Other Communication Disorders, 2010a).

For children with recurrent or persistent problems with ear infections, the develop-
mental impact may be significant. Studies have shown that children prone to ear patholo-
gies may lag behind their peers in articulatory and phonological development, the ability
to receive and express thoughts through spoken language, the use of grammar and syntax,
the acquisition of vocabulary, the development of auditory memory and auditory percep-
tion skills, and social maturation (Clark & Jaindl, 1996). There is indication, however, that
children with early history of ear infections, while initially delayed in speech and language,
may catch up with their peers by the second year of elementary school (Roberts, Burchinal,
& Zeisel, 2002; Zumach, Gerrits, Chenault, & Anteunis, 2010). Even so, a study reporting
no significant differences in speech understanding in noise between groups of third- and
fourth-grade students with and without histories of early ear infections did, however, find
a much greater range in abilities for those with a positive history of ear infections (Keogh
et al., 2005). This study demonstrated that some of these children experience considerable
difficulty in speech understanding.

TABLE 1.1 Prevalence of Hearing Loss and Related Disorders

50 million people have tinnitus (ear or head noises).

30 million are exposed to hazardous noise levels or ototoxic chemicals at work.

48 million people are hard of hearing in one or both ears.

10 million people have some degree of permanent, noise-induced hearing loss.

2 million people are classified as deaf.

6 of every 1,000 children may be born with hearing impairment.

1 in 6 baby boomers (ages 41 to 59) have a hearing problem.

1 in 14 Generation Xers (ages 29 to 40), or 7.4%, already have hearing loss.

15% of school-age children may fail a school hearing screening mostly due to a transient ear infection.
90% of children in the United States will have had at least one ear infection before the age of 6 years.

Sources: Johns Hopkins Medical Center (www.ata.org); Tinnitus Association (www.ata.org); Centers for Disease Control and
Prevention (www.cdc.gov); National Institute for Occupational Safety and Health (www.cdc.gov/niosh/topics/noise); Better
Hearing Institute (www.betterhearing.org).
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The fact that many children with positive histories of ear infection develop no speech,
language, or educational delays suggests that factors additional to fluctuating hearing abilities
may also be involved in the learning process (Davis, 1986; Williams & Jacobs, 2009), but this
in no way reduces the need for intervention. The impact of more severe and permanent hear-
ing loss has an even greater effect on a child’s developing speech and language and educational
performance (Diefendorf, 1996) and also on the psychosocial dynamics within the family and
among peer groups (Altman, 1996; Clark & English, 2014).

Often, the adult patient’s reaction to the diagnosis of permanent hearing loss is to feel
nearly as devastated as that of the caregivers of young children with newly diagnosed hearing
impairment (Martin, Krall, & O’Neal, 1989). Yet the effects of hearing loss cannot be addressed
until the reason for the hearing loss is diagnosed. Left untreated, hearing loss among adults
can seriously erode relationships both within and outside the family unit. Research has dem-
onstrated that, among older adults, hearing loss is related to overall poor health, decreased
physical activity, and depression. Indeed, Bess, Lichtenstein, Logan, Burger, and Nelson (1989)
demonstrated that progressive hearing loss among older adults is associated with progressive
physical and psychosocial dysfunction.

In addition to the personal effects of hearing loss on the individual, the financial bur-
den of hearing loss placed upon the individual, and society at large, is remarkable. The
National Institute on Deafness and other Communication Disorders (2010b) reports that the
total annual costs for the treatment of childhood ear infections may be as high as $5 billion
in the United States. When one adds to this figure the costs of educational programs and
(re)habilitation services for those with permanent hearing loss and the lost income when
hearing impairment truncates one’s earning potential, the costs become staggering. Northern
and Downs (1991) estimate that for a child of 1 year of age with severe hearing impair-
ment and an average life expectancy of 71 years, the economic burden of deafness can exceed
$1 million.

A survey conducted by the Better Hearing Institute of over 44,000 American families
reported that those who are failing to treat their hearing problems are collectively losing
at least $100 billion in annual income (National American Precis Syndicated, 2007). While
many people think of hearing loss as affecting mainly older individuals, most people with
hearing loss are in the prime of their lives, including one out of six baby boomers ages 41 to
59 years. While the Better Hearing Institute study reported that the use of hearing aids can
reduce the effects of lost income by nearly 50 percent, only one in four with hearing prob-
lems seeks treatment.

%), A Blending of Art and Science

Audiology is a scientific discipline based upon an ever-growing body of research on the fun-
damentals of hearing, the physiologic and psychosocial impacts of lost hearing, and the tech-
nological aspects of both hearing diagnostics and pediatric and adult hearing-loss treatments.
Over the years, some have cautioned that audiology should avoid becoming mired in the tech-
nological aspects of service delivery. Indeed, as Hawkins (1990) points out, the importance
of the many technological advances seen in audiology may be of only minor importance to
the final success with patients when compared to the counseling and rehabilitative aspects of
audiological care.

The blending of the science of audiology with the art of patient treatment makes audiology
a highly rewarding profession. The humanistic side of professional endeavors in audiology is
what brings audiologists close to the patients and families they serve and makes the outcomes of
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provided services rewarding for both the practitioner and the recipient of care. All patients bring
to audiology clinics their own life stories, personal achievements, and recognized (and unrecog-
nized) limitations. Audiologists must learn to listen supportively, thus allowing patients to tell
their own stories, so that both diagnostics and rehabilitation may be tailored to individual needs
effectively (Clark & English, 2014).

ciinical COMMENTARY

Speech-language pathologists often find that they work in close concert with audiologists.
This may be true with children, whose hearing loss can have a direct impact on speech and
language development, as well as with older adults, who have a higher incidence of age-
related communication disorders. The frequent coexistence of hearing disorders and speech
and language problems has led the American Speech-Language-Hearing Association to
include hearing-screening procedures, therapeutic aspects of audiological rehabilitation, and
basic checks of hearing aid performance within the speech-language pathologist’s scope of
practice (ASHA, 2001, 2004a).

Audiology Specialties (&

Most audiology training programs prepare audiologists as generalists, with exposure and
preparation in a wide variety of areas. Following graduation, however, many audiologists dis-
cover their chosen practice setting leads to a concentration of their time and efforts within one
or more specialty areas of audiology. In addition, many practice settings and specialty areas
provide audiologists with opportunities to participate in research activities to broaden clinical
understanding and application of diagnostic and treatment procedures. When those seeking
audiological care are young or have concomitant speech or language difficulties, a close work-
ing relationship of audiologists with professionals in speech-language pathology or in the edu-
cation of those with hearing loss often develops.

The varied nature of the practice of audiology can make an audiology career stimulat-
ing and rewarding. Indeed, the fact that audiologists view their careers as both interesting and
challenging has been found to result in a high level of job satisfaction within the profession
(Martin, Champlin, & Streetman, 1997). In 2013, audiology was ranked as the fourth most
desirable profession in the United Sates out of 200 rated occupations, based on five criteria
including hiring outlook, income potential, work environment, stress levels, and physical
demand (CareerCast, 2013). The appeal of audiology as a career choice is hightened by the
variety of specialty areas and employment settings available to audiologists.

Medical Audiology

The largest number of audiologists are currently employed within a medical environment,
including community and regional hospitals, physicians’ offices, and health maintenance
organizations. Audiologists within military-based programs, Department of Veterans Affairs
medical centers, and departments of public health often work primarily within the specialty
of medical audiology. Many of the audiology services provided within this specialty focus
on the provision of diagnostic assessments to help establish the underlying cause of hearing
or balance disorders (see Figure 1.1). The full range of diagnostic procedures detailed in this

STUDENTS-HUB.com Uploaded By: anonymous



10 PART | ELEMENTS OF AUDIOLOGY

FIGURE 1.1 A computerized
rotational chair allows the audiologist
to attain a comprehensive evaluation
of patients suffering with balance
disorders. (Source: Micromedical
Technologies, 10 Kemp Drive, Chatham,

IL 62629.)

text may be employed by the medical audiologist with patients of all ages. Results of the final
audiological assessment are combined with the diagnostic findings of other medical and non-
medical professionals to yield a final diagnosis. Medical audiologists may also work within
newborn-hearing-loss-identification programs and monitor the hearing levels of patients
being treated with medications that can harm hearing. Additional responsibilities frequently
include nonmedical endeavors such as hearing aid dispensing.

Educational Audiology

Following the federal mandates dictated by Public Law 94-142, the Education for All
Handicapped Children Act, in 1975 and Public Law 99-457, the Education for the Handicapped
Amendments, in 1986, the need for audiologists within the schools has increased. Yet fewer
than half the audiologists required to meet the needs of children in the public schools are
serving in that capacity. Educational audiologists bear a wide range of responsibilities in
minimizing the devastating impact that hearing loss has on the education of young chil-
dren, and in the educational setting they may work closely with professionals in the educa-
tion of deaf and hearing-impaired children and speech-language pathology. Audiologists in
this specialty are responsible for the identification of children with hearing loss and referral
to medical and other professional services as needed; the provision of rehabilitative activi-
ties, including auditory training, speechreading, and speech conservation; the creation of
hearing-loss-prevention programs; counseling and guidance about hearing loss for parents,
pupils, and teachers; and the selection and evaluation of individual and group amplification
(Johnson & Seaton, 2011).
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Pediatric Audiology

Work with children and their families has perhaps more far-reaching effects than any other
challenge audiologists undertake. In addition to developing a honed proficiency in the special
considerations involved with the diagnostic evaluation of young children, pediatric audiolo-
gists must be prepared to bring to their clinical endeavors an empathy that will help guide
parents and families through what is an exceptionally difficult time in their lives. One of the
pediatric audiologist’s primary roles is facilitating parents’ efforts to meet the many (re)habili-
tative challenges the child and family will face.

Nonaudiology professionals who work in the areas of communication and education for
children with hearing loss frequently work closely with pediatric audiologists. Audiologists
within a variety of employment settings may work with children and their families. However,
those within pediatric hospitals, large rehabilitation centers, and community-based hearing
and speech centers often see a higher percentage of the pediatric population.

Dispensing/Rehabilitative Audiology

Nearly 40 years ago, ASHA rescinded its previous ban on the dispensing of hearing aids by
audiologists. Since that time, audiologists have become increasingly active in the total hear-
ing rehabilitation of their patients. (See Chapter 14.) While many audiologists establish their
dispensing/rehabilitative practices within hospitals or physicians’ offices, a growing number
are attracted to the greater autonomy afforded by an independent practice within their com-
munities. Regardless of employment setting, hearing aid dispensing is part of the audiologist’s
responsibilities.

Industrial Audiology

As discussed in Chapter 11, exposure to high levels of noise is one of the primary contributors to
insidious hearing loss. Many of today’s industries produce noise levels of sufficient intensity to
damage employees’ hearing permanently. According to the National Institute for Occupational
Safety and Health (2001), more than 30 million U.S. workers are exposed to hazardous noise lev-
els, resulting in noise-induced occupational hearing loss being one of the the most common occu-
pational diseases and the second most commonnly reported occupational injury. Allowable levels
and duration of employee noise exposure have been set by the U.S. Department of Health. To
ensure that adequate hearing protection is provided by the employer and used effectively by the
employee, audiologists who work in industry design hearing-conservation programs to identify
and measure excessive noise areas, consult in the reduction of noise levels produced by industrial
equipment, monitor employee hearing levels, educate employees on the permanent consequences
of excessive noise exposure, and fit hearing protection for those employees with excessive expo-
sure. While some audiologists practice full-time exclusively within industrial settings, most who
work with industry provide these services as part-time contracted consultants, or as an adjunct
to their work within other practice settings. As consultants to industry, audiologists may work in
conjunction with attorneys, industrial physicians and nurses, industrial hygienists, safety engi-
neers, and industrial relations and personnel officers within management and unions.

Tele-Audiology

The practice of tele-medicine is finding ways to reach out to remote areas of the world to serve
patients whose inaccessible locations preclude inclusion for medical diagnosis and treatment
in traditional ways. This branch of audiology has proven to be especially valuable for those
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living in remote and developing areas of the world. Further discussion of tele-audiology can
be found in Chapter 15. The World Health Organization (WHO) reports that hearing loss is
now the number one disability, so it was inevitable that tele-audiology would become more
important. As a matter of fact, the vast majority of individuals, perhaps as many as 90 percent
of those in need (Nemes, 2010), live away from centers that deliver traditional audiological
diagnosis and treatment and can benefit from this novel approach.

Using tele-audiology, an entire battery of hearing-care services can be delivered to per-
sons in need who do not have the means or opportunity to travel sometimes great distances
to receive services traditionally located in urban areas. These regions literally encompass the
entire world, but they can also include low-income areas in the United States. This is what has
led to the development and implementation of the tele-audiology network.

Special models need to be developed with application to different geographic, cultural,
and financial situations. There is little doubt that the desire of the profession of audiology to
reach all those in need of hearing healthcare will lead to many changes and improvements in
this unique specialty.

Recreational and Animal Audiology

While some audiologists will find themselves working largely or wholly within other specialty
areas of audiology, most who work within either recreational or animal audiology do so as a
smaller part of their employment responsibilities. Chapter 11 details the deleterious effects of
intense sounds on human hearing. One must only wonder at the human proclivity to place
one’s sense of hearing willingly in harm’s way. Yet it is true that many activities, ranging from
the enjoyment of music and the use of firearms to the growing recreational use of motor-
boats, snowmobiles, motorbikes, and racecars, can have a negative impact on human hearing.
Recreational audiologists continue to find opportunities to provide hearing-conservation ser-
vices to those who enjoy excessively loud forms of recreation.

An even more recent, and smaller, specialty area in audiology lies in the audiologi-
cal assistance given to nonhuman animals, particularly the canine, “man’s best friend” (see
Figure 1.2). There are more than 80 breeds of dogs with documented congenital hearing
loss, and many dogs experience the same age-related declines in hearing seen in humans.
Counseling about dog safety and communication issues is an important service provided by

FIGURE 1.2 The identification,
diagnosis, and management of canine
hearing loss should be carried out
through a systematic protocol by
qualified practitioners. Objective
hearing assessments designed for
humans as described in Chapter 7 can
be completed successfully on dogs with
mild sedation. (Source: The Facility for the
Education and Testing of Canine Hearing
and the Laboratory for Animal Bioacoustics
[FETCH~LAB], University of Cincinnati.)
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animal audiologists (Scheifele, Clark, & Scheifle, 2012). Hearing conservation for service ani-
mals, especially military working dogs, is also a concern of animal audiologists and these dogs’
handlers, especially considering the substantial time and money that is invested in the training
of these animals. Ongoing research continues on effective hearing-loss prevention and man-
agement for canines.

Employment Settings

While some audiologists list their primary employment function as a researcher, administra-
tor, or university teacher, more than 82 percent consider themselves to be direct clinical service
providers (American Academy of Audiology, 2010). As noted in Figure 1.3, more audiologists
deliver services within a medical environment than within any other single employment set-
ting. Private practice constitutes the second largest employment affiliation for audiologists.

The trend of most students in master’s degree programs to state a preference for employ-
ment within a medical setting may be giving way to Au.D. students’ aspirations of future
employment within private practice (Freeman & Doyle, 2001). By far the most rapidly growing
employment setting for audiologists is that of private practice. Today, private-practice audiol-
ogy concentrates on the dispensing/rehabilitative efforts of the audiologist; however, a number
of practices offer a wide array of diagnostic services as well.

FIGURE 1.3 An American Academy of Audiology membership survey reports that the majority of
audiologists are employed within a medical setting (hospital, clinic, or physician’s office). More than 82 percent
of surveyed audiologists report that they are direct providers of clinical services. Unlike just a few years ago,
the single primary employment setting for audiologists is private practice.

Private Practice Employee/Owner
ENT/Physician’s Office
Hospital

Clinic

University

Manufacturer
Primary/Secondary School
Military

Other

Corporate Group Practice
Retired

Government

f
0 500 1,000 1,500 2,000 2,500 3,000

Note: Responses = 9,203.
(Source: American Academy of Audiology, Membership Demographics, 2010.)
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) Professional Societies

A number of professional societies for the advancement of the interests of audiologists and those
they serve has evolved as the profession itself has grown. The American Speech Correction
Association (originally founded in 1927 as the American Society for the Study of Disorders
of Speech) adopted the new profession of audiology in 1947 when its name was changed to
the American Speech and Hearing Association (ASHA). Renamed the American Speech-
Language-Hearing Association in 1978 (while retaining its recognized acronym), ASHA was
instrumental in setting standards for the practice of audiology and for the accreditation of
academic programs for audiologists and speech-language pathologists. ASHA provides con-
tinuing education and professional and scientific journals for these two professions, which
share a common heritage.

Because of the need for a strong national association that could represent the unique needs
and interests of the audiology profession, the American Academy of Audiology (AAA) was
founded in 1988. Rapidly embraced by the profession, AAA became the home of more than 6,000
audiologists before it was 10 years old and well over 10,000 by the time the academy was 20 years
old. The academy is committed to the advancement of audiological services through increased
public awareness of hearing and balance disorders among the U.S. population as well as national
governmental agencies and congressional representatives. The academy’s journals and continu-
ing education programs are instrumental for audiologists’ maintaining a high level of expertise in
their chosen profession. AAA, along with ASHA, continues to set and revise practice standards,

protocols, and guidelines for the practice of audiology to ensure quality patient care.
(J In addition to belonging to one or both of the national associations for audiology as well as
= their state academy of audiology, many practitioners belong to organizations that promote their
CHECK YOUR chosen area of expertise. Audiologists may affiliate with other audiologists with similar inter-

UNDERSTANDING  ests through the Academy of Rehabilitative Audiology, the Academy of Doctors of Audiology,
or the Educational Audiology Association. The American Auditory Society presents a unique
opportunity for audiologists to interact with a variety of medical and nonmedical professionals
whose endeavors are largely directed toward work with those who have hearing impairment.
Some audiologists find professional growth through affiliation with one or more of the primarily
consumer-oriented associations such as the Hearing Loss Association of America and the
ACTIVITIES Alexander Graham Bell Association for the Deaf and Hard of Hearing.

P

ww Summary

Relative to other professions in the health arena, audiology is a newcomer, emerging from the
combined efforts of otology and speech pathology during World War II. Following the war,
this new area of study and practice grew rapidly within the civilian sector because of the high
prevalence of hearing loss in the general population and the devastating effects on individuals
and families when hearing loss remains untreated. To support the needs of those served most
tully, especially within the pediatric population, audiologists often maintain a close working
relationship with speech-language pathologists and educators of those with hearing impair-
ment. A mutual respect for what each profession brings to the (re)habilitation of those with
hearing impairments leads to the highest level of remediation for those served.

Today the profession of audiology supports a variety of specialty areas. Given projected
population demographics, students choosing to enter this profession will find themselves well
placed for professional growth and security.
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The following websites will help you connect to profes-
sional and consumer organizations related to audiological
concerns, professional issues, legislative initiatives, service
providers, and consumer education.

Academy of Doctors of Audiology, www.audiologist.org
Academy of Rehabilitative Audiology, www.audrehab.org

Alexander Graham Bell Association for the Deaf and
Hard of Hearing, www.agbell.org

American Academy of Audiology, www.audiology.org
American Auditory Society, www.amauditorysoc.org

American Board of Audiology,
www.americanboardofaudiology.org

American Speech-Language-Hearing Association,
www.asha.org

American Tinnitus Association, www.ata.org
Better Hearing Institute, www.betterhearing.org
Educational Audiology Association, www.edaud.org

Facility for the Education and Testing of Canine
Hearing/Laboratory for Animal Bioacoustics,
www.fetchlab.org

Hearing Health Fundation,
www.hearinghealthfoundation.org

Hearing Loss Association of America, www.hlaa.org

Military Audiology Association, www.militaryaudiology.org

Frequently Asked Questions

Q How do you know when to go to a physician and when to
go to an audiologist?

Generally audiologists see patients whose primary concern
is hearing loss, and physicians see those with a history of
pain or disease.

>

Is it possible to lose one’s hearing completely?
Yes, this is possible, but total loss of hearing is extremely rare.

What is an otologist? Does it relate to an otolaryngologist
(ENT)?

Otologists are otolaryngologists who limit their practices to
diseases of the ear. Other ENT specialists may concentrate only
on diseases of the nose (rhinologists) or throat (laryngologists).

- o >R

Does the field of audiology exist in other countries?

Yes, but the requirements for practice vary. In Australia,
New Zealand, and Canada, requirements for certifica-
tion are similar to the United States. Most other countries
require audiologists to be physicians, usually otolaryngolo-
gists, who supervise the more technical aspects of the field
(like testing), which is carried out by technicians.

> o

Q What is the difference between a license in audiology and
certification in audiology?

A A license, or registration with the state, is required by all
50 states and the District of Columbia to practice audiol-
ogy, while certification is not. Certification in audiology is
available through both the American Board of Audiology
and the American Speech-Language-Hearing Association.
Certification is not legally required to practice audiology.

Q What is the difference between the two certifying agencies
for audiology?

A Certification through the American Board of Audiology
(ABA) is a voluntary certification designed to demonstrate a
practitioner’s dedication to a high level of continuing educa-
tion. ABA certification is independent of membership in any
of the national audiology associations. Those holding certi-
fication through the American Speech-Language-Hearing
Association (ASHA) must maintain membership in ASHA.

Q Do many audiologists conduct research outside a univer-
sity setting?

A The majority of research publications are associated with uni-
versities, but many come from other places, such as private
practice, community speech and hearing centers, and Veterans
Administration hospitals. The exact numbers are not known.

Suggested Reading

American Academy of Audiology. (2004). Audiology: Scope of

practice. Audiology Today, 16(30), 44-45.

Endnote

American Speech-Language-Hearing Association.

(2004).
Scope of practice in audiology. Asha, 24 (Suppl.), 35-37.

1. Dr. Raymond Carhart (1912-1975), largely regarded as the father of audiology.
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CHAPTER

The Human Ear and
Simple Tests of Hearing

LEARNING OBJECTIVES

The purpose of this chapter is to present a simplified explanation of the mecha-
nism of human hearing and to describe tuning-fork tests that provide informa-
tion about hearing disorders. Because of the structure of this chapter, some of the
statements have been simplified. These basic concepts are expanded in later chap-
ters in this book. At the completion of this chapter, the reader should be able to

B Define basic vocabulary relative to the ear.
B Understand the core background for study of more sophisticated hearing tests.

B Describe the general anatomy of the hearing mechanism and its pathways of
sound.

m List and describe the three types of hearing loss presented.

B Outline the expected tuning-fork test results for different types of hearing loss.

concerned with how it functions. To facilitate understanding, the anatomist neatly

divides the mechanisms of hearing into separate compartments, at the same time real-
izing that these units actually function as one. Sound impulses pass through the auditory tract,
where they are converted from acoustical to mechanical to hydraulic to chemical and electrical
energy, until finally they are received by the brain, which makes the signal discernible.

We test human hearing by two sound pathways: air conduction (AC) and bone conduc-
tion (BC). Tests of hearing utilizing tuning forks are by no means modern, but they illustrate
hearing via these two pathways. Tuning-fork tests may compare the hearing of the patient to
that of a presumably normal-hearing examiner, the relative sensitivity by air conduction and
bone conduction, the effects on bone conduction of closing the opening into the ear, and the
lateralization of sound to one ear or the other by bone conduction.

{! NATOMY IS CONCERNED with how the body is structured, and physiology is
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Anatomy and Physiology of the Ear %

|

A simplified look at a coronal section through the ear (see Figure 2.1) illustrates the division of
the hearing mechanism into three parts. The outer ear comprises a shell-like protrusion from
each side of the head, a canal through which sounds travel, and the eardrum membrane (more
correctly called the tympanic membrane) at the end of the canal. The middle ear consists of an
air-filled space with a chain of tiny bones, the third of which, the stapes, is the smallest in the
human body. The portion of the inner ear that is responsible for hearing is called the cochlea;
it is filled with fluids and many microscopic components, all of which serve to convert waves
into a message that travels to the stem (base) of the brain via the auditory nerve. The brain
stem is not coupled to the highest auditory center in the cortex by a simple neural connection.
Rather, there is a series of waystations that receive, analyze, and transmit impulses along the
auditory pathway. Stimuli reaching the inner ear directly by bone conduction bypass the con-
ductive mechanisms of the outer ear and the middle ear.

Pathways of Sound

Those persons whose primary interest is in the measurement of hearing sometimes divide the
hearing mechanism differently than do anatomists. Audiologists and physicians separate the
ear into the conductive portion—consisting of the outer and middle ears—and the sensory/
neural portion—consisting of the inner ear and the auditory nerve. This type of breakdown is
illustrated in the block diagram in Figure 2.2.

Any sound that courses through the outer ear, middle ear, inner ear, and beyond is heard
by air conduction. It is possible to bypass the outer and middle ears by vibrating the skull
mechanically and stimulating the inner ear directly. In this way, the sound is heard by bone

FIGURE 2.1 Cross-section of the ear showing the air-conduction pathway and the bone-conduction pathway.

CONDUCTIVE MECHANISM SENSORY/NEURAL MECHANISM

Outer Middle Inner Auditory
Ear : Ear Nerve

Air Conduction —

Bone Conduction
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FIGURE 2.2 Block diagram of the ear. A conductive hearing loss is illustrated by damage to the middle ear.
Damage to the outer ear would produce the same effect. Similarly, a sensory/neural hearing loss could be
demonstrated by damage to the hearing nerve as well as to the inner ear.

CONDUCTIVE MECHANISM I SENSORY/NEURAL MECHANISM
Outer Ear Middle Ear | Inner Ear Nerve To
A. Normal Hearing Brain

Air Conduction (AC)

B. Conductive Hearing
Loss

Impaired (AC)

C. Sensory/neural
Hearing Loss

Impaired (AC)

D. Mixed Hearing
Loss

Impaired (AC)

Hearing Loss

conduction. Therefore, hearing by air conduction depends on the functioning of the outer,
middle, and inner ear and of the neural pathways beyond; hearing by bone conduction depends
on the functioning of the inner ear and beyond.

Types of Hearing Loss

Conductive Hearing Loss

A decrease in the strength of a sound is called attenuation. Sound attenuation is precisely the
result of a conductive hearing loss. Whenever a barrier to sound is present in the outer ear or
middle ear, some loss of hearing results. Individuals find that their sensitivity to sounds that
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CHAPTER 2 The Human Ear and Simple Tests of Hearing 19

are introduced by air conduction is impaired by such a blockage. If the sound is introduced by
bone conduction, it bypasses the obstacle and goes directly to the sensory/neural mechanism.
Because the inner ear and the other sensory/neural structures are unimpaired, the hearing
by bone conduction is normal. This impaired air conduction with normal bone conduction
is called a conductive hearing loss and is diagrammed in Figure 2.2B. In this illustration, the
hearing loss is caused by damage to the middle ear. Outer ear abnormalities produce the same
relationship between air and bone conduction.

Sensory/Neural Hearing Loss

If the disturbance producing the hearing loss is situated in some portion of the sensory/neural
mechanism, such as the inner ear or the auditory nerve, a hearing loss by air conduction
results. Because the attenuation of the sound occurs along the bone-conduction pathway, the
hearing loss by bone conduction is as great as the hearing loss by air conduction. When a hear-
ing loss exists in which there is the same amount of attenuation for both air conduction and
bone conduction, the conductive mechanism is eliminated as a possible cause of the difficulty.
A diagnosis of sensory/neural hearing loss can then be made. In Figure 2.2C, the inner ear
was selected to illustrate a sensory/neural disorder, although the same principle would hold if
the auditory nerve were damaged.

Hearing loss resulting from damage to the inner ear or to the auditory nerve was once
called either a “perceptive loss” or a “nerve loss.” Both these terms are inaccurate (although
the latter is, regrettably, still used today by some individuals). The term perceptive loss is
misleading as perception is achieved by centers in the brain and thereby removed from either
the inner ear or the auditory nerve. The term nerve loss is equally misleading given that the
auditory nerve is far less common than the inner ear as the site of these hearing losses.

Several decades ago the term sensori-neural was introduced to suggest that the problem
involved the inner ear and/or the auditory nerve. This was a considerable advance toward
accuracy in scientific terminology, although technically a hyphenated word must contain
two accepted words and sensori does not appear in the dictionary. The term sensori-neural
also suffers from the fact that a hyphen implies a connection between two words, but not one
and/or the other. Over time the hyphen was dropped and the compound word sensorineural
was coined, a term that fails to acknowledge that such losses are rarely both sensory and neural.
The term adopted for this book uses the slash with a slight spelling change, namely, sensory/
neural, because this more strongly indicates that the damage may be to the inner ear, to the
auditory nerve, or possibly both. Diagnostic audiology is well on its way toward differentiat-
ing sensory from neural hearing losses, and when that eventuality is fully realized, the use of
hyphens, slashes, or compound words will no longer be necessary.

Mixed Hearing Loss

Problems can occur simultaneously in both the conductive and sensory/neural mechanisms,
as illustrated in Figure 2.2D. This results in a loss of hearing sensitivity by bone conduction
because of the sensory/neural abnormality, but an even greater loss of sensitivity by air conduc-
tion. This is true because the loss of hearing by air conduction must include the loss (by bone
conduction) in the sensory/neural portion plus the attenuation in the conductive portion. In
other words, sound traveling on the bone-conduction pathway is attenuated only by the defect
in the inner ear, but sound traveling on the air-conduction pathway is attenuated by both
middle-ear and inner-ear problems. This type of impairment is called a mixed hearing loss.
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Nonorganic Hearing Loss

Individuals are sometimes seen whose test results show some degree of hearingloss, usually sensory/
neural, but who either have normal hearing or insufficient auditory pathology to explain the extent
of the loss. The mechanisms for this phenomenon are explained more fully in Chapter 13, but the
underlying psychodynamics may be quite complex. In the past, a simple, popular dichotomy said
that patients with nonorganic hearing loss were either consciously faking the problem for some
financial or other gain, or there was some psychological disorder that manifested in the symptom
of a hearing loss. The former condition is called malingering and the latter one psychogenic hear-
ing loss. Some explanation of this oversimplification will be found later in this text.

# A Y .

,f > Hearing Tests
Some of the earliest tests of hearing probably consisted merely of producing sounds of some
kind, such as clapping the hands or making vocal sounds, to see if an individual could hear
them. Asking people if they could hear the ticking of a watch or the clicking of two coins
together may have suggested that the examiner was attempting to sample the upper pitch range.
Obviously, these tests provided little information of either a quantitative or a qualitative nature.

7% .

) Tuning Fork Tests

The tuning fork (see Figure 2.3) is a device, usually made of steel, magnesium, or aluminum, that
is used to tune musical instruments or by singers to obtain certain pitches. A tuning fork emits
a tone at a particular pitch and has a clear musical quality. When the tuning fork is vibrating
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FIGURE 2.3 Several tuning forks. The larger forks vibrate at lower
frequencies (produce lower-pitched tones) than the smaller forks. FIGURE 2.4 Vibration pattern of
(Source: Fosterdesigns/iStock/360/Getty Images.) tuning forks.
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CHAPTER 2 The Human Ear and Simple Tests of Hearing 21

properly, the tines move alternately away from and toward one another (see Figure 2.4), and the
stem moves with a piston action. The air-conduction tone emitted is relatively pure, meaning
that it is free of overtones (more on this subject in Chapter 3).

The tuning-fork tests described in this chapter are named for the four German otologists
(ear specialists) who described them in the middle 19th to early 20th centuries. They are rarely
used by audiologists, who prefer more sophisticated electronic devices. However, tuning-fork
tests serve to illustrate the principles involved in certain modern tests.

The tuning fork is set into vibration by holding the stem in the hand and striking one of
the tines against a firm but resilient surface. The rubber heel of a shoe does nicely for this pur-
pose, although many physicians prefer the knuckle, knee, or elbow. If the fork is struck against
too solid an object, dropped, or otherwise abused, its vibrations may be considerably altered.
To see how a tuning fork is activated, see the video titled Tuning Fork Tests.

The tuning fork was adopted as an instrument for testing hearing over a century ago. It
held promise then because it could be quantified, at least in terms of the pitch emitted. Several
forks are available that usually correspond to notes on the musical scale of C. By using tuning
forks with various known properties, hearing sensitivity through several pitch ranges may be
sampled. However, any diagnostic statement made on the basis of a tuning-fork test is abso-
lutely limited to the pitch of the fork used because hearing sensitivity is often different for dif-
ferent pitches.

The Schwabach Test

The Schwabach test,' introduced in 1890, is a bone-conduction test. It compares the hearing
sensitivity of a patient with that of an examiner. The tuning fork is set into vibration, and the
stem is placed alternately against the mastoid process (the bony protrusion behind the ear) of the
patient and of the examiner (see Figure 2.5A). Each time the fork is pressed against the patient’s
head, the patient indicates whether the tone is heard. The vibratory energy of the tines of the
fork decreases over time, making the tone softer. When the patient no longer hears the tone, the
examiner immediately places the stem of the tuning fork behind his or her own ear and, using
a watch, notes the number of seconds that the tone is audible after the patient stops hearing it.

This test assumes that examiners have normal hearing, and it is less than worthless unless
this is true. If both examiners and patients have normal hearing, both stop hearing the tone
emitted by the fork at approximately the same time. This is called a normal Schwabach. If
patients have sensory/neural hearing loss, hearing by bone conduction is impaired, and they
stop hearing the sound much sooner than the examiner. This is called a diminished Schwabach.
The test can be quantified to some degree by recording the number of seconds an examiner
continues to hear the tone after a patient has stopped hearing it. If an examiner hears the tone
for 10 seconds longer than a patient, the patient’s hearing is “diminished 10 seconds.” If patients
have a conductive hearing loss, bone conduction is normal, and they hear the tone for at least
as long as the examiner, sometimes longer. In some conductive hearing losses, the patient’s
hearing in the low-pitch range may appear to be better than normal. When this occurs, the
result is called a prolonged Schwabach.

Difficulties arise in the administration and interpretation of the Schwabach test.
Interpretation of test results in cases of mixed hearing losses is especially difficult. Because
both inner ears are very close together and are embedded in the bones of the skull, it is almost
impossible to stimulate one without simultaneously stimulating the other. Therefore, if there is
a difference in sensitivity between the two inner ears, a patient will probably respond to sound
heard through the better ear, which can cause a false normal Schwabach. Thus, the examiner
may have difficulty determining which ear is actually being tested. To see a demonstration of
the Schwabach test, see the video titled Tuning Fork Tests.
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FIGURE 2.5 Positions of tuning fork during tuning-fork tests.

The Rinne Test

The Rinne test’ compares patients’ hearing sensitivity by bone conduction to their sensi-
tivity by air conduction. This is done by asking them to state whether the tone is louder
when the tuning-fork stem is held against the bone behind the ear, as in the Schwabach test
(see Figure 2.5A), or when the tines of the fork that are generating an air-conducted sound
are held next to the opening of the ear (see Figure 2.5B). Because air conduction is a more
efficient means of sound transmission to the inner ear than bone conduction, people with
normal hearing hear a louder tone when the fork is next to the ear than when it is behind
the ear. This is called a positive Rinne. A positive Rinne also occurs in patients with sensory/
neural hearing loss. The attenuation produced by a problem in the sensory/neural mechanism
produces the same degree of loss by air conduction as by bone conduction (see Figure 2.2C).

If patients have more than a mild conductive hearing loss, their bone-conduction hearing
is normal (see Figure 2.2B), and they hear a louder tone with the stem of the fork behind the
ear (bone conduction) than with the tines at the ear (air conduction). This is called a negative
Rinne. Sometimes patients manifest what has been called the false negative Rinne, which occurs
when the inner ear not deliberately being tested responds to the tone. As mentioned in the
discussion of the Schwabach test, this may happen readily during bone-conduction tests. For
example, if the right ear is the one being tested, the loudness of the air-conducted tone in the
right ear may inadvertently be compared to the loudness of the bone-conducted tone in the left
ear. If the left-ear bone conduction is more sensitive than the right-ear bone conduction, a false
negative Rinne may result, giving rise to an improper diagnosis of conductive hearing loss. To
see a demonstration of the Rinne test, see the video titled Tuning Fork Tests.

The Bing Test

It has been known for some time that when persons with normal hearing close off the open-
ing into the ear canal, the loudness of a tone presented by bone conduction increases. This
phenomenon has been called the occlusion effect (OE), and it is observed primarily for
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low-pitched sounds. This effect is also evident in patients with sensory/neural hearing loss,
but it is absent in patients with conductive hearing loss. This is the premise of the Bing test.®

When performing the Bing test, the tuning fork handle is held to the mastoid process
behind the ear (see Figure 2.5A) while the examiner alternately closes and opens the ear canal
with a finger. For normal hearers and those with sensory/neural hearing loss, the result is a
pulsating sound, or a sound that seems to get louder and softer (called a positive Bing). For
patients with conductive hearing losses, no change in the loudness of the sound is noticed
(negative Bing). The examiner must not suggest to patients what their responses should be. As
in the Schwabach and Rinne tests, the danger of a response to the tone by the nontest ear is ever
present.

The Weber Test

Since its introduction, the Weber test* has been so popular that it has been modified by many
audiologists for use with modern electronic testing equipment. It is a test of lateralization;
that is, patients must state where they hear the tone (left ear, right ear, both ears, or midline).

When performing the Weber test, the tuning fork is set into vibration, and the stem is
placed on the midline of the patient’s skull. Figure 2.5C shows placement on the forehead,
which is probably the most popular location. Other sites are also used, such as the top or the
back of the head, the chin, or the upper teeth. In most cases the upper teeth produce the loudest
bone-conducted sound. Patients are simply asked in which ear they hear a louder sound. Often
the reply is that they hear it in only one ear.

People with normal hearing or with equal amounts of the same type of hearing loss in
both ears (conductive, sensory/neural, or mixed) report a midline sensation. They may say that
the tone is equally loud in both ears, that they cannot tell any difference, or that they hear the
tone as if it originated somewhere in the middle of the head. Patients with sensory/neural hear-
ing loss in one ear hear the tone in their better ear. Patients with conductive hearing loss in one
ear hear the tone in their poorer ear.

The midline sensation is easy to understand. If the ears are equally sensitive and equally
stimulated, equal loudness should logically result. One explanation of the Weber effect in
sensory/neural cases is based on the Stenger principle. The Stenger principle states that if two
tones that are identical in all ways except loudness are introduced simultaneously into both
ears, only the louder tone will be perceived. When the bone-conduction sensitivity is poorer
in one ear than in the other, the tone being introduced to both ears with equal energy will be
perceived as softer or will not be perceived at all in the poorer ear.

Results on the Weber test are most poorly understood in unilateral conductive hearing
losses. The explanation for the tone being louder in the ear with a conductive loss than in
the normal ear is probably based on the same phenomenon as prolonged bone conduction,
described briefly in the discussion of the Schwabach test.

The Weber test has been known to avert misdiagnosis of unilateral sensory/neural hear-
ing loss as conductive when false normal Schwabach or false negative Rinne results are seen,
but the tone is heard in the poorer-hearing ear rather than the expected better-hearing ear.
The Weber test is quick, easy, and often helpful, although like most auditory tests, it has some
drawbacks. Clinical experience has shown that many patients with a conductive hearing loss in
one ear report hearing the tone in their better ear because what they are actually experiencing
seems incorrect or even foolish to them. Again, care must be taken not to lead patients into giv-
ing the kind of response they think is “correct.” Interpretation of the Weber test is also difficult
in mixed hearing losses.
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( v L COMMENTARY

> - Electronic tests for testing hearing by bone conduction have largely supplanted tuning-fork
CHECK YOUR tests in audiological testing; however, tuning-fork tests continue to be used by many otolo-
UNDERSTANDING gists. The Bing and Weber tests can be performed easily with today’s electronic test equip-
ment and can prove useful in separating conductive from sensory/neural hearing loss if
other testing proves somewhat ambiguous.

ACTIVITIES

As you read the following case histories, try to see why they have been placed in their dif-
ferent diagnostic categories. For each of the cases, predict what the results would be on
the Rinne, Schwabach, and Weber tuning-fork tests when these are possible. Make your
predictions before you read the Test Results and Conclusions. In later chapters, you will
be asked to conjecture about a variety of other, more sophisticated test and management
procedures for these six cases as diagnostic and treatment information about these cases
unfolds in the ensuing chapters.

Case Study 1: Conductive Hearing Loss—Outer Ear Disorder

The parents of a 9-year-old boy bring him to the audiology clinic. The most noticeable
details about this child are that he has downward slanting eyes, a small lower jaw, under-
developed cheekbones, drooping lower eyelids, and absent external ears and ear canals.
He appears bright and friendly and communicates fairly well using a bone-conduction
hearing aid. The parents and the child have been seen by several ear, nose, and throat
specialists and told that nothing medically or surgically can be done to correct his prob-
lems. He has been referred to you by a speech-language pathologist to see whether the
child may be helped further.

Case Study 2: Conductive Hearing Loss—Middle Ear Disorder

This 23-year-old woman has a history of middle-ear infections and drainage in both ears
since early childhood. She says that while she is always aware of a hearing loss, it appears
to vary in degree. She says she can understand speech well if people are close to her or
speak loudly. The otologist who referred her for testing says that, while there is evidence
of past infection, her eardrum membranes are both intact.

Case Study 3: Sensory/Neural Hearing Loss—Inner Ear Disorder

This 79-year-old male denies any history of ear infection or exposure to loud noise. He
first noticed some difficulty in hearing in both ears about 10 years earlier and says that
it has progressed. He notes that he does much better in quiet surroundings than in noisy
places or when several people are speaking at the same time. His difficulty in correctly
identifying words is more bothersome than the loss of the loudness of speech and he
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does not like people shouting at him. His wife volunteers that in recent years the patient
has significantly reduced his interactions with others and avoids movies, the theater, and
religious services because he has so much trouble understanding words. The cause of the
hearing loss appears to be aging but that is a conclusion that should await further testing.

Case Study 4: Sensory/Neural Hearing Loss—Auditory Nerve Disorder

This 36-year-old woman presents with a main complaint that the hearing in her left ear
has diminished gradually over the previous several years. Because her hearing is normal
in the right ear, she communicates pretty well except when there is a lot of background
noise or when several people speak at once. She has recently seen a neurologist because
of dizziness and headaches, and he has ordered several tests, which have not yet been
performed. Because of the gradual and unilateral nature of the hearing loss, it is precau-
tionary to suspect a possible lesion on the left auditory nerve.

Case Study 5: Nonorganic Hearing Loss

This patient, a 45-year-old male who works in a factory, has recently brought a legal suit
against his employer because of a claimed hearing loss. He states that one day at work
there was a very loud explosion about 10 yards to his left, and since that time he can hear
nothing in his left ear and has a very loud ringing in that ear. He states that he has no
trouble hearing in his right ear. When you stand several feet away on his right side, he is
able to answer all your questions. He claims that he cannot hear people if they speak to
him on his left side. He speaks adamantly about his belief that his work setting is respon-
sible for his difficulty and also claims to have very loud ringing in his left ear.

Case Study 6: Pediatric Patient

Interview with the parents indicates that your patient is a 3-year-old-female who uses
no spoken language. The parents have sought a diagnosis of her delayed language from
a variety of specialists, including her pediatrician and a psychologist. Several tentative
diagnoses have been made, including mental handicap and autism. Her older brother
was speaking in complete sentences when he was much younger than this little girl. The
parents are desperate for a diagnosis so they can begin to try to help their child. Recently
the patient was seen by a speech-language pathologist who suggested the possibility of
hearing loss as an etiological factor and referred her to you. The child has no history
of ear infections and there is no known family history of childhood hearing loss. She is
reported to respond inconsistently to sound, although her mother has always believed
that some hearing loss exists. This child passed a neonatal hearing screening before she
was released from the hospital, but the possibility, however small, of a false negative test
result or a later onset hearing loss must be borne in mind given the history.

Tuning-Fork Test Results and Conclusions
Case Study 1: Conductive Hearing Loss—Outer Ear Disorder

Most audiologists do not do tuning-fork tests. However, given this child’s age of 9 years,
he would undoubtedly respond very well to tuning-fork tests if they were completed.
The results would be as follows: Schwabach—normal in both ears, Rinne—negative in
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both ears, Weber—not lateralized. These are all consistent with a conductive hearing
loss, but even with these results, it cannot be determined at this point whether the loss is
caused entirely by the absent ear canals or whether the middle ear is also involved.

Case Study 2: Conductive Hearing Loss—Middle Ear Disorder

The patient would show a negative Rinne in both ears and a normal Schwabach, and the
tone would not lateralize on the Weber test, but rather would be heard equally loud in
both ears or in the middle of her head. These results are consistent with a conductive
hearing loss and her history of ear infections, but more sophisticated testing must be
done to determine the extent of the loss and related factors.

Case Study 3: Sensory/Neural Hearing Loss—Inner Ear Disorder

This patient would show a positive Rinne and a prolonged (lengthened) Schwabach in
both ears. The Weber would be unlateralized. The case history, especially the difficulty
in speech understanding even when the signal is sufficiently loud, is consistent with a
sensory/neural hearing loss, which would be borne out by these tuning-fork test results.
Given the age of onset of the hearing loss, it can be supposed that his hearing loss was
produced by aging and suggests that the primary problem exists in the cochlea of the
inner ear. Further testing is obviously needed.

Case Study 4: Sensory/Neural Hearing Loss—Auditory Nerve Disorder

The Rinne would be positive and the Schwabach would be normal on the right side.
When using a high-frequency tuning fork on the left side, the patient would respond
that the tones are heard in her right ear. On the Weber test, the patient would reports
hearing the tone in both ears using a lower-pitched tuning fork and in the right ear
using a higher-pitched one. These results would bear out the patient’s report of a hear-
ing loss only in the left ear in the higher frequencies but possibly normal hearing in the
right.

Case Study 5: Nonorganic Hearing Loss

Results would show a positive Rinne for the right ear and the patient, as is reported in
such cases, would claim that the tone in the left ear cannot be heard by either air con-
duction or bone conduction. The Schwabach would be normal on the right side, and the
patient would claim that he does not hear any of the bone-conducted tones at all on the
left side. The Weber would be reported as lateralizing to the right ear.

Suspicion of a feigned or exaggerated (nonorganic) hearing loss is first raised by
the legal action, with promise of financial gain, and by the fact that a noise loud enough
to cause a hearing loss in his left ear would probably have caused some hearing loss in
his right ear as well. It is also true that he should have heard speech in his right ear that
was directed to his left side because the shadow of sound (the amount of energy lost as
a signal travels from one side of the head to the other) is only about 13 dB. If he truly
had a sensory/neural hearing loss in his left ear, he would have been able to hear the
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bone-conducted signals on the Rinne and the Schwabach in his right ear (with the tun-
ing fork placed on his left mastoid) because practically no sound intensity is lost as the
signal travels through the skull from one side of the head to the other.

Case Study 6: Pediatric Patient

Tuning-fork tests are inappropriate for children at this age. Your casual observation of
the child suggests that she does not appear to respond to environmental sounds. Your
first session consisted of observation and the introduction of earphones without an insis-
tence to place the inserts in the child’s ears. A technique presenting sounds through loud
speakers was briefly attempted but abandoned, as the child grew restless. The little girl
was allowed to play with some toys and was observed to relax. After taking a complete
history, the parents were encouraged to observe the child’s reactions to environmental
sounds, follow up with the speech-language pathologist, and return in several days for
further audiometric testing. The parents appeared relieved and made a new appoint-
ment. Before departure, several foam insert earphone plugs were given to the parents to
acclimate the child to plug insertion at home to help ensure greater success in the clinic

on the family’s return.

~ = Summary

The mechanisms of hearing may be roughly broken down into conductive and sensory/neural
portions. Tests by air conduction measure sensitivity through the entire hearing pathway.
Tests by bone conduction sample the sensitivity of the structures from the inner ear and
beyond, up to the brain. The Schwabach test compares the bone-conduction sensitivity of the
patient to that of a presumed normal-hearing person (the examiner). The Rinne tuning-fork
test compares patients’ own hearing by bone conduction to their hearing by air conduction in
order to sample for conductive versus sensory/neural loss. The Bing test samples for conduc-
tive hearing loss by testing the effect of occluding the ear. The Weber test checks for lateral-
ization of a bone-conducted tone presented to the midline of the skull to determine if a loss in
only one ear is conductive or sensory/neural.

REVIEW TABLE 2.1 Types of Hearing Loss

Anatomical Area Purpose Type of Loss
Outer ear Conduct sound energy Conductive
Middle ear Conduct sound energy Conductive
Increase sound intensity
Inner ear Convert mechanical to Sensory/neural
hydraulic to electrochemical
energy
Auditory nerve Transmit electrochemical Sensory/neural

(nerve) impulses to brain
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REVIEW TABLE 2.2 Tuning

Test Purpose

Schwabach ~ Compare
patient’s BC

to normal

Rinne Compare
patient’s AC

to BC

Determine
presence or
absence of
occlusion
effect

Bing

Weber Check
lateralization
of tone in
unilateral

losses

-Fork Tests

Fork Placement

Mastoid process

Alternate between
mastoid process and
opening to ear canal

Mastoid process

Midline of head

Normal
Hearing

Normal
Schwabach—
Patient hears
tone as long
as examiner

Positive
Rinne—
Louder at
the ear

Positive
Bing—Tone
is louder with
ear occluded

Tone equally
loud in both
ears

Conductive Loss

Normal or Prolonged
Schwabach—Patient
hears tone as long

as or longer than
examiner

Negative Rinne—
Louder behind the
ear

Negative Bing—
Loudness does not
change with ear
occluded

Tone louder in
poorer ear

Sensory/Neural
Loss

Diminished
Schwabach—
Patient hears tone
for shorter time
than examiner

Positive Rinne—
Louder at the ear

Positive Bing—
Tone is louder
with ear occluded

Tone louder in
better ear

REVIEW TABLE 2.3 Relationship Between Air Conduction and Bone Conduction for Different Hearing

Conditions

Finding

Normal air conduction
Normal bone conduction

Poorer hearing for air condu
bone conduction

Hearing for air conduction the same as

hearing for bone conduction

Condition

Normal hearing

Normal hearing or conductive hearing loss

ction than for

Conductive or mixed hearing loss

Normal hearing or sensory/neural hearing loss

Frequently Asked Questions

What portion of the inner ear is responsible for hearing?
The cochlea is the end organ for hearing and the utricle,
sacccule, and semicircular canals are the end organs for
balance.

What is attenuation? How does it relate to a conductive
hearing loss?

The dictionary defines attenuation as “weakening in force,
amount, or value; reduction.” The attenuation of a sound is
the reduction of intensity. It is commonly believed that this
is the only symptom experienced by people with conductive
hearing losses; that is, sounds are merely weaker for them
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than they are for those with normal hearing. Patients with
sensory/neural hearing losses report that, even when sounds
are made louder, they are not always entirely clear, suggest-
ing that some distortion exists.

Q Why would a mixed hearing loss not simply be the sum
of the hearing loss produced by the abnormalities of the
conductive and sensory/neural mechanisms?

A It is generally accepted that the air-conduction threshold
represents the entire hearing loss, the bone-conduction
threshold the sensory/neural component, and the air-bone
gap represents the conductive component of a hearing loss.
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As the sensory/neural component of a mixed loss increases
over time, the air-bone gap is sometimes seen to decrease.
This is probably due to the fact that the decibel is a logarith-
mic, rather than a linear, unit of measurement.

Is a hearing loss from the auditory nerve (VIIIth nerve)
considered a sensory/neural hearing loss?

Yes. Losses produced by lesions in either the cochlea or on the
VIIIth nerve are traditionally grouped together as sensory/
neural. Newer audiological tests are capable of separating
these loses as either sensory (cochlear) or neural (auditory
nerve and beyond).

Why do we study tuning forks when audiometric equip-
ment is so much more advanced?

We study tuning forks for several reasons. They illustrate
some principles about the relationships between air conduc-
tion and bone conduction, which makes the understanding
of pure-tone audiometry easier. They have an important
place in the history of the development of hearing tests. And
many physicians conduct tuning-fork tests and audiologists
must be prepared to interpret those resulls.

Why does a unilateral sensory/neural hearing loss produce
a false negative on the Rinne test?

Unless the better ear is masked, it will hear the tone when
the stem of the tuning fork is placed on the mastoid at the

Endnotes
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poorer ear. The result is that sound is louder than the air-
conducted sound when the tines of the fork are held next
to the poorer ear. When asked if the tone is louder in the
front of the ear or behind, patients indicate that it is louder
behind the ear, which can falsely be interpreted as a nega-
tive Rinne and a misdiagnosis of conductive hearing loss.

Why do audiologists prefer not to use tuning forks if their
audiometric findings are sometimes found to be incorrect
by physicians who use them?

There is no reason for an audiometric test to produce inac-
curate results that may be discovered by a physician doing
a tuning-fork test. Rather than performing tuning-fork tests
themselves, audiologists should concentrate on using care-
ful, scientific audiometric practices as a cross-check.

During the Rinne test, what is the stem of the tuning fork
held against?

Traditionally it is held against the mastoid, which is appro-
priate because a bone-conducted tone is loudest from that
position.

Does the Schwabach test compare the patient’s BC or AC
to the examiner’s BC or AC, respectively?
The Schwabach is a bone-conduction test.

[

Named for Dr. Dabobert Schwabach (1846-1920).
2. Named for Dr. Heinrich Rinne (1819-1868).

3. Named for Dr. Albert Bing (1844-1922).
4. Named for Dr. Friedrich Weber (1832-1891).
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CHAPTER

Sound and Its
Measurement

LEARNING OBJECTIVES

Understanding this chapter requires no special knowledge of mathematics or
physics, although a background in either or both of these disciplines is surely
helpful. At the completion of this chapter, the reader should be able to

B Describe sound waves and their common attributes, and express the way these
characteristics are measured.

® Discuss the basic interrelationships among the measurements of sound and be
able to do some simple calculations (although at this point it is more impor-
tant to grasp the physical concepts of sound than to gain skill in working
equations).

B Understand the different references for the decibel and when they are used.

B State the difference between physical acoustics and psychoacoustics.

B Discuss the reasons for audiometer calibration and what this may entail in
general terms.

ing of the physics of sound and some of the properties of its measurement and perception.

Sound is generated by vibrations and is carried through the air around us in the form of

pressure waves. It is only when a sound pressure wave reaches the ear that hearing may take
place.

Many factors may affect sound waves during their creation and propagation through the

air, and most are specified physically in terms of the frequency and intensity of vibrations.

IT IS IMPOSSIBLE to study abnormalities of human hearing without a basic understand-
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Human reactions to sound are psychological and reflect subjective experiences such as pitch,
loudness, sound quality, and the ability to tell the direction of a sound source.

Sound &

Sound may be defined in terms of either psychological or physical phenomena. In the psycho-
logical sense, a sound is an auditory experience—the act of hearing something. In the physi-
cal sense, sound is a series of disturbances of molecules within, and propagated through, an
elastic medium such as air.

Sound may travel through any elastic medium, although our immediate concern is the
propagation of sound through air. Every cubic inch of the air that surrounds us is filled with
billions and billions of tiny molecules. These particles move about randomly, constantly bounc-
ing off one another. The elasticity, or springiness, of any medium is increased as the distance
between the molecules is decreased. If a springy object is distorted, it returns to its original
shape. The rate at which this occurs is determined by the elasticity of the object. Molecules are
packed more closely together in a solid than in a liquid and more closely in a liquid than in a
gas. Therefore, a solid is more elastic than a liquid, and a liquid is more elastic than a gas.

When water is heated in a kettle, the molecules begin to bounce around, which in turn
causes them to move farther apart from one another. The energy increases until steam is cre-
ated, resulting in the familiar teakettle whistle as the molecules are forced through a small
opening. As long as there is any heat in the air, there is particle vibration. The rapid and ran-
dom movement of air particles is called Brownian motion' and is affected by the heat in the
environment. As the heat is increased, the particle velocity is increased.

Waves &

Whenever air molecules are disturbed by a body that is set into vibration, they move from
the point of disturbance, striking and bouncing off adjacent molecules. Because of their elas-
ticity, the original molecules bounce back after having forced their neighbors from their pre-
vious positions. When the molecules are pushed close together, they are said to be condensed
or compressed. When a space exists between areas of compression, this area is said to be
rarefied.

The succession of molecules being shoved together and then pulled apart sets up a motion
called waves. Waves through the air, therefore, are made up of successive compressions and
rarefactions. Figure 3.1A illustrates such wave motion and shows the different degrees of
particle density. Figure 3.1B illustrates the same wave motion as a function of time.

Transverse Waves

The molecular motion in transverse waves is perpendicular to the direction of wave motion.
The example of water is often useful in understanding transverse wave motion. If a pebble is
dropped into a water tank, a hole is made in the area of water through which the pebble falls
(see Figure 3.2A). Water from the surrounding area flows into the hole to fill it, leaving a cir-
cular trough around the original hole (see Figure 3.2B). Water from the area surrounding the
trough then flows in to fill the first trough (see Figure 3.2C). As the circles widen, each trough
becomes shallower, until the troughs are barely perceptible. As the water flows in to fill the
hole, the waves move out in larger and larger circles. In water, then, a float would illustrate a
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FIGURE 3.1 Simple wave motion in air showing (A) particle
displacement (movement of pressure waves through space) and
(B) sinusoidal waveform (the pressure wave displayed as a function
of time). Note the compressions (C) and rarefactions (R).

fixed point on the surface, which could be seen to bob only up and down. In fact, the move-
ment of the float would describe a circle or ellipse on a vertical axis, while the waves moving
outwardly would describe movement on the horizontal axis. This horizontal movement cre-
ates what are called transverse waves.

Longitudinal Waves

Another kind of wave, which is more important to the understanding of sound, is the lon-
gitudinal wave. This wave is illustrated by the motion of wheat blowing in a field, with the
tips of the stalks representing the air particles. The air molecules, like the grains of wheat,
move along the same axis as the wave itself when a force, such as that provided by the wind,
is applied.

Sine Waves

Sound waves pass through the air without being seen. Indeed, they are real, even if there is
no one there to hear them. It is useful to depict sound waves in a graphic way to help explain
them. Figure 3.3 assists with a pictorial representation if the reader concedes a bird’s-eye

FIGURE 3.2 Wave motion in water as an

example of transverse waves. A hole in the .

water is produced by a pebble (A); the first Top View ®
trough is produced when water flows in to fill
the hole (B); the second trough is produced A B Cc
when water flows in to fill the first trough (C).
A cork on the surface bobs up and downin a | )

circular fashion. N/
Side View

Float
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FIGURE 3.3 Sinusoidal motion.

Bird’s-eye view of a stream of

paint from a bucket tracing a

line forward (compression) and

backward (rarefaction) on a sheet

Compression of paper (A). When the paper is

A moved to the left to represent the

B passage of time (B), the paint traces
\—‘__/? a sinusoidal wave.

Bucket

Paint

Rarefaction

I . Paper moves (time)

view of a bucket of paint suspended by a string above a sheet of paper. If the bucket is pushed
forward and backward, a small hole in its bottom allows a thin stream of paint to trace a
line on the paper. We assume that forward motions of the bucket stand for compressions of
molecules and backward motions for rarefactions. If the bucket continues to swing at the
same rate, and if the paper is moved in a leftward direction to represent the passage of time,
a smooth wave is painted on the paper; this represents each cycle, consisting of its compres-
sion and rarefaction, as a function of time. If the movement of the paper takes one second,
during which two complete cycles take place, the frequency is two cycles per second (cps),
and so forth.

A body moving back and forth is said to oscillate. One cycle of vibration, or oscillation,
begins at any point on the wave and ends at the identical point on the next wave. This defini-
tion of an oscillation allows for a number of mathematical analyses that are important in the
study of acoustics. Such waves are called sine waves or sinusoidal waves. When a body oscil-
lates sinusoidally, showing only one frequency of vibration with no tones superimposed, it is
said to be a pure tone. The number of complete sine waves that occur in one second constitutes
the frequency of that wave. The compression of a sine wave is usually shown by the extension
of the curve upward, and rarefaction is usually shown by the extension of the curve down-
ward. One cycle may be broken down into 360 degrees (see Figure 3.4). Looking at a sine wave
in terms of degrees is useful, which we will see later in this chapter. When a wave begins at
90 degrees rather than at 0 degrees, it is called a cosine wave.

90° FIGURE 3.4 Denotation of a sine wave into 360 degrees.

180° /360°

Amplitude
<

270°
Time/Degrees
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T, # . .

) Vibrations
Given the proper amount of energy, a mass can be set into vibration. The properties of its
vibration may be influenced by a number of factors.

Effects of Energy on Vibration

Figure 3.5 illustrates the effects of energy on a sine wave. When the oscillating body has swung
from point A to point B, it must come to a stop before the onset of the return swing because the
paint bucket in Figure 3.3 must cease its forward swing before it can swing back. At this point,
there is no kinetic energy (moving energy), but rather all the energy is potential energy. As
the vibrating body picks up speed going from B to D, it passes through point C, where there is
maximum kinetic energy and no potential energy. As point D is approached, kinetic energy
decreases and potential energy increases, as at point B.

Free Vibrations

An object that is allowed to vibrate—for example, a weight suspended at the end of a string (see
Figure 3.6A)— encounters a certain amount of opposition to its movement by the molecules in
the air. This small amount of friction converts some of the energy involved in the initial move-
ment of the object into heat. Friction has the effect of slowing down the distance of the swing
until eventually all swinging stops. If no outside force is added to perpetuate the swinging,
the movement is called a free vibration. When the vibrations of a mass decay gradually over
time, the system is said to be lightly damped. Heavy damping causes the oscillations to cease
rapidly. When the oscillations cease before a single cycle is completed, the system is said to be
critically damped.

Forced Vibrations

If an outside force is added to a swinging motion that controls the vibration (see Figure 3.6B),
swinging continues unaltered until the outside force is removed. Such movement is called a
forced vibration. When the external force is removed, the object simply reverts to a condition
of free vibration, decreasing the distance of its swing until it becomes motionless. In both free
and forced vibrations, the number of times the weight moves back and forth (the frequency) is
unaltered by the distance of the swing (the amplitude). As the amplitude of particle movement
decreases, the velocity of movement also decreases.

FIGURE 3.5 The effects of energy on a vibrating object. B
The object is at rest at point A. At point B, maximum
excursion from the resting position has occurred, and all
motion stops prior to the return swing. At point B, all energy
is potential with zero kinetic energy. At point C, maximum
velocity is reached, so all energy is kinetic and none is
potential. Swinging slows down as point D is approached
(the same as at point B), and when point D is reached, all
energy is potential again.
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Wheel (not turning) Wheel (turning) FIGURE.3.6 Free and forced vib.rati_ons.
’ If the weight at the end of the stringin A
Rod A a=) R A is pushed, the swinging back and forth
[ ‘ ﬁ\________. [r \ a decreases until it stops. If the rod is caused
I

\ I to move back and forth because of the
\ | motion of the wheel (B), the distance of
v the swing of the weight remains uniform
String . until the wheel ceases to turn. A illustrates
| free vibration; B, forced vibration.

Weight )

i
~ —_

~—— _ —> -7
-~ ——
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Frequency A&
You may ask how often, or how frequently, an event occurs during some period of time.

Occurrences may be rated by using units such as the day or minute; in acoustics, however, when

referring to events per unit of time, the duration usually used is the second. Consider the familiar

metronome, whose pendulum swings back and forth. Any time the pendulum has moved from

any still position to the far right, then past the original position to the far left, and then back to

the point of origin, one cycle has occurred. Other motions, such as from far left to far right and

back again, would also constitute one cycle. If the time required to complete a cycle is one second,

it could be said that the frequency is 1 cycle per second (cps). For some time the term hertz (Hz), >

instead of cps, has been adopted as the unit of frequency. The metronome may be adjusted so that

the swings of the pendulum occur twice as often. In this way each journey of the pendulum must

be made in half the time. This would mean that the time required for each cycle (the period) is

cut to one-half second. Consequently, the frequency is doubled to 2 Hz. This reciprocal relation-

ship between frequency and period always exists and may be expressed as:

Period = 1/frequency

Effects of Length on Frequency

With a little imagination, the swinging of an object suspended at the end of a string can be
seen to move slowly back and forth (see Figure 3.7A). If the length of the string were suddenly
shortened by holding it closer to the weight (see Figure 3.7B), the number of swings per second
would increase, causing the weight to swing back and forth more frequently. Thus, as length
decreases, frequency increases. Conversely, as length increases, the number of hertz decreases.
The musical harp exemplifies the effects of length on frequency: As the strings get shorter,
they are easily seen (and heard) to vibrate at a higher frequency. For a demonstration of fre-
quency, see the video entitled Sound Waveforms.

Effects of Mass on Frequency

A greater mass of an oscillating system results in a decrease in velocity to keep the kinetic energy
constant. Simply stated, as the mass is increased, the frequency of vibration is decreased. For
example, consider that the increased thickness of the larger strings of a harp produces lower notes.
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FIGURE 3.7 Effects of the length of a
pendulum on the frequency of the vibration.
Given a length of string, the weight at the end

. i String
swings back and forth a specific number of
times per second. If the string is shortened
(B), the weight swings faster (increase in Weight
frequency). I
M e
- - // (3L !
A B

Effects of Stiffness on Frequency

As a body vibrates, it exhibits a certain amount of compliance (the reciprocal of stiffness). As
the compliance increases, the frequency at which the body is most easily made to vibrate (the
resonant frequency) decreases. Systems that have more elasticity vibrate better at higher fre-
quencies than at lower frequencies.

Resonance

Almost any mass, regardless of size, may be set into vibration. Because of its inherent properties,
each mass has a frequency at which it vibrates most naturally—that is, the frequency at which it
is most easily set into vibration and at which the magnitude of vibration is greatest and decays
most slowly. The natural rate of vibration of a mass is called its resonant frequency. Although
a mass may be set into vibration by a frequency other than its resonant frequency, when the
external force is removed, the oscillation reverts to the resonant frequency until it is damped.

Musical notes have been said to shatter a drinking glass. This is accomplished when the
resonant frequency of the glass is produced, and the amplitude of the sound (the pressure
wave) is increased until the glass is set into vibration that is sympathetic to (the same as) the
sound source. If the glass is made to vibrate with sufficient amplitude, its shape becomes so
distorted that it shatters.

Sound Velocity

The velocity of a sound wave is the speed with which it travels from the source to another
point. Sound velocity is determined by a number of factors, one of the most important of
which is the density of the medium. As stated earlier, molecules are packed closer together
in a solid than in a liquid or gas, and more closely in some solids (or liquids or gases) than in
others. The closer together the molecules, the shorter the journey each particle makes before
striking its neighbor, and the more quickly the adjacent molecules can be set into motion.
Therefore, sounds travel faster through a solid than through a liquid and faster through a
liquid than through a gas. In audiology, our concern is with the movement of sound through
air. The velocity of sound in air is approximately 344 meters (1,130 feet) per second at standard
temperature-pressure conditions (20° Celsius at sea level). When temperature and humidity
are increased, the speed of sound increases. At higher altitudes the speed of sound is reduced
because the distance between molecules is greater.
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The velocity of sound may be determined at a specific moment; this is called the instanta-
neous velocity. In many cases, sound velocity fluctuates as the wave moves through a medium.
In such cases, the average velocity of the wave may be determined by dividing the distance trav-
eled by the time interval required for passage. Although we often think of velocity in miles per
hour (mph), we can shift our thinking to meters per second (m/s) or centimeters per second
(cm/s). When velocity is increased, acceleration takes place. When velocity is decreased, decel-
eration occurs.

As a solid object moves through air, it pushes the air molecules it strikes out of the
way, setting up a wave motion. If the object itself exceeds the speed of sound, it causes a
great compression ahead of itself, leaving a partial vacuum behind. The compressed mol-
ecules rushing in to fill the vacuum result in a sudden overpressure, called the sonic boom.
An aircraft flying faster than the speed of sound is first seen to pass by; followed by the
boom; followed by the sound of the aircraft approaching, flying overhead, and departing.
The loud sound of a gun discharging is made not so much by the explosion of gunpowder
as by the breaking of the sound barrier (exceeding the speed of sound) as the bullet leaves
the barrel.

Wavelength A&

A characteristic of sound proportionately related to frequency is wavelength. The length
of a wave is measured from any point on a sinusoid (any degree from 0 to 360) to the same
point on the next cycle of the wave (see Figure 3.8). The formula for determining wavelength
is w = v/f, where w = wavelength, v = thevelocity of sound, and f = frequency. To solve
for velocity, the formula v = fw is used; to solve for frequency, f = v/w is used. As fre-
quency goes up, wavelength decreases. For example, the wavelength of a 250 Hz tone is 4.5 feet
(w = 1,130/250), whereas the wavelength of an 8000 Hz tone is 0.14 feet (w = 1,130/8,000).
Expressed in the metric system, the wavelength for a 250 Hz tone is 1.4 meters (w = 344/250)
and for an 8000 Hz tone, 0.04 meters (w = 344/8,000).

A FIGURE 3.8 Wavelength (A) is measured
from any point on the pressure wave
[ | to the same point (in degrees) on the
next wave. Pressure waves (B) are set
up in the air by the vibrating tines of
the tuning fork (C). These waves move a
B Jgiven distance, as measured by the meter
stick (D), and also may be displayed as a
function of time (E).
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ciinical COMMENTARY

A common complaint among those with hearing loss is difficulty hearing someone speaking
from another room. The reason for this difficulty is more easily understood when one is famil-
iar with the wavelength of sounds. The longer wavelengths of the lower-frequency sounds of
vowels move around corners and obstructions more easily than do the shorter wavelengths of
the higher frequencies contained in many of the consonants of speech. For a demonstration of
the effects of frequency on wavelength, see the video entitled Sound Waveforms.

e a Phase

It is convenient to discuss the relationships among corresponding points on different waves
in terms of the angular measurements used to describe circular motion. Any point on a sine
wave (expressed in degrees) may be compared to a standard. This standard is considered to be
0 degrees. If an oscillation has a beginning at 0 (or 360) degrees, it is said to be in phase with
the standard (see Figure 3.9A). Tones presented out of phase (see Figure 3.9B, C, and D) are
discussed in terms of differences in degrees from the standard function of time.

Interference

Whenever more than one tone is introduced, there are interactions among sound waves. Such
interactions are determined by the frequency, intensity, and phase relationships of the differ-
ent waves. At any given moment, the instantaneous amplitudes of concurrent sound waves

FIGURE 3.9 Relationship of phase on four waves of identical frequency.

b
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are summed. Two tones of the same frequency and phase relationship reinforce each other,
increasing the amplitude. Two tones of identical frequency, but 180 degrees out of phase, cancel
each other, resulting in 0 amplitude at any given moment. Away from laboratory conditions,
there are usually more than two concomitant signals, so complete cancellation and complete
reinforcement rarely occur in the real world.

Beats

When two tones of almost identical frequency are presented (e.g., 1000 and 1003 Hz), there is
a noticeable increase and decrease in the resulting sound intensity, which is determined by the
separation of the tones in frequency (in this illustration, 3 Hz). These changes in amplitude
are perceived as beats. When one hears two tones of different frequencies, and the difference
between the two frequencies is increased, the number of beats per second increases, chang-
ing to a pulsing, then to a roughness, and finally to a series of complex sounds. Depending
on the starting frequency, when the difference in frequency between two tones becomes large
enough, the ear recognizes a number of tones, including the higher one, the lower one, the dif-
ference tone, and the summation tone, all of which may be expressed in hertz as multiples of
the original two tones.

Complex Sounds \&

Pure tones, as described in this chapter, seldom appear in nature. When they are created, it is
usually by devices such as tuning forks or electronic sine-wave generators. Most sounds, there-
fore, are characterized as containing energy at a number of different frequencies, amplitudes,
and phase relationships. Fourier® first showed that any complex wave can be analyzed in terms
of its sinusoidal components.

Fundamental Frequency

When a number of pure tones are presented, one of them will naturally have a frequency lower
than the others. The lowest rate of a sound’s vibration is called the fundamental frequency,
which is determined by the physical properties of the vibrating body. Some complex sounds
repeat over time, as do many of the sounds of speech and music. Such sounds are called peri-
odic sounds. Aperiodic sounds vary randomly over time, do not have fundamental frequen-
cies, and are usually perceived as noise.

Harmonics

In a periodic complex sound, all frequencies are whole-number multiples of the fundamen-
tal. These tones, which occur over the fundamental, are called harmonics or overtones. The
spectrum of a sound with a 100 Hz fundamental would therefore contain only higher fre-
quencies of 200 Hz, 300 Hz, 400 Hz, and so on. With respect to periodic signals, the only
difference between overtones and harmonics is the way in which they are numbered: The first
harmonic is the fundamental frequency, the second harmonic is twice the fundamental, and
so on. The first overtone is equal to the second harmonic, and further overtones are numbered
consecutively.
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Spectrum of a Complex Sound

When two or more pure tones of different frequencies are generated simultaneously, their
combined amplitudes must be summed at each instant in time. This is illustrated in Fig-
ure 3.10, which shows that a new and slightly different waveform appears. Adding a fourth and
fifth tone would further alter the waveform. Complex waves of this nature can be synthesized
in the laboratory and constitute, in essence, the opposite of a Fourier analysis.

Although the fundamental frequency determines all the harmonic frequencies, the
harmonics do not all have equal amplitude (see Figure 3.11A). In any wind instrument,
the fundamental frequency is determined by a vibrating body: in a clarinet, the reed; in
a trombone, the lips within the mouthpiece; and in that peculiar wind instrument called
the human vocal tract, the vocal folds in the larynx. The length and cross-sectional areas
of any of these wind instruments may be varied: in the trombone, by moving the slide; in
the clarinet, by depressing keys; and in the vocal tract, by raising or lowering the tongue
and moving it forward or back. In this way, even though the fundamental and harmonic
frequencies may be the same, the amplitudes of different harmonics vary from instrument
to instrument, resulting in the different harmonic spectrum (see Figure 3.11B and C) and
characteristic qualities of each.

FIGURE 3.10 Synthesis of a complex
waveform (D) from three sine waves (A, B,

Q) of different frequency and/or amplitude.
Note that the amplitudes are summed at each
moment in time, resulting in a new waveform.
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FIGURE 3.11 Histograms

showing the spectra of three wind
I I I I I instruments. The fundamental
. l frequency is the same in each (300

1200 1500 1800 2100 2400 2700 Hz), but the amplitudes of the

harmonics differ.
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During speech, altering the size and shape of the vocal tract, mostly by moving the
tongue, results in frequency and intensity changes that emphasize some harmonics and sup-
press others. The resulting waveform has a series of peaks and valleys. Each of the peaks is
called a formant, and it is manipulation of formant frequencies that facilitates the recognition
of different vowel sounds. The peaks are numbered consecutively and are expressed as the low-
est, or first, formant (F1), the second formant (F2), and so on. The spectrum of a musical wind
instrument may be similar to that of a vowel and is also determined by the resonances of the
acoustic systems.

Once the harmonic structure of a wave has been determined by the fundamental, the
fundamental is no longer critical for the clear perception of a sound for persons with normal
hearing. This is exemplified by the telephone, which does not allow frequencies below about
300 Hz to pass through. Although a man’s fundamental vocal frequency averages about 85 to
150 Hz and a woman’s about 175 to 250 Hz (both the consequences of laryngeal size, shape,
and subglottal pressure), the sex of the speakers, as well as their identities, is often evident over
a telephone even though the fundamental frequency is filtered out.

|

Intensity

Up to this point, we have concerned ourselves with the frequency of vibration and its related
functions. It is important that we know not only how fast but also how far a body vibrates—its
intensity. Figure 3.12A shows two tones of identical frequency; however, there is a difference
in the maximum excursions of the two waves. Obviously, a greater force has been applied
to the wave on the top than to the wave on the bottom to cause this difference to occur. The
distance the mass moves from the point of rest is called its amplitude. Because our concern is
with particle motion in air, it is assumed that if a greater force is applied to air molecules, they
will move further from their points of rest, causing greater compressions and greater rarefac-
tions, increasing the particle displacement and therefore the amplitude. Figure 3.12B shows
two tones of identical amplitude and starting phase but of different frequency. Figure 3.12C
shows two tones with the same amplitude and frequency but different phase.
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FIGURE 3.12 (A) Two tones of
different amplitude (frequency
and phase constant), (B) two
tones of different frequency
(amplitude and phase
constant), and (C) two tones
differing in phase (amplitude

".Eﬂ"
and frequency constant). | "!‘?“"" | \

Force

When vibrating bodies, such as the tines of a tuning fork, move to and fro, they exert a certain
amount of force on adjacent air molecules. The greater the force, the greater the displacement
of the tines, and therefore the greater the amplitude of the sound wave. Because of the human
ear’s extreme sensitivity to sound, only very small amounts of force are required to stimu-
late hearing. The dyne (d) is a convenient unit of measurement for quantifying small changes
in force.

One dyne is a force sufficient to accelerate a mass of 1 gram at 1 centimeter per second
squared. If a mass of 1 gram (1/30 ounce) is held at sea level, the force of gravity on this mass
is about 1,000 dynes. The Newton (N)* has been used more recently as a force measurement in
the United States. One Newton is a force that accelerates a 1 kg mass at 1 m/s*.

Pressure

Pressure is generated whenever force is distributed over a surface area. An example is the
number of pounds per square inch used in tire-pressure measurements. Normal atmospheric
pressure is 14.71b/in% 1million dynes/cn?, or 105 Pascals (Pa).” If a given area remains con-
stant, the pressure increases as the force is increased.
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A word might be said here regarding units of measurement. The metric centimeter-gram-
second (CGS) system has been popular among scientists in the United States for many years,
but is being replaced by the meter-kilogram-second (MKS) system. What might eventually be
used exclusively is the International System of Units, abbreviated SI, taken from the French Le
Systéme International d’Unites. In the CGS system, pressure is expressed in dynes/cm? and in
the SI system, it is expressed as Pascals.

Because of the sensitivity of human hearing, micropascals—millionths of a Pascal (uPa)—are
used to express sound pressure in the audible range of intensities for humans and most animals.
The smallest pressure variation required to produce a just-audible sound to healthy young ears
is approximately 0.0002 dyne/cm?, or 20 wPa. Sound waves that may be damaging to the ear
have a pressure of about 2 X 10%uPa.

Work

When any mass, such as a group of air particles, is moved, a certain amount of work is done
as energy is expended. The amount of work done may be expressed as the force exerted times
the distance the mass is moved. One erg (e) is the amount of work done when a 1 dyne force
displaces an object by 1 cm; one joule (J)° is 10 million ergs.

Power

Power is the capacity to exert physical force or energy and is expressed as the rate at which
energy is expended. Familiar units of power are horsepower and watts.” Because human hear-
ing is extremely sensitive, small units of power, such as the erg per second, are used in acous-
tics. One watt is equal to 1 million ergs/second or 10*' joule per second, and 1 horsepower is
equal to 746 watts. Power is a common measure of the magnitude of a sound. As the distance
from the source is increased, the sound energy that reaches a given point decreases because the
sound’s power is spread out over a larger area.

Intensity of a Sound Wave

In any vibration, more air particles are displaced as the distance from the source increases.
However, when the intensity of sound is measured, interest is usually centered on a small area
at the point of measurement. The intensity of a sound wave is the amount of force per unit
of area. It decreases proportionately to the square of the distance from the sound source (the
inverse square law), so an intensity of 10~ watt/m? (or 10~ "®watt/cm?) at 1000 Hz will pro-
duce a just-audible sound if that intensity reaches the ear.

Assuming that sound radiates in a spherical pattern from a source, this relationship can
be expressed by the following formula:

power (watts)

Intensity (watts /cn’ or watts /m?) =
Y / / 47t X radius’ (cmorm)

Common units of measurement, such as the pound or the mile, are additive in nature.
As an example, ten 1-pound weights equal exactly 10 pounds. However, because the range of
human hearing is so great, using such units results in very large, cumbersome numbers. It is
convenient to discuss one intensity in terms of the number of times it is multiplied by another
intensity—that is, in terms of a ratio between the two. The decibel (dB) is commonly used for
this purpose.
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%), The Decibel
¥ b

A convenient way of expressing a ratio between two lengthy numbers is to use the logarithm.
One unit established in such a way is the Bel, named for Alexander Graham Bell.® Because a
Bel may have a rather large value, the decibel, which is one-tenth of a Bel, is the unit of mea-
surement of intensity used in acoustics and in audiometrics.

Five important aspects of the decibel must be remembered: (1) It involves a ratio; (2) it
utilizes a logarithm; (3) it is therefore nonlinear; (4) it may be expressed in terms of various
reference levels, which must be specified; and (5) it is a relative unit of measure.

Logarithms

A logarithm (log) is simply a number expressed as an exponent (or power) that tells how
often a number (the base) is multiplied by itself. In the expression 10* (ten squared), the
log (2) tells us that the base (10) is multiplied by itself one time (10 X 10 = 100). The
exponent is the power, which tells us how many times the base is used in multiplication
(e.g.,10°> = 10 X 10 X 10 = 1,000).

Although any base may be used, the base 10 is most common in acoustics. This is
convenient because the log simply tells how many zeros appear after the 1. Table 3.1A and B
shows a natural progression of logarithms with the base 10. It is important to note that the log
of 1 is zero.

The logarithm is useful in expressing a ratio between two numbers. Remember that a
ratio is shown when any number is divided by another number. If a number is divided by
itself (e.g.,25 + 25), the ratio is always one to one (1:1), a fact regardless of the magnitude of
the numbers. When numbers with identical bases are used in division, the log of the denomi-
nator is subtracted from the log of the numerator (e.g., 10°> + 10> = 10"). These mathemat-
ics do not change, regardless of whether the numerator or the denominator is the larger
(e.g.,10* = 10° = 107'). When a ratio is expressed as a fraction, the denominator becomes
the reference to which the numerator is compared. Ratios expressed without a specific refer-
ence are totally meaningless, as in those commercial ads that claim a product is twice as good,
three times as bright, or 100 percent faster, and so on, without saying what it is better, brighter,
or faster than.

Intensity Level

Under some circumstances, it is useful to express the decibel with an intensity reference. A
practical unit in such cases is the watt per meter squared (watt/m?). The intensity reference
in a given system may be expressed as Iy (the number of watts of the reference intensity). The
output (e.g., a loudspeaker) of the system may be expressed as I, so that a ratio may be set up
between the intensity reference and the intensity output. In solving for the number of decibels
using an intensity reference, the formula is

The usual intensity reference (Iy) is 10712 watt/ m’ (orsometimes 10_16watt/ cm?),
although this may be changed if desired. The exponent tells the number of places the deci-
mal points must be moved to the right or left of the number 1. If the exponent is positive
(or unsigned), the number of zeros is added following the 1. If the exponent is negative, the
number of zeros placed before the 1 is equal to the exponent minus 1, with a decimal point
before the zeros. If the exponent is positive, it suggests a large number; if it is negative, it
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TABLE 3.1 Ratios, Logarithms, and Outputs for Determining Number of Decibels with Intensity and Pressure References

C G
Intensity Outputs (Ip) Pressure Outputs (Pg)
A Ratio B CGS SI D E Equal Amplitudes F CGS
Log (watt/cm?) (watt/m?) dBIL* dB SPL? ( dyne/cm2 )
Threshold of Audibility
1 0 10716 10712 0 0 .0002
10:1 1 107" 107! o 2 .002
100:1 2 10714 10710 20 40 .02

1,000:1 3 T 107 30 / 60 2

10,000:1 4 10712 1078 40 80 2.0

100,000:1 5 101! 1077 50 100 20.0

1,000,000:1 6 10710 107° 60 120 200.0

10,000,000:1 7 1077 107 70 140 2000.0
100,000,000:1 8 1078 1074 80
1,000,000,000:1 9 1077 1073 90
10,000,000,000:1 10 1076 1072 100
100,000,000,000:1 11 107° 107! 110
1,000,000,000,000:1 12 1074 10° 120
10,000,000,000,000:1 13 1073 10! 130
100,000,000,000,000:1 14 1072 10 140

Threshold of Pain

SI
(4 Pa)

20.0 (2 x 10)
200.0 (2 x 10?)
2,000.0 (2 x 10%)

20,000.0 (2 x 10%)
200,000.0 (2 x 10°)
2,000,000.0 (2 x 10°)
20,000,000.0 (2 x 107)
200,000,000.0 (2 x 10%)

"The number of dB with an intensity reference (Ig = 10”2 watt/m?) uses the formula: dB (IL) = 10 x log (Io/Ig).
tThe number of dB with a pressure reference (PR =20 UPa) uses the formula: dB (SPL) = 20 x log (Po/Pg).
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suggests a small number, less than 1. Therefore, 10™"?watt/m’ is an extremely small quantity
(0.000000000001 watt /m?).

If the intensity reference of a sound system (Ip) is known, the preceding equation may
be used to determine the number of decibels of the output above (or below) the reference.
As mentioned earlier, it is essential that the reference always be stated. When the refer-
ence is 102 watt/m?’, the term intensity level (IL) may be used as shorthand to imply this
reference.

If the intensity output and the intensity reference are exactly the same (I = Iy), the
ratio is 1:1. Because the log of 1 is 0, use of the formula shows the number of decibels to be 0.
Therefore, 0 dB does not mean that sound is absent, but rather that the intensity output is the
same as the intensity reference. If I, were changed to 10" watt/m?, the number of decibels (IL)
would be 130. Table 3.1 shows that as the intensity output (C) increases, the ratio (A) increases,
raising the power of the log (B) and increasing the number of decibels (D).

Remember that the decibel is a logarithmic expression. When the intensity of a wave is
doubled—for example, by adding a second loudspeaker with a sound of identical intensity to
the first—the number of decibels is not doubled but is increased by three. This occurs because
the intensity outputs of the two signals, and not the number of decibels, are added algebra-
ically according to the principles of wave interference and the rules for working with logs. For
example, if loudspeaker A creates a sound of 60 dB IL (10 ®watt/m?) and loudspeaker B also
creates a sound of 60 dB IL (10 ®watt/m?) to the same point in space, the result is 63 dB IL
(2 X 10 %watt/m?).

Sound-Pressure Level

Audiologists and acousticians are more accustomed to making measurements of sound in
pressure than in intensity terms. Such measurements are usually expressed as sound-pressure
level (SPL). Because intensity is known to be proportional to the square of pressure, the con-
version from intensity to pressure may be made as follows:

Intensity reference:dB (IL) = 10 X log(Io/Iy)

Pressure reference:dB (SPL) = 10 X log(Py*/Pg?)

Intensity is proportional to pressure squared, so to determine the number of decibels
from a pressure reference, Iy may be written as Pp? (pressure reference) and I may be writ-
ten as Py” (pressure output). It is a mathematical rule that when a number is squared, its log is
multiplied by 2; therefore, the formula for dB SPL may be written as:

dB(SPL) = 10 X log(Py?/Pr?)
or
dB(SPL) = 10 X 2 X log(Py/PR)
or

dB(SPL) = 20 X log(Py/PR)

As in the case of decibels with an intensity reference, when Pg is the same as Py, the ratio
between the two is 1:1 and the number of decibels (SPL) is zero. Just as in the case of intensity,
0 dB SPL does not mean silence; it means only that the output pressure is 0 dB above the refer-
ence pressure.
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Onedyne/ cm’ is equal to 1 microbar (ubar) (one-millionth of normal barometric
pressure at sea level), so the two terms are frequently used interchangeably. The pressure of
0.0002 dyne/cm” has been the sound-pressure reference in physics and acoustics for some
time. It is being replaced, however, by its SI equivalent, 20 micropascals (uPa). This is the
reference used for most sound-level meters (see Figure 3.13), devices designed to measure
the sound-pressure levels in various acoustical environments. Therefore, 20 wPais0dB SPL.
The threshold of pain at the ear is reached at 140 dB SPL. The term dB SPL implies a pressure
reference of 20 wPa. Table 3.1 shows that increases in the number of wPa (or dyne/cmz) (G) is
reflected in the ratio (A), the log (B), and the number of dB SPL (F).

Because the decibel expresses a ratio between two sound intensities or two sound pres-
sures, decibel values cannot be simply added and subtracted. Therefore, 60 dB plus 60 dB does
not equal 120 dB. When sound-pressure values are doubled, the number of decibels is increased
by six. Therefore, 60 dB (20,000 wPa) plus 60 dB (20,000 uPa) equals 66 dB (40,000 wPa). In
actual fact, the SPL increases by a factor of 3 dB unless the two waves are in perfect correspon-
dence. Also, because of the special relationship between intensity and sound pressure, a 6 dB
increase will be shown if the number of loudspeakers is quadrupled, unless they are all in phase.

Note that the amplitude of a wave, whether expressed in decibels with an intensity ref-
erence or a pressure reference (see columns C and G in Table 3.1), is the same as long as the
number of decibels is the same. Intensity and pressure are simply different ways of looking at
the same wave. Column E of Table 3.1 is designed to illustrate this point.

Hearing Level

The modern audiometer was designed as an instrument to test hearing sensitivity at a num-
ber of different frequencies. Originally, each audiometer manufacturer determined the SPL
required to barely stimulate the hearing of an average normal-hearing individual. Needless to

FIGURE 3.13 A commercial sound-level meter designed to measure
the sound-pressure levels in various acoustical environments. (Source:
Soundtrack LXT photo courtesy of Larson-Davis Laboratory, a Division of PCB
Piezotronics, Inc. [www.larsondavis.com])
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say, there were some differences from manufacturer to manufacturer. Studies were then con-
ducted (e.g., Beasley, 1938) in which the hearing of many young adults was carefully measured.
The resulting data culminated in the standard adopted in 1951 by the American Standards
Association (ASA). This organization has been renamed the American National Standards
Institute (ANSI).

The lowest sound intensity that stimulates normal hearing is called zero hearing level
(HL). Because the ear shows different amounts of sensitivity to different frequencies (being
most sensitive in the 1000 to 4000 Hz range), different amounts of pressure are required for 0
dB HL at different frequencies. Even early audiometers were calibrated so that hearing could
be tested over a wide range of intensities, up to 110 dB HL (above normal hearing thresholds)
at some frequencies. The pressure reference for decibels on an audiometer calibrated to ASA-
1951 specifications was therefore different at each frequency, but the hearing-level dial was
calibrated with reference to normal hearing (audiometric zero).

An international organization covering 148 countries (with one member per country)
was created to establish a wide variety of standards in various practices. This organization
is called the International Organization for Standardization and has a Central Secretariat in
Geneva, Switzerland, where the organization is based. It was recognized that a single interna-
tional abbreviation was needed for the organization to be recognized around the world, but due
to differences in languages this presented a problem. For example, the abbreviation would be
“IOS” in English, “OIN” in French (for Organisation Internationale de Normalisation), and so
on. The decision was to use a word derived from the Greek isos, meaning, “equal.” Therefore,
the organization’s name is ISO in all countries regardless of language.

Audiometers manufactured in different countries had slightly different SPL values for
audiometric zero until a standard close to what had been used in Great Britain was adopted by
the International Organization for Standardization (ISO). This revised standard, which was
called ISO-1964, showed normal hearing to be more sensitive than the 1951 ASA values, resulting
in a lowering of the SPL values averaging approximately 10 dB across frequencies. Differences
between the two standards probably occurred because of differences in the studies during which
normative data were compiled, in terms of test environment, equipment, and procedure.

Audiologists who had experience testing normal-hearing persons on the ASA stan-
dard had noted that many such subjects had hearing better than the zero reference, often
in the —10dBHL range, and welcomed the conversion to the ISO standard. More recently,
a new American standard has been published by the American National Standards Institute
(American National Standards Institute, 2004) showing SPL values for normal hearing using
supra-aural audiometer earphones close to the ISO levels (see Table 3.2). These values are
termed the reference equivalent threshold sound-pressure levels (RETSPLs).

Sensation Level

Another reference for the decibel may be the auditory threshold of a given individual. The
threshold of a pure tone is usually defined as the level at which the tone is so soft that it can be
perceived only 50 percent of the time it is presented; however, the 50 percent response criterion
is purely arbitrary. The number of decibels of a sound above the threshold of a given individual
is the sound’s sensation level (SL) in decibels.

If a person can barely hear a tone at 5 dB HL at a given frequency, a tone presented at
50 dB HL is 45 dB above his or her threshold, or, stated another way, 45 dB SL. The same
50 dB HL tone presented to a person with a 20 dB threshold has a sensation level of 30 dB. It is
important to recognize that a tone presented at threshold has a sensation level of 0 dB. To state
the number of dB SL, the threshold of the individual (the reference) must be known.
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TABLE 3.2 Reference Equivalent Threshold Sound Pressure Levels (RETSPLs)
(dBre20 wPa) for Supra-Aural Earphones (ANSI, 2004)

TDH Type JE318C ~ TDH39  TDH 49/50

Frequency Hz IEC318 NBS9A BS9A
125 45.0 45.0 47.5
160 38.5
200 32.5
250 27.0 25.5 26.5
315 22.0
400 17.0
500 13.5 11.5 13.5
630 10.5
750 9.0 8.0 8.5
800 8.5
1000 7.5 7.0 7.5
1250 7.5
1500 7.5 6.5 7.5
1600 8.0
2000 9.0 9.0 11.0
2500 10.5
3000 11.5 10.0 9.5
3150 11.5
4000 12.0 9.5 10.5
5000 11.0
6000 16.0 15.5 13.5
6300 21.0
8000 15.5 13.0 13.0
Speech 20.0 19.5 20.0
Environmental Sounds ‘L
Earlier we saw that the range of sound intensities, from threshold of audibility to pain in the
ear, is extremely wide. All of the sounds that normal-hearing persons may hear without dis-
comfort must be found within this range. Table 3.3 gives examples of some ordinary environ-
mental sounds and their approximate intensities. This table may help the reader to develop a
framework from which to approximate the intensities of other sounds.
Psychoacoustics A&

Thus far in this chapter, attention has been focused on physical acoustics. These factors are the
same with or without human perception. It is also important that consideration be allocated to
psychoacoustics, the study of the relationship between physical stimuli and the psychological
responses to which they give rise.

Pitch

Pitch is a term used to describe the subjective impressions of the “highness” or “lowness” of a
sound. Pitch relates to frequency; in general, pitch rises as the frequency of vibration increases,
at least within the range of human hearing (20 to 20,000 Hz). The Western world uses the
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TABLE 3.3 Scale of Intensities for Ordinary Environmental Sounds

Decibels* Sound
0 Just audible sound
10 Soft rustle of leaves
20 A whisper at 4 feet
30 A quiet street in the evening with no traffic
40 Night noises in the city
50 A quiet automobile 10 feet away
60 Department store
70 Busy traffic
60-70 Normal conversation at 3 feet
80 Heavy traffic
80-90 Niagara Falls
90 Truck traffic
100 Snowmobile, Motorcycle
110 iPod at full volume (average)
115 Loud rock concert
120 Amplified rock music at 4 to 6 feet
125 Pain begins
140 Even short-term exposure can cause permanent hearing loss
165 12 gauge shotgun blast
194 Highest level sound possible

*The reference is 10~ ¢ watt/cm?.
Sources: Van Bergeijk, Pierce, & David, 1960; http://www.gcaudio.com/resources/howtos/loudness.html.

octave scale in its music. When frequency is doubled, it is raised one octave, but raising (or
lowering) a sound one octave does not double (or halve) its pitch. Intensity also contributes to
the perception of pitch, although to a lesser extent than does frequency. For a demonstration of
the effects of frequency on pitch perception, see the video entitled Sound Waveforms.

The subjective aspect of pitch can be measured by using a unit called the mel. One thou-
sand mels is the pitch of a 1000 Hz tone at 40 dB SL. Frequencies can be adjusted so that they
sound twice as high (2000 mels), half as high (500 mels), and so on. Except for the fact that the
number of mels increases and decreases with frequency, apart from 1,000 Hz, the numbers do
not correspond. Although the task sounds formidable, pitch scaling can be accomplished on
cooperative, normal-hearing subjects with great accuracy after a period of training. The mel
scale is illustrated in Figure 3.14.

Loudness

Loudness is a subjective experience, as contrasted with the purely physical force of intensity.
The thinking reader has realized, to be sure, that a relationship exists between increased inten-
sity and increased loudness. The decibel, however, is not a unit of loudness measurement, and
thus such statements as “The noise in this room is 60 dB loud” are erroneous. The duration
and frequency of sounds contribute to the sensation of loudness.

As stated earlier, the ear is not equally sensitive at all frequencies. It is also true that the
subjective experience of loudness changes at different frequencies. Comparing the loudness of
different frequencies to the loudness of a 1000 Hz tone at a number of intensity levels deter-
mines the loudness level of the different frequencies. Figure 3.15 shows that loudness grows
faster for low-frequency tones and certain high-frequency tones than for mid-frequencies. The
unit of loudness level is the phon.
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3000 FIGURE 3.14 The mel scale, showing the
relationship between pitch (in mels) and
frequency (in hertz).
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The term sone refers to the comparison of the loudness of a 1000 Hz tone at different
intensities. One sone is the loudness of 1000 Hz at 40 dB SL. The intensity required for subjects
to perceive half the loudness of 1 sone is 0.5 sone; the intensity for twice the loudness is 2 sones,
and so forth. Loudness level (in phons) can be related to loudness (in sones) but, as Figure 3.16
shows, the measurements do not correspond precisely.
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FIGURE 3.16 Loudness function showing the relationship
between loudness (in sones) and loudness level (in phons).
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Localization

Hearing is a distance sense, unaffected by many barriers that interfere with sight, touch, and
smell. Sound can bend around corners with little distortion, although as frequencies get higher,
they become more unidirectional. Under many conditions it is possible, even without seeing
the source of a sound, to tell the direction from which it comes. This ability, called localiza-
tion, is a complex phenomenon resulting from the interaction of both ears. The localization of
sound, which warned our ancestors of possible danger, was probably a major contributor to the
early survival of our species.

Localization is possible because of the relative intensities of sounds and their times of
arrival at the two ears (i.e., phase). The greatest single contributors to our ability to localize are
interaural phase differences in the low frequencies (below 1500 Hz) and intensity differences
in the higher frequencies. Naturally, in an acoustical environment with hard surfaces, rever-
beration may occur, and the sound may be perceived to come from a direction other than its
source. An area in which there are no hard surfaces to cause reverberation is called a free field.
Free fields actually exist only in exotic areas such as mountaintops and specially built anechoic
chambers (see Figure 3.17).

Masking

When two sounds are heard simultaneously, the intensity of one sound may be sufficient to
cause the other to be inaudible. This change in the threshold of a sound caused by a second
sound with which it coexists is called masking. There is surely no one who has not experi-
enced masking in noisy situations in the form of speech interference. The noise that causes the
interference is called the masker. Because masking plays an important role in some aspects of
clinical audiology, it is discussed in detail in Chapter 6.
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FIGURE 3.17 The inside of an anechoic chamber designed to eliminate sound reverberation.
(Source: Orfield Laboratories.)

s

Impedance

Any moving object must overcome a certain amount of resistance to its movement. A sound
wave moving through air strikes surfaces that impede or retard its progress. The impedance of
a medium is the opposition it offers to the transmission of acoustic energy.

As a general rule, as a surface that is placed in the path of a sound wave is made more
dense, it offers greater impedance to the wave. For example, when a sound strikes a closed
door, some of the energy is reflected because the door is so much denser than the air on either
side of it. If the sound is to be carried to the adjacent room, the door itself must be set into
vibration, whereupon the opposite side of the door, moving against the air molecules in the
next room, generates new sound waves. The amount of impedance of the door determines the
amplitude of the waves in the next room. The greater the impedance of the door, the smaller
the amplitude of the waves transmitted to the adjacent room.

Given sufficient energy to overcome its inertia, a mass may be set into vibration. The reso-
nant characteristics of a body or medium determine its frequencies of most efficient and least effi-
cient vibration. Resonance is determined by the mass, elasticity, and frictional characteristics of
an object (or medium). Therefore, resonance characteristics are defined by impedance. In the case
of sound moving past an object, like a door, there is more impedance to some frequencies than to
others. As a rule, the mass of the door attenuates high-frequency sounds more than low-frequency
sounds, which is what makes the sound on the opposite side of the door appear muffled.

Total impedance (Z) is determined by two factors. The first is simple resistance (R)—that
is, resistance that is not influenced by frequency of vibration. This simple resistance is analogous
to electrical resistance in a direct-current system, such as a battery, in which electrons move in
a single direction from a negative to a positive pole. The second factor is complex resistance, or
reactance. Reactance is influenced by frequency, so that the opposition to energy transfer varies
with frequency. Reactance is seen in alternating-current electrical systems, such as household
current, in which the flow of electrons is periodically reversed (60 Hz in the United States).
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Total reactance is determined by two subsidiary factors called mass reactance and stiff-
ness reactance. As either the physical mass (M) of an object or the frequency (f) at which
the object vibrates is increased, so does the mass reactance. In other words, mass reactance
is directly related to both mass and frequency. Stiffness (S) reactance behaves in an opposite
manner. As the physical stiffness of an object increases, so does stiffness reactance. As fre-
quency increases, however, stiffness reactance decreases (an inverse relationship).

Together, simple resistance, mass reactance, and stiffness reactance all contribute to the
determination of total impedance. All four terms are given the same unit of measurement, the
ohm (Q).° In the formula for computing impedance, Z is the total impedance, R is the sim-
ple resistance, 277fM is the mass reactance, and S/27rf is the stiffness reactance. This equation
shows that mass reactance and stiffness reactance combine algebraically:

2
Z= \/ R + (27-rﬂ\/[—s>
2ot

), Sound Measurement

Audiologists are generally interested in making two kinds of measurements: those of the hear-
ing ability of patients with possible disorders of the auditory system and those of sound-pressure
levels in the environment. The first modern step toward quantifying the amount of a patient’s
hearing loss came with the development of the pure-tone audiometer. This device allows for a
comparison of any person’s hearing threshold to that of an established norm. Hearing thresh-
old is usually defined as the intensity at which a tone is barely audible. Hearing sensitivity is
expressed as the number of decibels above (or below) the average normal-hearing person’s
thresholds for different pure tones (0 dB HL). Speech audiometers were designed, in part, to
measure thresholds for the spoken word.

The Pure-Tone Audiometer

A pure-tone audiometer is diagrammed in Figure 3.18. It consists of an audio oscillator, which
generates pure tones of different frequencies, usually at discrete steps of 125, 250, 500, 750,
1000, 1500, 2000, 3000, 4000, 6000, and 8000 Hz. Each tone is amplified to a maximum of
about 110 dB HL in the frequency range of 500 to 4,000 Hz, with less output above and below
those frequencies.

The tones are attenuated with the use of a manual dial or electronic attenuator, which is
numbered (contrary to attenuation) in decibels above the normal threshold for each frequency.
As the number of decibels is increased, the attenuation is decreased. The audiometer is pro-
vided with a silent switch that can introduce or interrupt a tone. The signal is routed, via an

FIGURE 3.18 Block diagram of a pure-tone Silent
audiometer. @ D Switch
— — — 0" o
Pure Tone Amplifier Attenuator
Generator (hearing level
dial)
Air- Bone-

Conduction  Conduction
Earphones  Vibrator
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output selection control, to a right or left earphone or to a bone-conduction vibrator. A photo-
graph of a pure-tone audiometer is shown in Figure 3.19.

Air Conduction

Earphones are held in place by a steel headband that fits over the top of the head. The phones
themselves are connected to the headband by two small metal yokes. The earphone consists
of a magnetic device that transduces the electrical translations supplied by the audiometer to
a small diaphragm that vibrates according to the acoustic equivalents of frequency and inten-
sity. Around the earphone is a rubber cushion that may fit around the ear (circumaural) or,
more usually, over the ear (supra-aural). Circumaural earphones are rarely used with audiom-
eters because they are difficult to calibrate. The movement of the earphone diaphragm gener-
ates the sound, which enters the ear directly, resulting in an air-conduction signal. Supra-aural
audiometric earphones are shown in Figure 3.20.

FIGURE 3.19 A pure-tone audiometer
designed to deliver preselected frequencies at
examiner-selected intensities to determine an
individual’s hearing sensitivity. (Source: MAICO.)

FIGURE 3.20 A set of supra-
aural air-conduction receivers.
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FIGURE 3.21 A pair of insert receivers.
(Source: Etymotic Research.)

For some time it has been recognized that there are distinct advantages to using ear-
phones that are inserted into the external ear canal for air-conduction testing. These advan-
tages will be discussed in some detail later in this text, but one of them includes a significant
increase in comfort for the patient. Insert earphones that are appropriate for audiometry are
shown in Figure 3.21.

ciinical COMMENTARY

The sound pressure level to reach audiometric zero is different for supra-aural air conduc-
tion receivers (earphones) than it is for insert receivers (See Tables 3.2 and 3.5.) Accurate
hearing test results cannot be attained when one earphone type is exchanged for another
without recalibration.

Bone Conduction

Selection of the bone-conduction output of the audiometer causes the signal to terminate
in a small plastic device with a slight concavity on one side for comfortable fit against the
skull. The principle of the bone-conduction vibrator is the same as that of the air-conduction
receiver except that, instead of moving a waferlike diaphragm, the plastic shell of the vibrator
must be set into motion. Because they must vibrate a greater mass (the skull), bone-conduc-
tion vibrators require greater energy than air-conduction receivers to generate a vibration
level high enough to stimulate normal hearing. For this reason, the maximum power outputs
are considerably lower for bone conduction, usually not exceeding 50 to 80 dB HL, depending
on frequency. Frequencies of 250 through 4000 Hz are usually available for bone-conduction
testing.

The bone-conduction vibrator is held against the skull at either the forehead or the mas-
toid process. When the forehead is the placement site, a plastic strap is used that circles the
head to hold the vibrator in place. When the bone behind the ear is the desired place for testing,
a spring-steel headband that goes over the top of the skull is employed. A bone-conduction
vibrator is shown in Figure 3.22.
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FIGURE 3.22 A bone-conduction vibrator through
which pure tones may be routed using a pure-tone
audiometer to measure bone-conduction sensitivity.
(Source: Clark Audiology.)

The Speech Audiometer

As will be discussed later in this text, measurements made with speech stimuli are very help-
ful in the diagnosis of auditory disorders. A speech audiometer is required for such measure-
ments. The speech audiometer is usually part of a clinical audiometer (see Figure 3.23) that can
also perform pure-tone tests.

The diagram in Figure 3.24 shows that the speech circuit of an audiometer can have an
input signal provided by a microphone, a compact disc (CD) player, or other audio imput.
The input level of the speech signal is monitored by an averaging voltmeter called a volume
units (VU) meter. Such a meter reads in dB VU, implying an electrical reference in watts. The
signal is amplified and attenuated as in a pure-tone audiometer, with the hearing-level dial
calibrated in decibels with reference to audiometric 0 for speech (20 dB SPL on the ANSI-2004
standard for a TDH-49 earphone). Some audiometers use light-emitting diodes in lieu of a
VU meter.

Air Conduction

Most of the measurements made on speech audiometers are accomplished through air-
conduction receivers. Testing may be carried out by selecting the right ear, the left ear, or both
ears. The usual range is from —10to110dB HL.

FIGURE 3.23 A diagnostic
audiometer measures hearing
sensitivity for speech and for tones
via either air or bone conduction.
(Source: Grason-Stadler Co.)
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FIGURE 3.24 Block diagram of
the speech circuit of a diagnostic
audiometer. —
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Sound Field

It is often desirable to test with speech in the sound field—that is, to feed the speech signal
into the room rather than directly into the ears by using one or more loudspeakers. The sig-
nal generated by the audiometer is designed for air-conduction earphones and does not have
sufficient power to drive a larger loudspeaker. When the speaker output of the audiometer is
selected, the speech signal is fed to an auxiliary amplifier that augments the intensity of the
signal, creating the additional power necessary to drive the loudspeaker.

Sound-Level Meters

As mentioned earlier, airborne sounds are measured by devices called sound-level meters.
These consist of a microphone, amplifier, attenuator, and meter that pick up and transduce
pressure waves in the air, measure them electrically, and read out the sound-pressure levels in
decibels. The usual reference for sound-level meters is 20 wPa.

Because the human ear responds differently to different frequencies, many sound-level
meters contain systems called weighting networks, which are filters to alter the response of
the instrument, much as the ear does at different levels. The phon lines (see Figure 3.15) show
that the ear is not very sensitive to low frequencies at low SPLs and that, as the sound increases
in intensity, the ear is capable of better and better low-frequency response. The three usual
weighting networks of sound-level meters are shown in Figure 3.25, which illustrates how the
meters respond.

Sound-level meters are useful in the study of acoustics and are common tools in industry
as concern over noise pollution grows. Background noise levels can play a major role in
the testing of hearing because, if they are sufficiently high, they may interfere with accurate
measurement by masking the test stimuli. Whenever hearing testing is undertaken, especially
with persons who have normal or near-normal hearing, the background noise levels should be
known.

Acceptable Noise Levels for Audiometry

Table 3.4 shows the maximum room noise allowable for air-conduction testing using supra-
aural and insert earphones on the ANSI-1999 scale. To determine the allowable levels for bone-
conduction testing, the attenuation provided by the usual audiometer earphone and cushion
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10 FIGURE 3.25 Weighting
networks for sound-level

A meters.
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TABLE 3.4 Maximum Permissible Ambient Noise Sound Pressure Levels in Octave Bands for Audiometric
Testing with Ears Covered Using Supra-Aural or Insert Earphones and Test Frequency Ranges 125 to 8,000, 250
to 8,000, and 500 to 8,000 Hz*

Supra-Aural Earphones Insert Earphones

Octave Band 125 to 250 to 500 to 125 to 250 to 500 to
Intervals 8,000 Hz 8,000 Hz 8,000 Hz 8,000 Hz 8,000 Hz 8,000 Hz

125 35.0 39.0 49.0 59.0 67.0 78.0

250 25.0 25.0 35.0 53.0 53.0 64.0

500 21.0 21.0 21.0 50.0 50.0 50.0

1000 26.0 26.0 26.0 47.0 47.0 47.0

2000 34.0 34.0 34.0 49.0 49.0 49.0

4000 37.0 37.0 37.0 50.0 50.0 50.0

8000 37.0 37.0 37.0 56.0 56.0 56.0

*Table values are in dB re: 20 wPa rounded to the nearest 0.5 dB.
Source: American National Standards Institute, 1999.

must be subtracted from the maximum allowable levels for air conduction because the ear
remains uncovered during bone-conduction audiometry.

Calibration of Audiometers

Although periodic factory checks on audiometer calibration are desirable, many audiologists
also perform frequent checks on the operation of their equipment on-site in the clinic. In the
early days of audiometers, checks on the reliability of the hearing level were conducted by
testing a group of subjects with known normal hearing—the “psychoacoustic method.” This
is done by taking the median of the threshold findings and posting a correction chart on the
audiometer to remind the audiologist to correct any readings obtained on a patient by the
number of decibels the audiometer had drifted out of calibration.

Many audiology clinics today are equipped with meters and also couplers so that the
task of level checking may be accomplished electroacoustically. The coupler is often called
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an artificial ear because that is what it is designed to replicate. The earphone is placed over a
carefully machined coupler, usually containing a cavity of precisely 6 cm’ to simulate the aver-
age volume of air between the earphone and the eardrum membrane. A weight of 500 grams,
or a spring with equivalent tension, holds the receiver in place. Sounds emanating from the
diaphragm of the receiver are picked up by a sensitive microphone at the bottom of the cou-
pler, amplified, and read in dB SPL on a sound-level meter. To be certain that the meter is
reading the level of the tone (or other signal) from the receiver, and not the ambient room
noise, the level of the signal is usually high enough to avoid this possibility. Hearing levels of
70 dB are convenient for this purpose, and the readout should correspond to the number of
decibels required for the threshold of the particular signal (see Table 3.2), plus 70 dB. A form
designed for level checking with an artificial ear is shown in Figure 3.26, and a commercial
testing unit is shown in Figure 3.27.

Because of differences in size and design, insert earphones cannot be calibrated with a
standard 6 cm? coupler. Rather, a smaller coupler, which has a volume of 2 cm?, is used with the
calibration device described earlier. Reference equivalent sound-pressure levels for calibrating
insert earphones are shown in Table 3.5.

When calibrating the speech circuit of an audiometer, a signal must be fed through one of
the inputs. A pure tone, a noise containing approximately equal intensity at all frequencies, or a
sustained vowel sound, may be used. The signal is adjusted so that the VU or equivalent meter
reads 0. With the hearing-level dial set at 70 dB, and with the earphone on the coupler, the sig-
nal should read 90 dB SPL on the meter (70 dB HL plus 20 dB SPL required for audiometric 0
for speech) for the most commonly used earphone.

Calibration of the bone-conduction systems of audiometers may be accomplished in
several ways. One method of field calibration involves the use of several patients with known
sensory/neural losses. Their air- and bone-conduction thresholds are compared, and median
values for the differences are taken at each frequency. The amounts by which the bone-conduc-
tion thresholds differ from the (calibrated) air-conduction thresholds are averaged, and correc-
tions are posted on the audiometer. Persons with normal hearing cannot be used because of the
danger of masking their uncovered ears by ambient room noise.

The artificial mastoid (see Figure 3.28) is a device that allows for electronic calibration
of the bone-conduction system of an audiometer. The procedure is similar to that for testing
air-conduction calibration. The bone-conduction vibrator is placed on the artificial mastoid,
which has properties similar to the human skull, scalp, and skin. Vibrations are transduced into
electrical currents, which are then converted to decibels for direct readout. The form shown in
Figure 3.26 allows for calibration to the ANSI standard for bone-conduction testing on either
the forehead or the mastoid. The reference equivalent threshold force levels (RETFLs) are
shown in Table 3.6.

Calibration of a loudspeaker system with an audiometer requires either the testing of
a number of normal-hearing subjects or the use of a sound-level meter. A heavy chair that
is difficult to move should be placed before the speaker at a distance of about three times the
diameter of the loudspeaker, plus one foot, or often just at one meter. This allows the subject to
be placed in the “far field.” The sound-level meter should be placed in the same position as the
head of a patient seated in that same chair.

The loudspeaker output for 0 dB HL in the sound field, when listening with both ears,
should be 14.5 dB SPL for speech. If the hearing-level dial is set to 70 dB, the sound-level meter
should read 70 dB, plus 20 dB for audiometric 0 for speech, minus 5.5 dB (84.5 dB SPL). Five
and one-half decibels are subtracted because thresholds for pure tones determined under
earphones, called the minimum audible pressure (MAP) (Sivian & White, 1933), are slightly
higher (require greater intensity) than thresholds determined in a free sound field, the mini-
mum audible field (MAF) (Fletcher & Munson, 1933). When an external auxiliary amplifier is
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FIGURE 3.26 Sample of form for field check of audiometer level and frequency.

L9

University of Texas Speech and Hearing Center
For TDH-49 Earphone AUDIOMETER CALIBRATION
Calibrated By Audiometer Serial No. Date
Frequency Right Air Output* Left Air Qutput* Mastoid Output # Forehead Output #
Attn.
Obs. HL  Err. | Dial Count | HL Obs. Cor. Err. | Obs. Cor. Err. | HL Obs. Cor. Err. | Obs. Cor. Err.
110
105 125 70 1175 1175 —
100
95 250 70 96.5 96.5 25 66.4 79.9
90
85 500 70 83.56 83.5 40 70.7 85.7
80
75 750 70 78.5 78.5 40 59.3 71.8
70
65 1000 70 7.5 1.5 40 56.9 66.9
60
55 1500 70 71.5 11.5 40 55.4 66.4
50
45 2000 70 81.0 81.0 40 48.1 56.6
40
35 3000 70 79.5 79.5 40 46.6 54.1
30
25 4000 70 80.5 80.5 40 51.2 57.7
20
15 6000 70 83.5 83.5 J—
10
5 8000 70 83.0 83.0 —
0
Tt 90.0 40
Err. Speech 70 90.0 « ) ()
FUNCTIONAL CHECKS WITH TOLERANCES: *Figures in this column are dB re 20 uPa
Rise Time (20 — 100 milliseconds)—— | for proposed ANSI standards for use
Fall Time ( 5 — 100 milliseconds)— | with TDH-49 receivers mounted in MX-41/AR
cushions.
Overshoot and ringing (+ 1dB). #These figures include corrections for the B&K
Model 4930 artificial mastoid for a B—70A
Total Harmonic Distortion (max. —30dB) bone-conduction vibrator.
Comments: FNM/80
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FIGURE 3.27 A commercial audiometer calibration
device. A supra-aural earphone is placed on an artificial
ear for calibration. A separate, smaller, artificial ear is
used for calibration of insert receivers.

(Source: AUDIt™ with System 824 photo courtesy of Larson-
Davis Laboratory, a Division of PCB Piezotronics, Inc. [www
Jlarsondavis.com])

TABLE 3.5 Reference Equivalent Threshold Sound Pressure Levels (RETSPLs) (dBre 20 uPa) for Calibration of
Insert Earphones to the ANSI (2004) Standard

Frequency (Hz) Occluded Ear Simulator HA-2 with Rigid Tube HA-1
125 28.0 26.0 26.5
160 24.5 22.0 22.0
200 21.5 18.0 19.5
250 17.5 14.0 14.5
315 15.5 12.0 15.0
400 13.0 9.0 10.5
500 9.5 5.5 6.0
630 7.5 4.0 4.5
750 6.0 2.0 2.0
800 5.5 1.5 1.5

1000 5.5 0.0 0.0
1250 8.5 2.0 1.0
1500 9.5 2.0 0.0
1600 9.5 2.0 1.5
2000 11.5 3.0 2.5
2500 13.5 5.0 4.5
3000 13.0 3.5 2.5
3150 13.0 4.0 2.5
4000 15.0 5.5 0.0
5000 18.5 5.0 1.5
6000 16.0 2.0 =29
6300 16.0 2.0 -2.0
8000 15.5 0.0 =35
Speech 18.0 12.5 12,5

STUDENTS-HUB.com Uploaded By: anonymous


www.larsondavis.com
www.larsondavis.com

CHAPTER 3 Sound and Its Measurement 63

FIGURE 3.28 An artificial mastoid assembly for calibration of
the bone-conduction system of an audiometer. The artificial
mastoid has properties similar to the human skull, scalp, and skin.
Here the bone-conduction vibrator of an audiometer is placed on
the artificial mastoid, which is then attached to the audiometer
calibration device.

(Source: AMC493B photo courtesy of Larson-Davis Laboratory, a Division of
PCB Piezotronics, Inc. [www.larsondavis.com])

TABLE 3.6 Reference Equivalent Threshold Force Levels (RETFLs) for Bone Vibrators

Frequency Hz Mastoid (dB re 1uN)
250 67.0
315 64.0
400 61.0
500 58.0
630 52.5
750 48.5
800 47.0

1000 42.5
1250 39.0
1500 36.5
1600 355
2000 31.0
2500 29.5
3000 30.0
3150 31.0
4000 35.5
5000 40.0
6000 40.0
6300 40.0
8000 40.0
Speech 55.0

Forehead (dB re 1uN)

79.0
76.5
74.5
72.0
66.0
61.5
59.0
51.0
49.0
47.5
46.5
42.5
41.5
42.0
42.5
43.5
51.0
51.0
50.0
50.0
63.5

Forehead Minus Mastoid

12.0
12.5
13.5
14.0

3.5
13.0
12.0

8.5
10.0
11.0
11.0
11.5
12.0
12.0
11.5

8.0
11.0
11.0
10.0
10.0

8.5

Source: American National Standards Institute, 2004.

used to power the loudspeaker, its volume control may often be adjusted to produce the proper
level. Many modern diagnostic audiometers contain their own “booster” amplifiers and cannot
be easily adjusted in the field. Reference equivalent sound-pressure levels for sound-field test-

ing are shown in Table 3.7.

Whenever the audiometer differs from the required level at any frequency by more than
2.5 dB, a correction should be added to the hearing-level dial setting during audiometric test-
ing. Corrections are rounded to the nearest multiple of 5 dB. Although this may seem superfi-
cially illogical, if the calibration procedure reveals that the system is putting out too low a level,
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TABLE 3.7 Reference Equivalent Threshold Sound Pressure Levels (RETSPLs) (dBre 20 uPa) for Sound-Field

Testing
Frequency (Hz)  Binaural Listening* in a Free Field Monaural Listening in a Free Field
0 Degree 0 Degree 45 Degree 90 Degree
Incidence Incidence Incidence Incidence

125 22.0 24.0 23.5 23.0
160 18.0 20.0 19.0 18.5
200 14.5 16.5 15.5 15.0
250 11.0 13.0 12.0 11.0
315 8.5 10.5 9.0 8.0
400 6.0 8.0 5.5 4.5
500 4.0 6.0 3.0 1.5
630 2.5 4.5 1.0 -0.5
750 2.0 4.0 0.5 -1.0
800 2.0 4.0 0.5 -1.0
1000 2.0 4.0 0.0 -1.5
1250 1.5 3.5 -0.5 -2.5
1500 0.5 2.5 -1.0 -2.5
1600 0.0 2.0 -1.5 -2.5
2000 -1.5 0.5 -2.5 -1.5
2500 -4.0 -2.0 -5.5 -4.0
3000 -6.0 -4.0 -9.0 -6.5
3150 -6.5 -4.5 -9.5 -6.5
4000 -6.5 -4.5 -8.5 -4.0
5000 -3.0 -1.0 -7.0 -5.0
6000 2.5 4.5 -3.0 -5.0
6300 4.0 6.0 -1.5 -4.0
8000 11.5 13.5 8.0 5.5
9000 13.5 15.5 10.5 8.5
10,000 13.5 15.5 11.0 9.5
11,200 12.0 14.0 10.0 7.0
12,500 11.0 13.0 11.5 5.0

14,000 16.0 18.0

16,000 43.5 44.5
Speech 14.5 16.5 12.5 11.0

*ISO 389-7 Reference Threshold of Hearing Under Free Field and Diffuse Field Conditions.
Source: American National Standards Institute, 2004.

the number of decibels of deviation must be subtracted from the hearing-level dial setting dur-
ing any given test. If the intensity is too high, the correction is added during testing. Whenever
level calibration reveals marked differences from specification, the audiometer should be sent
for recalibration. Audiologists should never assume that their audiometers, even when new, are
in proper calibration unless they have verified this for themselves.
In addition to level checking, on pure-tone audiometers it is important to check for
changes in frequency to be sure that the ANSI frequency limitations have not been exceeded.
This may be done with a frequency counter.
The linearity of the attenuator dial is most easily tested electronically with a voltmeter.
/ Checks should be made through the entire intensity range to be certain that when the hear-
J ing-level dial is moved a given number of decibels, the level actually changes by this precise
amount, plus or minus the stated tolerance per 5 dB step. In addition, the total error in the
CHECK YOUR hearing-level dial linearity cannot exceed a set degree of error, depending on frequency. The
UNDERSTANDING  form shown in Figure 3.26 provides space for checking attenuator linearity.
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Even though the audiometer generates a pure tone, it is likely that distortion in the system
(often the earphone) results in the emission of the second harmonic of the tone; that is, if a
1000 Hz tone is generated, some energy at 2000 Hz is present. ANSI standards state how much
lower the second harmonic must be relative to the fundamental (the test frequency) to meet
tolerance. This can be checked with special equipment, such as frequency counters.

<5t
- % \_)

ACTIVITIES

-~ Summary

Sound may be regarded objectively if we consider its waves in terms of their frequency, inten-
sity, phase, and spectrum. Sounds may also be studied subjectively, in terms of pitch, loudness,
or the interactions of signals producing masking or localization. In discussing sound energy,
it is always important to specify precisely the various aspects and appropriate measurement
references, such as hertz, decibels (IL, SPL, HL, or SL), mels, sones, or phons.

Hearing tests measure responses to pure tones as well as speech and other complex
signals. These tests cannot be performed accurately unless all signals are calibrated in accor-
dance with specifications set by the American National Standards Institute. Accurate testing is
further ensured when test environments are determined not to exceed acceptable noise levels
for audiometry. These noise levels as well as environmental and employment noise levels can
be determined through the use of a sound-level meter.

REVIEW TABLE 3.1 Common Units of Measurement in Acoustics

Unit (Abbreviation in Parentheses) Abbreviation
Measurement CGS SI CGS SI Equivalents
Length Centimeter (cm) Meter (m) cm m 1cm =0.01 m
1m =100 cm
Mass Gram Kilogram g kg 1g=0.001kg
1 kg =1000g
Area Square centimeter Square meter cm? m? 1 cm? = 0.0001 m?
1 m? = 10,000 cm?
Work Erg Joule e ] 1 e=0.0000001]
1] =10,000,000 e
Power Ergs per second Joules per second e/sec J/sec 1 e/sec = 0.0000001 J/sec
1 J/sec = 10,000,000 e/sec
Watts Watts w w 1w=1]/sec
1 w = 10,000,000 e/sec
Force Dyne Newton d N 1d=0.00001 N
1 N =100,000 d
Intensity Watts per centimeter Watts per meter w / cm? w/ m? 1 w/cm? = 10,000 w/m?
squared squared 1 w/m? = 0.0001 w/cm?
Pressure Dynes per centimeter Newtons* per meter d/ cm? N/ m? 1d/cm? = 0.1Pa
squared squared
Pascal Pa 1 Pa =10 d/cm?
1 Pa=1N/m?
Speed (velocity) Centimeters per second Meters per second cm/sec m/sec 1 cm/sec = 0.01 m/sec
1 m/sec = 100 cm/sec
Acceleration Centimeters per second Meters per second cm/ sec? m/ sec? 1 cm/sec? = 0.01 m/sec?

squared squared 1 m/sec? = 100 cm/sec?

*Related to but not strictly on the Sl scale.
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REVIEW TABLE 3.2 Determinants Contributing to Psychological Perceptions of Sound

Perception Prime Determinant
Pitch Frequency
Loudness Intensity

Quality Spectrum

Other Determinants

Intensity
Frequency, duration

REVIEW TABLE 3.3 Psychological Measurements of Sound

Measurement Unit Reference Physical Correlate
Pitch Mel 1,000 mels (1000 Hzat 40 dB SL) Frequency
Loudness Sone 1sone (1000 Hz at 40 dB SL) Intensity
Loudness level Phon 0 phons (corresponding to threshold at 1,000 Hz) Intensity

Quality Spectrum

REVIEW TABLE 3.4 Physical Measurements of Sound

Measurement Unit Reference
Frequency cps/Hz
Intensity level dBIL 1071 watt /cm (CGS)
10~ watt/m’ (SI)
Sound-pressure level dB SPL  0.0002 dyne/cn? (CGS)
20 Pa(SI)
Hearing level dB HL ANSI (2004)
Sensation level dB SL Hearing threshold of subject
Impedance ohm

Formula

Psychological Correlate
Pitch

NdB = 10 log I/Ix Loudness

NdB = 20 log Po/Py Loudness

NdB = 20 log Po/Pg Loudness

NdB = 20 log Po/Pr Loudness

7 =

VR + 2afM — S/2mf )?

> Qo

Frequently Asked Questions

Why is there an increase or decrease in the resulting sound
intensity when two tones of almost identical frequency are
presented?

The interaction of two tones that are out of phase results in
their amplitudes varying, depending on the interactions at
various places on the sound wave. The difference in frequency
between the two tones becomes the number of beats per second.

What is a Fourier analysis?
This is a process by which a complex sound is broken down
into its pure-tone components.

Why does raising a sound one octave not result in a dou-
bling of pitch?

Although pitch and frequency are directly related, this rela-
tionship is not on a one-to-one basis. Pitch measurements
use the mel scale.

When do we use HL to reference a dB level, and when do
we use SPL?

The HL (hearing level) reference is used only for audiometric
purposes and has as its reference the average normal-hearing
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person’s thresholds at each frequency. SPL (sound-pressure
level) is used for most other measurements and has as its
reference 20 micropascals or 0.0002 dyne [ cni’.

How are air-conduction receivers calibrated?

A coupler (sometimes called an artificial ear) is used to con-
nect (or couple) the air-conduction receiver (earphone) to a
sound-level meter. The level of measured sound coming from
the earphone is compared to the audiometric dial reading. Of
course, the audiometric dial is in dB HL and the meter reads
the output in dB SPL, so conversion corrections must be added.

What does ANSI stand for?

ANSI is the abbreviation for the American National
Standards Institute. It sets the standards for a wide variety
of instruments, including audiometers.

How is loudness measured electronically?

Loudness is a purely subjective (psychological) experience,
so it cannot be measured using instruments. Its cognate,
intensity, can be measured using a sound-level meter.
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Why can’t loudness be measured in decibels?

The decibel is a unit of sound pressure or sound power
and is an objective, mathematical unit. Loudness is a
psychological phenomenon and is measured in phons or
sones.

What is a mel?

A mel is a unit of pitch measurement. One thousand mels
are said to be equal to the pitch of a 1,000 Hz tone at
40 dB SL. A sound twice the pitch is called 2,000 mels, and
so forth.

Can individuals taking hearing tests be made more com-
fortable by using those large donut-shaped earphones that
fit around the ears?

You refer to circumaural receivers that cannot be calibrated
to an audiometer using conventional instrumentation. The

Suggested Reading

Frank, T. (2007). Basic instrumentation and calibration. In R. J.
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acceptable audiometric earphones fit over the ear (supra-
aural) or within the ear (insert).

What does the term sensation level mean?

The term is often misunderstood as have something to do
with the way the human ear senses sound. It simply means
the number of decibels above the listener’s hearing threshold.

How does one hear by bone conduction?

A tuning fork, or the bone-conduction oscillator of an audi-
ometer, is pressed against the skull and when it is set into
vibration (as with a pure tone), it causes the skull to vibrate
sympathetically. The acceleration of the skull distorts the
bones that house the cochlea of the inner ear, thereby dis-
turbing the fluids and cells within it. This disturbance gen-
erates patterns that the brain interprets as sound.

Hamill, T. A., & Price, L. L. (2007). The hearing sciences. San

Diego: Plural Publishing.

For James Prescott Joule, British physicist, 1818-1889.

For James Watt, Scottish inventor, 1736-1819.

American of Scottish descent. Renowned educator of
children with hearing loss and inventor of the telephone,
1847-1922.

For Georg Simon Ohm, German mathematician and
physicist, 1787-1854.
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here is evidence that even seasoned clinicians do not carry out some hearing tests

in precise and scientific ways. Often it is the basic tests that do not get the care and

attention they deserve. Part Il of this text covers the tests that are performed as part of a
complete audiological evaluation. Chapter 4 is concerned with pure-tone tests, which are in some ways
quantifications of the results found on the tuning-fork tests described in Chapter 2. Chapter 5 presents
different forms of speech audiometry and describes ways in which tests carried out with speech stimuli
assist in diagnosis and treatment. Determination of the need for and appropriate use of masking are
described in Chapter 6. Tests for determining the sites in the auditory system that produce different
kinds of auditory disorders are described in Chapter 7. These tests include both electrophysiological
and electroacoustical procedures, wherein relatively objective determinations can be made of a lesion
site, and behavioral measures, in which the patient plays an active role. In many cases, step-by-step
procedures are outlined, along with test interpretations. Special diagnostic procedures for testing children
are described in Chapter 8. The importance of using an entire battery of tests in making a diagnosis is
stressed.

Any test must be subjected to scrutiny to determine its specific usefulness in a particular situation.
Questions arise about two factors—reliability and validity. Reliability has to do with how well a test result
is repeatable. Poor reliability can make a test useless, but good reliability does not necessarily make it
valuable unless it is also valid. Questions of validity ask whether a test measures what it is supposed to

measure. Any single test can turn out in one of four ways:

1. True positive: The test indicates a disorder correctly.
2. True negative: The test correctly eliminates an incorrect diagnosis.
3. False positive: The test suggests a diagnosis incorrectly.

4. False negative: The test incorrectly eliminates a correct diagnosis.

Audiological tests can be subjected to a set of mathematical models by clinical decision analysis
(CDA). The CDA asks questions about each test’s sensitivity (how well it correctly diagnoses disorder—
true positive), its specificity (the inverse of sensitivity—how well it rejects an incorrect diagnosis—true
negative), its efficiency (the percentage of false positive and false negative results), and its predictive

value (the percentage of true positive and true negative results).

69
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CHAPTER

Pure-Tone Audiometry

LEARNING OBJECTIVES

It is assumed that the reader has access to an audiometer in good working con-
dition and the opportunity for supervised experience. At the completion of this
chapter, the reader should be able to

B Describe the fundamentals underlying pure-tone audiometry and the compo-
nents of a reliable audiogram.

B Demonstrate how different pure-tone tests are performed.

B Interpret several pure-tone tests.

URE-TONE TESTS OF HEARING, performed with an audiometer,! are elec-

tronic tests developed along the same conceptual line as tuning-fork tests such as the

Schwabach and Rinne. When such tests are carried out, the procedure is called audi-
ometry. The main disadvantage of the tuning-fork tests is that they are difficult to quantify.
That is, although the Schwabach might suggest sensory/neural sensitivity that is poorer than
normal, it does not tell how much poorer; although the Rinne might suggest the presence of a
conductive component, it does not tell how large that component is.

The purpose of testing hearing is to aid in the process of making decisions regarding the
type and extent of a patient’s hearing loss and developing a habilitative/rehabilitative plan to
address the impact of the loss. Because some of these decisions may have profound effects on
the patient’s medical, social, educational, and psychological status, accurate performance and
careful interpretation of hearing tests are mandatory. The reliability of any test is based on
interrelationships among factors such as calibration of equipment, test environment, patient
performance, and examiner sophistication. In the final analysis, it is not hearing that we mea-
sure; rather, we measure responses to a set of acoustic signals that we interpret as representing
hearing. The vocabularies in Chapters 2 and 3 are relied upon extensively within this chapter
as the reader is exposed to new concepts and problems. Some of these problems can be solved;
others can only be compensated for and understood.
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S~

The Pure-Tone Audiometer AQ
Pure-tone audiometers have been in use for over a hundred years as devices for determining
hearing thresholds, which are then compared to established norms at various frequencies. The
original audiometers were electrically driven tuning forks that generated a number of pure
tones of different frequencies. In later designs the tones were generated electrically. With the
advent of the electronic era, audiometers incorporated vacuum tubes, then transistors, and
then the integrated circuits of today. Like other electronic items, audiometers vary consider-
ably in cost. Specifications of the American National Standards Institute (American National
Standards Institute, 2004) are imposed on all audiometers so that price differences should not
reflect differences in quality of manufacture or in performance.

A common type of audiometer, which is sometimes portable, tests hearing sensitivity by
air conduction and bone conduction. A switch allows for easy selection of pure tones. The test-
able frequencies for air conduction with these audiometers usually include 125, 250, 500, 750,
1000, 1500, 2000, 3000, 4000, 6000, and 8000 Hz. The range of intensities begins at —10 dB HL
and goes to 110 dB HL at frequencies between 500 and 6000 Hz, with slightly lower maximum
values at 125, 250, and 8,000 Hz. Some special devices, called extended high-frequency audi-
ometers, test from 8,000 to 20,000 Hz and have specific diagnostic value. A matched pair of
earphones is provided and an output switch directs the tone to either earphone.

Usually only the range from 250 through 4000 Hz may be tested by bone conduction. The
maximum testable hearing level for bone conduction is considerably lower than for air conduc-
tion, not exceeding 50 dB at 250 Hz and 70 or 80 dB at 500 Hz and above. Maximum outputs
for bone conduction are lower than for air conduction for several reasons. The power required
to drive a bone-conduction vibrator is greater than for an air-conduction earphone. When the
bone-conduction vibrator is driven at high intensities, harmonic distortion occurs, especially
in the low frequencies. High-intensity sounds delivered by a bone-conduction oscillator may
result in the patient’s feeling rather than hearing the stimulus. In addition to air- and bone-
conduction capability, a masking control is usually provided that allows for introduction of a
noise to the nontest ear when needed during audiometry. For some audiometers, the masking
noise is not of a specific spectrum and is not well calibrated for practical clinical purposes.
Persons who rely solely on portable air- and bone-conduction audiometers are often unsophis-
ticated about the need for and proper use of masking. Most pure-tone audiometers, however,
contain excellent masking-noise generators and can be used for a variety of pure-tone audio-
metric procedures (see Figure 4.1). The reasons for masking and how to accomplish effective
masking are discussed in Chapter 6.

4 Y\ FIGURE 4.1 Typical face of a pure-tone audiometer. (A) On-off power switch.
(B) Output selector switch. Selects right ear, left ear, or bone conduction.
Masking delivered to nontest earphone for air conduction and to left earphone
for bone conduction. (C) Frequency selector dial. Air conduction selects 125,
@ c 250, 500, 750, 1000, 1500, 2000, 3000, 4000, 6000, or 8000 Hz. Bone conduction
selects 250, 500, 750, 1000, 1500, 2000, 3000, or 4000 Hz. (D) Hearing-level dial.
Air-conduction range: -10 to 110 dB HL (500 to 6000 Hz), -10 to 90 dB HL (250 and
8000 Hz), and -10 to 80 dB HL (125 Hz). Bone-conduction range: —10 to 50 dB HL
@ (250 Hz), -10 to 70 dB HL (500 Hz), and -10 to 80 dB HL (750 to 4000 Hz). (E)
B Tone-presentation bar. Introduces tone with prescribed rise and fall time and
no audible sound from the switch. (F) Masking-level dial. Controls intensity
of masking noise in the nontest ear. Spectrum and intensity range vary with
manufacturer.

> M
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%)) Test Environment

Table 3.4 showed the maximum ambient sound-pressure levels allowable for air-conduction
and bone-conduction testing. Rooms in which such standards can be met are not always uti-
lized. This is true in the case of hearing test sites in industry or in the public schools. Regardless
of the practical limitations imposed by a given situation, the person responsible for audio-
metric results must realize that background noise may affect audiometric results by elevating
auditory thresholds or causing unnecessary screening failures. Ambient room noise may be
attenuated in three major ways: by using specially designed earphone enclosures, by testing
through receivers that insert into the ear, and by using sound-treated chambers.

Earphone Attenuation Devices

Audiometer earphone and cushion combinations do not provide sufficient attenuation of most
background noises to allow determination of threshold down to 0 dB HL for people with nor-
mal hearing. Several devices are available that allow the supra-aural audiometer earphone and
cushion to be mounted within a larger cup, which assists in the attenuation of background
noise (see Figure 4.2). Most use a fluid-filled cushion to achieve a tight seal against the head.
Such enclosures may be effective, but differences exist in the efficiency of different models
(Franks, Engel, & Themann, 1992).

Problems with regard to calibration are encountered in the use of some earphone enclo-
sures. The phones cannot be placed on the usual 6 cm® coupler of an artificial ear. Even if the ear-
phone is checked and found to be in proper calibration before it is placed
into the enclosure, mounting may alter the calibration slightly, especially in
the low frequencies. Because bone-conduction testing is done with the ears
uncovered, the masking effects of room noise may affect these test results
without affecting the air-conduction results, possibly causing a misdiagno-
sis. Children often find these earphone devices heavy and uncomfortable.

FIGURE 4.2 Commercial earphone
enclosure device used to attenuate room
noise during threshold audiometry. (Source:
Audiocups courtesy of Amplivox, Ltd.)

Insert Earphones

Testing hearing with receivers that insert directly into the ear has a
number of advantages audiometrically, including further reduction of
background noise compared to supra-aural earphones and better infec-
tion control because the inserts are disposed of following testing. If the
foam is inserted deep into the ear, just short of causing discomfort, even
more attenuation is obtained. It is desirable to have patients open and
close their mouths three or four times to ensure proper seating of the
cushion. Insert earphones can be used for testing children as well as
adults. Problems with room-noise masking remain unsolved for bone-
conduction testing, even if insert earphones are used for air conduction.

ciinical (OMMENTARY

During all patient contact for hearing testing and subsequent treatment, audiologists should
be conscious of effective infection-control procedures. Harmful organisms can be passed
from person to person through direct patient contact or indirect contact when test instru-
ments are used without proper cleaning. The importance of this area of clinical care cannot
be overemphasized.
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Sound-Isolated Chambers

The term soundproof room is often used erroneously. Totally soundproofing a room—that is,
removing all sound—is impossible. All that is necessary in clinical audiometry is to keep the
noise in the room below the level of masking that would cause a threshold shift in persons with
normal hearing. Sound-isolated rooms may be custom-built or purchased commercially in a
prefabricated form.

The primary objective in sound-treating a room is to isolate it acoustically from the rest of
the building in which it is housed. This usually involves the use of mass (such as cinder blocks),
insulating materials (such as fiberglass), and dead air spaces. The door must be solid and must
close with a tight acoustic seal. Sometimes two doors are used, one opening into the room and
the other opening out. The inside walls are covered with soft materials, such as acoustic tile, to
help minimize reverberation. Some such chambers contain large wedge-shaped pieces of soft
material such as fiberglass on all walls, ceilings, and floors, with a catwalk provided for the sub-
ject. Rooms in which reverberation is markedly diminished are called anechoic chambers. An
example of such a room was shown in Figure 3.17.

Audiometric suites may be designed for either one-room or two-room use. In the one-
room arrangement, examiners, their equipment, and the patient are all together in the same
room, or the patient is within the room and the clinician just outside. In the two-room arrange-
ment, the examiner and audiometer are in the equipment room and the patient is in the examin-
ing room. Windows provide visual communication between the rooms. As a rule, several panes
of glass attenuate the sounds that emanate from the equipment room. Moisture-absorbing mate-
rials must be placed between the panes of glass to keep the windows from fogging. Electrical
connections between the rooms are necessary so that signals can be directed from the audiom-
eter to the earphones. In addition, a talkback device, consisting of a microphone, amplifier, and
speaker and/or earphone, enables the examiner to hear patients when they speak.

In customizing sound-isolated rooms, a great deal of attention is often paid to attenuat-
ing sound from adjoining spaces outside the walls of the room, but insufficient care is given to
building-borne vibrations that may enter the room from the floor or ceiling. It does little good
to have four-foot walls of solid concrete when footsteps can be heard from the floor above.

When sufficient space, money, and architectural know-how are available, custom
sound rooms may be the proper choice. Contemporary audiology centers, however, lean
more toward the commercially prefabricated sound room, which is made of steel panels and
can be installed with wiring included for a two-room operation (see Figure 4.3). The manu-
facturer does not guarantee the noise level within the sound room after installation, but only
the amount of attenuation the room can provide under specific laboratory conditions, a fact
often not fully understood by many purchasers. Therefore, it is necessary to prepare the
room that will enclose the prefabricated booth by making this area as quiet and nonreverber-
ant as possible.

Prefabricated sound booths are available in one- and two-room suites. Windows with
several panes of glass are installed to enable the examiner to observe the patient. The inside
walls of the booth are constructed of perforated steel and filled with sound-absorbing mate-
rials. Some booths are double-walled; that is, there is one booth inside another, larger one.
Prefabricated booths are freestanding, touching none of the walls of the room in which they
stand, and are isolated from the ceiling by air and from the floor by specially constructed
sound rails.

One of the great weaknesses of audiometric rooms, whether custom or commercial, is
their ventilation systems. Rooms that are to be tightly closed must have adequate air circula-
tion, requiring the use of fans and motors. Sometimes the air-intake system is coupled directly
with the heating and air-conditioning ducts of the building. In such cases, care must be taken
to minimize the introduction of noise through the ventilation system.
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FIGURE 4.3 A commercial double-room sound-treated audiometric test chamber
in use.

Lighting for both kinds of rooms should be incandescent, but if the use of fluores-
cent lighting is desired, the starters must be remotely mounted. Starters for fluorescent tubes
often put out an annoying 60 Hz hum that can be heard by the patient or picked up by the
audiometer.

,, ’ The Patient’s Role in Manual Pure-Tone Audiometry

Patients seeking hearing tests vary a great deal in age, intelligence, education, motivation, and
willingness to cooperate. The approach to testing is very different for an adult compared to
a child, or for an interested person compared to one who is frightened, shy, or even hostile.
Procedures also vary depending on the degree of the patient’s spoken language skills and if the
patient and examiner share a common language. Test results are most easily obtained when
a set of instructions can be given orally to a patient, who then complies. As any experienced
audiologist can testify, things do not go equally well with all patients.

In pure-tone audiometry, regardless of how the message is conveyed, patients must
learn to accept their responsibility in the test if results are to be valid. Spoken instructions,
written instructions, gestures, and/or demonstrations may be required. In any case, patients
must become aware that they are to indicate when they hear a tone, even when that tone is
very soft. The level at which tones are perceived as barely audible is the threshold of hear-
ing sensitivity. Auditory thresholds at different frequencies form the basis for pure-tone
audiometry.

Patient Response

After patients understand the instructions and know what they are listening for, they must
be given some way of indicating that they have heard. Some audiologists request that patients
raise one hand when a tone is heard. They then lower the hand when they no longer hear
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the tone. Sometimes patients are asked to raise their right hands when they hear the tone
in the right ear and their left hands when they hear the tone in the left ear. The hand signal
is probably the most popular response system used in pure-tone audiometry. Many audiolo-
gists like this method because they can observe both how the patient responds and the hear-
ing level that produces the response. Often, when the tones are close to threshold, patients
raise their hands more hesitatingly than when they are clearly audible. Problems occur with
this response system when patients either forget to lower their hands or keep them partially
elevated.

As with the hand signal, patients may simply raise one index finger when the tone is
heard and lower it when it is not heard. This system has the same advantages and disadvantages
as the hand-signal system. It is sometimes difficult, however, to see from an adjacent control
room when the patient raises only a finger.

The patient may be given a signal button with instructions to press it when the tone
is heard and release it when the tone goes off. Pressing the button illuminates a light on the
control panel of the audiometer and/or makes a sound. The use of signal buttons limits the
kind of subjective information the audiologist may glean from observing hand or finger sig-
nals because the pushbutton is an all-or-nothing type of response. Reaction time is sometimes
another important drawback to pushbutton signaling because some people may be slow in
pushing and releasing the button. Often, if the button is tapped very lightly, the panel light may
only flicker, and the response may be missed. Pushbuttons are usually not a good idea for chil-
dren or the physically disabled, although they are standard equipment on many audiometers.
For young adults, however, research does suggest a slight decrease in the length of testing and a
patient preference for the use of pushbuttons (DiGiovanni & Repka, 2007).

Some audiologists prefer vocal responses like “now,” “yes,” or “I hear it” whenever the
tone is heard. This procedure is often useful with children, although some patients have com-
plained that their own voices “ring” in the earphones after each utterance, making tones close
to threshold difficult to hear. Play and other motivational techniques are often necessary when
testing children or other difficult-to-test persons. Some of these methods are discussed in
the chapter on pediatric audiology (Chapter 8). As you watch this video of pure-tone Air-
Conduction Testing, you will see the standard threshold search method of decreasing sound
intensity by 10 dB when a response is given until the tone is inaudible and then raising the tone
in 5 dB steps until the next response is obtained.

False Responses

False responses are common during behavioral audiometry, and the alert clinician is always
on guard for them because they can be misleading and can cause serious errors in the inter-
pretation of test results. A common kind of false response occurs when patients fail to indicate
that they have heard a tone. Some patients may have misunderstood or forgotten their roles
in the test. Such false negative responses, which tend to suggest that hearing is worse than
it actually is, are also seen in patients who deliberately feign or exaggerate a hearing loss (see
Chapter 13).

False positive responses, where the patient responds when no tone has been pre-
sented, are often more irritating to the clinician than are false negatives. Most patients
respond with some false positives if long silent periods occur during the test, especially if they
are highly motivated to respond. When false positive responses obscure accurate test results,
the clinician must slow down the test to watch for them, which encourages even more false
positives. Sometimes even reinstructing the patient fails to alleviate this vexing situation. Some
patients who suffer from ringing sounds in their ears complain that this is often confused with
the test tone.
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The Clinician’s Role in Manual Pure-Tone Audiometry

As stated earlier, the first step in manual pure-tone testing is to make patients aware of their
task in the procedure. If verbal instructions are given, they may be something like this:

You are going to hear a series of tones, first in one ear and then in the other. When you hear a tone, no
matter how high or low in pitch, and no matter how loud or soft, please signal that you have heard it. Raise
your hand when you first hear the tone, and keep it up as long as you hear it. Put your hand down quickly
when the tone goes away. Remember to signal every time you hear a tone. Are there any questions?

If a different response system is preferred, it may be substituted. There is an advantage
to asking the patient to signal quickly to both the onset and the offset of the tone. This permits
two responses to each presentation of the tone to be observed. If the patient responds to both
the introduction and the discontinuation of the tone, the acceptance of false responses may be
avoided.

There are some distinct advantages to providing written instructions to patients before
they undergo a hearing evaluation. These instructions can be mailed so that they can be read at
home before patients arrive at the audiology clinic, or they can be provided when the patients
check in with the receptionist, to be read while waiting to be seen by the audiologist. In addi-
tion to augmenting verbal instructions, printed instructions can be retained by the patient
after the appointment to help clarify what the different tests were intended to measure. Printed
instructions should never be used to replace verbal instructions.

Patient’s Position During Testing

It is of paramount importance that the patient is never in a position to observe the clinician
during pure-tone testing. Even small eye, hand, or arm movements by the clinician may cause
patients to signal that they have heard a tone when they have not. In one-room situations,
patients should be seated so that they are at right angles to the audiometer (see Figure 4.4). Some
audiologists prefer to have the patient’s back to the audiometer to eliminate any possibility of
visual cues; however, this is disconcerting to some patients and eliminates observation of the
patient’s facial expression, which is often helpful to the audiologist in interpreting responses.
Even if the audiologist and patient are in different rooms, care must be taken to ensure
that the patient cannot observe the clinician’s movements. Figure 4.5 illustrates one satisfactory
arrangement. Of course, the patient must always be clearly observable by the audiologist.

FIGURE 4.4 Proper positioning during
pure-tone audiometry carried out

with a single sound-treated room for
(A) examiner, (B) audiometer, and

(C) patient.
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FIGURE 4.5 Proper positioning during pure-
tone audiometry conducted in a two-room

suite for (A) examiner, (B) audiometer,

(C) window separating rooms, (D) patient,

and (E) loudspeakers. For sound field testing

the patient would be turned to face the window
placing loudspeakers (E) at 45 degree azimuth to
each ear.

Air-Conduction Audiometry

The purpose of air-conduction audiometry is to specify the amount of a patient’s hearing sen-
sitivity at various frequencies. If there is a loss of hearing, air-conduction test results can spec-
ify the degree of loss but not whether the deficit is produced by abnormality in the conductive
mechanism, the sensory/neural mechanism, or both.

Proper placement of supra-aural earphones is shown in Figure 4.6A. The headband should
be placed directly over the top of the head. All interfering hair should be pushed out of the way and
earrings should be removed, when possible. Eyeglasses should also be removed as they sometimes
lift the cushion of the earphone away from the ear and may become uncomfortable as the ear-
phone cushion presses on the temple bar of the eyeglasses. Some patients are reluctant to remove
their eyeglasses because they feel more relaxed when they can see clearly. This is another advan-
tage to insert receivers, which do not interfere at all with the wearing of eyeglasses during testing.

When insert earphones are not used, earphone cushions are usually the hard rubber,
supra-aural type that fit tightly against the external ear. The phones should be positioned so
that their diaphragms are aimed directly at the opening into the ear canal. The yokes that hold

FIGURE 4.6 Properly placed supra-aural (A) and insert (B) air-conduction earphones.
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the phones may be pulled down so that the headset is in its most extended position. While the
clinician is holding the phones against the ears, the size of the headset can be readjusted for a
tight fit. Because this may pull the ear up and cause discomfort, the phones should be gently
lifted away from the head and then replaced.

Some patients’ outer ears collapse because of the pressure of the earphones. This creates
an artificial conductive hearing loss, usually showing poorer sensitivity in the higher frequen-
cies, which can be misleading in diagnosis. It is advisable to check for ear canal collapse prior to
beginning air-conduction testing. This may be accomplished by pressing the pinna against the
head during ear canal inspection and observing any potential canal-wall collapse. When this
occurs, or when the clinician suspects that it may take place because the ear seems particularly
supple, certain steps can be taken to overcome the difficulty. One easy solution is to place a
small piece of foam rubber (cut in the shape of a behind-the-ear hearing aid) under the pinna
(the protrusion of the ear at the side of the head). It is useful to have a number of these small
pieces on hand, precut in different sizes for use when they are needed.

The use of insert receivers for air-conduction testing is becoming routine in most clin-
ics and provides an immediate solution when collapsing ear canals are a potential problem.
The foam insert must be compressed with the fingers and can be slipped into a small plastic
sleeve to maintain this compression until insertion is made into the external ear canal. After
the insert is in place, the foam quickly expands. The transducer itself is built within a plastic
housing to which the foam tip is attached or is mounted at the end of a 250 mm plastic tube
that may be clipped to a blouse or shirt. As with supra-aural phones, insert receivers are col-
ored red and blue for testing the right and left ears, respectively. Properly placed insert ear-
phones are shown in Figure 4.6B. For a demonstration of the proper placement of supra-aural
audiometer earphones and the preferred insert audiometer earphones, see the video titled
Air-Conduction Receiver Placement.

Procedure for Air-Conduction Audiometry

The selection of which ear to test first is purely arbitrary unless a difference in hearing sensitiv-
ity between the ears is known or suspected, in which case the better ear should be tested first.
Frequency order probably does not affect results, although most audiologists prefer to test at
1,000 Hz initially, test higher frequencies in ascending order, retest 1000 Hz, and then test lower
frequencies in descending order (1000, 2000, 3000, 4000, 6000, 8000, 1000, 500, 250 Hz, etc.).
Some audiologists feel that useful information is gained from the 125 Hz threshold, while others
believe that thresholds at this frequency can most often be predicted from the 250 Hz results.

Many audiologists sample hearing only at octave points, whereas others prefer the detail
resulting from testing the mid-octave frequencies (750, 1500, 3000, and 6000 Hz). In its guide-
lines for manual pure-tone audiometry, the American Speech-Language-Hearing Association
(2005) prudently recommends that mid-octave points be tested when a difference of 20 dB or
more is seen in the thresholds of adjacent octaves between 500 and 2000 Hz. ASHA also rec-
ommends routine testing of the inter-octave frequencies 3000 and 6000 Hz, which frequently
turns up notches in the audiogram that would otherwise be missed. To hear samples of audio-
metric pure-tone stimuli, go to the audiograms illustrations.

Over the years, a number of different procedures have been devised for determining pure-
tone thresholds. Some audiologists have used automatically pulsing tones and some have used
manually pulsed tones. Some have used a descending technique, whereby the tone is presented
above threshold and lowered in intensity until patients signal that they can no longer hear it.
Others have used an ascending approach, increasing the level of the tone from below threshold
until a response is given. Still others have used a bracketing procedure to find threshold.

STUDENTS-HUB.com Uploaded By: anonymous



CHAPTER 4 Pure-Tone Audiometry 79

When the profession of audiology was still quite new, Carhart and Jerger (1959) investi-
gated several pure-tone test procedures and found that there were no real differences in results
obtained with different methods. Nevertheless, they recommended that a particular procedure
be followed, and this procedure appears to have been widely accepted. The procedure recom-
mended here, based on Carhart and Jerger’s suggestion, is to begin testing at 1,000 Hz because
this frequency is easily heard by most people and has been said to have high test-retest reliabil-
ity. In practice, it may be advisable in some cases to begin testing at other frequencies, perhaps
lower ones, in cases of severe hearing loss in which no measurable hearing may be found at
1,000 Hz and above.

Following the American Speech-Language-Hearing Association (2005) guidelines, a pure
tone is presented initially at 30 dB HL. If a response is obtained from the patient, it suggests
that the 30 dB tone is above the patient’s threshold. If no response is seen, the level is raised to
50 dB HL, introduced, and then raised in 10 dB steps until a response is obtained or the limit of
the audiometer is reached for the test frequency.

After a response is obtained, the level is lowered in 10 dB steps. Each time a tone is intro-
duced, it is maintained for one or two seconds. The hearing-level dial is never moved while the
tone is in the “on” position because a scratching sound may occur in the earphone, causing the
patient to respond as if to a tone. All ascending movements of the hearing-level dial from this
point are made in steps of 5 dB. When the tone is lowered below the patient’s response level,
it is then raised in 5 dB steps until it is audible again, then lowered in 10 dB steps and raised in
5 dB steps until the 50 percent threshold response criterion has been met. The threshold is the
lowest level at which the patient can correctly identify at least two out of three tone presenta-
tions. This usually, but not always, implies that a point 5 dB above this level evokes more than
a 50 percent response. Levels accepted as threshold are often in the 75 percent to 100 percent
response range.

Although the majority of audiologists use continuous tones during pure-tone testing,
Burk and Wiley (2004) find that automatically pulsed tones have several advantages. The
results of tests done using both measures are similar in terms of false responses, test reliability,
and test time. However, test subjects reported increased awareness of the pulsed tones. This
study was done on subjects with normal hearing, but it would appear to have some advantages
for those with hearing loss, especially those complaining of interfering ear or head noises. For
these patients, there is also a benefit in using frequency-modulated signals called warble tones.
Franklin, Johnson, Smith-Olinde, and Nicholson (2009) report findings consistent with past
research that there is no significant difference in thresholds obtained with normal hearing lis-
teners regardless of whether the stimulus is a pulsed pure tone or a steady or pulsed warble
tone. Caution should be exercised, however, when using warble tones with patients who exhibit
steeply sloping audiometric curves.

Some audiologists prefer to record their results numerically on a specially prepared score
sheet. The form shown in Figure 4.7A has proven to be very useful, especially in the training
of new clinicians. This form allows recording the audiometric data numerically before plotting
the graph, for a retest of 1000 Hz, and, if necessary, for retest of all frequencies with mask-
ing as discussed in Chapter 6. Determination of the need for masking can be made using this
form and the appropriate effective-masking levels recorded. Accuracy criteria must be satisfied
before the graph is drawn. Some clinics use a form that contains only numerical data and does
not employ a graph at all (see Figure 4.8). These forms contain space for a number of tests
and are useful where serial audiometric data are required. Many audiologists prefer to record
the results directly onto a graph called an audiogram, using symbols to depict the threshold
of each ear as a function of frequency and intensity, with reference to normal thresholds (see
Figure 4.7B).

STUDENTS-HUB.com Uploaded By: anonymous



80 PART Il HEARING ASSESSMENT

FIGURE 4.7 (A) Example of a form used to show pure-tone and speech test results in numerical format. The need to mask and appropriate
opposite-ear effective masking levels are shown. (B) Example of an audiogram. The information listed below is included on the form:
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Type of earphone used for air-conduction tests
Masking type used in the nontest ear, as discussed in Chapter 6
Effective masking levels in the nontest ear, as discussed in Chapter 6
Air-conduction thresholds—a second set of cells is provided for repeated measurements of air-conduction tests, some-
times with opposite-ear masking, as discussed in Chapter 6.
Bone-conduction oscillator placement
Bone-conduction thresholds for either the forehead or the right and left mastoid—a second set of cells is provided for
repeated measurements of bone-conduction tests, sometimes with opposite-ear masking.
Two-frequency pure-tone average (lowest two thresholds at 500, 1000, and 2000 Hz)
Three-frequency pure-tone average (500, 1000, and 2000 Hz)
Variable pure-tone average (average of the three poorest [highest]) thresholds at 500, 1000, 2000, and 4000 Hz
Audiometric Weber results
The audiogram
Indication that hearing levels refer to ANSI values
A square to illustrate that the distance of 1 octave (across) is the same as 20 dB (down) at any place on the audiogram
. Symbols used for plotting the audiogram
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FIGURE 4.8 A form used to collect serial audiometric data. This form allows for recording of ten hearing evaluations so that
comparisons may be made to check for progression or improvement of a hearing loss.

SERIAL AUDIOMETRIC DATA

Patient's Name

| RGHTEAR | | . || | LEFTEAR S PR
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Date Air B Air
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Date | Air - N | AIr
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Date Air P Air
Bone - XX XXXX | Bone
Date Air ) ! Air
Bone 00K XXX | Bone
‘ J. ‘ |
Date | Air N Air
Bone |0 XXXX | Bone
Date | Air | T A
Bone XXX XXXX | Bone
Date Air L Air
Bone XK XXXX | Bone
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Any audiometric worksheet should have some minimal identifying information—the
patient’s name, age, and sex as well as the date of the examination, the equipment used, and the
examiner’s name. Some estimate of the test reliability should also be noted. After the air-conduction
thresholds have been recorded, the average threshold levels for each ear at 500, 1,000, and 2,000
Hz should be recorded. This is called the pure-tone average (PTA), and it is useful for predicting
the threshold for speech as well as for gaining a gross impression of the degree of communication
impact imposed by a hearing loss. Table 4.1 shows the degree of communication impact created by
various degrees of sensitivity loss. Even though this table is based in part on the recommendations
made by Stewart and Downs (1984) for children, it has applications for adults as well. The two-
frequency pure-tone average (lowest two thresholds at 500, 1000, and 2000 Hz) may be recorded
as well and is often a better predictor of hearing for speech than the three-frequency average. A
variable pure-tone average (VPTA) (Clark, 1981) consisting of the poorest of three thresholds
obtained at 500, 1000, 2000, and 4000 Hz may be more effective than the traditional pure-tone
average in estimating the degree of communication impact of a given hearing loss.

Many laypersons are accustomed to expressing the degree of hearing impairment as a
percentage because they are unfamiliar with concepts such as frequency and intensity. Many
physicians also calculate the percentage of hearing impairment, probably because they believe
it is easier for their patients to understand. Although percentage of hearing impairment is an
outmoded concept, its continued use mandates mention here; keep in mind, however, that for
practical application in the counseling of patients, it is considered inappropriate and even mis-
leading in many cases (Clark, 1981, 1982).

One weakness in the concept of percentage of hearing impairment is that it ignores
audiometric configuration and looks only at the average hearing loss. The addition of 3000 Hz
to the formula by the American Academy of Ophthalmology and Otolaryngology (AAOO)
(1979) improves the situation somewhat. The formula, as modified slightly by Sataloft, Sataloft,
and Vassallo (1980), works as follows:

1. Compute the average hearing loss (in decibels) from the threshold responses at 500,
1000, 2000, and 3000 Hz for each ear.

2. Subtract 25 dB—considered to be the lower limit of normal hearing by the AAOO.

3. Multiply the remaining number by 1.5 percent for each ear. This gives the percentage of
hearing impairment for each ear.

4. Multiply the percentage of hearing impairment in the better ear by 5, add this figure to
the percentage of hearing impairment in the poorer ear, and divide this total by 6. This
gives the binaural (both ears) hearing impairment in percentage form.

Obviously, in addition to being somewhat misleading, the computation of percentage
of hearing impairment is time-consuming. It is likely that patients are frequently confused by
what they have been told about their hearing losses. For example, Table 4.1 indicates that a
25 dB pure-tone average constitutes a slight hearing impairment, but such a loss would prove
to be 0 percent by using the AAOO method. This latter figure suggests to patients that their
hearing is normal. Likewise, it can be seen that a 92 dB pure-tone average would be shown as
100 percent impairment, which would suggest total deafness to many laypersons. Patients with
a 92 dB hearing level often prove to have considerable residual hearing.

When an audiogram is used, the graph should conform to specific dimensions. As Figure
4.7B illustrates, frequency (in hertz) is shown on the abscissa and intensity (in dB HL) on the ordi-
nate. The space horizontally for one octave should be the same as the space vertically for 20 dB,
forming a perfect square (20 dB by 1 octave). Unlike most graphs, the audiogram is drawn with 0
at the top rather than the bottom. This often leads to confusion for individuals new to the study
of audiology because lower thresholds (better hearing) are shown by symbols higher on the audio-
gram, and higher thresholds (poorer hearing) are shown by symbols lower on the audiogram.
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TABLE 4.1 Scale of Hearing Impairment Based on the Variable Pure-Tone Average of the Poorest Three Thresholds
at 500, 1,000, 2,000, and 4,000 Hz*

VPTA (dB) Degree of Communication Consider Consider
Impact Hearing Aid Communication

Training

-10to 15 None No No

16 to 25 Slight Possibly, especially for children Possibly

26 to 40 Mild Probably for adults, definitely Probably

for children

41 to 55 Moderate Definitely Definitely

56 to 70 Moderately severe Definitely Definitely

71 to 90 Severe Definitely Definitely

>91 Profound Consider cochlear implant Definitely

*Hearing levels refer to the ANSI-2004 scale.

After a hearing threshold is obtained, a symbol is placed under the test frequency at a
number corresponding to the hearing-level dial setting (in decibels) that represents threshold.
The usual symbols for air conduction are a O representing the right ear and an X representing
the left ear. After all the results are plotted on the audiogram, the symbols are usually con-
nected with a solid red line for the right ear and a solid blue line for the left ear. When masking
is used in the nontest ear, the symbol A (in red) is used for the right ear and the symbol O (in
blue) is used for the left ear.

When no response (NR) is obtained at the highest output for the frequency being tested,
the appropriate symbol is placed at the point on the intersection of the maximum testable level
for the test frequency; an arrow pointing down indicates no response. Because a significant
number of individuals (usually children) have hearing that is more sensitive than the lower
limit of intensities shown on standard audiograms (-10 dB HL), Halpin (2007) recommends
that an arrow pointing up be placed next to symbols when threshold readings of -10 dB HL are
found. This is a logical recommendation.

The American Speech-Language-Hearing Association (1990) has recommended a set of
symbols that has been widely adopted. The currently used symbols are shown in Figure 4.9.

FIGURE 4.9 Symbols for unmasked and masked thresholds (top) and no response (bottom) recommended by
the American Speech-Language-Hearing Association (1990) for use in pure-tone audiometry.

. Ear M f Ear
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Bone Conduction - Forehead Bone Conduction - Forehead
Unmasked N Unmasked N
Masked il B Masked ) L
Air Conduction - Sound Field !F Air Conduction - Sound Field $
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84 PART Il HEARING ASSESSMENT

The obvious reason for using standardized symbols is to improve communication and mini-
mize confusion when audiograms are exchanged among different clinics. Because audiograms
are often faxed or photocopied to other clinics, many clinicians record their data in black ink.
For this reason careful use of the proper symbols is mandated.

Figure 4.10 shows an audiogram that illustrates normal hearing for both ears. Note
that the normal audiometric contour is flat because the normal threshold curve, with a
sound-pressure-level reference, has been compensated for in calibration of the audiometer,
which uses a hearing-level reference.

FIGURE 4.10 (A) Worksheet showing normal hearing in both ears. Note that no hearing level by either
air conduction or bone conduction exceeds 15 dB HL. (B) Audiogram using the tabulated results in 4.10A.
The three-frequency pure-tone averages are 7 dB HL in each ear. Naturally the two-frequency averages are
slightly lower and the variable average is slightly higher.
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CHAPTER 4 Pure-Tone Audiometry 85

Bone-Conduction Audiometry A&

The purpose of measuring hearing by bone conduction is to determine the patient’s sen-
sory/neural sensitivity. The descriptions offered in Chapter 2 were very much oversimplified
because bone conduction is an extremely complex phenomenon. Actually, hearing by bone
conduction arises from the interactions of at least three different phenomena.

When the skull is set into vibration, as by a bone-conduction vibrator or a tuning fork,
the bones of the skull become distorted, resulting in distortion of the structures of hearing
within the cochlea of the inner ear. This distortion activates certain cells and gives rise to elec-
trochemical activity that is identical to the activity created by an air-conduction signal. This is
called distortional bone conduction.

While the skull is moving, the chain of tiny bones in the middle ear, owing to its inertia,
lags behind so that the third bone, the stapes, moves in and out of an oval-shaped window into
the cochlea. Thus, activity is generated within the cochlea as in air-conduction stimulation.
This mode of inner-ear stimulation is appropriately called inertial bone conduction.

Simultaneously, oscillation of the skull causes vibration of the column of air in the outer-
ear canal. Some of these sound waves pass out of the ear, whereas others go further down the
canal, vibrating the tympanic membrane and following the same sound route as air conduc-
tion. This third mode is called osseotympanic bone conduction. Hearing by bone conduction
results from an interaction of these three ways of stimulating the cochlea.

For many years, the prominent bone behind the ear (the mastoid process) has been the place
on the head from which bone-conduction measurements have been made. The mastood process
was probably chosen because (1) bone-conducted tones are loudest from the mastoid in normal-
hearing persons and (2) each mastoid process is close to the ear being tested. Probably the bone-
conducted tone is loudest from behind the ear because the chain of middle ear bones is driven on
a direct axis, taking maximum advantage of its hinged action. The notion that placing a vibrator
behind the right ear results in stimulation of only the right cochlea is false because vibration of the
skull from any location results in approximately equal stimulation of both cochleas (see Figure 4.11).

FIGURE 4.11 Vibrations of the skull result in bone-conducted stimulation of both inner ears, whether the
vibrator is placed on (A) the mastoid or (B) the forehead.
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Years ago, Studebaker (1962) demonstrated that the forehead is in many ways superior to
the mastoid process for measurement of clinical bone-conduction thresholds. Variations pro-
duced by vibrator-to-skull pressure, artifacts created by abnormalities of the sound-conducting
mechanism of the middle ear, test-retest differences, and so on, are all of smaller consequence
when testing from the forehead than from the mastoid. The greater amount of acoustic energy
generated in the outer ear canal when the mastoid is the test site, as compared to the forehead,
is further evidence of the advantage of forehead testing (Fagleson & Martin, 1994).

In addition to the theoretical advantages of forehead bone-conduction testing, there are
numbers of practical conveniences. The headband used to hold the bone-conduction vibrator
is much easier to affix to the head than the mastoid headband. Also, eyeglasses need not be
removed when the vibrator is placed on the forehead, which is the case for mastoid placement.

The main disadvantage of testing from the forehead is that about 10 dB greater inten-
sity is required to stimulate normal thresholds, resulting in a decrease of the maximum level
at which testing can be carried out. Although bone-conduction testing should sometimes be
done from both the forehead and the mastoid, the forehead is recommended here for rou-
tine audiometry. Despite negative reports on mastoid test accuracy and other problems that go
back many years (e.g., Barany, 1938), a national survey (Martin, Champlin, & Chambers, 1998)
shows that the mastoid process continues to be the preferred bone-conduction vibrator site
among audiologists. Clinical observations suggest that this has not changed in spite of evidence
supporting forehead placement.

When the mastoid is the place of measurement, a steel headband that crosses over the
top of the head is used (see Figure 4.12A). If testing is to be done from the forehead, the bone-
conduction vibrator should be affixed to the centerline of the skull, just above the eyebrow
line. A plastic strap encircles the head, holding the vibrator in place (see Figure 4.12B). All
interfering hair must be pushed out of the way, and the concave side of the vibrator should be
placed against the skull. When you watch the video on Bone Conduction Receiver Placement,
you will see demonstration of both forehead and mastoid placements as well as placement of
air-conduction receivers when masking is used. Note that the preferred insert air-conduction
receiver can be used for masking with either bone-conduction receiver placement site.

FIGURE 4.12 Bone-conduction vibrator placement on (A) the mastoid process and (B) the forehead.
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Both ears must be uncovered during routine bone-conduction audiometry. When normal
ears and those with sensory/neural impairments are covered by earphones or occluded by other
devices, there is an increase in the intensity of sound delivered by a bone-conduction vibrator to the
cochlea. This intensity occurs partly because of changes in osseotympanic bone conduction. This
phenomenon, called the occlusion effect (OE), occurs at frequencies of 1000 Hz and below. The
occlusion effect is rare in patients with conductive hearing losses (e.g., problems in the middle ear)
because the increase in sound pressure created by the occlusion is attenuated by the hearing loss.
The occlusion effect (see Table 4.2) explains the results on the Bing tuning-fork test described in
Chapter 2. Research findings confirm previous notions that the occlusion effect is the result of the
increase in sound-pressure level in the external ear canal when the outer ear is covered (Fagelson &
Martin, 1994; Martin & Fagelson, 1995). Dean and Martin (2000) compared supra-aural earphones
to insert earphones with slight and deep insertion and found the occlusion effect to be markedly
decreased when the insert phone was deeply inserted, nearly eliminating it at 1000 Hz. This has
profound effects when masking for bone conduction, as will be discussed in Chapter 6.

Procedure for Bone-Conduction Audiometry

The decision about which ear to test first in mastoid bone-conduction audiometry is unim-
portant. As is illustrated in Figure 4.11, clinicians really cannot be certain which cochlea they
are testing. The procedure for actual testing is identical to that for air conduction, although
the range of frequencies to be tested and the maximum intensities emitted are more limited for
bone conduction than for air conduction.

Bone-conduction thresholds may be recorded in identical fashion to those for air con-
duction, using the appropriate spaces on the audiometric worksheet. All audiograms should
contain a key that tells the reader the symbols used and what they represent. The symbol for
forehead (or ear unspecified) bone conduction is a black V when no masking is used. When the
nontest ear is masked for forehead bone-conduction testing, a red - is used as a symbol for the
right ear and a blue - for the left ear. If the mastoid is the test site, a red arrowhead pointing to
the reader’s left (<) is used for the right ear and a blue arrowhead pointing to the reader’s right
(>) is used for the left ear. If the printed page is viewed as the patient’s face looking at the reader,
the symbols for right and left are logical. When masking is used in the nontest ear, the symbols
are changed to square brackets, [ in red for the right ear and ] in blue for the left ear. Some
audiologists prefer to connect the bone-conduction symbols on the audiogram with a dashed
red line for the right ear and a dashed blue line for the left ear. Others prefer not to connect the
symbols at all. The latter is the preference in this text. At times, a patient may give no response
at the maximum bone-conduction limits of the audiometer. When this occurs, the appropriate
symbol should be placed under the test frequency where that line intersects the maximum test-
able level. An arrow pointing down indicates no response at that level. Figure 4.10 shows the
recording of results and plotting of an audiogram for a hypothetical normal-hearing individual.

TABLE 4.2 Occlusion Effect for Bone Conduction Produced When a Supra-Aural Earphone-Cushion Is Placed over the Ear During
Bone-Conduction Tests*

Frequency (Hz) 250 500 1000 2000 4000
Occlusion Effect (dB)

Elpern & Naunton (1963) 30 20 10 0 0
Hodgson & Tillman (1966) 22 19 7 0 0
Martin et al (1974) 20 15 5 0 0

*The amounts shown indicate central tendencies and the range of occlusion effects may be considerable.
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’j, The Audiometric Weber Test

The Weber test, described in Chapter 2, can be performed by using the bone-conduction
vibrator of an audiometer. The vibrator is placed on the midline of the skull, just as for fore-
head bone-conduction testing, and the level of the tone is raised until it is above the patient’s
hearing threshold. Tones of different frequencies are then presented, and patients are asked to
state whether they hear them in the left ear, in the right ear, or in the midline. Midline sensa-
tions are sometimes described as being heard in both ears or as unlateralized.

It is expected that, during the Weber test, tones will be referred to the poorer-hearing ear
in a conductive loss, to the better ear in a sensory/neural loss, and to the midline in symmetri-
cal losses or normal hearing. It has been suggested that the audiometric Weber test be used to
determine which ear to mask during bone-conduction testing. This notion is not encouraged
here because there are several reasons why the Weber may be misleading. Weber results help
in the confirmation or denial of results obtained from standard pure-tone audiometry, and the
probable results on this test are illustrated in all of the audiograms in this text.

'j, Audiogram Interpretation
Whether the audiometric results have been recorded as numbers or plotted on a graph, they
are interpreted in the same way. Results must be looked at for each frequency in terms of
(1) the amount of hearing loss by air conduction (the hearing level), (2) the amount of hearing
loss by bone conduction, and (3) the relationship between air-conduction and bone-conduction
thresholds.

A wide variety of pure-tone configurations may be seen among patients and within vari-
ous pathologies. While some configurations may be suggestive of a given pathology, it is not
always possible to identify pathology by audiometric configuration alone. Some distinct gender
effects have been noted in audiometric configuration with a wider variation in configuration
and a greater preponderance of more steeply sloping audiograms reported for men (Ciletti &
Flamme, 2009).

The audiometric results depicted in Figure 4.13A and B illustrate a conductive hear-
ing loss in both ears. There is approximately equal loss of sensitivity at each frequency by air
conduction. Measurements obtained by bone conduction show normal hearing at all frequen-
cies. Therefore, the air-conduction results show the loss of sensitivity (about 35 dB); the bone-
conduction results show the amount of sensory/neural impairment (none); and the difference
between the air- and bone-conduction thresholds, which is called the air-bone gap (ABG),
shows the amount of conductive involvement (35 dB).

Figure 4.14 shows an audiogram similar to that in Figure 4.13; however, Figure 4.14
illustrates a bilateral sensory/neural hearing loss. Again, the air-conduction results show
the total amount of loss (35 dB), the bone-conduction results show the amount of sensory/
neural impairment (35 dB), and the air-bone gap (0 dB) shows no conductive involvement
atall.

The results shown in Figure 4.15A and B suggest a typical mixed hearing loss in both
ears. In this case, the total loss of sensitivity is much greater than in the previous two illustra-
tions, as shown by the air-conduction thresholds (60 dB). Bone-conduction results show that
there is some sensory/neural involvement (35 dB). The air-bone gap shows a 25 dB conductive
component.

Sometimes high-frequency tones radiate from the bone-conduction vibrator when near-
maximum hearing levels are presented by bone conduction. If the patient hears these signals
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CHAPTER 4 Pure-Tone Audiometry 89

FIGURE 4.13 (A) Worksheet illustrating a bilateral conductive hearing loss. Bone-conduction thresholds were obtained from the
forehead, first without masking and then with masking, and the appropriate masking is recorded on the form. The determination of
need for and correct amounts of masking are covered in detail in Chapter 6. (B) Audiogram using the tabulated results in Figure 14.3A
illustrating a conductive hearing loss in both ears. The three-frequency pure-tone averages are 35 dB HL in each ear. There are air-
bone gaps of about 35 dB (conductive component) in both ears. An asterisk is used to denote that nontest-ear masking was used.
Bone-conduction results obtained from the forehead with the left ear masked are assumed to come from the right cochlea, and bone-
conduction results obtained from the forehead with the right ear masked are assumed to come from the left cochlea. No lateralization

is seen on the Weber test at any frequency.
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by air conduction, the false impression of an air-bone gap may be made. Because this occurs
only at 3000 and 4000 Hz, it is unlikely that a misdiagnosis of conductive hearing loss would be
made. This small inaccuracy can be ameliorated by testing bone conduction from the forehead.
Harkrider and Martin (1998) found less acoustic radiation in the high frequencies from the
forehead than from the ipsilateral mastoid.
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FIGURE 4.14 (A) Worksheet illustrating a relatively symetrical sensory/neural hearing loss in both ears. (B) Audiogram using the
tabulated results in Figure 14.4A illustrating sensory/neural hearing loss in both ears. The air-conduction thresholds average 35 dB
HL, and the bone-conduction thresholds (obtained from the forehead) are about the same (33 dB HL). Tones are heard in the midline
at all frequencies on the Weber test.
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Interpretation of the air-bone relationships can be stated as a formula that reads as fol-
lows: The air-conduction (AC) threshold is equal to the bone-conduction (BC) threshold plus
the air-bone gap (ABG), which is determined at each audiometric frequency. With this for-
mula, the four audiometric examples just cited would read

Formula: AC=BC+ ABG

Figure 4.10: 5=5+0 (normal)

Figure 4.13: 35 =0+ 35 (conductive loss)
Figure 4.14: 35=135+0 (sensory/neural loss)
Figure 4.15: 60 =35+ 25 (mixed loss)
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FIGURE 4.15 (A) A form showing a mixed hearing loss. Masking (explained in Chapter 6) was required for all frequencies for bone
conduction. (B) Audiogram using the tabulated results in Figure 14.15A that illustrates a mixed hearing loss in both ears. The air-
conduction thresholds average about 60 dB HL (total hearing loss), whereas the bone-conduction thresholds average 35 dB HL (sensory/
neural component). There is an air-bone gap of about 25 dB (conductive component). Tones on the Weber test do not lateralize.
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Air-Bone Relationships

Figure 2.2 suggested that (1) hearing by bone conduction is the same as by air conduction
in individuals with normal hearing and in patients with sensory/neural impairment (no air-
bone gap) and (2) hearing by air conduction is poorer than by bone conduction in patients
with conductive or mixed hearing losses (some degree of air-bone gap), but (3) hearing by
bone conduction that is poorer than by air conduction should not occur because both routes
ultimately measure the integrity of the sensory/neural structures. It has been shown that,
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although assumptions 1 and 2 are correct, 3 may be false. There are several reasons why bone-
conduction thresholds may be slightly poorer than air-conduction thresholds, even when
properly calibrated audiometers are used. Some of these reasons arise from changes in the
inertial and osseotympanic bone-conduction modes produced by abnormal conditions of the
outer or middle ears. Many decades ago, Studebaker (1967) demonstrated that slight variations
between air-conduction and bone-conduction thresholds are bound to occur based purely on
normal statistical variability. Slight differences between air- and bone-conduction thresh-
olds are to be anticipated (Barry, 1994) and are built into the American National Standards
Institute (1992) standard for bone conduction. Because no diagnostic significance can be
attached to air-conduction results being better than those obtained by bone conduction, the
insecure clinician may be tempted to alter the bone-conduction results to conform to the usual
expectations. Such temptations should be resisted because (in addition to any ethical consider-
ations) they simply propagate the myth that air-conduction thresholds can never be lower than
bone-conduction thresholds.

Tactile Responses to Pure-Tone Stimuli

At times, when severe losses of hearing occur, it is not possible to be certain about whether
responses obtained at the highest limits of the audiometer are auditory or tactile. Nober (1970)
has shown that some patients feel the vibrations of the bone-conduction vibrator and respond
when intense tones are presented, causing the examiner to believe the patient has heard them.
In such cases, a severe sensory/neural hearing loss may appear on the audiogram to be a mixed
hearing loss, possibly resulting in unjustified surgery in an attempt to alleviate the conductive
component. Martin and Wittich (1966) found that some children with severe hearing impair-
ments often could not differentiate tactile from auditory sensations. Nober found that it is
possible for patients to respond to tactile stimuli to both air- and bone-conducted tones, pri-
marily in the low frequencies, when the levels are near the maximum outputs of the audiom-
eter. When audiograms show severe mixed hearing losses, the validity of the test should be
questioned.

Dean and Martin (1997) describe a procedure for ascertaining whether a severe mixed
hearing loss has a true conductive component or if the ABG is caused by tactile stimula-
tion. It is based on the fact that bone-conduction auditory thresholds are higher on the fore-
head than the mastoid, but tactile thresholds are lower on the forehead than the mastoid, at
least for the low frequencies. The procedure works as follows (assuming that original bone-
conduction results were obtained from the forehead): Move the vibrator to the mastoid and
retest at 500 Hz. If the threshold gets lower (better), the original response was auditory. If the
threshold gets higher, the original response was tactile.

If the mastoid was the original test position and a tactile response is suspected, move the
vibrator to the forehead and retest at 500 Hz. If the threshold appears to get lower, the original
response was tactile. If the threshold gets higher, the original response was auditory.

Cross Hearing

When there are differences in hearing sensitivity between the two ears, there may be a risk
that sounds that are presented to one ear (the test ear) may actually be heard in the opposite
(nontest) ear. It is important for clinicians to be alert to these possibilities and to deal with
them effectively. These matters are addressed in detail in the chapter on masking (Chapter 6).

STUDENTS-HUB.com Uploaded By: anonymous



CHAPTER 4 Pure-Tone Audiometry 93

Automatic Audiometry i!'

Some audiometers allow patients to track their own auditory thresholds while they are auto-
matically recorded in the form of a graph on a special form. Automatic audiometers can test
discrete frequencies or may use a variable oscillator with a range from 100 to 10,000 Hz. The
tones may be either automatically pulsed (200 msec on/200 msec off), or presented con-
tinuously. The tone gradually increases in intensity and begins at an inaudible level. When
patients hear the tone, they press a hand switch, which reverses the attenuator, causing the
signal to get weaker. When the tone becomes inaudible, the hand switch is released and
the tone is allowed to increase in intensity again. Frequency can be either set or can con-
tinue to increase whether the intensity is increasing or decreasing. This procedure is called
Békésy audiometry.” Upon completion of the test, an audiogram has been drawn that rep-
resents the patients’ thresholds for discrete frequencies or over a continuous frequency range
(Békésy, 1947).

Although popular for a time as a test for auditory site of lesion, the clinical use of auto-
matic audiometry has faded from prominence. While there is value in testing between the nor-
mal discrete audiometric frequencies, the limited use of automatic audiometry is largely found
in industrial settings.

Computerized Audiometry

Computers may be programmed to control all aspects of administering pure-tone air- and
bone-conduction stimuli, recognize the need for masking, determine the appropriate level
of masking, regulate the presentation of the masker to the nontest ear, analyze the subject’s
responses in terms of threshold-determination criteria, and present the obtained threshold
values in an audiogram format at the conclusion of the test. Computerized audiometry is
performed on a device that is microprocessor-controlled, and the audiometric data may be
“dumped” into a computer file for later retrieval.
Possibly due to economic considerations, several companies have been formed that spe-
cialize in hearing testing performed by nonaudiologists, sometimes called para-audiologists
or oto-techs. These individuals, many of whom have no academic training in hearing and its
disorders, are trained to use automated devices that are programmed to complete pure-tone
audiometry, and speech audiometry (Chapter 5), as well as immittance measures (Chapter 7),
in a matter of 20 minutes. The claims by these firms are that the results are reliable, but this has  /
not been empirically verified. Certainly automated audiometry cannot be used reliably with <¢
noncooperative patients (Chapter 13) or with young children or the very elderly, who may 2=
need more personalized modifications in test procedure and speed to accommodate the test check vour
situation. UNDERSTANDING
Presumably, in these computerized hearing settings physicians carry out the counseling
and follow-up. This leaves the patients without the special training of clinical audiologists in
the areas of counseling, therapy, and amplification systems. Despite its sophistication, the com-
puter has not replaced, nor is it likely to replace, the clinical audiologist in the performance of
auditory tests, except for its possible use with test-cooperative patients. The fact that computers
can make step-by-step decisions in testing helps to prove that many hearing tests can be carried
out logically and scientifically. ACTIVITIES

&
s \‘
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) Il
EVOLVING CASE STUDIES
‘ o v

You were introduced to six theoretical case studies in Chapter 2. The next step is to pre-
dict, based on your reading of Chapter 4, what the pure-tone audiometric results would
be for each of these cases. Review the case study descriptions at the end of Chapter 2
before reading the discussion below. Then sketch an audiogram for each case and com-
pare your results to the given information, bearing in mind that there will naturally be
some differences.

Case Study 1: Conductive Hearing Loss—Outer Ear Disorder

Because this child has no external auditory canals, insert receivers could not be used.
Supra-aural earphones were placed on this child’s head with the receivers positioned
where his ears would normally be. He took a reliable hearing test and results showed
large air-bone gaps in both ears, with air-conduction thresholds about 50 to 60 dB HL,
similar to Figure 9.10. Bone-conduction thresholds were normal with the bone oscil-
lator applied to the forehead. Masking cannot be successfully accomplished given that
the masking signal via supra-aural headphones, to be audible, would be of sufficient
intensity to create a confounding dilemma known as cross-masking (see Chapter 6). It is
possible that further electrophysiologic testing can shed light on this.

Case Study 2: Conductive Hearing Loss—Middle Ear Disorder

Audiometric findings for this patient should be similar to what is observed in Figure 4.13.
Note that there is a moderate hearing loss by air conduction for both ears but that the
bone-conduction thresholds are normal, indicating normal sensory/neural sensitivity.
The resultant air-bone gaps show the degree of conductive involvement. A great deal of
masking was required in this case (see Chapter 6). These results do not indicate the cause
of the hearing loss, but the tests described in later chapters will assist in this regard. The
history of ear infections suggests the infections may be the cause of the hearing loss but
may be misleading.

Case Study 3: Sensory/Neural Hearing Loss—Inner Ear Disorder

Compare the audiogram you have drawn to Figure 4.14. Results should be similar but
surely will not be identical. You should have shown a moderate loss, in this case approx-
imately 45 dB HL based, on the variable pure-tone average, but the air-conduction and
bone-conduction thresholds should be about the same. The lack of an air-bone gap indi-
cates that the loss is entirely sensory/neural and probably cochlear. The case history
points to aging as the cause, but further tests, as described in later chapters, can help to
determine the site of the pathology.

Case Study 4: Sensory/Neural Hearing Loss—Auditory Nerve Disorder

Audiometric findings are consistent with the patient’s report of a unilateral (left) hear-
ing loss (see Figure 12.2). Masking (to be explained in Chapter 6) was required for sev-
eral tests. It appears that the hearing loss in the left ear is sensory/neural because there
are no air-bone gaps in that ear. Speech audiometry (discussed in Chapter 5) will be an
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essential part of the diagnosis for this patient. The history and nature of the audiogram
suggest a possible lesion on the auditory nerve, but more testing is required before this
diagnosis is confirmed. This is potentially a serious medical matter.

Case Study 5: Nonorganic Hearing Loss

What you have drawn should closely resemble Figure 13.2A. The patient is reporting
normal hearing in his right ear and gives no response by either air conduction or bone
conduction at the highest intensities in his left ear. This is actually impossible because at
some intensity (possibly as low as 40 dB HL for supra-aural earphones and 70 dB HL for
insert earphones) the sound would have lateralized (crossed the skull) and been heard
in the right ear. This total lack of response is a clear indication that the hearing loss in
the left ear cannot be of the degree claimed, but based on the present information, it
cannot be learned just how much loss exists in the left ear, if any. Chapter 5 will allow
for more insights about this case, and Chapter 13 will describe tests that are specific to
nonorganic hearing loss.

Case Study 6: Pediatric Patient

The test procedures described in Chapter 4 are designed for adults and older children,
or young children who are particularly cooperative. Some youngsters can take adult-
level tests that have been modified by an audiologist who provides significant social
reward for accurate responses. Using a variety of pediatric techniques (to be described in
Chapter 8), an audiogram has been obtained, as will be discussed later.

“eee Summary

For pure-tone hearing tests to be performed satisfactorily, control is needed over factors such as
background noise levels, equipment calibration, patient comprehension, and clinician exper-
tise. The audiologist must be able to judge when responses are accurate and to predict when
a sound may have actually been heard in the ear not being tested. When this cross hearing
occurs, proper masking procedures must be instituted to overcome this problem, as discussed
in Chapter 6. Although at times the performance of pure-tone hearing tests is carried out as an
art, it should, in most cases, be approached in a scientific manner using rigid controls.

REVIEW TABLE 4.1 Summary of Pure-Tone Hearing Tests*

Test Air Conduction (AC) Bone Conduction (BC)

Purpose Hearing sensitivity for pure tones Sensory/neural sensitivity for pure tones

Interpretation AC audiogram shows amount of hearing ~ BC audiogram shows degree of sensory/
loss at each frequency neural loss at each frequency

Air-bone gap shows amount of
conductive impairment at each frequency

*Minimal interaural attenuation is considered to be 40 dB for supra-aural earphones and 70 dB for insert earphones.
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REVIEW TABLE 4.2 Possible Findings for Air Conduction (AC) and Bone Conduction (BC)

Finding Possibilities

Normal AC Normal hearing

Normal BC Normal hearing
Sensory/neural loss

Impaired AC Conductive loss
Sensory/neural loss
Mixed loss

Impaired BC Sensory/neural loss
Mixed loss

Eliminate

Conductive loss
Sensory/neural loss
Mixed loss
Conductive loss
Mixed loss

Normal hearing

Normal hearing
Conductive loss

Frequently Asked Questions

Q What term is used when a patient fails to respond to a Q
stimulus that has been heard?

A When a patient fails to respond to a stimulus, we use the A
term negative response. If the signal has actually not been
heard, this is a true negative. If the patient hears the sig-
nal but does not respond, this is a false negative and can be
caused by a variety of factors. Q

Q Under what circumstances will an audiologist see a mixed
hearing loss? A
A A mixed hearing loss is a combination of a conductive and
sensory/neural loss. This occurs regardless of the causes of
the different disorders.

Why does it matter which way a patient faces during a test?
The most important thing is for the patient not to be able to
watch the clinician during the test because this can result in
false positive responses. The patient seated at right angles to
the clinician is probably the best arrangement.

> R
> o

Q How do you tell from the audiogram to which ear the tone
lateralizes in the Weber test?

A The Weber principle states that a bone-conducted tone orig- Q
inating from an oscillator placed in the midline of the head
(the forehead is usually used) will refer to the better ear in a
unilateral sensory/neural hearing loss and to the poorer ear
in a unilateral conductive loss. If audiometric thresholds are
about the same in both ears, the tone is usually heard in the
middle of the head or in both ears. Several factors can alter A
these results.

When is 1500 Hz tested?

ASHA'’s older guideline recommended that clinicians test
any mid-octave point when there is a difference in threshold
at adjacent octaves of 20 dB or more. This is still the rec-
ommendation for 750 Hz and 1500 Hz. The newer guide-
lines recommend routine testing of the mid-octave points at
3000 Hz and 6000 Hz.

> o
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Why does a profound bilateral sensory/neural hearing loss
sometimes look like a mixed hearing loss?

This happens because patients respond to bone-conducted
tones when they feel them rather than when they hear them.
This usually occurs near the bone-conduction limits of the
audiometer below 1000 Hz.

How do you know if the earphones or audiometer are cali-
brated correctly?

The only way to know is to test the audiometer using elec-
troacoustic instruments. Audiologists should be trained to
do this to be certain that their equipment is functioning cor-
rectly. Usually technicians correct the errors if they are pres-
ent, but some audiologists do this themselves.

What does the air-bone gap tell us?

The air-conduction threshold shows the total amount of
hearing loss, the bone-conduction threshold shows the
sensory/neural component of a hearing loss, and the air-
bone gap (the difference between the AC and BC thresholds)
shows the conductive portion of a hearing loss.

According to the Rinne tuning fork test, air conduction
is better than bone conduction in normal-hearing indi-
viduals. On an audiogram, however, patients with normal
hearing hear bone-conducted tones at the same intensities
as those for air conduction. Which is better, air conduc-
tion or bone conduction?

In the real world, hearing by air conduction for those with
normal hearing is more efficient than for bone conduction.
That is why people with normal hearing and those with
sensory/neural hearing losses hear a tuning fork louder at
the ear than behind the ear. Audiometers electronically
increase the intensity of bone-conducted signals over that
required for air conduction because it takes more energy to
drive a plastic bone-conduction oscillator, which then must
drive the skull, than it does to drive the thin diaphragm of
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an air-conduction receiver, which must move the very thin
eardrum membrane.

How much does each of the three types of bone conduc-
tion (distortional, inertial, and osseotympanic) factor into
the total measurement of the auditory threshold for bone
conduction?

A Distortional bone conduction, the actual distortion of the

cochlear shell, is the primary means by which we hear by
bone conduction. The other modes augment distortional
bone conduction and vary depending on the integrity of the
conductive system.

Q When explaining to a patient his or her degree of hear-

ing loss, should an audiologist refer to pure-tone aver-
ages (PTAs)? If so, how does one determine which type

Suggested Reading

Bankaitis, A. U., & Kemp, R. J. (2003). Infection control in the

audiology clinic. Boulder, CO: Auban.

Endnotes

1. The term audiometer was first coined by an English phy-

sician, Benjamin Richardson, in 1879. It was not until
1919 that the first clinically useful audiometer, the pitch
range audiometer, was developed by Lee Dean and Cordia
Bunch.
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of PTA (two-frequency, three-frequency, variable) should
be used?

Counseling may well be the most important thing the audi-
ologist does. Experience dictates how much detail of test
findings should be related to the patient or caregiver. In
any event, any question asked should be answered in what
is determined to be the correct amount of detail. If you are
reporting pure-tone averages, you may want to use the two-
frequency PTA for steeply sloping audiometric configura-
tions. If you are trying to demonstrate agreement between
the PTA and SRT, you may want to use the three-frequency
PTA for flatter configurations. You may want to use the
variable PTA for high-frequency hearing loss if you want
the reported PTA to reflect the impact of the hearing loss on
speech communication.

Schlauck, R. S., & Nelson, P. (2009). Puretone evaluation. In

J. Katz, L. Medwetsky, R. Burkhard, & L. Hood (Eds.),
Handbook of clinical audiology (pp. 30-49). Baltimore:
Lippincott Williams & Wilkins.

. This test was suggested by Dr. Georg von Békésy, the

Hungarian-born physicist (1899-1976) who won the
Nobel Prize in 1961 for his contributions to the under-
standing of the human cochlea.
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CHAPTER

Speech Audiometry

LEARNING OBJECTIVES

Chapter 4 introduced the concept of pure-tone audiometry and described its admin-
istration and interpretation. This chapter acquaints the reader with speech audiom-
etry and some of its ramifications. The new vocabulary in this chapter, which is
included in the glossary, is indispensable for understanding the concepts that follow
in this text. At the completion of this chapter, the reader should be able to

B Understand the measures obtained with speech audiometry such as threshold
for speech, most comfortable and uncomfortable loudness levels, and word-
recognition ability.

B Interpret speech audiometric results; relate them to pure-tone threshold tests;
and, after some supervised practice with an audiometer, actually perform the
tests described in this chapter.

B Understand the implications of speech audiometric tests to speech-language
therapy planning and goal setting.

HE HEARING IMPAIRMENT INFERRED from a pure-tone audiogram cannot

depict, beyond the grossest generalizations, the degree of disability in speech commu-

nication caused by a hearing loss. Because difficulties in hearing and understanding
speech evoke the greatest complaints from patients with hearing impairments, it is logical that
tests of hearing function should be performed with speech stimuli. Modern diagnostic audi-
ometers include circuitry for measuring various aspects of receptive speech communication
(Figures 3.23 and 3.24, pages 57 and 58). Using speech audiometry, audiologists set out to
answer questions regarding patients’ degree of hearing loss for speech; the levels required for
their most comfortable and uncomfortable loudness levels; their range of comfortable loud-
ness; and, perhaps most important, their ability to recognize and discriminate the sounds of
speech. Speech-language pathologists use reported findings of speech audiometric results in
both therapy planning and client and family counseling.
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The Diagnostic Audiometer ‘!‘

In the early days of speech audiometry, separate speech audiometers were used to perform
the measurements to be described in this chapter. Modern devices have these circuits incor-
porated, along with circuitry for pure tones, into a single unit. Diagnostic audiometers are
either accompanied by or have auxiliary inputs for testing with microphones, compact disks,
or other audio files. A volume units (VU) meter is used to monitor the intensity of the input
source visually.

Diagnostic audiometers contain a circuit for masking the nontest ear or for mixing a noise
with a speech signal in the same ear. Tests can usually be carried out in either ear (monaural) or
in both ears simultaneously (binaural), or speech can be channeled to one or more loudspeak-
ers for testing in the sound field. Hearing level controls that usually have a range of 120 dB
(from —10 to 110 dB HL, according to ANSI-2004 values) are provided. A talkback system is
available for communication between separate rooms that hold the clinician and the patient.

Test Environment &

Most speech audiometry is carried out with the patient isolated from the examiner in either
one- or two-room sound-treated suites (see Figure 4.3 on page 74 for an example). This is man-
datory when monitored live-voice (MLV) testing is used because, if examiners and patients
are in the same room, there is no way to ensure that the patients are responding to sounds
channeled to them through the audiometer rather than directly through the air in the room.
If prerecorded materials are used, as should be standard practice, same-room operation is pos-
sible. Problems of ambient noise levels are very much the same for speech audiometry as for
pure-tone tests, as discussed in Chapter 4.

Using recorded materials has significant advantages. Primarily, they provide a consis-
tency of presentation that is independent of the expertise of the clinician. Most audiologists
appear to prefer monitored live-voice testing because they feel it provides more flexibility in
delivering the stimuli and that it takes less time. With the advent of the CD, some of these
objections have been overcome, and, for the most part, the CD or audio files should be used
instead of live-voice testing.

The Patient’s Role in Speech Audiometry \&

To use speech audiometry, patients must know and understand reasonably well the words with
which they are to be tested. Depending on the type of test, a response must be obtainable in the
form of an oral reply, a written reply, or the identification of a picture or object.

Although spoken responses are more necessary in some speech tests than in others, they
have certain advantages and disadvantages. One advantage is in the speed with which answers
can be scored. Also, a certain amount of rapport is maintained through the verbal interplay
between the patient and the audiologist. One serious drawback is the possible misinterpreta-
tion of the patient’s response. Many people seen for hearing evaluation have speech and/or
language difficulties that make their responses difficult to understand. For example, Nelson,
Henion, and Martin (2000) found that non-native speakers of Spanish were less accurate at
scoring recorded Spanish word-recognition tests than were native speakers. Also, discrepan-
cies occur in the scoring of some speech tests when verbal responses are obtained because audi-
ologists tend to score some incorrectly spoken responses as correct.

STUDENTS-HUB.com Uploaded By: anonymous



100 PART Il HEARING ASSESSMENT

In addition, for reasons that have never become completely clear, the talkback systems on
many audiometers are often of poor quality, sounding very little better than inexpensive inter-
com systems. This creates an additional problem in interpreting responses.

Written responses lend themselves only to tests that can be scored upon completion.
When responses require an instantaneous value judgment by the audiologist, written responses
are undesirable. When used, however, written responses do eliminate errors caused by difficul-
ties in discriminating the patient’s speech; they also provide a permanent record of the kinds of
errors made. Having patients write down or otherwise mark responses may slow down some
test procedures and necessitate time at the end of the test for scoring. Difficulties with hand-
writing and spelling provide additional, although not insurmountable, problems.

The use of pictures or objects is generally reserved for small children, who otherwise
cannot or will not participate in a test. Adults with special problems are sometimes tested by
this method, in which the patient is instructed to point to a picture or object that matches a
stimulus word.

False responses may occur in speech audiometry as well as in pure-tone audiometry.
False positive responses are theoretically impossible because patients cannot correctly repeat
words or sentences that have been presented to them below their thresholds, unless, through
the carelessness of the examiner, they have been allowed some visual cues and have actually lip-
read the stimulus words. False negative responses, however, do occur. The audiologist must try
to make certain that the patient completely understands the task and responds in the appropri-
ate manner whenever possible.

No matter how thorough the attempt to instruct patients, it is impossible to gain total con-
trol over the internal response criteria each individual brings to the test. It has been suspected,
for example, that aging might affect the relative strictness of these criteria. Jerger, Johnson,
and Jerger (1988) demonstrated, however, that aging alone does not appear to affect the cri-
teria that listeners use in giving responses to speech stimuli. All the alert clinician can do is to
instruct patients carefully and be aware of overt signs of deviation from expected behaviors.

), The Clinician’s Role in Speech Audiometry

First and foremost in speech audiometry, through whatever means necessary, the audiologist
must convey to patients what is expected of them during the session. A combination of written
and verbal instructions is usually successful with adults and older children, whereas gestures
and pantomime may be required for small children and certain adults. At times, the instruc-
tions are given to patients through their hearing aids or, if this is not feasible, through a por-
table amplifier or the microphone circuit of the audiometer.

It is just as important that the patient not observe the examiner’s face during speech audi-
ometry as it is during pure-tone audiometry, and even more so if monitored live-voice testing
is used. The diagram in Figure 4.5 (page 77) shows a desirable testing arrangement.

»), Speech-Threshold Testing

The logic of pure-tone threshold testing carries over to speech audiometry. If a patient’s thresh-
olds for speech can be obtained, they can be compared to an average normal-hearing individ-
ual’s thresholds to determine the patient’s degree of hearing loss for speech. Speech thresholds
may be of two kinds: the speech-detection threshold (SDT) and the speech-recognition
threshold (SRT).
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The terminology used in speech audiometry has been inconsistent. Konkle and
Rintelmann (1983) feel that the word speech itself may be too general and that the specific
speech stimuli in any test should always be specified. Likewise, they are concerned with the
conventional term speech-reception threshold because the listener is asked to recognize, rather
than receive, the words used in the test. In the “Guidelines for Determining Threshold Level
for Speech,” the American Speech-Language-Hearing Association (1988) also recommends the
term speech-recognition threshold as preferable to the earlier term speech-reception threshold.

Speech-Detection Threshold

The speech-detection threshold (SDT) may be defined as the lowest level, in decibels, at which
a subject can barely detect the presence of speech and identify it as speech. The SDT is some-
times called the speech-awareness threshold (SAT). This does not imply that the speech is in
any way understood—rather, merely that its presence is detected. One way of measuring the
SDT is to present to the patient, through the desired output transducer, some continuous dis-
course. The level of the speech is raised and lowered in intensity until the patient indicates that
he or she can barely detect the speech and recognize it as speech.

Sentences are preferable to isolated words or phrases for finding the SDT. The sentences
should be presented rapidly and monotonously so that there are few peaks above and below
zero on the VU meter, or series of light-emitting diodes designed to control the input level of
the speech signal. The materials should be relatively uninteresting, hence the term cold run-
ning speech.

Whether the right ear or the left ear is tested first is an arbitrary decision. Sometimes tests
of SDT are run binaurally, or through the sound-field speakers, either with or without hearing
aids. Patients may respond verbally, with hand or finger signals, or with a pushbutton to indi-
cate the lowest level, in dB HL, at which they can barely detect speech.

Speech-Recognition Threshold

The speech-recognition threshold (SRT) may be defined as the lowest hearing level at which
speech can barely be understood. Most audiologists agree that the speech should be so soft that
about half of it can be recognized. For a number of reasons, the SRT has become more popular
with audiologists than the SDT and is thus the preferred speech-threshold test. In this text,
very little attention is paid to the SDT, although it has some clinical usefulness. SRTs have been
measured with a variety of speech materials using both continuous discourse, as in measure-
ment of the SDT, and isolated words.

Today most SRTs are obtained with the use of spondaic words, often called spondees. A
spondee is a word with two syllables, both pronounced with equal stress and effort. Although
spondees do not occur naturally in spoken English, it is possible, by altering stress slightly, to
force such common words as baseball, hot dog, and toothbrush to conform to the spondaic
configuration. Whether the spondees are spoken into the microphone or introduced by disk
or preset audiofiles within the audiometer’s software, both syllables of the word should peak at
zero VU. Although it takes practice for the student to accomplish this equal peaking on the VU
meter when using monitored live voice, most people can acquire the knack relatively quickly.
There is no advantage to using recorded material for SRT testing unless the examiner has an
accent different from the clinical population being served.

When a prerecorded list of spondaic words is to be used, it is common to find a calibration
tone recorded on a special band. The calibration signal is played long enough so that the gain
control for the VU meter can be adjusted with the needle at zero VU. On some prerecorded
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spondee lists, a carrier phrase precedes each word, for example, “Say the word . . . ,” followed
by the stimulus word. Although some clinicians prefer the use of a carrier phrase, many do not.
No real advantage of using a carrier phrase with spondaic words has been proved.

SRT Testing with Cold Running Speech

When connected speech is used to measure the SRT, patients are instructed to indicate the
level at which the speech is so soft that they can barely follow about half of what is being
said. Sometimes this involves using a verbal or hand signal. The level of the speech may be
raised and lowered, usually in steps of 5 dB. Several measurements should be taken to ensure
accuracy.

SRT Testing with Spondaic Words

The SRT is usually defined as the lowest hearing level at which 50 percent of a list of spondaic
words is correctly identified. This definition appears incomplete, however, because it does not
specify how many words are presented at threshold before the 50 percent criterion is invoked.
Also, many methods used for SRT measurement in the past were rather vague, suggesting that
the level should be raised and lowered but not giving a precise methodology.

Martin and Stauffer (1975) recommended testing for the SRT in 5 dB steps, rather than
the previous traditional 2 dB steps, which greatly increased test speed without sacrificing test
accuracy. Additionally, if the SRT is to serve as an independent measurement of hearing and a
check of the reliability of pure-tone thresholds, it should be accomplished without knowledge
of the pure-tone thresholds with which it is compared. To attain this goal, Martin and Dowdy
(1986) recommend a procedure based on previously recommended outlined steps (Tillman
and Olsen, 1973), which is summarized as follows:

1. Set the start level at 30 dB HL. Present one spondee. If a correct response is obtained,
this suggests that the word is above the patient’s SRT.

2. If no correct response is obtained, raise the presentation level to 50 dB HL. Present one
spondee. If there is no correct response, raise the intensity in 10 dB steps, presenting one
spondee at each increment. Stop at the level at which either a correct response is obtained
or the limit of the equipment is reached.

3. After a correct response is obtained, lower the intensity 10 dB and present one spondee.

4. When an incorrect response is given, raise the level 5 dB and present one spondee. If
a correct response is given, lower the intensity 10 dB. If an incorrect response is given,
continue raising the intensity in 5 dB steps until a correct response is obtained.

5. From this point on, the intensity is increased in 5 dB steps and decreased in 10 dB steps,
with one spondee presented at each level until three correct responses have been obtained
at a given level.

6. Threshold is defined as the lowest level at which at least 50 percent of the responses are
correct, with a minimum of at least three correct responses at that intensity.

The American Speech-Language-Hearing Association (1988) method for determining
SRT provides recommendations to ensure patient familiarity with the test vocabulary prior
to testing. This goal can be accomplished by allowing the patient to listen to the words as pre-
sented through the audiometer and is important regardless of the method employed to measure
SRT. Words that present any difficulty should be eliminated from the list. While the American
Speech-Language-Hearing Association (ASHA) recommendation to familiarize patients with
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test stimuli is important, the actual ASHA recommended test methods (American Speech-
Language-Hearing Association, 1978, 1988) never enjoyed full acceptance (Martin, Champlin,
& Chambers, 1998), possibly due to several procedural limitations.

To ensure familiarity with the test, it is advisable, whenever possible, to give the patient
a list of the words before the test begins, together with printed instructions for the entire test
procedure. Although written instructions may serve as an adjunct, they should not routinely
replace spoken directions for taking a test. Proper instructions are of great importance in test
results. One usable set of instructions follows:

The purpose of this test is to determine the faintest level at which you can hear and repeat some words.
Each word you hear will have two syllables, like ot dog or baseball, and will be selected from the list of
words that you have been given. Each time you hear a word, just repeat it. Repeat the words even if they
sound very soft. You may have to guess, but repeat each word if you have any idea what it is. Are there
any questions?

Based on investigation with normal-hearing subjects, Burke and Nerbonne (1978) sug-
gest that the slight improvement observed when normal-hearing subjects guess at the correct
response should be controlled during SRT tests by asking the patient not to guess. Because no
data have surfaced that reveal the effects of guessing on patients with actual hearing losses, the
practice will probably continue to encourage guessing and thus increase attentiveness to the
test stimuli.

One reason for the selection of spondaic words for measuring SRT is that they are rela-
tively easy to discriminate and often can be guessed with a high degree of accuracy. Once the
threshold for spondees has been reached (50 percent response criterion), it does not take much
of an increase in intensity before all the words can be identified correctly. This is illustrated
by the curve in Figure 5.1, which shows the enhanced intelligibility of spondees as a function

FIGURE 5.1 Theoretical performance-intensity (PI) functions for spondaic and PB words. (1) Spondaic words. Note that, at about

5 dB above the 50 percent correct point, almost all of the words are intelligible. This shows an increase in recognition ability of
approximately 10 percent per decibel for scores between 20 percent and 80 percent. (2) PB word lists. Note the more gradual slope
for PB words than for spondees. The increase in intelligibility for the W-22 word lists averages about 2.5 percent per decibel. The
normal increase in word-recognition scores with increased intensity is to a maximum of approximately 100 percent (suggesting
normal hearing or conductive hearing loss). (3) PB word lists. Note the increase in word-recognition scores with increased intensity to
a maximum of less than 90 percent (suggesting sensory/neural hearing loss). (4) PB word lists. Note the increase in word-recognition
scores with increased intensity to a given level, beyond which scores decrease. This is the rollover effect, which occurs in some ears
when there are lesions in the higher auditory centers (see Chapter 12).
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of increased intensity. As you view the video entitled Speech Recognition Threshold Testing
note the carefully controlled presentation of words to attain equal stress on both syllables.
SRT testing is routinely completed with monitored-live voice and care must be taken that the
patient cannot see the examiner’s face. In this video, the lights have been turned off on the
examiner’s side of the booth.

Recording SRT Results

After SRTs for each ear have been obtained, they should be recorded in the appropriate space
on the audiometric worksheet (see the letter p in Figure 5.2). Many audiologists prefer to make
routine measurements of the SRT binaurally or in the sound field. The audiometric worksheet
used in this text does not provide for such notation, but many forms are available that do.

Relationship of SRT to SDT and the Pure-Tone Audiogram

The SRT is always higher (requires greater intensity) than the SDT. In the earliest years of the
profession, Egan (1948) showed that the magnitude of the difference between the SRT and SDT
does not normally exceed 12 dB. However, this difference may change with the shape of the
pure-tone audiogram.

Different methods have been used for many years to predict the SRT from the pure-
tone audiogram. Although some of these procedures have been quite elegant, most audiologists
have agreed that the SRT can be predicted by finding the average of the lowest two thresholds
at 500, 1000, and 2000 Hz (Fletcher, 1950). Carhart and Porter (1971) found that the SRT
can be predicted from the pure-tone audiogram by averaging the thresholds at 500 and 1000
Hz and subtracting 2 dB. Although 500, 1000, and 2000 Hz have been called the “speech fre-
quencies,” Wilson and Margolis (1983) cautioned that such phrasing can be misleading if it is
inferred that this narrow range of frequencies is all that is essential for the adequate discrimina-
tion of speech.

In some cases, the SRT may be much lower (better) than the pure-tone average (PTA),
such as when the audiogram falls precipitously in the high frequencies. In other cases, the SRT
may be higher (poorer) than even the three-frequency PTA, for example, with some elderly
patients or those with disorders of the central auditory nervous system. The special significance
of PTA-SRT disagreement regarding nonorganic hearing loss is discussed in Chapter 13.

ciinical GOMMENTARY

The value of the SRT is frequently questioned because its determined level lends little to the
diagnostic picture. Its true value lies in two areas. First, the SRT is useful as a comparative
measure with pure-tone results to signal the accuracy of both tests. Second, the SRT may be
used in counseling patients with regard to the degree of hearing loss they may have.

‘f, Bone-Conduction SRT

It is sometimes useful to determine the SRT by bone conduction. Because the bone-conduction
circuits on diagnostic audiometers are often not calibrated for speech, some degree of manipu-
lation may be required for bone-conduction speech audiometry (Barry & Gaddis, 1978). On
most clinical audiometers, the speech input may be used with the bone-conduction output.
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FIGURE 5.2 (A) The tabular worksheet has no space for notation of speech audiometrics. The audiologic evaluation form (B) shows
spaces to record the items to be completed when performing speech audiometry as listed below the form.
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Bone-conducted SRTs are especially useful in testing children who will “play a game”
with words but not with tones. A comparison between children’s hearing thresholds for speech
by bone conduction and by air conduction may provide useful information regarding a possible
conductive component to a hearing loss given the high correlation found between the PTA by
bone conduction at 500, 1000, and 2000 Hz and the bone-conducted SRT (Goetzinger & Proud,
1955). Hahlbrock (1962) found the bone-conducted SRT helpful in separating auditory from
tactile responses by bone conduction. Of course, with bone-conducted speech audiometry,
there is no way to be certain which ear is being tested unless proper masking is invoked, which
is impossible with some patients. However, even the limited information derived from this pro-
cedure and the inferences it allows often justify the use of bone-conducted speech audiometry.

%) Most Comfortable Loudness Level

Some audiologists gain useful information from determining the hearing level at which speech
is most comfortably loud for their patients. Most people with normal hearing find speech com-
fortable at 40 to 55 dB above threshold.

Measurement of most comfortable loudness (MCL) should be made with continuous dis-
course so that the patient has an opportunity to listen to speech as it fluctuates over time. The use
of cold running speech, as described for SRT or SDT measurements, is practical for this purpose.

The patient is instructed to indicate when the speech is perceived to be at a comfortable
level. The test may start at a hearing level slightly above the SRT. From there, the intensity is
increased gradually. At each hearing level, the patient should respond, indicating whether the
speech is “too soft,” “too loud,” or “most comfortable.” Several measurements should be made,
approaching the MCL from both above and below the level first selected.

The MCL may be determined monaurally or binaurally under earphones or in the sound
field. Martin and colleagues (1998) found that most audiologists do not use the MCL measure-
ment, except in the evaluation of hearing aids.

) Uncomfortable Loudness Level

Under some conditions it is useful to find the level of speech that is uncomfortably loud for listeners.
For normal-hearing subjects, this intensity often extends to the upper limit of the audiometer (100
to 110 dB HL). In some patients with hearing disorders, the uncomfortable loudness level (UCL)
is much lower, especially when expressed in decibels above the SRT. While some audiologists use
measures of UCL for speech when assessing patients for hearing aid candidacy, this measure is not
nearly as clinically useful as more frequency-specific measures of UCL, as discussed in Chapter 14.

It is not known just how the abbreviation for uncomfortable loudness level became UCL
because uncomfortable is one word, but these kinds of derivations are often obscure. Some
patients find a given level of speech uncomfortable because of its loudness, others because of
discomfort produced by the physical pressure of the sound. When possible, it is helpful to
determine which effect is active in a given case. The UCL is also called the threshold of dis-
comfort (TD), the tolerance level, and the loudness discomfort level (LDL).

Although there are better methods for ascertaining if amplification from hearing aids
exceeds a patient’s tolerance levels (see Chapter 14), some audiologists continue to measure
aided UCL in the sound field. Testing materials used for the UCL can be identical to those used
for the MCL. Patients should be instructed to signal, either verbally or by some other method,
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when the speech is uncomfortably loud. They should be reminded that the UCL may be con-
siderably above the level at which they find the loudness of speech most enjoyable, but that they
should signal only when exceeding a given level would be intolerable. Acoustic feedback can be
a real problem when UCLs are measured in the sound field.

ciinical (OMMENTARY

Clinicians need be aware that UCLs measured with speech stimuli reflect loudness percep-
tions based on hearing levels in the lower frequencies. Measures of frequency-specific acous-
tic tolerance levels yield more useful data for planning hearing loss rehabilitation.

Range of Comfortable Loudness ‘t‘

The range of comfortable loudness (RCL), also known as the dynamic range (DR), is the
arithmetic difference between a threshold measure and the UCL. A normal-hearing person
has an RCL of 100 dB or more for either speech or pure tones. The RCL determination is some-
times used in selecting hearing aids and in other rehabilitative measures. When an SRT can-
not be obtained, the difference between the SDT and the UCL provides a reasonable estimate
of the RCL for speech. When prescribing hearing aid settings, determining more frequency-
specific RCL becomes more important.

Speech-Recognition Testing &

Many patients report that the difficulties they have in understanding speech are solved when
speech is made louder. This can be accomplished by decreasing the distance from the listener
to the speaker, by having talkers increase their vocal output, or by using a system of sound
amplification. Most patients with conductive hearing losses show improved speech recogni-
tion when loudness is increased.

A common complaint of many patients is difficulty in understanding what people are
saying. Many individuals with sensory/neural problems, however, complain that even when
sounds are made louder, they are not clearly recognizable. This difficulty in discriminating
among the sounds of speech plagues many patients much more than a reduction in loudness.
These are the patients who claim, “I can hear, but I can’t understand.”

Through the years, a number of different terms have been used to describe the measure-
ment of speech discrimination. The expressions speech-recognition score (SRS) and word-
recognition score (WRS) have appeared in the literature with increasing frequency and appear
to be the current expressions of choice. Konkle and Rintelmann (1983) contend that the word
discrimination in this context implies distinguishing among different stimuli, whereas recogni-
tion suggests the report of a patient on what has been heard after the presentation of a single
item. For the most part, throughout this text, the term speech-recognition score replaces the
older speech-discrimination score (SDS) to describe tests performed to determine an individu-
al’s understanding of speech stimuli. Use of the term word-recognition score is usually reserved
for use when test materials are known to be words and not some other speech construct.

The development of test materials to assess speech-recognition ability has been arduous.
For any test to be useful, it should be both reliable and valid. Reliability means that a test is able
to reveal similar scores on subsequent administrations (test-retest reliability) and that different
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forms of the same test result in equivalent scores. The validity of any speech-recognition test
relates to the following:

1. How well it measures what it is supposed to measure (a person’s difficulties in
understanding speech).

2. How favorably a test compares with other similar measures.

3. How the test stands up to alterations of the signal (such as by distortion or presentation
with noise) that are known to affect other speech tests in specific ways.

The quantitative determination of a patient’s ability to discriminate speech helps the audiolo-
gist in several ways:

1. It determines the extent of the speech-recognition difficulty.
2. Itaids in diagnosis of the site of the disorder in the auditory system.

3. It assists in the determination of the need for and proper selection of amplification
systems.

Several methods have been advanced for measuring speech recognition, including testing
with nonsense syllables, digits, monosyllabic words, and sentences. Prerecordings of many of
these are commercially available.! Procedures have included both open- and closed-response
message sets. In the open-response format, the patient may select an answer from an infinite
number of possible utterances. In a closed-response system, the patient must choose the cor-
rect response from a group of words, sentences, or pictures.

Egan (1948) showed a relationship between the number of sounds in a word and the
ability to recognize that word. The more phonemes and the more acoustic redundancy con-
tained in a word, the more easily it is recognized. Word recognition gets poorer as more
and more high frequencies are eliminated from speech, which decreases intelligibility with-
out affecting overall loudness very much. It has long been known that, as frequencies below
about 1900 Hz are removed from speech, the effect on speech recognition is much less
than when higher frequencies are removed (e.g., French & Steinberg, 1947). To hear how
speech sounds to individuals with varying degrees of high frequency hearing loss, go to the
Simulated Hearing Loss demonstration.

Phonetically Balanced Word Lists

Original attempts at speech-recognition testing (Egan, 1948) involved compiling phonetically
balanced (PB) word lists, that is, lists that contain all the phonetic elements of connected
English discourse in their normal proportion to one another. Egan’s work at the Psychoacoustic
Laboratories at Harvard University resulted in 20 lists of 50 words each. When these words are
used, the word-recognition score is determined by counting the number of correctly identified
words out of 50 and multiplying this number by 2 percent.

Hirsh and others (1952) eliminated most of Egan’s original 1,000 words and added a few
more for a total of 200 words, of which 180 were derived from Egan’s list. These 200 words
were divided into four lists of 50 words each, with each list scrambled into six sublists. The
resultant PB word lists are known as CID Auditory Test W-22. Ross and Huntington (1962)
found some slight differences among the W-22 word lists in terms of word-recognition scores,
but the magnitude of the differences among lists is small enough that they may be used inter-
changeably in clinical practice.

Martin, Champlin, and Perez (2000) compared word-recognition scores using PB word
lists and similar lists of words that were deliberately not phonetically balanced. They compared
scores on subjects with normal hearing and those with sensory/neural hearing loss. The scores
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for the lists were almost identical, which brings into question whether the lists are, or need to
be, phonetically balanced.

Because many of the words in adult word lists are unfamiliar to children, Haskins (1949)
developed four lists of 50 words, all within the vocabularies of small children. The test may be
presented by CD or other recorded input, or by monitored live-voice, and it is scored in the
same way as word lists when adults or older children are tested. The test difficulty increases
sharply for children younger than 3% years of age (Sanderson-Leepa & Rintelmann, 1976).

Many clinicians erroneously refer to the test materials as “PB words.” It must be remem-
bered that it is the lists, and not the words themselves, that are purportedly balanced. This
terminology is an old tradition and not likely to change, but it is inaccurate.

Consonant-Nucleus-Consonant Word Lists

The phonetic construction of the English language is such that there is no way to truly bal-
ance a list of words phonetically, especially a relatively short list, because of the almost infinite
number of variations that can be made on every phoneme (allophones) as they are juxtaposed
with other phonemes. Lehiste and Peterson (1959) prepared ten 50-word lists that were pho-
nemically balanced, a concept they judged to be more realistic than phonetic balancing. Each
monosyllabic word contained a consonant, followed by a vowel or diphthong, followed by
another consonant. These were called consonant-nucleus-consonant (CNC) words and were
scored the same way as the original PB word lists. Later, the CNC lists were revised (Lehiste &
Peterson, 1962) by removing proper names, rare words, and the like.

Tillman, Carhart, and Wilber (1963) took 95 words from the CNC lists (Lehiste &
Peterson, 1959) and added 5 of their own, thereby generating two lists of 50 words each. Tillman
and Carhart (1966) later developed four lists of 50 words each (Northwestern University Test
No. 6), which they found to have high intertest reliability. Each of the four lists is scrambled
into four randomizations. Auditory test NU-6 and CID W-22 remain the most popular mate-
rials for word-recognition testing (Martin et al., 1998) and yield similar results on patients
when testing in both quiet and with background noise, although scores are slightly higher on
the NU-6 test. It is important to remember, however, that patients’ responses to this test, as on
other word-recognition tests, may change on the basis of a number of variables, not the least of
them being differences among the talkers who make the recordings. This problem is increased
when the test is performed in the presence of background noise. An obvious solution to this
would be for all audiologists to test with commercially available prerecorded word lists.

High-Frequency Emphasis Lists

Gardner (1971) developed two lists of 25 words each, with each word carrying a value of
4 percent. The test used with these lists is designed to measure the word-recognition scores
of patients with high-frequency hearing losses who are known to have special difficulties in
understanding speech. Each of the words contains the vowel /I/ (as in kick) and is preceded
and followed by a voiceless consonant. Gardner suggested that the test is more useful if the
words are spoken by a woman with a high-pitched voice. A similar approach to high-frequency
word lists was taken by Pascoe (1975).

Nonsense-Syllable Lists

Edgerton and Danhauer (1979) developed two lists, each with 25 nonsense syllables. Every
item contains a two-syllable utterance, with each syllable produced by a consonant, followed
by a vowel (CVCV). Carhart (1965) earlier suggested that nonsense words are too abstract and
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difficult for many patients to discriminate, and this is sometimes true of the CVCV test. It
does have the advantage that each phoneme can be scored individually, thus eliminating the
obvious errors in the all-or-none scoring used in word tests.

Testing Word Recognition with Half Lists

Time can be saved in word-recognition testing by limiting the test lists to 25 words, using
one half of each list with a weight of 4 percent per word. Opposition to this procedure is
based on the following arguments: (1) that one half of a list may produce fewer audible
sounds than the other half, (2) that there may be some real differences in difficulty of dis-
crimination between the two halves of a list, but primarily (3) that splitting the lists causes
them to lose their phonetic balance (which is not truly obtainable). Tobias (1964) pointed
out that phonetic balancing is unnecessary in a “useful diagnostic test” and that half lists do
measure the same thing as full lists. Thornton and Raffin (1978) showed half lists to be as
reliable as the full 50-word lists. Martin and colleagues (1998) found that most audiologists
prefer to test with 25-word lists.

Short Isophonemic Word Lists

The Short Isophonemic Word Lists (Boothroyd, 1968) were designed to reduce word-recognition
test time without sacrificing validity. Each of fifteen lists of 10 consonant-vowel-consonant words
contains 30 phonemes. Rather than the traditional scoring of test words as correct or incorrect,
each phoneme is scored individually, allowing for a potential of 30 speech-recognition errors per
list. The time saved in administration of the isophonemic lists can be considerable when multiple
word lists are employed for attaining word-recognition performance at a number of intensities.
No significant differences were found between measures of word recognition utilizing the Short
Isophonemic Word Lists and the more commonly employed CID W-22 test (Tonry, 1988).

Testing of Monosyllables with a Closed-Response Set

The closed-set paradigm for word-recognition testing followed the development of a rhyme
test by Fairbanks (1958). House, Williams, Hecker, and Kryter (1965) developed the Modified
Rhyme Test, in which the patients are supplied with a list of six rhyming words and select the
one they think they have heard. Fifty sets of items are presented to the patient, along with a
noise in the test ear. Half of the word sets vary only on the initial phoneme, and the other half
differ in the final phoneme.

A test designed to be sensitive to the discrimination problems of patients with high-
frequency hearing losses is the California Consonant Test (Owens & Schubert, 1977). One
hundred monosyllabic words are arranged in two scramblings to produce two test lists. The
patient, selecting from four possibilities, marks a score sheet next to the selected word. While
normal-hearing individuals obtain high scores on this test, patients with high-frequency hear-
ing losses show some difficulty.

The Picture Identification Task (PIT) was developed by Wilson and Antablin (1980) to
test the word recognition of adults who could not produce verbal responses and had difficulty
in selecting items from a printed worksheet. The CNC words are represented by pictures that
are arranged into sets of four rhyming words. The developers of the PIT found that it provides
good estimates of word recognition for the nonverbal adult population.

Recognizing the need for testing the word-recognition abilities of small children who
are either unable or unwilling to respond in the fashion of adults, Ross and Lerman (1970)
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developed the Word Intelligibility by Picture Identification (WIPI) test. The child is pre-
sented with a series of cards, each of which contains six pictures. Four of the six pictures are
possibilities as the stimulus item on a given test, and the other two pictures on each card (which
are never tested) act as foils to decrease the probability of a correct guess. Twenty-five such
cards are assembled in a spiral binder. Children indicate which picture corresponds to the
word they believe they have heard. This procedure is very useful in working with children
whose discrimination for speech cannot otherwise be evaluated, provided that the stimulus
words are within the children’s vocabularies. Incorrect identification of words simply because
they are not known is common with children under 3% years of age.

The Northwestern University Children’s Perception of Speech (NUCHIPS) test (Elliott
& Katz, 1980) is similar to the WIPL The child is presented with a series of four picture sets,
including 65 items with 50 words scored on the test.

Testing Speech Recognition with Sentences

A number of different sentence tests have been devised to measure speech recognition.
Jerger, Speaks, and Trammell (1968) were among the first to object to the use of single words
as a speech recognition test on the basis that they do not provide enough information regard-
ing the time domain of speech. Normal connected speech consists of constantly changing pat-
terns over time, thus necessitating the use of longer samples than single words can provide
for a realistic test. Jerger and colleagues also iterated the problems inherent in testing with
an open-message set. Criticisms of sentence tests include the effects of memory and learning,
familiarity with the items as a result of repetition, and the methods of scoring. Much of the
opposition to sentence tests is that their structure enables a listener who is a good guesser to
make more meaning of a sentence than does another patient with similar speech-recognition
abilities.

The test devised by Jerger and colleagues (1968) involves a set of ten synthetic sentences.
Each sentence contains 7 words, with a noun, predicate, object, and so on, but carries no mean-
ing. All words were selected from Thorndike’s list of the 1,000 most familiar words. The sen-
tences are recorded on CD and patients show their responses by indicating the number that
corresponds to the sentence they have heard. Some sentences are more difficult than others.
Because early experimentation showed that synthetic sentence identification (SSI) is not suf-
ficiently difficult when presented in quiet, a competing message of connected speech is pre-
sented, along with the synthetic sentences, and the intensity of the competing message is varied.

Another sentence test, which continues in use, is the Central Institute for the Deaf (CID)
Everyday Sentence Test (Davis & Silverman, 1978). Fifty key words are contained within
ten sets of ten sentences each. The percentage of correctly identified key words determines
the score.

Testing Speech Recognition with Competition

Many audiologists feel that speech-recognition tests carried out in quiet do not tax patients’
speech-recognition abilities sufficiently to reflect the kinds of communication problems
that are experienced in daily life. For this reason, a noise or other competing signal is often
added to the test ear to make recognition more difficult. When this is done, the relative
intensity of the signal (speech) and the noise is specified as the signal-to-noise ratio (SNR).
The signal-to-noise ratio is not a ratio at all, but rather the difference in intensity between
the signal (that which is wanted) and the noise (that which is not wanted). See Table 5.1
for examples.
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TABLE 5.1 Examples of Three Signal-to-Noise Signals used to help degrade performance have included

Ratios (SNRs) modulated white noise; a mixture of noise in one or two speakers;
Signal Noise SNR a single talker or two-, three-, and four-talker combinations; and a
50 dB HL 50 dB HL 0.dB multitalker babble. Speech has been shown to be a better compet-
40 dB HL 50 dB HI _10dB ing signal than electronically generated noise with a spectrum that
10 dB HL 0dBHL  +10dB resembles speech.

Kalikow, Stevens, and Elliott (1977) developed a test made up of
eight lists of 50 sentences each; only the last word in each sentence is
the test item, resulting in 200 test words. The test items are recorded on one channel of a two-chan-
nel CD, and a voice babble is recorded on the second channel. In this way, the two hearing-level
dials of an audiometer can control the ratio of the intensities of the two signals. This procedure,
called the Speech Perception in Noise (SPIN) test, has undergone considerable modification
(Bilger, Nuetzel, Rabinowitz, & Rzeczkowski, 1984). Schum and Matthews (1992) reported an
interesting effect: A significant percentage of the elderly patients with hearing loss that they tested
did not use contextual cues as effectively on the SPIN as did their younger counterparts.

The Quick SIN (Speech In Noise) test (Etymotic Research, 2001) was designed to obtain an
estimate of a patient’s experienced difficulty hearing in noise that is representative of the patient’s
performance in the real world. The test is comprised of six sentences presented in the presence
of a four-talker babble noise, with five key words per sentence (see Table 5.2). The sentences are
presented at five prerecorded signal-to-noise ratios encompassing a range from normal to severely
impaired performance in noise. The resultant score from the Quick SIN test represents a decibel
increase in the signal-to-noise ratio required by someone with hearing loss to understand speech in
noise with comparable performance to someone with normal hearing. The test takes only a minute
to complete and can be used for counseling patients toward appropriate amplification options.

Another useful sentence-in-noise test is the Connected Speech Test (CST) (Cox,
Alexander, & Gilmore., 1987; Cox, Alexander, Gilmore, & Pusakulich, 1988). The most recent
version of the test is an audiovisual recording with a six-talker speech babble competition. The
test may be given either audiovisually or audio only. Comprised of eight sets of six passages, the
patient listens to each passage, given one sentence at a time, and is instructed to repeat as much
of each sentence as he or she understands. Each passage contains 25 key words that are used for
scoring, with intelligibility scores based on the number of key words repeated correctly.

The Hearing in Noise Test (HINT; Nilsson, Soli, & Sullivan, 1994) measures the listener’s
ability to hear sentences in quiet and in noise in the sound field. Speech noise is presented at
65 dB HL, and the intensity of the sentences is varied to find the hearing level required for 50
percent of a list of 10 sentences to be repeated correctly. The test score is given as the decibel
difference between the background noise and the sentence level required to attain 50 percent.
For example, a required hearing level of 70 dB HL for 50 percent correct sentence identifica-
tion would result in a 5 dB SNR score (i.e., 70 dB [the level of the speech signal] minus 65 dB

TABLE 5.2 Practice Sentences from the Quick SIN Test

Sentences are presented in increasing levels of noise, with the first sentence presented at a 25 dB signal-to-noise
ratio and the sixth sentence presented at a 0 dB signal-to-noise ratio. The test has a total of 18 equivalent lists.

1. The lake sparkled in the red hot sun.
Tend the sheep while the dog wanders.

Take two shares as a fair profit.
North winds bring colds and fevers.

A sash of gold silk will trim her dress.

o jI B~ B

Fake stones shine but cost little.

Source: © Etymotic Research, Inc. Used with permission.
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[the level of the speech noise]). The higher the SNR, the more difficulty the listener has hearing
in noise.

Recording Speech-Recognition Test Results

For the more commonly used speech-recognition tests, the results are recorded on the audio-
metric worksheet in terms of the percentage of correctly identified words. In addition, the
clinician records the test or list number; the level at which the test was performed; and, if
opposite-ear masking was used as discussed in Chapter 6, the effective masking level and the
type of noise. If additional speech-recognition tests are carried out with a competing signal
in the same ear, the SNR is indicated, along with results and other identifying information.
Many audiologists routinely assess speech recognition binaurally to demonstrate the natural
advantage of processing speech binaurally. The audiometric worksheet used in this text does
not provide for notation of binaural tests, but many forms are available that do.

clinical (OMMENTARY

As described in Chapter 4, bone-conduction results are essential for determining the extent
of sensory/neural involvement in a hearing loss. Some clinicians have found, however, that
they do not need to test by bone conduction if speech-recognition scores are consistent with
the degree of loss and if immittance results (see Chapter 7) show no evidence of conductive
hearing loss.

Administration of Speech-Recognition Tests

In carrying out speech-recognition tests, audiologists must first help patients to under-
stand what is expected of them, what the test will consist of, and how they are to respond.
Audiologists must decide on:

1. The method of delivery of the speech stimuli (prerecorded material is reccommended
over monitored live-voice).

The type of materials to be used.

The method of response.

The intensity at which the test will be performed.

Whether more than one level of testing is desired.

A O

Whether a competing signal is desired in the test ear (or loudspeaker) to increase the dif-
ficulty of the test and, if so, the intensity of the competition.

7. Whether masking of the nontest ear is necessary and, if so, the amount and type of noise
to use.

Instructions to patients should be delivered orally, even if printed instructions have been
read prior to the test. Gestures and pantomimes or the use of sign language may be necessary,
although it is likely that any patient who is unable to comprehend oral instructions will be
unable to participate in a speech-recognition test. If responses are to be given orally, patients
should be shown the microphone and the proper response should be demonstrated. If the
responses are to be written, the proper forms and writing implements, as well as a firm writing
surface, should be provided. Determining that the patient understands the task may save con-
siderable time by avoiding test repetition.
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Selection of Stimuli, Materials, and Response Method

The presentation level of the stimuli should be properly controlled and monitored on the VU
meter of the audiometer. If a recording is used, it must contain a calibration signal of suf-
ficient duration for the gain control of the VU meter to be adjusted so that the needle peaks
at zero VU. If monitored live-voice is used, proper microphone technique is very important.
The audiologist should be seated in front of the microphone and should speak directly into its
diaphragm. If monosyllables are being tested, a carrier phrase should be used to prepare the
patient for the stimulus word. The last word of the carrier phrase should be at the proper loud-
ness so that the needle of the VU meter peaks at zero, corresponding to the calibration signal.
The test word should be uttered with the same monotonous stress and should be allowed to
peak where it will because words vary in acoustic power. Test words are not normally expected
to peak at zero VU. Sufficient time (about 3 to 5 seconds) should be allowed between word
presentations to permit the patient to respond. Prerecorded test materials for speech-recogni-
tion testing are preferred over monitored live-voice (MLV) in almost all instances. Recorded
speech-recognition scores reflect more accurately the difficulty patients experience because
these scores are generally lower than scores obtained through MLV. The use of recorded mate-
rial provides standardization to the test, allowing for greater comparisons of results on a sin-
gle patient when the test is repeated by a different audiologist at a later date. If MLV is used,
appropriate procedure is essential to ensure some validity to the results. For a demonstra-
tion of proper technique for MLV testing for word-recognition tests, see the video entitled
Word-Recognition Testing.

Patients may respond by repeating the stimulus word, writing down their responses on a
form (with 50 or 25 numbered spaces for standard word lists), circling or marking through the
correct answer on a closed-message set, or pointing to a picture or object. It is difficult to gauge
the criteria that patients use in determining their responses—that is, whether they are relatively
strict or lax in expressing their recognition of specific items. Jerger and colleagues (1988) stud-
ied these criteria in elderly subjects and concluded that attempting to control for this variable
is probably not essential.

Although no real satisfaction has been universally expressed for speech-recognition
materials, audiologists have individual preferences. A survey on audiometric practices (Martin
etal., 1998) showed the W-22 word lists to be most popular, with the NU-6 lists a close second.
Clinical observations suggest that these two tests remain popular. It is probable that the sen-
sitivity of these two tests in ferreting out true differences in hearing function is not as great as
may be found with other tests (Wiley, Stoppenbach, Feldhake, Moses, & Thordardottir, 1994).
Certainly, one type of test material may be preferred for routine hearing tests under earphones
and another type for special diagnostic tests.

Performance-Intensity Functions in Speech-Recognition Testing

Many of the word lists currently used in speech-recognition testing were developed during
World War II to test the efficiency with which electronic communications systems could
transmit speech. Thus, the primary objective was to design military communication sys-
tems that would, while transmitting a minimum of acoustic content, enable the listener to
understand the message. Hence, the term articulation was used to express the connection
achieved between the listener and the speaker—that is, the joining together of the two by
means of a communication system. Use of the word articulation in this context is sometimes
confusing to students of speech-language pathology, who learn to use this word to mean the
manner in which speech sounds are produced with structures such as the tongue, lips, pal-
ate, and teeth.
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Research has been conducted to determine the articulation-gain functions of word-
recognition lists—that is, the percentage of correct identifications of the words at a variety of
sensation levels. As Figure 5.1 illustrates, for normal-hearing individuals, the maximum score
(100 percent) is obtained about 35 to 40 dB above the SRT. For many people with sensory/neu-
ral hearing losses, the maximum obtainable score is below 100 percent regardless of presenta-
tion level. In deference to earlier research attempting to attain a phonetic balance to word lists,
the highest word score obtainable, regardless of intensity, is often called the PB Max (Eldert
& Davis, 1951). The term performance-intensity function for PB word lists (PI-PB) has
replaced the old articulation-gain function terminology. In acknowledgment of the fact that
performance-intensity functions can be completed with a variety of speech test materials, these
functions may also be called PI-SR functions, or PI functions for speech recognition. These
measures are discussed again in later chapters of this text in terms of their diagnostic value.

Test Presentation Level

Regardless of whether speech-recognition testing is done at a set sensation level (above the
SRT) for each ear or a preset intensity that is the same in both ears, the amount of the audible
signal in the ear varies depending on the degree of hearing loss and its configuration. If test-
ing is done at only one intensity, there is no way to know that the speech-recognition score
(SRS) represents the patient’s maximum performance unless that score is 100 percent. Ideally,
speech-recognition testing should be performed at a minimum of two levels. A good first level
for testing SRS is a presentation level 5 to 10 dB above the patient’s most-comfortable listening
level. The MCL plus 5 to 10 dB usually affords an approximation of maximum performance,
assuming most speech sounds are audible at this intensity. A second level of higher intensity
(usually 90 dB HL) should then be used to reveal a possible rollover in performance (as illus-
trated in Figure 5.1), which is indicative of disorders beyond the cochlea. Other levels (higher
or lower) may be tested at the audiologist’s discretion in an attempt to more fully define the
PI function. Testing at conversational levels (45 to 50 dB HL) may be done for counseling pur-
poses to demonstrate difficulties experienced and the potential benefits from amplification.

Problems in Speech-Recognition Testing

Although the test-retest reliability of word tests is good for patients with normal hearing
and conductive hearing losses, this consistency sometimes fails for patients with primarily
sensory/neural impairments (Engelberg, 1968). Thornton and Raffin (1978) concluded that
the significance of differences in speech-recognition scores for a given individual depends
on the number of items in the test and the true score for that test. From a statistical viewpoint,
the greatest variability in scores should be found in the middle range of scores (near 50 per-
cent) and the smallest variability at the extremes (near 0 percent and 100 percent). Thornton
and Raffin (1978) demonstrated that two speech-recognition scores in the mid-range obtained
from the same patient may need to differ by more than 20 percent to be considered signifi-
cantly different. In general, the variability may be assumed to decrease as the number of test
items increases. Therefore, it is sometimes risky for audiologists to assume that an increase
or decrease in a given patient’s speech-recognition scores represents a real change in speech-
recognition ability.

Attempts have been made to relate the results obtained on speech-recognition tests to
the kinds of everyday difficulties experienced by patients. Statements such as “Our test shows
you can understand 72 percent of what you hear,” are oversimplified and naive because they
ignore important real-world variables such as contextual cues, lipreading, ambient noise level,
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speaker intelligibility, and so on. Goetzinger (1978) compiled a general guide for evaluating
speech-recognition scores, which is presented in Table 5.3. This table, though helpful, should
not be interpreted rigidly. Many patients perform considerably better on speech-recognition
tests than they do in daily conversation, and others not nearly as well. Speech-recognition tests
are helpful in diagnosis, but they are far from perfect for predicting real-world communication.

Bone-Conduction Speech-Recognition Testing

In cases of severe mixed hearing loss, a patient’s best possible speech-recognition score may
not be attainable because of the severity of the air-conduction hearing loss. In many of these
cases, it is possible to test speech recognition by bone conduction in the same way described
earlier for testing SRTs. Speech-recognition testing by bone conduction has never become pop-
ular, but interest has been shown in this procedure from time to time.

Speech-Recognition, the Audibility Index, and Implications
for Speech-Language Therapy

Itis possible to estimate a person’s speech-recognition ability based on the amount of the speech
signal that is audible with a given hearing loss. Such estimations were originally referred to as
the articulation index (the name came from the terminology used for articulation-gain func-
tion testing). Today, they are more frequently called the audibility index.

The computational steps proposed in the original articulation index formulas have been
simplified for ease of comprehension of the resultant value (Clark, 1992; Killion, Mueller,
Pavlovic, & Humes, 1993). Following these recommendations, the audibility index (AI) is com-
puted by simply counting the number of dots below the hearing levels plotted on a count-the-
dots audiogram (Figure 5.3). The value derived represents the percentage of conversational
speech energy audible to the listener with a given hearing impairment at a distance of 3 to
6 feet.

Generally, as Al decreases, perceived hearing handicap increases (Holcomb, Nerbonne, &
Konkle, 2000). Clinically, the AI should reflect the speech-recognition score for conversational
speech intensity (approximately 45 to 50 dB HL). The count-the-dots audiogram can be useful
as a visual tool when discussing the impact of a given hearing impairment or when comparing
hearing levels with and without corrective amplification.

Plotting a patient’s pure-tone test results on an audibility index audiogram is a quick means
for the speech-language pathologist to see what frequency components of speech are audible
to individuals in speech-language therapy. The voiceless consonants of human speech all lie
at or above 1,500 Hz, with the acoustic energy of such consonants as f, s, and th lying primar-
ily above 4,000 Hz. To concentrate on speech-discrimination training and speech-production

TABLE 5.3 General Guide for the Evaluation of Word-Recognition Tests (Based on Goetzinger, 1978)*

Word-Recognition Scores (in Percent) General Word-Recognition Ability

90 to 100 Normal limits

75 to 90 Slight difficulty, similar to listening over a telephone

60 to 75 Moderate difficulty

50 to 60 Poor recognition; patient would experience marked difficulty in
following conversation

<50 Very poor recognition; patient may be unable to follow running
speech

*Note caveats in text regarding a rigid interpretation of this guide.

STUDENTS-HUB.com Uploaded By: anonymous



CHAPTER 5 Speech Audiometry 117

FREQUENCY IN HERTZ (Hz) FIGURE 5.3 A count-the-dots audiogram. The number of
125 250 500 1000 2000 4000 8000 dots above a patient’s threshold is the audibility index, which
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therapy through auditory-based approaches for a client who cannot fully perceive the targeted
speech sounds even with properly fitting hearing aids rapidly becomes an exercise in futility.
Determination of what sounds are audible to the client and which are inaudible can quickly
guide the speech-language pathologist in the determination of the most efficacious approach to
therapy. An alternate view of speech sound audibility is provided in Figure 5.4.
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Understanding what speech energy is audible with and without hearing aids allows the
speech-language pathologist to explain to classroom teachers, parents, or the significant others
of adult clients what listening behaviors are expected. More discussion on the implications of
speech understanding and the management of hearing loss is presented in Chapter 15.

Computerized Speech Audiometry

Speech audiometry, like any behavioral measurement, must at times be practiced as more of
an art than a science. In a majority of cases, however, it is possible to carry out these measure-
ments in a methodical, scientific manner, using the process of logical decision making. To
illustrate this, over 40 years ago Wittich, Wood, and Mahaffey (1971) programmed a digital
computer to administer SRT and SRS tests, including proper masking, to analyze the patient’s
responses and to present the results in an audiogram format at the conclusion of the test. Their
results were compared to those of an experienced audiologist on a number of actual clinical
patients, and very high correlations were observed. In addition, computerized speech audiom-
etry can allow the flexibility of live-voice testing without its obvious limitations.

¢ .. COMMENTARY

CHECKYOUR
UNDERSTANDING As computer programs develop, a day may come in which many hearing tests are largely
. automated. While treatment cannot be initiated without hearing testing, some people erro-
T neously believe that audiology is all about doing hearing tests. The freedom derived from
. automated testing would permit a greater concentration of effort toward audiology’s larger
goal of effective patient treatment.
ACTIVITIES

EVOLVING CASE STUDIES

In this section, you will attempt to calculate the results from basic speech audiometric
tests described in this chapter. Before reading the case studies below, and based on the
pure-tone results of Chapter 4 and what you now know about speech audiometry, pro-
pose the likely results of the following tests on the six theoretical case studies: speech
recognition threshold (SRT), speech recognition score (SRS), most-comfortable loud-
ness (MCL), and uncomfortable loudness (UCL). What hearing level(s) might you use
for obtaining the SRS?

Case Study 1: Conductive Hearing Loss—Outer Ear Disorder

Even though the speech signals will be delivered to this child through air-conduction
earphones, it is likely that the vibrations of these phones are actually generating a bone-
conduction response. His SRTs should agree with his pure-tone averages of about 50 to
60 dB HL, and his speech recognition scores should be in the 90 to 100 percent range.
His MCLs would probably be about 40 to 50 dB above his SRTs, and it is probable that
uncomfortable loudness levels might not be reached. The sensation level for the SRS
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tests would be 30 dB. Given the caveat posed in the first sentence of this case study, it is
unknown which ear is truly responding to the test signal regardless of which ear it was
directed to. This will create a true masking dilemma, a topic addressed in Chapter 6.

Case Study 2: Conductive Hearing Loss—Middle Ear Disorder

The SRTs in both ears should be close to the two- or three-frequency pure-tone averages.
In this case, this would be about 35 dB HL. Speech-recognition scores can be expected
to be very high, probably at or close to 100 percent for each ear. The MCLs in conduc-
tive hearing loss cases are usually close to the same sensation levels as they are for those
with normal hearing, in this case about 80 dB HL (approximately 45 dB HL). UCLs for
either speech or more frequency-specific signals such as narrowband noise will probably
be unreachable, even at the upper limits of the audiometer. A good starting sensation
level for SRS testing would be 30 dB, although other levels may be useful as well. Certainly
masking will be needed for this suprathreshold measure given the conductive hearing loss.

Case Study 3: Sensory/Neural Hearing Loss—Inner Ear Disorder

The SRTs for this patient should be close to either the two-frequency or three-frequency
pure-tone averages, about 35 dB HL for each ear. In sensory/neural cases, the SRS is usu-
ally reduced, often in direct proportion to the degree of hearing loss. Scores of 70 per-
cent to 80 percent would be reasonable for this patient. MCLs are usually reduced for
most sensory/neural cases of cochlear origin and might be on the order of 25 or 30 dB SL
or about 60 or 70 dB HL. Repeating SRS testing at a slightly higher level would ensure a
better reception of the high-frequency components of the speech signal (see Figure 5.7)
and may result in a higher SRS. Completing the SRS at conversational intensities (45 to
50 dB HL) may help demonstrate to the patient and his spouse the impact of the loss
and the potential for benefit from amplification. Uncomfortable loudness would also be
expected to be reduced and might be on the order of 80 to 90 dB HL. Administration of
the SRS at a high intensity, such as 90 dB HL, can be of diagnostic value supporting the
diagnosis of sensory (cochlear) hearing loss. The sensation level for SRS testing should
be 30 dB SL for the first test (assuming this level permits audibility of the high-frequency
components of the speech signal) and 90 dB HL for the second test.

Case Study 4: Sensory/Neural Hearing Loss—Auditory Nerve Disorder

It is expected that all the test results performed on this patient’s right ear would be
normal. That is, SRTs about 0 dB HL, SRSs close to 100 percent, MCLs about 40 to
50 dB HL, and UCLs near the intensity limits of the audiometer. Even though the left ear
shows a very mild hearing loss with normal sensitivity in the low frequencies, there are
some dramatic variations from the norm. Her SRT's might be normal, but her SRS will be
reduced because of the distortion caused by damage to her auditory nerve, particularly
when the tests are done at high intensities. MCL and UCL will probably appear close to
the results in her right ear.

Case Study 5: Nonorganic Hearing Loss

Case Study 5 continues to be a challenge in testing. It is becoming more and more
obvious that this patient is not complying with the request to indicate when a signal is
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barely perceptible. This will be manifested for speech in the same ways as it was for pure
tones, probably resulting in a normal SRT, SRS, MCL, and UCL for the right ear and
no response to any speech stimuli in the left ear. As in the case of pure tones, this total
absence of response from the left ear is prima facie evidence of nonorganic hearing loss
because a shadow response should have been observed at about 50 dB HL with supra-
aural earphones or 80 dB HL for inserts. This behavior, if the patient is consistent in his
perseverance at convincing you that he is, in fact, deaf in his left ear, will result in no
response on tests of SRS, MCL, or UCL. While the diagnosis of nonorganic hearing loss
is increasingly evident, the degree of hearing loss in the left ear, if any exists, is yet to be
determined. More sophisticated tests will be necessary for this patient than have been
described in this chapter, but they will be discussed in later chapters.

Case Study 6: Pediatric Patient

One of this child’s problems is a delay in speech and language development, and she
is increasingly giving the impression that she has a severe hearing loss, so it is unlikely
that she will be able to participate in the tests described in Chapter 5. When working
with children, it is almost always advisable to begin with the most adult-like procedures
available and modify these as needed. The approach to speech audiometry for children
described in Chapter 8 will probably have to be utilized in this case.

s Summary

Speech audiometry includes measurement of a patient’s thresholds for speech: speech-recognition
threshold (SRT), speech-detection threshold (SDT), most comfortable loudness level (MCL),
uncomfortable loudness level (UCL) or loudness discomfort level (LDL), range of comfort-
able loudness (RCL) or dynamic range (DR), and speech-recognition score (SRS) or word-
recognition score (WRS). Measurements may be made either monaurally or binaurally under
earphones, through a bone-conduction vibrator or in the sound field through loudspeak-
ers. Materials for speech audiometry may include connected speech, two-syllable (spondaic)
words, monosyllabic words, or sentences. The materials may be presented by means of a CD
player, other recorded audio input or microphone (using monitored live-voice). At times the
sensitivity of the nontest ear by bone conduction is such that it may inadvertently participate
in a test under earphones. When cross hearing is a danger, a masking noise must be pre-
sented to the nontest ear to eliminate its participation in the test. Details of this procedure are
explained in Chapter 6.

Measurements using speech audiometry augment the findings of pure-tone tests and
help to determine the extent of a patient’s hearing loss, loudness tolerance, and speech recog-
nition. The knowledge gained from the use of speech audiometry is helpful in the diagnosis of
the site of a lesion in the auditory system, as well as in audiological treatment.

The test results depicted in Chapter 4 illustrating normal hearing, conductive hearing
loss, and sensory/neural hearing loss are repeated in Figures 5.5, 5.6, and 5.7. These figures
show the probable results obtained during speech audiometry, including the use of masking,
where indicated.
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FIGURE 5.5 (A) Worksheet illustrating normal hearing in both ears. (B) Note that the two- and three-frequency
PTAs, as well as the variable PTA, compare favorably with the SRTs. The WRS in each ear is very high at both
30 dB SL and 90 dB HL. Masking is needed only for the high-level WRS test, as will be discussed in Chapter 6.
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FIGURE 5.6 (A) Worksheet illustrating conductive hearing loss in both ears. (B) The PTAs are in close
agreement with the SRTs. The WRSs are high in both ears, even at 90 dB HL. Masking was required for a number
of the procedures used here and will be discussed in Chapter 6.
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FIGURE 5.7 (A) Worksheet illustrating sensory/neural hearing loss in both ears. (B) The two- and three
frequency pure-tone averages agree closely with the SRTs, but because the audiogram falls in the high
frequencies, the SRTs are lower than the variable pure-tone averages. WRSs show some word-recognition

difficulties in both ears.
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REVIEW TABLE 5.1 Summary of Tests Used in Speech Audiometry

Test Purpose Material Unit

SRT HL for speech recognition Spondees; cold running speech dB
Verify PTA

SDT HL for speech awareness Cold running speech dB

MCL Comfort level for speech Cold running speech dB

UCL Level at which speech becomes Cold running speech dB
uncomfortably loud

RCL (DR) Dynamic listening range for speech Cold running speech dB

SRS Recognition of speech PB words; CNC words; rhyming %

words; sentences

Frequently Asked Questions

In speech audiometry, what exactly does it mean to peak at
0 on the VU meter? What types of words are used for tests
measuring SDT, SRT, and WRS?

Striking 0 dB on the VU meter ensures that the hearing-level
dial reading on the audiometer is the actual intensity that
reaches the earphone. The usual stimuli used are continu-
ous discourse for the SDT, spondaic words for the SRT, and
monosyllabic word lists for WRS.

Does our uncomfortable loudness level (UCL) decrease or
increase with age?

It surely does not increase with age but may or may not
decrease depending on the presence of cochlear hearing loss
with loudness recruitment.

How much do audiologists have to practice before they
can make their voices hit 0 on a VU meter?

This naturally varies from person to person, but most stu-
dents find that with effort and some practice, this skill can
be achieved in a relatively short time.

Which is used more often when testing the WRS of chil-
dren, an open- or closed-message test?

This depends on the age and maturity of the child. Younger
children are usually tested with closed-message tests like the
WIPI, and older children with PB word lists like the PBKs or
even adult word lists.

Why do audiologists not use MCL except in the evaluation
of hearing aids?

Some audiologists do test MCL under earphones, but the
majority of them do not, probably because it is not par-
ticularly useful in diagnosis. It can be useful, however, in
patient counseling if the MCL is significantly greater than
average with regard to conversational speech intensities
(45 dB HL).

What does the PI function graph tell us?

There are differences in the shape of the curve for conduc-
tive, cochlear, and retrocochlear hearing losses that may aid
in diagnosis, particularly when a high rollover ratio is seen.

STUDENTS-HUB.com
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Why do people with sensory/neural losses have speech
recognition problems?
Damage to the sensory/neural system typically results in
distortion of the speech signal so that, in many cases, just
increasing the loudness of speech is not helpful in recogniz-
ing phonemes of speech.

What is the signal-to-noise ratio?

It is not actually a ratio at all but rather a difference, in
decibels, between the desired signal and the undesired sig-
nal (called noise). When the signal has greater intensity, the
number is shown with a positive sign, and when the noise
has greater intensity, the number is shown with a negative
sign.

If patients with conductive hearing loss have almost per-
fect word recognition scores, how do audiologists differ-
entiate them, using word recognition tests, from patients
with normal hearing?

That differentiation is made with threshold tests done with
pure tones and speech.

What exactly does the formula for the rollover ratio tell us
about our patients’ hearing?

A significant rollover ratio (greater than .25) suggests a ret-
rocochlear lesion.

Why are sentences instead of words used as stimuli for
speech detection threshold testing?

The subject needs to hear the signal for a long enough period
to assess its loudness. Single words are not audible long
enough to make this judgment.

Why is the spondee curve steeper than the curve for word-
recognition tests?

It has long been known that the more phonemes and the
more syllables that are contained in a word, the easier that
word is to recognize. Spondees have two syllables, and words
used for word recognition are single syllable.

Which speech-recognition test was designed for patients
with high-frequency loss?
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A popular one is the California Consonant Test.

Are all tests used for speech-recognition testing available
in languages other than English and Spanish?
Yes, some tests are available in many languages.

Has the reliability and validity of those tests been thor-
oughly examined?
More in some languages than in others.

Why is the two-frequency pure-tone average the best pre-
dictor of hearing loss for speech?

This is often, but not always the best predictor of the SRT.
There are many factors that may influence a patient’s SRT.
In many high-frequency hearing losses, patients gain cues
from the low frequencies that help them to identify vowels
and allow them to guess at spondaic words. For these high-
frequency losses, the two-frequency pure-tone average is
often the best predictor of hearing loss for speech.

Suggested Reading

McArdle, R., & Hnath-Chisolm, T. (2009). Speech audiometry.

I

In J. Katz, L. Medwetsky, R. Burkhard, & L. Hood (Eds.),

Endnote

Auditec of St. Louis (800-669-9065).
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How do we know where to set the dB level to test WRS?
Some clinicians do speech recognition testing at a set sensa-
tion level above the SRT for each ear and others at a preset
intensity equal in the two ears. Some clinicians find MCL
and use that level. If testing is done at only one intensity,
there is no way to know that the SRS represents the patient’s
maximum performance unless the score is 100 percent.

If patients with conductive hearing loss have almost per-
fect word-recognition scores, how do audiologists differ-
entiate them, using word-recognition tests, from patients
with normal hearing?
That differentiation is made with threshold tests done with
pure tones and speech.

What exactly does the formula for the rollover ratio tell us
about our patients’ hearing?

A significant rollover ratio (greater than .25) suggests a ret-
rocochlear lesion.

Handbook of clinical audiology (pp. 64-79). Baltimore:
Lippincott Williams & Wilkins.
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CHAPTER

A Masking

LEARNING OBJECTIVES

This chapter describes the proper means of obtaining masked responses during
audiometric testing when it is necessary to ensure that the patient does not respond
to a signal received by the nontest ear. At the completion of this chapter, the reader
should be able to

B Understand the concepts of cross hearing.
B Understand when masking signals should be employed.

B Describe the differences in determining the need to mask when testing pure-
tone air conduction, pure-tone bone conduction, speech-recognition thresholds,
and speech-recognition scores.

B Discuss the different masking methods for the above tests.

B Understand why different noise spectra are used for speech and pure-tone tests.

URING VISION TESTING, ONE EYE is covered to make certain that the

uncovered eye is the one taking the test. This cover is called a mask. Unfortunately,

this simple solution is not available when testing hearing because covering the ear
opposite the one being tested does not eliminate it from participation. In addition, in the case
of some bone-conduction tests, covering the ear not tested actually makes the sound louder
in the nontest ear and increases its participation. For this reason, masking for auditory tests
requires that a noise be introduced into the ear not being tested to raise its threshold so that it
cannot respond to a signal presented to the test ear. This is auditory masking, and the need for
its use and its application vary depending on the kind of test performed.
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Cross Hearing in Air- and Bone-Conduction Audiometry ‘L
It is logical to assume that if hearing sensitivity is considerably better in one ear than in the
other (say, 50 dB to 70 dB), it is possible that, before the threshold of the poorer ear is reached,
the intensity of the signal may be sufficient for the sound to escape from beneath a supra-aural
air-conduction earphone or around the edges of an insert earphone into the room and be heard
by the better ear. Resultant audiograms plotted when this happens have been called shadow-
grams. However, it is more common for louder sounds introduced by air conduction to actu-
ally cross from one side of the head to the other, primarily by bone conduction (Chaiklin, 1967;
Martin & Blosser, 1970). It is probable that whenever the intensity is raised to a high enough
level, the supra-aural air-conduction receiver or insert receiver vibrates sufficiently to cause
deformations of the skull, giving rise to bone-conducted stimulation. If the level of a tone thus
generated is above the bone-conduction threshold of the nontest ear, the patient will respond,
signaling that the tone has been heard before the auditory threshold of the test ear has actually
been reached, assuming the test ear has sufficient hearing loss.

As sounds travel from one side of the head to the other, a certain amount of energy is
lost in transmission. This loss of intensity of a sound introduced to one ear and heard by the
other is called interaural attenuation (IA). Interaural attenuation for air conduction varies with
frequency and from one individual to another. Results of three studies of interaural attenuation
using two different kinds of earphones are shown in Table 6.1.

The danger of cross hearing for air-conducted tones presents itself whenever the level of
the tone in the test ear (TE) by air conduction, minus the interaural attenuation (IA), is equal
to or higher than the bone-conduction threshold of the nontest ear (NTE). We can state this as
a formula:

ACTE - IA = BCNTE

Because it is not possible to know in advance the interaural attenuation of a given patient,
it is advisable to adopt a conservative approach and consider 40 dB to be the minimum possible
value when using supra-aural audiometer earphones. Insert earphones provide more interau-
ral attenuation than supra-aural phones, so 70 dB can be substituted for 40 dB in the formula,
meaning that masking will be required much less frequently when using insert phones.

Because there is rarely a way of knowing for certain which cochlea has been stimulated
by a bone-conducted tone regardless of where the vibrator is placed, cross hearing during
bone-conduction tests is always a possibility. Therefore, the minimum IA for bone conduction
should, for clinical purposes, be considered as 0 dB. There are many approaches to dealing with
the problem of cross hearing, only one of which is discussed in this text.

From a practical clinical viewpoint, it seems important to ask, “Does it matter which ear
has responded during pure-tone audiometry?” In the case of air conduction, the answer is an

TABLE 6.1 Minimum Interaural Attenuation for Pure Tones Using Supra-Aural Earphones According to
(A) Coles and Priede (1968), (B) Zwislocki (1950), and (C) Sklare and Denenberg (1987)

Interaural Attenuation

Frequencyin Hz  (A) Supra-Aural Earphones  (B) Supra-Aural Earphones  (C) Insert Earphones

250 61 45 89+

500 63 50 94+
1,000 63 55 81
2,000 63 60 71
4,000 68 65 77
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emphatic yes because one must know for certain the hearing sensitivity of each ear. In the case
of bone conduction, as was illustrated in Figures 4.13 (conductive loss) (see page 89) and 4.15
(mixed loss) (see page 91), the answer is also yes because the bone-conducted thresholds of
each ear tell the amount of conductive involvement (by comparing them to air conduction)
and the amount of sensory/neural involvement (by comparing them to 0 dB HL). If a bone-
conduction response is obtained from the nontest ear, a completely incorrect diagnosis of the
test ear may result. In the case of Figure 4.14 (page 90), however, it really does not matter which
ear has responded to the bone-conduction signal because both ears show an absent air-bone
gap, resulting in a diagnosis of bilateral sensory/neural hearing loss. Therefore, cross hearing in
bone-conduction testing is of concern only when there is an air-bone gap in the test ear.

) Masking

Whenever cross hearing is suspected, it is necessary to eliminate the nontest ear from the pro-
cedure to determine (1) whether the original responses were obtained through the nontest ear
and, (2) if they were, what the true threshold of the test ear really is. The only way to accom-
plish masking for auditory signals is to deliver a noise to the nontest ear to raise its threshold,
thereby removing it from the test.

The American Speech-Language-Hearing Association’s (2005) most recent guidelines
recommend that masking be used during bone conduction testing if the bone-conduction
threshold in a given ear is better (lower) than the air-conduction threshold by 10 dB or more
in the same ear. However, because there is a certain amount of normal variability between
air- and bone-conduction thresholds, even among patients without conductive hearing losses,
bone-conduction thresholds often appear to be slightly better (or even sometimes slightly
poorer) than air-conduction thresholds. It seems practical, therefore, to consider air-bone gaps
up to 10 dB to be insignificant. Thus, cross hearing for bone conduction should be suspected
whenever an air-bone gap greater than 10 dB is seen in the test ear:

ABG; > 10 dB

ciinical COMMENTARY

Masking must be undertaken whenever there is a possibility that unmasked test results
may be derived from the nontest ear. In other words, one must mask whenever the use of
masking may change the diagnosis of the type and/or degree of hearing loss at any frequency
in either ear. After the air-conduction thresholds have been obtained, with proper masking
when appropriate, the relationship between the thresholds by bone conduction and air
conduction (the air-bone gap, the conductive component of the hearing loss) and between
bone-conduction thresholds and normal hearing levels (the actual degree of sensory/neural
hearing loss), become of paramount importance.

Many audiologists claim that, because they usually cannot be certain which ear has
responded, they mask routinely for all bone-conduction tests (Martin, Champlin, & Chambers,
1998). This can be extremely time consuming and is often unnecessary and unpleasant for the
patient. Other clinicians use interaural attenuation values, like 10 dB, to determine the possibil-
ity of cross hearing, but that is a passé notion because, as stated above, it must be assumed that
there is no interaural attenuation for bone conduction.
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The important question to ask is whether masking for bone conduction might result in a
change in diagnosis from unmasked values. Using Table 6.2 as an example, four usual audio-
metric findings are demonstrated in terms of air-bone relationships in the same ear at any
given frequency. What must be remembered is that, while masking may result in responses
for bone-conduction thresholds remaining unchanged from unmasked values or may result
in responses for bone-conduction thresholds becoming worse (poorer hearing), masking the
nontest ear cannot cause thresholds to appear better.

If a split audiogram is used, there is no need to post the unmasked forehead bone-
conduction responses on both audiograms. To determine if masking is needed for air-
conduction testing, air-conduction thresholds for both ears must be compared to forehead
bone-conduction results at all frequencies to show the potential for air-conduction crossover
(remember ACrz — IA = BCyrg). When masking for bone conduction, it must be deter-
mined that there is a lack of air-bone gaps at each frequency and therefore that there is no need
to mask (remember ABG; > 10 dB).

In the examples in Table 6.2, the similarity between normal hearing and sensory/neural
hearing loss is that they both exhibit no significant air-bone gap; that is, there is no meaningful
conductive component at the frequency tested. Therefore, opposite ear masking either leaves
the threshold results unchanged or makes them appear poorer than air conduction. The con-
clusion that can be drawn is that masking cannot change the diagnosis in either of these cases,
so there is no need to mask.

As shown in Table 6.2, conductive and mixed hearing losses both exhibit air-bone gaps;
that is, there is some conductive component to the hearing loss. In either case, if the bone-
conduction thresholds become poorer with masking, indicating that the initial results were
obtained from the nontest ear, the diagnosis can change dramatically. In such cases, when the
nontest ear received the signal, masking may reveal that either of those cases that appear to
have conductive components may actually be sensory/neural, or the sensory/neural portion of
the loss may be greater than what appeared without masking.

The alert audiologist will probably suspect the possibility of cross hearing more often
than it actually occurs. This is good because it is better to mask unnecessarily than to fail to
mask when a signal has been heard in the nontest ear. In clinical audiology the rule should be
“When in doubt, mask.”

ciinical COMMENTARY

Some experienced clinicians have noted that if mastoid bone-conduction testing is done,
there is really no need to test from the second mastoid for those frequencies in which no
air-bone gaps are observed. Air-conduction thresholds for both ears must, of course, be com-
pared to the mastoid bone-conduction results. A notation must be made so that an inter-
preter of audiometric results will not believe that the second ear was not tested by bone
conduction due to an oversight.

TABLE 6.2 Effects of Masking the Nontest Ear on the Diagnosis of True Bone-Conduction Thresholds

Air Conduction Bone Conduction Air-Bone Gap Might Masking Change the Diagnosis?
Normal 10 5 5 No
Sensory/neural 35 30 5 No
Conductive 35 5 30 Yes
Mixed 60 35 25 Yes

STUDENTS-HUB.com Uploaded By: anonymous



130 PART Il HEARING ASSESSMENT

Noises Used in Pure-Tone Masking

The relative effectiveness of a noise in masking a pure tone is determined by several variables,
including the spectrum of the noise, how the masking-level dial is calibrated, and the kind of
earphone used to deliver the noise to the masked ear. When these variables are understood
and controlled, the task of masking becomes considerably easier.

Several different kinds of masking noises are available on commercial pure-tone audi-
ometers. Each noise has a characteristic spectrum and therefore provides a different degree of
masking efficiency at different frequencies.

It is possible to generate a noise that has approximately equal energy per cycle and cov-
ers a relatively broad range of frequencies. Because of this analogy to white light, which con-
tains all the frequencies in the light spectrum, this signal has been called white noise. White
noise, which has also been called thermal and Gaussian' noise, sounds very much like hissing.
Because the earphones accompanying many audiometers are not of very high quality, they do
not provide much response in the higher frequencies and therefore limit the intensity of white
noise above about 6,000 Hz. Hence, that which is labeled on the audiometer as white noise is
more accurately termed broadband or wideband noise because it emanates from the earphone.

Because it has been proven that the masking of a pure tone is most efficiently accom-
plished by frequencies immediately surrounding that tone, the additional frequencies used in
a broadband noise are redundant. They supply additional sound pressure and loudness to the
patient, with no increase in masking effectiveness. Through the use of band-pass filters, it is
possible to shape the spectrum of a broadband noise into narrowband noise. Modern digital
technology now allows the generation of a digital noise that can be of any desired bandwidth
and contain only the desired frequencies.

Surrounding every pure tone is a critical band of frequencies that provides maximum
masking with minimum sound pressure. Narrowing the noise band to less than the critical
bandwidth requires greater intensity to mask a given level of tone. Conversely, adding frequen-
cies outside the critical band increases intensity (and therefore loudness) without increasing
masking effectiveness. The narrow noise bands found in most audiometers are usually consid-
erably wider than the critical band.

The earphones still frequently employed to deliver a masking noise during clinical pure-
tone testing are the ones provided with most audiometers, the TDH-39, TDH-49, or TDH-
50P earphones, with MX-41/AR (supra-aural) cushions. There are many reasons to prefer
the use of insert earphones, which decrease the occlusion effect evident in bone conduction
when an ear is covered (Dean & Martin, 2000) and therefore have an advantage in masking
during bone-conduction testing. In addition, because they are coupled to a smaller area of the
skull, insert receivers provide 70 to 100 dB of interaural attenuation. When the foam rubber
surrounding the tubing at the end of an insert receiver is inserted deeply into the external
ear, an additional 15 to 20 dB of interaural attenuation can be achieved (Killion, Wilber, &
Gudmundsen, 1985).

Calibration of Pure-Tone Masking Noises

Just as with pure-tone test signals, electronic calibration must be completed annually to
ensure that masking level intensities match the values chosen, that the signal increases and
decreases in a linear fashion, and that the frequency spectrum selected for the signal is
accurate. Surveys have shown that it is common practice for the decibel reference for mask-
ing to be in either sound-pressure level or hearing level. However, the concept of effective
masking (EM) for clinical testing is very practical and easy to use once the audiometer has
been properly calibrated.
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Effective masking may be defined as the minimum amount of noise required to make a
given signal inaudible. Thus, 20 dB EM at 1000 Hz is just enough noise to make a 20 dB HL,
1,000 Hz tone inaudible; 50 dB EM would just mask out a 50 dB HL tone, and so on. In the
presence of 50 dB EM, a tone will not become audible until the tone reaches approximately
55 dB HL, regardless of an individual’s hearing loss (assuming the hearing loss is less than
55 dB), because any hearing loss attenuates both the tone and the masking noise equally and
because it assumes that the signal and the masker are both being heard in the same ear (as is
the case when the test tone has crossed to the nontest ear, thus necessitating masking in the
nontest ear).

The calibration of a noise in units of effective masking can be carried out using about a
dozen normal-hearing subjects as follows:

1. Presenta 1,000 Hz tone at 30 dB HL to one ear by air conduction. Pulse the tone on and
off to minimize auditory fatigue.

2. Present a noise (preferably narrowband) to the same ear.

3. Raise the level of the noise in 5 dB steps until the 30 dB tone is no longer audible. The
tone should be heard again at about 35 dB HL. Recheck several times for accuracy.

4. Take a mean value of the masking-level dial setting at which the 30 dB HL tone was just
barely masked. Round this number to the closest multiple of 5 dB.

5. Add 10 dB as a safety factor to offset the normal dispersion seen around any mean. This
is 30 dB EM at 1,000 Hz.

6. Subtract 30 dB from the above value. This is 0 dB EM at 1,000 Hz.
7. Repeat this procedure for all audiometric frequencies.

8. Post a correction chart on the audiometer showing the number of decibels that must be
added to the hearing-level dial reading to reach 0 dB EM for each frequency.

A worksheet for determining effective masking is shown in Figure 6.1. For an example
of how effective masking works, see Table 6.3. For most audiometers today, the audiometer’s
masking noise is fairly even across frequencies, resulting in very similar correction factors for
all frequencies that rarely exceed 5 dB. Because this is not always the case, clinicians should
complete a psychacoustic calibration of their own equipment.

Once calibration has been completed, any level at any frequency can be masked (in the
same ear) up to the maximum masking limits of the audiometer simply by adding the deter-
mined correction factor to the threshold level of the ear to be masked. If, as in the example
above, a +15 dB correction is needed for 0 dB EM, and a 40 dB tone is to be masked, the
masking-level dial would be set to 40 dB EM, which is actually 55 dB HL: 40 dB for the tone to
be masked plus a 15 dB correction, which includes the safety factor. The safety factor is there-
fore built into the correction, and it should not be added again when determining the need for
individual masking levels.

Of course, when masking is done clinically, the masker is presented to the earphone
opposite the test earphone. Using this procedure assumes that the test tone may have lateralized
and is actually heard in the nontest ear, requiring this ear to be masked. Therefore, if the tone
has indeed lateralized, introduction of an EM level into the nontest ear (equal to the threshold
of the nontest [masked] ear plus the predetermined correction factor, which includes the safety
factor) should render the tone inaudible if it has indeed crossed over to the nontest ear. At this
point, the masking plateau process (to be described under masking methods) may begin. If the
tone has not lateralized, introduction of that same level of masking into the nontest ear allows
the tone to remain audible (because it is still being heard in the test ear), and the masking exer-
cise is complete for the frequency tested.
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FIGURE 6.1 Form for determining 0 dB of effective masking (EM) for pure tones and speech using a group of subjects with
normal hearing. The following operations should be carried out for each column and the results from row G should be posted
on the audiometer:

A | HL of Signal 30 30 30 30 30 30 30 30 30 30 30 30

Mean Noise Level

Rounded to
Multiple of 5

D | Safety Factor

Correction Factor
(C+D)

F | Subtract 30

This is 0 dB EM
(E-A)

Subject 125 | 250 | 500 | 750 | 1000 [ 1500 | 2000 | 3000 | 4000 [ 6000 | 8000 [Speech

1

Ol | N|o|o| M|l w|DN

a. Present the signal and noise to the same ear at 30 dB HL for each frequency and for spondaic words.

Vary the intensity of the noise until the signal is barely masked out. Record the result in the appropriate cells for each
subject in the desired columns. Record the mean value for each column at the top of the form in row B.

Round the numbers in row B to the closest multiple of 5 dB.

Add a safety factor of 10 dB to the numbers in row C.

This is 30 dB EM (row C + row D).

Subtract 30 dB from row E.

This is 0 dB EM (row F — row A). When masking during clinical tests, this value must be added to the threshold of the
nontest ear to attain the initial EM for that threshold value.

=

@ -0 0

Another example of correct masking protocols follows. Assume that a patient’s thresh-
olds (using insert earphones) are as follows:

Right ear AC 20 dB HL

Right ear BC 10 dB HL

Left ear AC 80 dB HL
When testing the left ear, criteria are met to mask the right (nontest) ear and retest the left (test)

ear because cross hearing may have occurred (80 dB [test ear AC] —70 dB [IA] = 10 dB HL
[nontest ear BC]).
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TABLE 6.3 Example of Effective Masking*

1 2 3 4 5 6 7

Hearing Level Hearing Level of Correction Factor to Masking-Level Dial
of 1,000 Hz  Noise in Same Ear Safety  Be Applied to Reach Reading for This Effective Effective
Tone to Just Mask Out Tone Difference Factor 30 dB Effective Masking Masking Level Masking
30 35 5 10 +15 45 30
20 25 5 10 +15 35 20
10 15 5 10 +15 25 10

0 5 5 10 +15 15 0

*Units are in decibels. Assume that the average for a dozen normal-hearing subjects shows that, at 1,000 Hz, a 30 dB HL tone is barely masked with a 45 dB HL
masking noise.

The initial masking level would be 20 dB EM. The hearing-level dial to achieve 20 dB EM
would be 35 dB HL, which is the threshold of the ear to be masked (20 dB HL) plus the prede-
termined correction factor of 15 dB, which includes the 10 dB safety factor. Stated as a formula:

EM = ACNTE + CF

Central Masking

Decades ago, Wegel and Lane (1924) showed that a small shift is seen in the threshold of a pure
tone when a masking noise is introduced to the opposite ear. This threshold shift increases
slightly with increased noise but averages about 5 dB. It is believed that the elevation of thresh-
old is produced by inhibition that is sent down from the auditory centers in the brain and
therefore has been called central masking. Central masking must be differentiated from over-
masking (OM), in which the masking noise is actually so intense in the masked ear that it
crosses the skull and produces an undesired masking of the test signal in the test ear.

Masking Methods for Air Conduction

Masking must be undertaken whenever the possibility of cross hearing in air conduction
exists. A survey of clinical audiologists on contemporary clinical practices (Martin et al., 1998)
showed more disagreement on masking methods, and apparently greater insecurity, than on
any other clinical procedure.

The “Shotgun” Approach

It is possible, in a large number of cases, for clinicians to mask by using some fixed or arbitrary
level of noise in the masked ear, without really understanding what they are doing. In uncom-
plicated cases, the masking procedure often appears to be satisfactory. Because of insufficient
feedback about their errors, some individuals fail to profit from their mistakes and continue
with erroneous philosophies such as “Just use 70 dB of noise,” with no recognition of the prop-
erties of the noise or of its effectiveness. Clinicians may be unaware of when they have used too
little or too much masking noise.

The Minimum-Noise Method

Through calibration, it is possible to determine the minimum amount of noise necessary to
mask a pure tone at a given intensity. There is no need to burden the patient with any more
noise than is necessary to get the job done. As discussed earlier, the best way to do this is to
regard the noise level in terms of decibels of effective masking.
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Several time-consuming, and frequently clinically impractical, formulas have been devel-
oped over the years for the determination of the minimum and maximum amounts of effective
masking to be used. Martin (1974) has shown that the different formula approaches yield the
same noise sound-pressure levels as does a simple, direct approach, requiring almost no calcu-
lation. This simple approach is described in the following paragraph.

When test results suggest the possibility of cross hearing, they should be examined closely.
Consider the example in Figure 6.2. The criteria for masking are met for the left ear by air con-
duction, assuming the use of supra-aural earphones, because the threshold (60 dB HL) minus
minimal TA (40 dB) is greater than the bone-conduction threshold of the right ear (10 dB HL).
Because the test was presumably performed carefully, we know that the 60 dB response was a
threshold. However, here is the question that arises: “The threshold of which ear?” If the right
(nontest) ear can be removed from the test by masking, and the threshold of the left (test) ear
remains unchanged, this means that the original response was obtained through the test ear. If,
however, eliminating the right ear from the test results in a failure of response at the left ear at
the previous level (plus 5 dB for central masking), the right ear provided the hearing for the
original response, and further masking is required to determine the true threshold of the left
ear. It should be noted in this example that, had insert receivers been used, the entire issue of
masking would have been averted.

The minimum amount of noise required for the threshold test described is an effective
masking level equal to the AC threshold of the nontest ear plus the predetermined correction
factor, and may be referred to as initial masking (IM). This is just enough noise to shift the
threshold of that ear 5 dB, by both air conduction and bone conduction. If the threshold of the
tone presented to the test ear was originally heard by bone conduction in the nontest ear, rais-
ing the threshold of the nontest ear with masking will eliminate the possibility of this response.

Maximum Masking

Just as a tone can lateralize from test ear to nontest ear, given sufficient intensity, so can the
masking noise lateralize from masked ear to test ear, both by bone conduction. An individual’s
interaural attenuation cannot be less than the difference between the air-conduction level in

Right Left
AC =30dB 60 dB =AC
FIGURE 6.2 lllustration of the need to mask during air-
BC=10dB 10dB=BC

conduction tests. Because the difference between the left-ear
air-conduction threshold (60 dB HL) and the right-ear bone-
conduction threshold (10 dB HL) exceeds the minimum possible
interaural attenuation (40 dB, assuming supra-aural earphones
were used), cross-hearing is a possibility. Note that the minimum
interaural attenuation for this patient must be 50 dB (AC left
minus BC right). Masking needed for the right ear is 30 dB EM.
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the test ear and the bone-conduction level in the nontest ear at which threshold responses are
obtained. For example, even though Figure 6.2 does not illustrate cross hearing per se, but
rather the possibility of cross hearing, the interaural attenuation for the individual illustrated
cannot be less than 50 dB for the test frequency (air-conduction threshold of the test ear minus
bone-conduction threshold of the nontest ear).

Whenever the level of effective masking presented to the masked ear, minus the patient’s
interaural attenuation, is above the bone-conduction threshold of the test ear, a sufficient
amount of noise is delivered to the cochlea of the test ear to elevate its threshold. This is over-
masking (see Figure 6.3). The equation for overmasking for pure tones is:

EMyrg = BCpp + IA

Therefore, maximum masking is equal to the threshold of the test ear by bone conduction plus
the interaural attenuation, minus 5 dB. When ears with large air-bone gaps are tested, mini-
mum masking quickly becomes overmasking, sometimes making determination of masked
pure-tone thresholds difficult. In such cases, audiologists must recognize the problem and rely
on other tests and observations to make their diagnoses.

The Plateau Method

This text presents a modification of a popular masking method first reported more than half
a century ago (Hood, 1960). By combining Hood’s plateau method with the minimum-noise
method, one begins with the initial masking level (the air-conduction threshold of the masked
ear plus the predetermined correction factor). If the tone is no longer audible, the threshold
for the tone is measured again in the presence of the contralateral masking noise. The noise
level is then increased 5 dB, and the threshold is measured again. This often results in neces-
sary increases in the tone level of 5 dB for every 5 dB increase in noise in order to keep the tone
audible. The assumption is that the threshold of the tone in the test ear has not been reached
(undermasking), and that both tone and noise are heard by the nontest ear (see Figure 6.4A).
When the threshold of the tone for the test ear has been reached (see Figure 6.4B), the level of

Right (mask) Left (test)

60 dB =AC

FIGURE 6.3 Example of overmasking. The effective
Shifted to 15 d8  Masking level in the right ear (60 dB) is decreased by
the interaural attenuation (50 dB) so that 10 dBEM is
10dB = BC received by bone conduction in the left ear. This shifts
the bone-conduction threshold to 15 dB, plus any
additional shift for central masking. Adding more
noise to the right ear results in increased masking at
the left ear, with further threshold shifts. In this case,
the minimum amount of noise required to mask out the
right ear produces overmasking.

BC=10dB
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FIGURE 6.4 The plateau method for masking. (A) Undermasking: The tone (by cross hearing) continues to
be heard in the masked ear despite the noise because the tone level is below the threshold of the test ear.

(B) The plateau: The tone has reached the threshold of the test ear. Therefore, raising the masking level in the
masked ear does not shift the threshold of the tone. (C) Overmasking: The masking level is so intense that it
crosses to the test ear, resulting in continuous shifts in the threshold of the tone with increases in the masking
noise. Minimum (D) and maximum (E) masking are found at either side of the plateau.

100 , ,
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Maximum masking

Minimum masking

Effective masking E
70 | D g

60 |-

Tone Threshold in Test Ear (dB)

50

40 1 1 1 1 1 1 1
30 40 50 60 70 80 90 100
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noise can be increased several times without affecting the level of tone that evokes a response.
This is the plateau. If the noise level is raised beyond a certain point (the bone-conduction
threshold of the test ear plus the interaural attenuation), overmasking takes place, and the
tone and noise are mixed in the test ear. Further increases in noise result in further shifts in
the threshold of the tone (see Figure 6.4C). Minimum and maximum masking are shown in
Figures 6.4D and 6.4E.

Problems of overmasking plague all the masking methods, including the plateau system,
whenever there are large air-bone gaps in both ears. The larger the air-bone gap, the narrower
the plateau; the smaller the air-bone gap, the broader the plateau.

The width of the masking plateau is determined by three variables: (1) the air-conduction
threshold of the nontest (masked) ear, (2) the bone-conduction threshold of the test ear, and
(3) the patient’s interaural attenuation. The higher the air-conduction threshold of the masked
ear, the greater must be the initial masking level; the higher that level is, the greater are the
chances that the noise will cross to the test ear. The better the bone-conduction threshold of the
test ear, the greater is the likelihood that a noise reaching the cochlea of that ear from a masking
receiver on or in the opposite ear will exceed its threshold, producing a threshold shift in the
test ear. The smaller the interaural attenuation, the higher the level of the noise that reaches the
test ear. By increasing interaural attenuation from the test ear to the nontest ear as well as from
the nontest ear to the test ear, insert receivers decrease the chances of overmasking and widen
the masking plateau. These concepts are summarized in Table 6.4.
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TABLE 6.4 Factors That Influence the Width of the Masking Plateau

Factor Narrow Plateau Wide Plateau
AC threshold of masked ear Higher Lower
BC threshold of test ear Lower Higher
Interaural attenuation Smaller Larger

The time demands of routine audiological practice often make proper testing protocols
difficult to employ. An excellent example is the need to remove air-conduction receivers;
complete bone-conduction tests; and, when masking for air conduction is needed, reapply
the receivers. Practicality and expediency cannot excuse a less-than-scientific approach
to testing, but surely there are times when some procedures can be shortened. Table 6.5

TABLE 6.5 Examples of Seven Possible Sets of Pure-Tone Test Results That Can Indicate the Need to Mask
for Air Conduction

Example AC Right AC Left BC Right BC Left
1 5 5 5 5

2 35 30 30 30

3 60 (60) 5 5(5) 5

4 60 60 5(5) 5 (60)
5 60 60 60 60

6 60 60 (60) 5 5(35)
7 60 (NR) 60 5 (NR) 5 (5)

Example 1 Even without BC results, we can see that no masking is needed for AC for either ear. Many clinicians
would not even perform BC in this case. The final diagnosis is obviously normal hearing in both ears.

Example 2 The air-conduction thresholds are not high enough, even using supraural earphones, to allow
for cross hearing, even if the bone conduction thresholds turned out to be normal. The need for masking is
not there. The final diagnosis is bilateral sensorineural hearing loss.

Example 3 Even without (before) performing BC, the need to mask the left ear is obvious because there is
sufficient interaural difference to make cross hearing a possibility. After masking the left ear and retesting
the air conduction for the right ear, the right BC will need to be carried out, and the need for masking the
left ear becomes obvious. Final diagnosis is conductive loss in the right ear, normal hearing in the left ear,
and cross hearing did not, in fact, take place.

Example 4 There is no obvious need to mask here until BC is carried out. Then AC and BC will need to be
redone in both ears with masking to determine that the air-bone gap originally seen for the left ear was the
result of cross hearing. The final diagnosis is sensorineural hearing loss in the left ear, conductive hearing
loss in the right ear.

Example 5 The AC thresholds are the same as Example 4 and so there is no immediate need for masking.
BC needs to be done to see if there is an air-bone gap in either or both ears. In this case, there is none. Final
diagnosis is bilateral sensory/neural hearing loss with no masking required.

Example 6 Asin Examples 3 and 4 there does not appear to be a need for masking. BC will need to be
carried out before the need for masking can be determined. Final diagnosis is conductive loss in the right
ear, mixed loss in the left ear. The original AC thresholds were correct.

Example 7 This is an unlikely but theoretically possible finding. Initial results show the same symmetrical
pattern as in Examples 4, 5, and 6, but masking, following BC testing, reveals a totally deaf ear on the right
side with a conductive loss on the left. This case would have been completely misdiagnosed had masking not
been employed.
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shows seven scenarios that may be encountered during routine audiometry. These exam-
ples assume the use of supra-aural earphones. Numbers in parentheses indicate the correct
masked thresholds.

Only Example 3 of the seven listed in Table 6.5 clearly shows the need for masking before
bone-conduction tests are completed. Examples 4 through 7 all show identical unmasked
results, but when masking is used properly, the diagnoses are entirely different. In Examples 4,
6, and 7, the unmasked results would probably have been quite different had insert receivers
been used, thereby increasing the interaural attenuation.

ciinical (OMMENTARY

The significantly higher interaural attenuation (IA) with insert receivers makes masking
considerably easier for the audiologist for two reasons. First, the need for masking is elimi-
nated in many instances because the value for IA is placed at 70 dB in the formula that deter-
mines if masking is needed (ACrg — IA = BCyyg). Second, when masking is required, the
chances of overmasking are greatly reduced because of the greater IA.

Masking Methods for Bone Conduction

Masking methods for bone conduction are very much the same as for air conduction, and their
success depends on the training, interests, and motivation of the clinician. One problem in
masking for bone conduction that does not arise for air conduction is the method of delivery
of the masking noise. The matter is simple during air-conduction audiometry because both
ears have earphones already positioned, and one phone can deliver the tone while the other
phone delivers the masking noise. Because both ears are uncovered during bone-conduction
testing, an earphone must be placed into or over the nontest ear without covering the test ear.
The test ear must not be covered because this may further increase the occlusion effect created
by the masking earphone. Figure 6.5 shows the proper positioning of supra-aural receivers (A)
and insert receivers (B) for masking during bone conduction, with the vibrator on the mastoid
and also on the forehead.

As just stated, when an earphone is placed over the nontest ear, an occlusion effect may
be created in that ear. This means that the intensity of any cross-heard tones in the low fre-
quencies is actually increased in the nontest ear. Of course, if the masked ear has a conductive
hearing loss, no additional occlusion effect is evidenced, but it is not always possible to know
whether there is a conductive component in the masked ear.

Because the masking earphone may make the bone-conducted tone appear louder in the
masked ear, the initial effective masking level must be increased by the amount of the occlusion
effect. Failure to do this results in undermasking in a significant number of cases. Therefore,
the initial effective level for bone-conduction masking is the air-conduction threshold of the
tone in the masked ear, plus the predetermined correction factor (CF), plus the occlusion effect
(OE) for the tested frequency and can be expressed as:
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FIGURE 6.5 Masking noise delivered to the nontest ear during bone-conduction audiometry performed from
(A) the mastoid, using a supra-aural earphone, and (B) the forehead, using an insert earphone. (Commercial
headbands for testing bone conduction on the forehead can be acquired through Audiology Incorporated.)

Of course, this increased amount of noise raises the chance of overmasking. In many
cases it is advantageous to use insert receivers to deliver the masking noise because less noise
needs to be delivered to offset the smaller occlusion effect. The increased interaural attenuation
provided by these small phones further decreases the probability of overmasking.

Martin, Butler, and Burns (1974) suggest a simple method by which the occlusion
effect of the patient’s masked ear may be determined and added to the initial masking level
for air conduction. The procedure takes only moments; it requires, after the need to mask
for bone conduction has been determined, an audiometric version of the Bing tuning-fork
test (described in Chapter 2) and is completed in three easy steps. (1) After the patient’s
unoccluded bone-conduction thresholds have been measured, the masking receiver is
placed into or over the ear to be masked (no noise is presented). (2) With the nontest
ear occluded, the thresholds at 250, 500, and 1,000 Hz are redetermined (the frequen-
cies affected by the occlusion effect). (3) The occluded thresholds for each frequency are
subtracted from the unoccluded thresholds. The difference is the patient’s own occlusion
effect. These differences should then be added to the initial masking levels determined for
air conduction. The bone-conduction vibrator may be placed either on the forehead or on
the mastoid.

Use of the audiometric Bing test results in little or no additional masking for con-
ductive losses, where higher noise levels increase the danger of overmasking because there
is no appreciable occlusion effect for conductive hearing loss. When increased masking
is required to offset the effect of having occluded the masked ear, the precise amount of
noise may be added rather than some average figure that may be more or less masking than
required for the individual patient.

The form shown in Figure 6.6 is useful when performing the audiometric Bing test.
The recorded results provide quantitative information about the amount of occlusion
effect for each ear to be added to the initial effective masking level. In addition, the audio-
metric Bing test can be interpreted in the same way as the original tuning-fork test to assist
in the diagnosis of conductive versus sensory/neural hearing loss.
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FIGURE 6.6 Form for

record|r?g data‘ obFalned on SPEECH AND HEARING CENTER
the audiometric Bing test. THE UNIVERSITY OF TEXAS AT AUSTIN 78712

Name: Last-First-Middle Sex | Age | Examiner Reliability Date

AUDIOMETRIC BING TEST

RIGHT LEFT

Frequency
(Hertz) 250 500 1000 250 500 1000

1) Unoccluded

2) Occluded

3) Occlusion
Effect (1-2)

Plotting Masked Results on the Audiogram

Before any masked threshold data are entered on the audiometric worksheet for either air
conduction or bone conduction, 5 dB may be subtracted from the values obtained with the
nontest ear masked to compensate for central masking, assuming the originally measured
threshold shifted when masking was introduced. The appropriate symbols to indicate air
conduction or bone conduction with and without masking are shown on the audiogram.
The graph should contain only symbols that represent accurate thresholds; otherwise, the
audiogram appears cluttered and misleading. The plotting of unmasked response that
later changed when masked is unnecessary because those responses can readily be seen by
examining the numerical insertions at the top of the audiometric worksheet. Whenever the
nontest ear is masked for pure-tone air- or bone-conduction testing, the level of effective
masking should be indicated on the audiometric worksheet. In this way, if someone other
than the examiner should review the test results, the precise effective masking level that was
used in testing can be seen.

Figure 6.7 illustrates a case of normal hearing in the right ear with a sensory/neural
hearing loss in the left ear. Note that the original unplotted test results recorded in the boxes
suggest that the hearing loss in the left ear was conductive (compare the unmasked left ear
thresholds to the unmasked forehead bone-conduction thresholds). The air-bone gaps in the
left ear were closed when proper masking was applied to the right ear, indicating a sensory/
neural hearing loss.

Cinical (MMENTARY

As will be discussed in Chapter 7, results of immittance testing in the example shown in
Figure 6.7 would have ruled out the possibility of a conductive component in the left ear
without the need for bone-conduction testing.
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FIGURE 6.7 (A) Worksheet showing normal hearing in the right ear and a sensory/neural hearing loss in the left ear. (B) Both the
worksheet and the audiogram (B) illustrate that the original (unmasked) results by air conduction and bone conduction suggested
a conductive hearing loss in the left ear because of the air-bone gaps. When proper masking was administered to the right ear, the
bone-conduction thresholds shifted, proving absence of any air-bone gaps in the left ear. Tones on the Weber test, as noted on B,
lateralize to the better-hearing right ear.
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The unmasked results shown in Figure 6.8 suggest a conductive loss in both ears, with
poorer hearing by air conduction in the right ear. Using the criteria described earlier in this
chapter, masking was indicated for the right ear for air conduction and for both ears for bone
conduction. Notice that the hearing loss in the left ear remains unchanged with masking, but
the right ear actually has a severe mixed loss.
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FIGURE 6.8 (A) Worksheet showing a mixed hearing loss in the right ear and a conductive hearing loss in the left ear. (B) Audiogram
using the tabulated results in 6.8A. Unmasked results in both A and B showed conductive hearing losses in both ears. Masking was
indicated for the right ear for air conduction, showing only slight threshold shifts. Masking for bone conduction was indicated for both
ears, resulting in threshold shifts for the right ear. The Weber test refers consistently to the left ear, which has the better sensory/neural
sensitivity. Note that no response is obtained in the right ear by air conduction at 6000 and 8000 Hz with masking in the left ear.
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Yo b Masking for the Speech-Recognition Threshold

Masking must sometimes be used in speech-recognition threshold (SRT) testing to eliminate the
influence of the nontest ear and to ascertain the true threshold of the test ear when cross hearing
is a possibility. As in pure-tone testing, the audiologist should suspect the need to mask more often
than cross hearing actually occurs. Even in questionable cases, masking is a prudent practice.

The use of insert earphones can help to avoid some of the problems of overmasking for
speech as it does for pure tones by increasing interaural attenuation to at least 70 dB. The recent
emphasis on the use of insert earphones holds promise for solving many masking dilemmas
encountered when using supra-aural earphones.

Cross Hearing in SRT Tests

Problems involving cross hearing exist for SRT measurements for the same reasons that they
do for pure-tone air-conduction tests. In some cases the notion persists that there must be a
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significant difference between the SRTs of the two ears before suspicions of cross hearing arise
(Martin et al., 1998). This action ignores the current knowledge that sounds contralateralize
by bone conduction rather than by air conduction. Cross hearing is a danger whenever the
SRT of the test ear, minus the interaural attenuation (conservatively set at 40 dB for supra-
aural earphones and 70 dB for insert earphones), is greater than or equal to the bone-conduc-
tion thresholds of the nontest ear. Because speech is a complex signal and bone-conduction
thresholds are obtained with pure tones, it must be decided which frequency to use in com-
putation. Martin and Blythe (1977) found that frequencies surrounding 250 Hz do not con-
tribute to the recognition of spondees presented to the opposite ear until levels were reached
that considerably exceeded normal interaural attenuation values. Their research supports the
recommendations later made by the American Speech-Language-Hearing Association (1988)
that the SRT of the test ear should be compared to the lowest (best) bone-conduction threshold
of the nontest ear at 500, 1,000, 2,000, or 4,000 Hz. The following formula reveals when cross
hearing may occur and masking of the nontest ear must be used in the test:

SRTTE —JA = best BCNTE

Noises Used in Masking for Speech

The types of masking noises used for speech audiometry are more limited than those used
for pure tones. Because speech is a broad-spectrum signal, speech-masking noises must con-
sist of a broad band of frequencies. White noise is available on many diagnostic audiometers.
Because it is a broad-spectrum noise, it masks speech satisfactorily, but it is slightly less intense
in the low frequencies.

Speech noise is obtained by filtering white noise above 1,000 Hz at the rate of about 12 dB
per octave. Speech noise provides more energy in the low-frequency spectrum than does white
noise and is more like the overall spectrum of speech. Of the masking noises available on com-
mercial audiometers, speech noise is usually preferred for masking speech.

Calibration of Speech-Masking Noises

All of the needs for adequate control of the masking system for pure tones are identical to
those for speech. The linearity of the masking-level dial must be proved. If the masking cir-
cuit is calibrated in decibels of effective masking, procedures for masking speech can be car-
ried out in the same way as those used for pure tones. Psychoacoustic calibration for effective
masking may be carried out in the following fashion on a group of normal-hearing subjects:

1. Present a series of spondees at 30 dB HL.

2. Present a noise (preferably speech noise) to the same earphone.
3. Raise the level of the noise in 5 dB steps until subjects miss more than 50 percent of the
words. Recheck this several times.

4. Obtain a mean for the dial reading on the noise attenuator that masked speech at 30 dB
HL. This is 30 dB EM for speech.

5. Subtract 30 dB from what was determined in Step 4.

6. Add a safety factor of 10 dB to ensure masking effectiveness for most cases.

7. Post a correction chart showing the amount of noise that must be added to 0 dB HL
(shown in Step 6). This is 0 dB EM for speech.

Once calibration is completed, speech at any level can be masked when an effective mask-
ing level equal to the SRT plus the predetermined correction factor is introduced into the same
ear. In other words, to mask an SRT of 45 dB HL, the hearing level of the masker must be set
at 45 dB plus the correction factor to reach a level of 45 dB EM. Of course, as with pure tones,
when speech masking is done clinically, the masker is presented to the earphone opposite the
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test earphone. Using this procedure assumes that the test speech signal may have lateralized
and is actually heard in the nontest ear, thus requiring this ear to be masked. Therefore, if the
signal has indeed lateralized, introduction of an EM level into the nontest ear should render the
speech signal inaudible if it has indeed crossed over to the nontest ear. At this point, the same
masking plateau process described for pure-tone masking is used.

Central Masking for Speech

It has been demonstrated that threshold shifts for continuous discourse (Martin, Bailey, &
Pappas, 1965) and for spondaic words (Martin, 1966) occur when a noise is presented to the
nontest ear under earphones. Because the levels of noise need not be high enough to cause
peripheral masking by cross conduction, it is assumed that the same central masking phenom-
enon exists for speech as for pure tones. Martin and DiGiovanni (1979) found smaller thresh-
old shifts due to central masking than had been previously reported, but it should be expected
that a threshold shift of about 5 dB will be seen for speech in the presence of a contralateral
noise, even if that noise is of relatively low intensity (Konkle & Berry, 1983).

Masking Methods for SRT

Figure 6.9 illustrates the possibility of cross hearing for SRT. If we assume the use of supra-
aural earphones, the difference between the SRT of the test ear (45 dB) and the minimal inter-
aural attenuation (40 dB) exceeds the bone-conduction threshold (0 dB) of the nontest ear.
In this example, no specific frequency is referred to in terms of the bone-conduction thresh-
old. In actual clinical practice, the SRT of the test ear is compared to the best (lowest) bone-
conduction threshold of the nontest ear at 500, 1,000, 2,000, or 4,000 Hz. If the nontest ear
originally participated in the test, it should be removed by presenting an initial level of effec-
tive masking equal to the SRT of the masked ear plus the correction factor. If the SRT of the
test ear does not shift by more than 5 dB (for central masking), the original threshold was cor-
rect as measured, and masking is completed. This is true because the nontest ear was rendered
incapable of test participation. If the threshold shifted by more than 5 dB, the implication is
that the nontest ear did, in fact, play a role in unmasked results by cross hearing. When origi-
nal speech stimuli have been cross-heard, further testing using the plateau method is required.
Maximum masking for speech follows the same general rules noted previously for pure
tones. If cross hearing has taken place, the patient’s interaural attenuation is no greater than the
SRT of the test ear, minus the lowest bone-conduction threshold of the nontest ear. When a level
of effective masking, minus the patient’s interaural attenuation, is equal to or above the lowest
bone-conduction threshold of the test ear, overmasking (OM) has occurred. In equation form:

OM = EMNNTE — [JA = Best BCTE

Plateau Method

The plateau method as described for pure tones can be used when measuring the SRT. If test-
ing with the initial level of effective masking reveals that the SRT was obtained by cross hear-
ing, the SRT is determined with that level of noise in the nontest ear. Then the intensity of the
noise is raised 5 dB in the nontest ear, and spondaic words are again presented to the test ear. If
fewer than three out of six words can be repeated correctly, the level of the words is raised 5 dB,
and so forth. The true SRT is reached when the intensity of the noise can be raised or lowered
at least three times in 5 dB steps without affecting the threshold for the words. As in the case
of pure tones, the plateau for speech is influenced by the patient’s interaural attenuation, the
bone-conduction thresholds of the test ear, and the SRT of the masked ear.
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FIGURE 6.9 Possible cross hearing during SRT testing. Both A and B show that the difference between the SRT of the test ear and

the lowest bone-conduction threshold of the nontest ear exceed the minimum interaural attenuation found when speech sounds
contralateralize (40 dB). Note that the SRT of the nontest earin Ais 0 dB HL and in B it is 30 dB HL. The SRTs of the nontest ears are
unrelated to the danger of cross hearing for speech. The SRT of the test ear must be compared to the lowest bone-conduction threshold
of the nontest ear. The initial effective masking level for the SRT is equal to the SRT of the nontest ear (i.e., 0 dB EM for A, 30 dB EM for B).

Nontest Ear Test Ear Nontest Ear Test Ear

SRT
0dB

EM
0dB

BC
0dB

SRT SRT SRT
45 dB 30 dB 45 dB

No masking EM No masking
needed 30 dB needed

BC BC BC
0dB 0dB 0dB

Recording Masked SRT Results

Before SRTs are recorded on the audiometric worksheet, a 5 dB correction for central masking
should be subtracted from the SRT obtained with contralateral masking, assuming the ini-
tially measured SRT had shifted. The maximum level of effective masking required to obtain
threshold must be recorded in the appropriate box below the SRT.

Cross Hearing and Masking in Speech-Recognition
Score Testing

Given that speech-recognition tests are delivered at suprathreshold levels, the danger of cross
hearing is even greater than during threshold tests. Because cross hearing of an air-conducted
signal occurs by bone conduction, the likelihood of opposite-ear participation in a speech-
recognition test increases as the level of the test signal increases. In addition, the better the bone-
conduction threshold in the nontest ear, the greater is the probability that it will be stimulated by
speech delivered to the test ear. In other words, whenever the hearing level of the stimuli minus
the interaural attenuation equals or exceeds the lowest bone-conduction threshold of the nontest
ear, cross hearing is a strong probability. Expressed as a formula, we have the following:

SRSHLTE —JA = best BCNTE

As in the case of the SRT, the interaural attenuation is considered to be as little as 40 dB for supra-
aural earphones and 70 dB for insert earphones, and the bone-conduction threshold inserted in the
formula is the lowest (i.e., the best) one obtained in the nontest ear at 500, 1,000, 2,000, or 4,000 Hz.

Whenever masking is needed during SRT testing, it will always be needed for speech-rec-
ognition testing for the same ear. Masking often becomes necessary, however, only when the
level of speech is raised above the SRT for the speech-recognition test. Whatever masking noise
is available for SRT should be used for finding the SRS. The noise should be calibrated as effec-
tive masking for speech, as discussed earlier. Although several masking methods have been sug-
gested, the one described here has been found to be most useful (Martin, 1972). The effective
masking level for the masked ear is equal to the hearing level at which the speech-recognition
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test is performed (HL), plus the correction factor (CF), minus 40 dB for interaural attenuation
(70 dB if insert receivers are used), plus the largest air-bone gap in the masked ear:

EM = HLTE + CF — TIA + ABGNTE

The effective masking level thus derived is just sufficient to mask speech at the nontest
ear if the interaural attenuation is as low as 40 dB (or 70 dB if insert receivers are used), and it is
more than enough noise if the IA is greater than these amounts (a probability). If the interaural
attenuation can be computed on the basis of masking needs for SRT, the larger number should
be used in the formula, which lowers the effective masking level and decreases the chance of
overmasking. The interaural attenuation can never be less than the unmasked SRT of the test
ear minus the lowest bone-conduction threshold of the nontest ear.

Insert receivers for speech-recognition testing have several distinct advantages over supra-
aural audiometer earphones, and the two types of receivers may be used interchangeably for
measuring SRS, assuming proper equipment calibration (Martin, Severance, & Thibodeau,
1991). Presenting speech through an insert receiver increases the interaural attenuation from the
test ear to the nontest ear. For example, substituting 70 dB for 40 dB as the minimum amount
of interaural attenuation in the formula shown previously for determining the need to mask
during speech-recognition testing eliminates masking entirely for a large number of patients.
When masking is required, and if it is delivered through an insert receiver, the possibility of
overmasking is reduced or eliminated because the interaural attenuation of the masking noise
from nontest ear to test ear likewise is increased. Finally, the attenuation of background noise
that is provided by insert phones relative to supra-aural phones may result in improved speech
recognition when testing is done at low sensation levels or when background noise is a problem.

Whenever the nontest ear is masked for speech-recognition tests, just as for other audio-
metric measures, the level of effective masking should be indicated on the audiometric work-
sheet. In this way, if someone other than the examiner should review the test results, the precise
effective masking level that was used in testing can be seen.

Cinical (MMENTARY

As with pure-tone masking, the use of insert receivers can often completely eliminate the need
for masking during speech audiometry, thereby simplifying testing. When masking is needed,
problems of overmasking are far less common than when supra-aural earphones are used.

Compensation for Central Masking

If the SRT was obtained with contralateral masking, the central masking correction of 5 dB
may have been subtracted before the result was recorded. This correction must be borne in

' mind when setting the hearing level for the speech-recognition test. If masking is required
( for finding the SRS, but not for determining the SRT, the clinician should assume that a 5 dB
== shift would have occurred if masking had been used when finding the SRT. In such cases, the
CHECK YOUR hearing level should be increased for speech-recognition testing to compensate for the loss of

UNDERSTANDING  loudness of the speech signal that results when noise is presented to the nontest ear.

Maximum Masking

Just as the need for masking increases as the hearing level is increased for the test stimuli, so
does the necessary masking level increase. The possibility of overmasking increases as the
ACTIVITIES level of noise is raised in the masked ear. Rules for maximum masking and overmasking for
speech are given in the section on speech-recognition threshold and should be scrutinized
carefully when masking for suprathreshold speech-recognition tests.
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EVOLVING CASE STUDIES

The six case studies followed in this text are examined here in terms of their need for
masking during the tests performed. The precise methods for masking are dictated by
the pathology and the results on pure-tone, speech, and other tests.

Case Study 1: Conductive Hearing Loss—Outer Ear Disorder

The complicating factor for this child is his lack of external auditory canals. Insert ear-
phones cannot be used with this child for obvious reasons. Responses obtained with
supra-aural earphones that are 40 dB HL or more above the unmasked bone conduction
responses may be assumed to be heard through bone conduction. This greatly compro-
mises testing with masking (delivered through supra-aural earphones) because it is not
possible to determine which ear has received either the test or masking signal for either
air- or bone-conduction testing. Interpretation of hearing levels, based on behavioral
tests, must be based largely on conjecture utilizing what is known of unmasked results
and the visual appearance of the ears and canal. Electrophysiological testing, as dis-
cussed in Chapter 7, may provide further insights.

Case Study 2: Conductive Hearing Loss—Middle Ear Disorder

When masking is needed, insert receivers are always the best choice because they limit
the dangers of overmasking. If this patient’s external auditory canals are dry and clear of
infection or other debris, inserts should be used. Masking will probably be required at
least for bone conduction but, depending on the differences between the pure-tone air-
conduction thresholds and the contralateral bone-conduction thresholds, masking may
also be required for SRT testing. It is likely that masking will also be needed when per-
forming speech recognition tests because the intensity level of the test signal is higher.

Case Study 3: Sensory/Neural Hearing Loss—Inner Ear Disorder

The description of this patient’s audiometric results suggests that there are no signifi-
cant differences in hearing between the ears and no air-bone gaps. For this reason mask-
ing is probably not be needed except when determining speech recognition scores at
high intensities if insert receivers are used.

Case Study 4: Sensory/Neural Hearing Loss—Auditory Nerve Disorder

The unilateral nature of this woman’s hearing loss suggests that masking is required
in the normal ear at least during bone-conduction and SRS testing. Whether it will be
needed for pure-tone air-conduction and SRT tests is determined by the differences
in decibels between the air-conduction thresholds in the poorer ear and the bone-
conduction thresholds of the better ear.

Case Study 5: Nonorganic Hearing Loss

The likelihood is that routine tests will result in spurious responses. For this reason, the
need for masking may not appear. If the nature of the loss, based on patient responses,
suggests a unilateral loss, then it is essential that complete test results be obtained initially
without masking to look for absent contralateral responses when they should logically
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appear. Repeat testing with masking does not provide valid, interpretable responses until
such time that this patient provides true responses to unmasked testing.

Case Study 6: Pediatric Patient

The probability is that any test results on this child will be limited and that retesting may
have to be performed a number of times before acceptable results are obtained. Therefore
it is unlikely that masking will be indicated, at least initially. Masking is often confusing
for children who are asked to ignore a loud sound and listen intently for a soft one. With
patience, masked results can often be obtained once it is determined that they are needed.

e Summary

When cross hearing occurs, proper masking procedures must be instituted. The approach
for pure-tone air- and bone-conduction tests is very similar to that for the SRT. They involve
using an initial effective masking level equal to the unmasked threshold of the nontest ear
plus a predetermined correction factor. SRS tests are done at suprathreshold levels, so it is not
necessary to determine unmasked results first. In fact, such results can be very misleading.
The method used when masking for SRS involves more in the way of formulas and computa-
tions that are very practical for the clinical audiologist. These propositions are illustrated in
Figure 5.5 (page 121), where masking was needed for the SRS test delivered at 90 dB HL, and
Figure 5.6 (page 122) where masking was required for a number of tests.

REVIEW TABLE 6.1 Masking for Pure-Tone Hearing Tests*

Test

When to mask

How to mask

Overmasking occurs

Air Conduction (AC)

Bone Conduction (BC)

When difference between AC (testear) ~ When there is an air-bone gap greater
and BC (nontest ear) exceeds minimal IA. than 10 dB in the test ear.

Initial masking: IM = AC of nontest ~ Same as AC plus occlusion effect in
ear. If tone not heard, plateau. masked ear.

When EM level in masked ear minus IA Same as AC.

is equal to or greater than BC of test ear

at same frequency.

*Minimal interaural attenuation is considered to be 40 dB for supra-aural earphones and 70 dB for insert earphones.

REVIEW TABLE 6.2 Masking for Speech Hearing Tests*t

Test  Purpose

SRT  HL for speech recognition
Verify PTA

SDT  HL for speech awareness
MCL Comfort level for speech

UCL  Level at which speech
becomes uncomfortably loud

RCL  Dynamic listening range for
(DR)  speech

WRS  Recognition of speech

Material

Spondees
Cold running speech

Cold running speech
Cold running speech
Cold running speech

Cold running speech

PB words; CNC words;
rhyming words; sentences

Unit When to Mask Initial Masking
dB SRTTE — 40 = BBCNTE EM = SRTTE' IfOVer

5 dB, shift plateau.
dB  SDTy — 40 = BBCyrz; EM = BBCyg + 40 dB
dB  UCLqg — 40 = BBCyrg EM = BBCy; + 40 dB
dB

%

HLTE - 40 = BBCNTE HLTE - IA + ABGNTE

*Minimal interaural attenuation is conidered to be 40 dB for supra-aural earphone and 70 dB for insert earphones.
TCNC= consonant-nucleus-consonant; TE=test ear; NTE=nontest ear; PTA=pure-tone average; EM = effective masking; IA= interaural attenuation;

BBC= best (lowest) bone-conduction threshold.
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Frequently Asked Questions

Why is the occlusion effect absent in conductive hearing
loss?

It has been stated that patients with conductive hearing
losses have a built-in occlusion effect. Actually this is a mis-
statement of what happens. The occlusion effect is the result
of bone-conducted sounds that produce acoustic energy in
the external auditory canal (osseotympanic bone conduc-
tion) that impinges on the tympanic membrane, is con-
ducted through the middle ear, and increases the energy
that reaches the cochlea by acceleration of the head bone.
Occluding the ear prevents sound from leaving the ear, so
it moves toward the tympanic membrane. When there is a
problem in the middle ear, the energy in the external audi-
tory canal does not reach the cochlea and therefore does not
increase the intensity of the sound that goes directly to the
cochlea by distortional bone conduction.

Why does interaural attenuation increase with the use of
insert earphones?

When cross hearing occurs, the sound lateralizes by bone
conduction when an air-conducted signal is so intense that
the earphone actually sets the skull into sympathetic vibra-
tion. Because supra-aural earphones vibrate a larger area of
the head than do insert earphones, it is easer for the former
to generate this bone-conducted signal and so this occurs at
a lower intensity than when insert earphones are used.

Why can’t the clinician just unplug the earphone on the
nontest ear if she or he thinks it is affecting the test results?
This would have no effect because the signal is not coming
from the earphone at the nontest ear. When cross hearing

Suggested Reading

Ross, R. J., & Clark, J. L. (2007). Clinical masking. In R.

J. Roeser, M. Valente, & H. Hosford-Dunn (Eds.),
Audiology diagnosis (2nd ed., pp. 261-287). New York:
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occurs, the signal is delivered to the test ear and may be
heard in the nontest ear when circumstances are right for
this to happen.

How do you know when to mask?
The rules change depending on the kind of signal used (pure
tones or speech) and whether air conduction or bone con-
duction is being tested. For details, refer to the discussion in
this chapter (Chapter 6 of the text).

What are the most common masking errors?

Failure to mask when necessary, undermasking (using too
little noise so that the nontest [masked] ear is not effectively
eliminated from the test), and overmasking (using too much
noise so that the masker crosses the head and shifts the
threshold of the test ear).

How can you tell if a patient is cross-hearing in SRT
testing? How do you know whether to mask?

These are basically the same question; that is, if cross hear-
ing is a possibility, masking is needed. The determination
is made by comparing the SRT in one ear to the lowest
bone-conduction threshold in the opposite ear (excluding
250 Hz). If that difference exceeds 40 dB when using supra-
aural phones or 70 dB when using insert phones, masking is
indicated.

What is the best way to avoid cross hearing in audiological
testing?
Use insert earphones and follow the rules for when and how
to mask.

Yacullo, W. S. (2009). Clinical masking. In J. Katz, L.

Medwetsky, R. Burkard, & L. Hood (Eds.), Handbook
of clinical audiology (6th ed., pp. 80-122). Philadelphia:
Lippincott Williams & Wilkins.

1. For Karl F. Gauss, German mathematician and physicist, 1777-1855.
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CHAPTER

Physiological Tests of the
Auditory System

LEARNING OBJECTIVES

The purpose of this chapter is to discuss some of the electroacoustical and
electrophysiological procedures that have been developed that serve both as indices
of hearing sensitivity and as indications of the site of a lesion in the auditory system.
These tests do not require behavioral responses from patients. At the completion of this
chapter, the reader should be able to

B Discuss the purpose of acoustic immittance testing and, following supervised
practice, perform tympanometry and acoustic reflex testing on a fellow student
or friend.

B Describe the expected immittance results for several different ear pathologies.

B Define the differences among spontaneous, transient-evoked, and distortion-
product otoacoustic emissions.

B Describe how evoked auditory potentials are measured and what these mea-
sures can reveal about hearing function and the site of lesion within the audi-
tory system.

T THIS POINT, THE READER should have a good grasp of the tests described
earlier, as well as a general knowledge of how the ear is constructed and how it
responds to sound. The comprehensive audiometric evaluation is defined by most
insurance companies as administration of air- and bone-conduction pure-tone audiometry
and speech audiometric measures comprising speech-recognition threshold and speech-
recognition scores. While some of the tests described in this chapter have become routine
within audiology clinics, others are reserved for more special occasions when additional diag-
nostic information is required. An understanding of the procedures to follow is essential to
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the study of clinical audiology. It will allow readers to comprehend more fully the examples of
different hearing disorders caused by damage to different parts of the auditory system, which
will be described in Chapters 9 through 12.

Diagnostic procedures beyond basic audiometrics can be separated into the categories of
tests of function and tests of structure. Audiologists are concerned with the former, inferring
specific lesions based on a constellation of test results. Modern medicine, with the development
of imaging techniques, looks directly at the structure of, for example, specific areas within the
auditory system. The development of these remarkable imaging procedures does not mitigate
the importance of audiological procedures, but rather the two exist in a synergistic fashion.

The procedures described in this chapter require the use of specially designed equipment.
With this equipment, audiologists can now accumulate valuable information for diagnostic
purposes from a variety of procedures. These tests measure impedance and compliance in the
plane of the tympanic membrane, tiny echoes whose presence can estimate the integrity of the
inner ear and changes in the pattern of electrical activity in the inner ear and brain in response
to acoustic stimuli. As a historical footnote, a brief review of earlier, behavioral site-of-lesion
measures will be presented.

Combined Speech and Pure-Tone Audiometry with
Immittance Measures

The immittance procedures to be discussed in this chapter are routinely combined clini-
cally with those tests using pure tones (as described in Chapter 4) and speech (as discussed in
Chapter 5). The union of these methodologies comprises the basic audiometric examination
that is essential to diagnosis and provides the jumping-off point for advanced tests. When
you view the video of the Audiometric Examination, note that acoustic immittance measures
are completed first, which, if done with acoustic reflex testing, can often reduce the need for
bone-conduction testing. The use of monitored live-voice for word-recognition testing that is
demonstrated here is the most common approach to this portion of the audiometric examina-
tion. Given the greater test standardization obtained when using recorded materials, moni-
tored live-voice testing for word-recognition tests is not the recommended protocol.

Acoustic Immittance \&

Measurements of acoustic immittance have become as routine in the audiological test battery
as pure-tone and speech audiometry. Immittance measures guide the diagnostic audiologist
in identifying abnormalities in the auditory system in a number of ways. The introduction of
acoustic immittance measures more than three decades ago was a milestone in audiology, and
most audiologists would agree that this procedure is basic to the test battery.

For a number of years, interest was directed toward the effects of various kinds of pathol-
ogy on acoustic impedance in the plane of the tympanic membrane. Initially, most impedance
measurements were made with mechanical devices too clumsy and too difficult to use routinely.
A variety of commercial electroacoustic impedance meters (see, for example, Figure 7.1) are
commonly used by audiologists today. Most devices measure compliance, which is related
to the dimensions of an enclosed volume of air as expressed on a scale of different units of
measurement. Examples of the different units are cubic centimeters (cm’) or milliliters (ml) of
an equivalent volume of air in the middle ear.
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FIGURE 7.1 An electroacoustic immittance meter
for the assessment of middle-ear function can
measure the mobility of the tympanic membrane,
the air pressure within the middle-ear cavity, and the
presence of the acoustic reflex. Bluetooth wireless
technology allows transmission of collected data

to be sent to an office computer for storage and
printing. (Source: GN Otometrics.)

Several terms have been used to describe the various measurements made in the plane
of the tympanic membrane. The word immittance is used as an all-encompassing term to
describe measurements made of tympanic membrane impedance, compliance, or admittance.
The American National Standards Institute (2007) has adopted a set of standards that define
both the characteristics of instruments used in the measurement of acoustic immittance and
the associated terminology.

Acoustic immittance measures have been called “impedance audiometry.” Because
audiometry per se is involved only with respect to the acoustic reflex, this term is not strictly
accurate. Determinations of acoustic immittance are also frequently called “middle-ear mea-
surements,” which is also misleading because the measurements are not actually made of the
middle ear. All determinations of middle-ear function are indirectly made by measurements
made in the plane of the tympanic membrane.

Measurements Made on Acoustic Immittance Meters
Basically, three measurements are made in the plane of the tympanic membrane:

1. Static acoustic compliance (static acoustic admittance), which is the mobility of the
tympanic membrane in response to a given value of air pressure in the external ear
canal.

2. Tympanometry, which is a measurement of middle-ear pressure, determined by the
mobility of the membrane as a function of various amounts of positive and negative air
pressure in the external ear canal (the more positive or negative the air pressure in the
external ear canal, the more the normal middle-ear system becomes immobilized, or
“clamped”).

3. Contraction of the middle-ear muscles, known as the acoustic reflex, in response to
intense sounds, which has the effect of stiffening the middle-ear system and decreasing
its static acoustic compliance.

These basic tests and their expected results on various pathologies are discussed in the appro-
priate portions of Chapters 10 to 12.
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Factors Governing Acoustic Immittance

Recall from Chapter 3 that the impedance (Z) of any object is determined by its frictional resis-
tance (R), mass (M), and stiffness (S). The effects of mass and stiffness are critically dependent
on the frequency (f) of the sound being measured. The formula for impedance is stated as:

S 2
Z= R2+<27TfM—>
27t

The combination of mass and stiffness (contained within the parentheses in the formula) is
called complex resistance or reactance. Simple resistance is obviously independent of the rest
of the formula, whereas mass reactance and stiffness reactance are inversely related to each
other and are critically dependent on frequency. As frequency increases, the total value of the
mass reactance factor also increases. Conversely, as frequency goes up, the effects of stiffness
reactance diminish. Therefore, mass is the important factor in the high frequencies, and stiff-
ness is the important factor in the low frequencies. As the stiffness of a system increases, it is
said to become less compliant; that is, it becomes more difficult to initiate motion. Compliance,
therefore, is the inverse of the stiffness factor of the formula.

The anatomy of the ear was described in a cursory fashion in Chapter 2. Details are
brought out in Chapters 9 through 12, and the effects of various disorders on immittance are
discussed. For the present, however, the following general assignments of values can be made:
Resistance is determined primarily by the ligaments that support the three bones in the middle-
ear cavity. The mass factor is determined primarily by the weight of these three tiny bones and
the tympanic membrane. Stiffness is determined primarily by the load of fluid pressure from
the inner ear on the base of the stapes, the most medial bone of the middle ear. The ear, there-
fore, is largely a stiffness-dominated system, at least in response to low-frequency sounds.

ciinical (OMMENTARY

In pure-tone air- and bone-conduction testing, one finds that many conductive hearing
losses have their greatest, or earliest, decrease in hearing for the lower frequencies. Because
most conductive hearing losses tend to stiffen the middle-ear system, this finding would be
expected from the impedance formula stated above as the effect of stiffness is lessened as
frequency increases. There are many exceptions to this audiometric configuration, however,
so it can be a dire mistake to diagnose a conductive loss, or any other kind of loss, based on
the curve of the air-conduction audiogram.

Equipment for Middle-Ear Inmittance Measurements

An electroacoustic immittance meter is diagrammed in Figure 7.2. Three small plastic or
rubber tubes are attached to a metal probe, which is fitted into the external ear canal with
an airtight seal. A plastic or rubber cuff, placed around the probe, can be varied in size to
accommodate most ears. The three tubes are connected to (1) a miniature loudspeaker, which
emits a pure tone, usually at 220 or 226 Hz (the incident wave), although a growing number
of instruments have the capability of testing at higher-frequency probe tones as well; (2) a tiny
microphone, which picks up the sound in the external ear canal (the sound comprising both
the incident wave introduced to the ear from the speaker and the reflected wave as its returns
from the tympanic membrane); and (3) an air pump, which can create either positive or nega-
tive air pressure within the canal. The air pump is calibrated in milliliters (ml), millimeters
of water (mm H,0), or dekapascals (daPa) (10 Pascals). The units of measurement are very
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FIGURE 7.2 Diagram of an electroacoustic immittance meter showing its three primary components: a speaker
to present a tone to the ear, a microphone to measure the intensity of the tone as it is reflected from the tympanic
membrane, and an air-pressure pump to vary the pressure within the external auditory canal. (Source: Grason-Stadler Co.)
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similar—1daPa = 1.02mmH,0, and ImmH,0 = 0.98 daPa—when measurements are
made at standardized conditions of temperature and pressure. The devices must be calibrated
so that 0 daPa (or 0 mm H,O, or 0 ml ) is equal to atmospheric pressure at the site where
measurements are to be made. The probe is attached to one side of a headset. An earphone
connected to an acoustic reflex activator system is attached to the opposite side (see Figure 7.3)
and functions as a built-in pure-tone audiometer.

FIGURE 7.3 Arrangements for acoustic immittance testing. (A) A subject configured with the probe assembly in the right
ear and an insert earphone in the left ear. The shoulder harness kit is placed on the right shoulder. With this arrangement,
tympanometry, static compliance, and ipsilateral acoustic reflexes can be tested in the right ear, and contralateral acoustic
reflexes can be tested in the left ear. (B) The same subject configured with the probe assembly in the left ear and an insert
earphone in the right ear. The shoulder harness kit is placed on the left shoulder. With this arrangement, tympanometry,
static compliance, and ipsilateral acoustic reflexes can be tested in the left ear, and contralateral acoustic reflexes can be
tested in the right ear.
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Measurement of Static Acoustic Compliance

For static acoustic compliance to be measured, the ear canal should first be cleared of any
occluding earwax or other debris. Even the smallest amount of material in the ear canal may
clog one of the tiny probe tubes and make measurements impossible or very misleading. The
ear tip is pressed into the ear canal, a tight seal is obtained, and positive pressure is increased
with the air pump. Observation of the meter indicates whether the necessary airtight seal has
been obtained, or whether resealing, perhaps with a tip of a different size, is necessary. Once the
seal is obtained, the pressure is increased to +200 daPa. On most instruments, the intensity of
the probe tone is automatically adjusted until the desired sound-pressure level is obtained, usu-
ally 85 to 90 dB. The clinician can then determine the equivalent volume in cubic centimeters.
Today’s immittance meters make an automatic notation of this important first reading. This
measurement, made with the tympanic membrane loaded with +200 daPa of pressure, is called
¢;. Thus, this first measurement, ¢;, is made with the tympanic membrane immobilized by
positive air pressure, and it primarily represents the compliance of the outer ear.

Cinical [MMENTARY

The concept of equivalent volume in cubic centimeters for the ¢, reading gives a high clinical
relevance to this first measure. The average volume of air in the human ear canal varies from
approximately 0.5 cc in young children to 1.5 cc in adults. An important clinical observation
in compliance measures rests on the fact that very high ¢, readings are indicative of even the
smallest of perforations in the tympanic membrane. It should be noted, however, that a nor-
mal volume reading can be obtained in an ear with a tympanic membrane perforation in the
presence of active middle-ear disease.

The second step in determining static acoustic compliance is attained when the pressure
in the external ear canal is gradually decreased until the tympanic membrane achieves maxi-
mum compliance—that is, when pressures on both sides of the membrane are approximately
equal. Another reading is taken, called c,, which represents static acoustic compliance of the
outer ear and middle ear combined. Many audiologists believe that ¢, should be measured with
outer-ear pressure at 0 daPa (the ambient air pressure). The static acoustic compliance of the
middle ear (c,) can then be determined by working through this formula:

G—= GG

During conditions for measurement of ¢;, the tympanic membrane’s relative immobility
causes a good deal of energy to be returned to the probe, raising the sound-pressure level in the
external ear canal. The membrane’s increased mobility during the ¢, measurement allows more
energy to be admitted to the middle ear, lowering the sound pressure between the tympanic
membrane and the probe. The static acoustic compliance of the middle ear (ME) mechanism
is the difference between these two conditions, which cancels the compliance of the external
auditory canal (EAC). Stated as a formula:

¢, (ME) = ¢, (EAC + ME) — ¢, (EAC)

Normal Values for Static Acoustic Compliance

Research over the years has not led to agreement on what values constitute normal static
acoustic compliance. Studies have concluded that there are differences between adults and
children and among the various probe-tone frequencies available. Most devices disregard the

STUDENTS-HUB.com Uploaded By: anonymous



156 PART Il HEARING ASSESSMENT

TABLE 7.1 Normative Ranges for Static Admittance (Compliance), Tympanometric Width (TW), and
Equivalent Ear Canal Volume (V,5)*

Age Admittance/Compliance TW (daPa) Voo (cm?)
Children (3 to 10 years) 0.25 to 1.05 80 to 159 0.3t00.9
Adults (18 years and older) 0.30 to 1.70 51to 114 0.9t02.0

*Data from Margolis & Hunter, 2000.

phase angle of the incident (original) and reflected waves in the ear canal. The fact that there
is considerable variability for normal ears, often overlapping middle-ear conditions that cause
high or low compliance, significantly reduces the value of this portion of immittance testing.
Normative values of static compliance for children and adults are given in Table 7.1. The nor-
mal range is broad, and a patient’s middle-ear compliance values really cannot be considered
abnormal unless one of the extremes is clearly exceeded. Even in individuals with normal
middle ears, the values of static compliance vary with both age and gender.

Recording and Interpreting Static Acoustic Compliance

Most modern clinics use devices that make these measurements automatically and provide a
paper printout with the compliance values for each ear tested. Compliance values below the nor-
mal range suggest some change in the stiffness, mass, or resistance of the middle ear, causing less
than normal mobility of the tympanic membrane. This may result from fluid accumulation in the
normally air-filled middle ear or immobility of the chain of middle-ear bones. Reduced elasticity
of the tympanic membrane may be due to age or caused by partial healing of a previous perfora-
tion. High compliance suggests some interruption in the chain of bones, possibly caused by dis-
ease or fracture, or by abnormal elasticity of the tympanic membrane. If static compliance values
are determined manually, the data can be recorded on an immittance form (see Figure 7.4F).

Although static acoustic compliance measures are an integral part of any audiological
workup, like any diagnostic test, they can be misleading. It is possible for different abnormali-
ties of the ear to have opposing effects, resulting in what appear to be essentially normal immit-
tance values (Popelka, 1983).

Tympanometry

The tympanic membrane vibrates most efficiently when the pressure on both sides is equal.
This statement is basic to the understanding of tympanometry. As the membrane is displaced
from its resting position by positive or negative pressure in the external ear canal, the vibra-
tory efficiency of the membrane is decreased.

Tympanometry is performed by loading the tympanic membrane with air pressure
equal to +200 daPa, measuring its compliance, and then making successive measurements of
compliance as the pressure in the canal is decreased. After the pressure has reached 0 daPa
(atmospheric pressure), negative pressure is created by the pump, and additional compliance
measurements are made. The purpose of tympanometry is to determine the point and magni-
tude of greatest compliance of the tympanic membrane. Such measurements give invaluable
information regarding the condition of the middle-ear structures. Performing tympanometry
immediately after determining ¢, allows determination of both ¢, and the ear-canal pressure
required for measuring acoustic reflex thresholds.

Tympanometry is generally conducted with a low-frequency probe tone of 220 or 226 Hz.
The use of higher-frequency probe tones, or a succession of different frequencies, can modify
results in a variety of ways, making this test more valuable diagnostically (Shanks, Lilly, Margolis,
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FIGURE 7.4 Form for recording results of immittance measures: (a) acoustic reflexes obtained with the probe-tone
and reflex-eliciting stimulus presented to the same ear; (b) contralateral acoustic reflex thresholds; (c) behavioral
thresholds obtained during standard pure-tone audiometry; (d) sensation levels of the reflexes (b minus c); (e) the
number of seconds required for the reflex to decay to half of its original amplitude; (f) static compliance; (g) graphs
(the tympanograms) showing the pressure-compliance functions for both ears can be pasted here.

SPEECH AND HEARING CENTER
The University of Texas at Austin 78712
IMMITTANCE
NAME: Last - First - Middle SEX AGE DATE EXAMINER INSTRUMENT
ACOUSTIC REFLEXES
RIGHT LEFT

Frequency (Hz) 1000 2000 1000 2000
a Ipsilateral

(Probe same)
bi Contralateral

(Probe opposite)
c Audiometric Threshold
d Reflex SL
e Decay Time
(Seconds)
RIGHT STATIC COMPLIANCE LEFT Ci=C-C
Tymp. M.E. [¢] c G Tymp. ME. Ci C Cx
f Width Pressure Volume : Compliance Width Pressure Volume ' Compliance
TYMPANOGRAMS

g RIGHT LEFT

Wiley, & Wilson, 1988). The difficulties encountered in the use of multifrequency tympanometry
are mitigated by the newest generation of devices, which are microprocessor-controlled.

Recording and Interpreting Tympanometric Results

Compliance measurements are usually recorded directly and automatically on a graph called
a tympanogram, which shows compliance on the y-axis and pressure, in dekapascals, on the
x-axis. The results of this automatic printout may be appended to the form designed to record
immittance measures (see Figure 7.4G).

Jerger (1970) has categorized typical tympanometric results into different types. This
classical description of tympanometric shape is widely used despite the fact that shape clas-
sification is a qualitative assessment that lends a degree of clinical subjectivity to the measures.
To facilitate direct comparison, all five classical tympanogram types are illustrated on the same
form (see Figure 7.5).

Type A. Type A curves are seen in patients who have normal middle-ear function. The point
of greatest compliance is at 0 daPa, and the curve is characterized by a rather large
inverted V.

Type Ag. Type Ag curves show the same characteristic peak at or near 0 daPa, suggesting nor-
mal middle-ear pressure; however, the peak is much shallower than that of the usual Type
A. Type Ag curves are often seen in patients in whom the stapes has become partially
immobilized. The “S” may stand for “stiffness” or for “shallow.”
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FIGURE 7.5 Five typical tympanograms, labeled by their classical descriptions, illustrating various conditions
of the middle ear. Type A shows normal pressure-compliance functions and is typical of normal middle ears.
Type Ag curves are like the A curves but are much shallower and are associated with stiffness of the stapes,

the smallest of the middle-ear bones. Type Ap curves are much deeper than the normal Type A curves and are
symptomatic of interruptions in the chain of middle-ear bones or flaccidity of the tympanic membrane. Type
B shows no pressure setting at which the tympanic membrane becomes most compliant, and suggests fluid in
the middle-ear space. Type C shows the tympanic membrane to be most compliant when the pressure in the
ear canal is negative, suggesting that the pressure within the middle-ear space is below atmospheric pressure.

Compliance ——»

e S

—400 —200

Air pressure in mm (water)

Type Ap. In some cases, the general Type A pattern is preserved; however, the amplitude of the
curve is unusually high, or in some cases the positive and negative sides of the spike do
not meet at all in Type Ap curves. Such curves may be associated with flaccidity of the
tympanic membrane or separation of the chain of middle-ear bones. The “D,” therefore,

may stand for “discontinuous” or for “deep.”

Type B. Type B curves are seen when the middle-ear space is filled with fluid. Because even wide
variations of pressure in the external ear canal can never match the pressure of fluid behind
the tympanic membrane, the point of greatest compliance cannot be found. Type B curves
may also be seen when a small amount of earwax or other debris occludes one of the tiny
tubes within the probe, when a wax plug blocks the external ear canal, or when there is a
hole in the tympanic membrane so that the meter measures the compliance of the rigid
walls of the middle ear. Therefore, when Type B curves are evident, the clinician should

make certain that these factors are not present.
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Type C. In certain conditions, discussed in Chapter 10, the pressure in the middle ear falls
below normal. In such cases, the tympanic membrane becomes most compliant when
the pressure in the ear canal is negative, thus equaling the middle-ear pressure. When
maximum tympanic membrane compliance occurs at a negative pressure of 200 daPa or
greater, middle-ear pressure is considered to be abnormally negative.

At times, it may erroneously appear that a tympanogram is flat, missing a peak pressure
point. This can be due to negative middle-ear pressure that is so extreme that the peak pressure
point does not appear. In cases of flat tympanograms, it is often advisable to make immittance
measures as low as 400 daPa. Such extremely negative middle-ear pressure may have signifi-
cant medical effects on the patient, and such pressures should be pointed out to the physician
managing the case, or a medical referral should be made.

On occasion, a peak pressure point is observed in patients at positive pressures greater
than +50 daPa. This is sometimes seen in children who have been crying, patients who
have blown their noses, and so on. It is likely that any such condition is short-lived, and
normal middle-ear pressure will become restored in a short time. If positive peak pres-
sure is observed for longer than a brief period, it might be advisable to ask for a medical
consultation.

A number of factors may influence the outcome of tympanometry. When pressure is
varied from positive to negative, the peak of the wave is lower than when pressure is changed
from negative to positive, although this rarely affects the interpretation of results. Performing
tympanometry with different probe tone frequencies and even multifrequency testing can yield
different results.

As mentioned earlier, the classical tympanometric shape descriptions often lack the
objectivity desired. The qualitative nature of this tympanometric shape classification can lead
to some subjectivity in the differentiation of type A tympanograms from type Ag or type Ap.
In the presence of an extremely shallow peak, classifying a tympanogram as type Ag or B can
become a judgment call for many clinicians. While the classical descriptions of tympanometric
shape will likely remain popular for some time, growing numbers of audiologists favor a more
quantitative method of tympanometric classification that lends a greater objectivity to this
important component of the overall hearing assessment. Such classification relies on measures
of tympanometric peak pressure (TPP), tympanometric height (static acoustic admittance or
compliance), and calculation of tympanometric width (TW), measures that are automatically
calculated on most modern immittance meters (see Table 7.1).

Acoustic Reflexes &

Definition of the Acoustic Reflex

Two small muscles, the tensor tympani muscle and the stapedius muscle, are involved in
the operation of the middle-ear mechanism. The anatomy of these muscles is discussed in
Chapter 10, but they are mentioned here because their action makes them an important part
of the immittance battery. Although there is uncertainty about the role of the tensor tympani
in response to sound in humans, it is generally accepted that the stapedius muscle contracts
reflexively in response to intense sound, causing the tympanic membrane to stiffen. This
has been called the acoustic reflex. Most normal-hearing individuals demonstrate a bilateral
intra-aural muscle reflex when pure tones are introduced to either ear at 85 to 100 dB SPL
(Gelfand, 2002).
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Measuring the Acoustic Reflex

The immittance meter enables the clinician to present a signal to one ear and detect a decrease
in tympanic membrane compliance in either that ear (the ipsilateral acoustic reflex) or the
opposite ear (the contralateral acoustic reflex). The signal used to produce the acoustic reflex
is called the reflex-activating stimulus (RAS), which can be any kind of sound, from a pure
tone to a noise band. Normally, pure tones sampling the frequency range from 500 to 4000 Hz
are used. A pure tone of the desired frequency should be introduced at 70 dB HL. If no compli-
ance change is seen on the meter, the level should be raised to 80 dB, 90 dB, and so on, until
a response is seen or the limit of the equipment is reached. Some commercial meters allow
intensities up to 125 dB HL to be tested, but great care should be taken in introducing signals
at such high levels. It is often inadvisable to exceed 115 dB HL.

If a response is observed, the level should be lowered 10 dB, then raised in 5 dB steps
until the threshold can be determined. The tonal duration should be about one second, and
measurements should be taken that sample the frequency range—for example, 500, 1000, 2000,
and 4000 Hz; however, for no explainable reason, many normal-hearing individuals show no
acoustic reflex at 4000 Hz. The lowest level at which an acoustic reflex can be obtained is called
the acoustic reflex threshold (ART).

Criteria for the amount of compliance decrease that is required to constitute a response
vary with different devices. At times, a very small compliance change is observed, and the audiol-
ogist may be uncertain whether a response has truly been obtained. In such cases, when the level
is raised 5 dB, an unequivocal response is usually observed. Extraneous compliance variations
sometimes occur as the patient breathes, or occasionally the very sensitive probe microphone
picks up a pulse from a blood vessel near the external ear canal. Of course, the patient must
be completely silent during these measurements lest vocalizations be picked up by the micro-
phone, masking changes in compliance. Proper recording of the intensity required to evoke a
contralateral acoustic reflex assists in appropriate interpretation of results (see Figure 7.4B).

clinical (OMMENTARY

While speech-language pathology and audiology are separate professions with independent
scopes of practice, some services overlap between the professions. According to ASHA’s
Board of Ethics (American Speech-Language-Hearing Association, 2004), speech-language
pathologists may screen for middle-ear pathology for the purpose of referral for further eval-
uation and management. A normal tympanogram accompanied by a present acoustic reflex
indicates normal middle-ear function. According to ASHA’s Board of Ethics, judgments and
descriptive statements about immittance screening results should be limited to whether an
individual has passed the screening.

Implications of the Acoustic Reflex

To understand the implications of acoustic reflex testing, it is important to have a basic knowl-
edge of what is called the acoustic reflex arc. This pathway includes centers that are discussed
in greater detail in Chapters 10 through 12 of this text, but they are mentioned here and
diagrammed in Figure 7.6.

A sound presented to the outer ear is passed through the middle ear as mechanical energy,
transduced to an electrochemical signal in the cochlea of the inner ear, and then conducted
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RIGHT LEFT FIGURE 7.6 Block diagram of the ipsilateral and
contralateral acoustic reflex pathways.
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along the VIIIth cranial (auditory) nerve to the brain stem. The impulse is received by the
cochlear nucleus in the brain stem and is transmitted to the superior olivary complex. Here,
some very interesting things occur: In addition to transmitting signals to higher centers in the
brain (not shown in Figure 7.6), nerve impulses are sent from the superior olivary complex to
the VIIth cranial (facial) nerve on the same side of the head, which in turn descends to inner-
vate the stapedius muscle in the middle ear that originally received the sound, assuming that all
systems are working properly. This is called the ipsilateral response pathway. In short, a sound
presented to one ear can evoke an acoustic reflex in the same ear.

Almost simultaneously, neural impulses cross the brain stem to the opposite (contralat-
eral) superior olivary complex, which in turn sends impulses by that facial nerve to the middle
ear on the other side to evoke an acoustic reflex along the contralateral response pathway.
Therefore, a stimulus presented to one ear evokes an acoustic reflex in the opposite middle ear
as well as in the same ear. Although measurement of the acoustic reflex is made clinically in one
ear at a time, in healthy ears, and in some pathological cases, responses occur in both ears in
response to a stimulus presented to only one ear. Measurements are always made through the
probe tip; however, the RAS may be presented through an earphone coupled to the ear oppo-
site the probe assembly (the contralateral reflex), or through the probe tip itself (the ipsilateral
reflex) (see Figure 7.3). The measurement of ipsilateral and contralateral reflexes is extremely
valuable in audiological diagnosis.

There are four possible outcomes on an acoustic reflex test:

1. The reflex may be present at a normal sensation level (about 85 dB SL).

2. The reflex may be absent at the limit of the reflex activating system (usually 110 to
125 dB HL).
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3. The reflex may be present, in the case of a hearing loss, but at a low sensation level (less
than 60 dB above the audiometric threshold).

4. The reflex may be present but at a high sensation level (greater than 100 dB above the
audiometric threshold).

Interpreting the Acoustic Reflex

Significance is placed on the presence or absence of the intra-aural muscle reflex and on the
level of the RAS above the audiometric threshold (see Figure 7.4B and D) required to elicit the
response. Of course, abnormalities in the muscles themselves affect the reflex in the ear to
which the probe is affixed. In addition, the contraction of the muscles may not result in tym-
panic membrane stiffening if the chain of bones in the middle ear is immobile or interrupted,
or if fluid is present in the middle-ear space.

The portion of Figure 7.4 provided for the recording of acoustic reflex results is exagger-
ated in the diagram in Figure 7.7 to simplify the concepts of ipsilateral and contralateral stimu-
lation because these concepts are frequently confusing to students.

Table 7.2 illustrates theoretical findings on acoustic reflex tests with ten possible condi-
tions of the auditory and related systems. In each (lettered) example, the condition is stated and
the patients appear facing the reader as they would with the audiometer earphone attached to
the right ear and the immittance meter probe in the left, and then with the earphone attached
to the left ear and the probe in the right. During contralateral stimulation in each case, the
earphone delivers the RAS to one ear while the reflex is monitored via the probe in the oppo-
site ear. During ipsilateral stimulation, the RAS is delivered and monitored by the probe in the
same ear. There are, of course, many other possibilities in addition to those shown below, and
different constellations of responses may be attributed to a number of factors.

1. Middle-ear muscle reflexes are present at about 85 dB SL in normal-hearing individuals
(see Table 7.2A).

2. The middle-ear muscle reflex is absent if the reflex-activating tone presented to the
cochlea is not sufficiently intense. The intensity of the tone is attenuated if any of several
types of hearing losses are present, especially those caused by conductive lesions (see
Table 7.2B and C).

3. Sometimes the reflex appears in an ear with a hearing loss when the stimulus is presented
at a fairly low sensation level. For example, a 50 dB hearing loss may show a reflex at
95 dB HL (45 dB SL). A precise explanation for low-sensation-level acoustic reflexes,
which are associated with cochlear lesions, is lacking at this time (see Table 7.2D and E).
Because behavioral auditory thresholds are not obtained through the probe of an immit-
tance device, the sensation levels using ipsilateral stimulation cannot be determined.
The examples in Table 7.2 are therefore hypothetical.

4. When a severe cochlear hearing loss exists in the ear that receives the RAS, there is often
no response at the limit of the equipment (see Table 7.2F). This is because the intensity of
the signal reaching the brain stem is insufficient to produce the reflex.

5. When there is damage to the auditory (VIIIth cranial) nerve, acoustic reflexes are
frequently absent, they occur at higher-than-normal sensation levels, or the amplitude of
the reflex is less than normal. This is probably due to alterations in the transmission of
the RAS from the cochlea to the brain stem (see Table 7.2G).

6. The facial nerve supplies innervation to the stapedius muscle. If the facial nerve is in any
way abnormal, the command supplied by the brain that mediates contractions may not
be conveyed to the stapedius muscle. This occurs when the damage is on the side of the
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FIGURE 7.7 The portion of the acoustic immittance form (see Figure 7.4) used for recording acoustic reflexes.
Acoustic reflex thresholds (ARTs) obtained using pure tones as the reflex activating signals (RASs) as well as the
sensation levels (SLs) of the ARTs are recorded as follows:

a. Right contralateral ARTs with the RAS presented to the right ear through an earphone placed on the right
ear and the reflex monitored through the probe in the left ear. The SLs of the ARTs for the right ear are
obtained by subtracting the voluntary audiometric thresholds obtained in the right ear from the right ear
contralateral ARTSs at 500, 1000, 2000, and 4000 Hz.

b. Left ipsilateral ARTs with the RAS presented to the left ear through the probe and the reflex monitored
through the same probe. Frequencies tested are 1000 and 2000 Hz.

c. Rightipsilateral ARTs with the RAS presented to the right ear through the probe and the reflex monitored
through the same probe. Frequencies tested are 1000 and 2000 Hz.

d. Left contralateral ARTs with the RAS presented to the left ear through an earphone placed on the left
ear and the reflex monitored through the probe in the right ear. The SLs of the ARTs for the left ear are
obtained by subtracting the voluntary audiometric thresholds obtained in the left ear from the left ear
contralateral ARTs at 500, 1000, 2000, and 4000 Hz.
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head to which the probe is affixed, regardless of whether the RAS is delivered ipsilater-
ally or contralaterally (see Table 7.2H).

7. Even if the ipsilateral acoustic reflex pathway is normal, but if damage occurs in the
areas of the brain stem that house portions of the contralateral acoustic reflex pathway,
ipsilateral reflexes may be present in both ears, but one, or more commonly both, of the
contralateral reflexes are absent (see Table 7.2I).

8. Lesions in the higher centers of the auditory cortex usually produce no abnormalities
in either contralateral or ipsilateral reflexes because these centers are above the acoustic
reflex arc (see Table 7.2]).

The acoustic reflex portion of the immittance test battery can also serve as an impor-
tant cross-check of findings in a pediatric evaluation or as an indication of normal hearing
or potential hearing loss in otherwise difficult-to-test patients, as discussed in Chapter 12.
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TABLE 7.2 Theoretical Examples of the Results of Ipsilateral and Contralateral Acoustic Reflex Testing for Ten Different Conditions*

Right Contralateral  Left Ipsilateral Right Ipsilateral Left Contralateral
Phone Right Phone Right Phone Left Phone Left
Probe Left Probe Left Probe Right Probe Right

A Right—Normal Hearing Present at Present at Present at Present at
Left—Normal Hearing normal SL normal SL normal SL normal SL

B Right—Normal Hearing Absent Absent Present at Absent or present
Left—Conductive HL normal SL at high SPL

C Right—Conductive HL Absent Absent Absent Absent
Left—Conductive HL

D Right—Normal Hearing Present at Present at Present at Present at
Left—Cochlear HL (mild to normal SL low SL normal SL low SL
moderate)

E Right—Cochlear HL (mild to Present at Present at Present at Present at
moderate) low SL low SL low SL low SL
Left—Cochlear HL (mild to
moderate)

F Right—Cochlear HL (severe) Absent Absent Absent Absent
Left—Cochlear HL (severe)

G Right—VIIIth N. HL Absent or present Present at Absent or present Present at
(mild to moderate) at high SPL normal SL at high SPL normal SL
Left—Normal Hearing

H Right—Normal Hearing Present at Present at Absent Absent
(VIIth nerve lesion) normal SL normal SL
Left—Normal Hearing

I Right—Normal Hearing Absent Present at Present at Absent
Left—Normal Hearing normal SL normal SL
(brain-stem lesion)

J Right—Normal Hearing Present at Present at Present at Present at
(cortical lesion) normal SL normal SL normal SL normal SL

Left—Normal Hearing

*HL = hearing loss, SL = sensation level, SPL = sound—pressure level.

This sensitivity prediction from the acoustic reflex test (Jerger, Burney, Maudlin, &
Crump, 1974), based on a comparison of the acoustic reflex threshold (ART) for pure tones
to the ART for broadband noise, does not reveal actual hearing thresholds, but it helps to
categorize the patient as either having normal hearing or greater than a 30 dB sensory/neural
hearing loss.

Acoustic Reflex Decay Test

When the stapedius muscle is contracted by an intense sound in normal-hearing individu-
als, it will gradually relax as it is constantly stimulated. This is called acoustic reflex decay,
and it is normal in the higher frequencies; however, significant amounts of decay in the low
frequencies are usually seen only in lesions of the auditory nerve and some parts of the brain
stem. Reflex decay is measured by sustaining a tone at 10 dB above the ART and determining
the number of seconds required for the amplitude of the reflex (the compliance change) to be
reduced by 50 percent. The test is completed when the reflex has decayed to half its original
amplitude or at the end of 10 seconds, whichever occurs first.
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Recording and Interpreting Acoustic Reflex Decay Test Results

This test is scored according to the number of seconds required for the amplitude of the reflex
to decay to half magnitude. Test results may be printed automatically on a graph, so that
changes in the amplitude of the response can be observed as a function of time, or they may be
recorded on a form such as the one shown in Figure 7.4E.

In subjects with normal hearing, there is some decay of the reflex at 2000 and 4000 Hz,
but not at 500 and 1000 Hz, so this test is not performed in the higher frequencies. The slight
decay sometimes evident in patients with cochlear hearing losses tends to occur more in the
higher frequencies. Lesions in the auditory nerve cause decay to half the original magnitude of
the reflex, often within three to five seconds, even at 500 Hz (Anderson, Barr, & Wedenberg,
1970) because the nerve cannot maintain its continuous firing rate. Because the primary inner-
vation of contraction of the middle-ear muscles is by way of the descending tract of the facial
nerve, damage to that nerve may also cause an absent acoustic reflex or an initial response fol-
lowed by rapid acoustic reflex decay.

If contralateral acoustic reflexes and reflex decay are normal or provide information that
confirms the audiometric findings, it is often unnecessary to perform ipsilateral reflex testing,
although such elimination saves very little time. However, many times contralateral testing is
inconclusive or cannot be carried out at all. In such cases, tests can be done ipsilaterally; how-
ever, it should be noted that slightly different results might be found (Oviatt & Kileny, 1984)
for acoustic reflex decay. When abnormal patterns are observed, a comparison of ipsilateral
and contralateral tests can help to isolate lesions in the ascending tract versus the descending
tract (see Table 7.2).

Cinical [MMENTARY

Immittance measures should be among the first tests performed on a patient. Not only does
this practice arm the audiologist with knowledge of what might be expected from pure-tone
tests, under certain conditions bone-conduction audiometry may be unnecessary when acous-
tic immittance measures are viewed in light of other audiometric procedures. In the presence
of normal hearing for pure tones, high word-recognition scores, normal tympanograms, and
normal acoustic reflex thresholds, normal hearing may be diagnosed without performance of
bone conduction. When air-conduction thresholds are depressed, tympanometry is normal,
and acoustic reflexes are present, conductive hearing loss is eliminated as a possible finding,
and bone-conduction audiometry will provide no further insights toward a diagnosis of sen-
sory/neural hearing loss. If any signs of conductive loss, such as absent acoustic reflexes or
abnormal tympanograms, do appear, bone-conduction audiometry must be carried out to
ascertain the degree of any air-bone gap. Unfortunately, these are usually the times when bone-
conduction measures are least straightforward due to complications presented by middle-ear
artifacts and masking (i.e., in those with conductive and mixed hearing loss). For a demonstra-
tion of acoustic immittance with acoustic reflex assessment, see the video entitled Immittance.

Otoacoustic Emissions (OAEs)

The fact that many normal cochleas are capable of producing sounds in the absence of exter-
nal stimulation came as a surprise to researchers and clinicians in audiology when it was first
described by Kemp in 1979. These spontaneous otoacoustic emissions (SOAEs) occur in
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over half the population of persons with normal hearing as a continuous tonal signal that
can be recorded in the external auditory canal. The typical frequency range of an SOAE is
1000 to 3000 Hz, although some have been reported well above and below this range. While
there is considerable variation in the amplitude of an SOAE, it is often found to be between
—10 and +10 dB SPL and is generally inaudible to the person in whom it is measured. It is
possible to have more than one SOAE in a given ear and to have otoacoustic emissions in both
ears. The physiological basis of these sounds is discussed in Chapter 11.

A second class of OAEs occurs either during or immediately following acoustic stimula-
tion. These responses are called evoked otoacoustic emissions (EOAEs), and there are several
types. The use of EOAE testing has come into clinical prominence in the differential diag-
nosis of sensory/neural hearing loss, hearing screenings of infants and other difficult-to-test
patients, and the monitoring of outer hair cell function of patients particularly susceptible to
the damaging effects of high-level noise exposure or ototoxic medications. In many places,
application of EOAE has become the standard of care in pediatric practice (Lonsbury-Martin &
Martin, 2003). In addition to the current uses of EOAE, we can expect the role of this measure
to increase in the decades ahead as new protective and restorative treatments are developed for
use with sensory/neural hearing impairment (Kemp, 2002). The two major types of EOAE are
transient and distortion-product emissions.

Transient-Evoked Otoacoustic Emissions

Transient-evoked otoacoustic emissions (TEOAEs) are produced by brief acoustic stimuli,
such as clicks or tone pips. Signal-averaging equipment, similar to that described in the sec-
tion on auditory-evoked potentials (see page 14), must be used to separate the emission from
ongoing noise in the ear. Anywhere from 260 to 500 stimuli are presented, and the waveforms
of the responses are averaged, along with the ongoing noise in the ear, in order to improve the
signal-to-noise ratio (SNR). Responses should be observable from nearly all individuals with
normal outer, middle, and inner ears. As hearing loss due to cochlear damage increases, the
amplitude of the response decreases until a hearing loss of about 40 dB is reached, where the
response usually disappears altogether.

When a click stimulus is used, a wide area of the cochlea is stimulated and a broad range
of frequencies is normally present in the TEOAE. If a broadband TEOAE can be observed,
it may be inferred that the pathway up to the cochlea, the auditory periphery, is unimpaired.
It cannot be known whether there is a disorder in the auditory nerve or other structures
beyond the cochlea. Therefore, a normal TEOAE does not guarantee normal hearing. When
a TEOAE is not seen, the suggestion is that a hearing loss is present, but it does not reveal
whether the problem is in the conductive pathway or the cochlea. A commercial version of
an OAE measurement device can be seen in Figure 7.8, and a typical response is shown in
Figure 7.9. (Documentation of TEOAE results for a normal-hearing individual is shown in
Figure 7.14.)

Distortion-Product Otoacoustic Emissions

When two “primary tones” that vary in frequency by several hundred hertz (F1 and F2, where
F2 > F1) are presented to the ear, the normal cochlea responds by producing energy at addi-
tional frequencies. These are called distortion-product otoacoustic emissions (DPOAEs).
By varying the primary-tone frequencies, responses are generated from different areas of
the cochlea. Typically, the levels and the frequency ratio of the primary tones are not varied.
These responses often compare favorably with voluntary audiometric results, provided that
the hearing loss does not exceed 40 to 50 dB. As with TEOAEs, the conductive pathway must
be normal to obtain DPOAEs.
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FIGURE 7.8 Commercial device for measurement of
otoacoustic emissions, sounds generated by the cochlea
indicative of cochlear function. (Source: Grason-Stadler Co.)

FIGURE 7.9 A typical transient-evoked otoacoustic
emission.
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Measuring OAEs

Advances in microcircuitry have allowed for accurate measurement of OAEs. A probe is
placed in the external auditory canal that contains a miniature loudspeaker to present the
evoking stimulus. A tiny microphone is also placed to pick up the emission and convert it from
a sound into an electrical signal. The device that delivers the stimuli for DPOAE testing dif-
fers from the one for measuring TEOAEs because the probe that is fitted to the ear must have
two openings (ports) that can deliver the two primary tones. Because DPOAEs are separate in
frequency from the evoking stimuli, averaging background noise is less of a problem for mea-
surement of DPOAEs than it is for TEOAEs, and fewer stimulus presentations are required,
which may reduce test time slightly. Acoustic control of the test environment for OAE testing
is less critical than might be imagined because the noise that must be averaged out is the noise
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contained in the ear of the subject. If subject noise levels are too high, for example, in crying
babies, the noise may mask the emission because the sensitive microphone used cannot dif-
ferentiate one acoustic signal from another.

Interpreting OAEs

Otoacoustic emissions reflect the activity of an intact cochlea, and a brief physiological expla-
nation of this phenomenon can be found in Chapter 11 on the inner ear. For any type of OAE
to be observed, the conductive pathway must be normal because the strength of a signal trav-
eling from the inner ear to the outer ear canal may be attenuated by an abnormality of the
middle ear in the same way as an externally generated signal traveling from the outer ear to the
inner ear can be attenuated.

The presence of an EOAE suggests that there is very little or no conductive hearing loss
caused by middle-ear abnormality. It further suggests that responding frequency regions of
the cochlea are normal or exhibit no more than a mild hearing loss. If OAEs are present in
sensory/neural hearing loss, then outer-hair-cell function is intact and the locus of the disor-
der is known to be retrocochlear. Absent OAE:s in the presence of sensory/neural hearing loss
confirm cochlear pathology but do not rule out the possibility of concomitant retrocochlear
involvement. The result is that OAE measures allow for improved diagnostic differentiation
among the different types of hearing losses (Prieve & Fitzgerald, 2009).

Cinical (MMENTARY

In the 1990s, otoacoustic emissions measures brought new insights and diagnostic capabili-
ties to clinical audiology, just as the advent of acoustic immittance measures did in the 1970s.
In addition to the use of transient-evoked otoacoustic emissions to help differentiate sensory
from neural hearing losses, in the absence of peripheral pathology, distortion-product oto-
acoustic emissions can establish normal, or near-normal, hearing in a difficult-to-test child
or a patient manifesting erroneous response behaviors (see Chapter 13). Otoacoustic emis-
sions have found a prominent place in the hearing screening of newborns, as discussed in
Chapter 8, and in the monitoring of cochlear function when potentially ototoxic medications
are used to combat illness. As discussed in Chapter 12, research continues into the interac-
tions of the TEOAE and stimulation of the contralateral ear with acoustic competition as
potentially useful in assessment of central auditory function as well. For a demonstration
of the performance of otoacoustic emissions, see the video entitled Otoacoustic Emissions.

,f, Laser-Doppler Vibrometer Measurement

Just as acoustic immittance measures and otoacoustic emissions evolved from the research
laboratory to regular clinical use, so may the use of Laser-Doppler Vibrometer (LDV) measure-
ments. This promising tool measures the sound-induced velocity of the tympanic membrane
near the umbo and may prove to be a sensitive tool for the differential diagnosis of ossicular
disorders that surpasses the current utility of acoustic immittance (Rowsowski, Nakajima, &
Merchant, 2008). This tool may also prove useful in differentiating between air-bone gaps
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secondary to ossicular fixations and the air-bone gaps that may be observed with some inner-
ear malformations. While it may yet be a few years before this emerging tool is routinely used
in audiology clinics, it holds promise for providing greater powers of noninvasive differential
diagnoses for audiologists.

Auditory-Evoked Potentials A%

From the time acoustic stimuli reach the inner ear, what is transmitted to the brain is not
“sound” but rather a series of neuroelectric events. For many years, there has been consid-
erable interest in the measurement of the electrical responses generated within the cochlea
to establish an objective measure of hearing sensitivity in infants and other persons who are
unable to participate in behavioral audiometric tests. To this end, a procedure has evolved
called electrocochleography (ECoG). Because hearing is a phenomenon involving the brain,
it is only logical that whenever a sound is heard, there must be some change in the ongoing
electrical activity of the brain. These electrical responses, which may be recorded from the
scalp using surface electrodes, have been referred to by several names, but today they are com-
monly known as auditory-evoked potentials (AEPs). AEPs can be subdivided on the basis
of where and when they occur. They are better understood with the background provided in
Chapter 12, which briefly reviews the auditory nervous system. Before attempting to measure
an AEP, much more auditory anatomy and physiology, as well as other aspects of neurosci-
ence, should be known than can be presented in an introductory text.

In Chapter 2, some mention was made of the connections between the brain stem and
the higher centers for audition in the cerebral cortex. These connections occur via a series of
waystations, called nuclei, within the central nervous system. When a signal is introduced to
the ear, there are immediate electrical responses in the cochlea. As the signal is propagated
along the auditory pathway, more time elapses before a response occurs, and thus the signal
can be recorded at each subsequent nucleus in the pathway. The term latency is used to define
the time period that elapses between the introduction of a stimulus and the occurrence of the
response. The term amplitude is used to define the strength, or magnitude, of the AEP.

Early AEPs, those that occur in the first 10 to 15 milliseconds after the introduction of a
signal, are believed to originate in the VIIIth cranial nerve and the brain stem and are called
the auditory brain-stem responses (ABRs). An AEP occurring from 15 to 60 milliseconds
in latency is called the auditory middle latency response (AMLR) and originates in the cor-
tex. Those called the auditory late responses (ALRs), or cortical auditory-evoked potentials,
occur between 50 and 200 milliseconds and presumably arise in the cortex. Responses recorded
between 220 and 600 milliseconds have been called auditory event-related potentials (ERPs)
(or P300) because they are contingent on some auditory event occurring within a particular
context of sound sequence and involve association areas in the brain.

An AEP is simply a small part of a multiplicity of electrical events measurable from the
scalp. This electrical activity, which originates in the brain, is commonly referred to as electro-
encephalic and is measured on a specially designed instrument called an electroencephalograph
(EEG), which is used to pick up and amplify electrical activity from the brain by electrodes placed
on the scalp. When changes in activity are observed on a computer monitor or printout, wave-
forms may be seen that aid in the diagnosis of central nervous system disease or abnormality.

In coupling the EEG to a patient to observe responses evoked by sounds, the ongoing
neural activity is about 100 times greater than the auditory-evoked potential and therefore
obscures observation of the AEP. The measurement of AEPs is further complicated by the

STUDENTS-HUB.com Uploaded By: anonymous



170 PART Il HEARING ASSESSMENT

FIGURE 7.10 Device used for recording auditory-evoked potentials,
electrical responses to sound that are generated within the cochlea and
measured through changes in the ongoing electrical activity of the brain.
(Source: Natus Medical Incorporated.)

presence of large electrical potentials from muscles (myogenic potentials). These obstacles
were insurmountable until the advent of averaging computers, devices that allow measurement
of electrical potentials, even when they are embedded in other electrical activity. A commercial
device for measuring AEP is shown in Figure 7.10.

To measure an AEP, a series of auditory stimuli is presented to the subject at a constant
rate by a transducer (earphone, bone-conduction vibrator, or loudspeaker). Insert earphones
are becoming the standard for AEP testing (as well as behavioral testing) because they are rela-
tively comfortable to wear and help attenuate extraneous room noise. Also, their transducers are
250 millimeters from electrodes placed at the ear and therefore produce fewer electrical artifacts.
The EEG equipment picks up the neural response, amplifies it, and stores the information in a
series of computer memory time bins. Each bin sums neuroelectric activity that occurs at specific
numbers of milliseconds after the onset of the stimulus. Of course, the computer is summing not
only the response to the sound in any particular time bin, but also the random brain activity tak-
ing place at that precise moment. However, because the random activity consists of positive and
negative voltages of varying amplitudes, summing reduces them to a value at or near zero. The
polarity of the neural response is either positive or negative, but not both. Summing alone would
cause the amplitude of the response to increase, but the waveform is then averaged by dividing
the amplitude by the number of signal presentations. This decreases the summed response to the
amplitude of the averaged response. While there is no increase in amplitude of the AEP, thereis a
decrease in the amplitude of the random noise as it is summed and averaged. It might be said that,
as the summing and averaging process continues, the signal-to-noise ratio improves. Even though
the amplitudes of the responses are extremely small, often on the order of 1 to 5 microvolts (1 uV
is equal to one-millionth of a volt), they can nevertheless be detected and interpreted.

Electrocochleography

The procedure for measuring electrical responses from the cochlea of the inner ear is called
electrocochleography (ECoG, or sometimes ECochG). An active electrode may be placed in
one of several positions, ranging from surgical placement of the electrode on the promontory,
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the medial wall of the middle ear, to less invasive placements within the outer ear canal. The
further the active electrode is from the inner ear, the smaller the amplitude of the response
and, consequently, the greater the number of stimuli that must be summed before the response
can be identified with confidence.

The decision on whether to use more- or less-invasive electrodes during ECoG is largely
determined by the types of workplaces in which audiologists find themselves because all meth-
ods have their advantages and disadvantages (Ferraro, 1992). Transtympanic approaches,
necessitating penetration of the tympanic membrane, are usually carried out in settings where
physicians are on site because anesthesia is required. Extratympanic procedures, not requiring
the risk or discomfort of minor surgery, can be performed in almost any audiological setting,
although greater signal averaging is required to obtain a clear signal as the electrode is moved
further from the promontory. Clinicians turned to the ABR as the electrophysiologic measure
of choice in the mid-1970s largely because of the invasiveness of the conventional transtym-
panic electrode (Hall, 2007). The primary focus for ECoG testing has moved from the determi-
nation of auditory sensitivity in difficult-to-test individuals (Cullen, Ellis, Berlin, & Lousteau,
1972) to neuro-otological applications, such as monitoring the function of the cochlea during
some surgical procedures; enhancing the results of other electrophysiological tests; and, prob-
ably most important, assisting in the diagnosis and monitoring of some conditions of the inner
ear, such as Méniére’s disease (see Chapter 11).

Auditory Brain-Stem Response (ABR) Audiometry

For measuring responses from the brain, electrodes are usually placed on the mastoid process
behind the outer ear and the vertex (top of the skull), with a ground electrode placed on the
opposite mastoid, the forehead, or the neck. Stimuli with rapid rise times, such as clicks, must
be used to generate these early responses. Tone pips, or bursts, which provide some frequency-
specific information, can be used. When a summing computer is used, seven small wavelets
generally appear in the first 10 milliseconds after signal presentation. Each wave represents
neuroelectrical activity at one or more generating sites along the auditory brain-stem pathway.
The findings of Legatt, Arezzo, and Vaughan (1988) indicate the following simplified scheme
of major ABR generators:

Wave Number Site

I VIIIth cranial nerve

II VIIIth cranial nerve

I Superior olivary complex

v Pons, lateral lemniscus

\Y% Midbrain, lateral lemniscus, and inferior colliculus
VI and VII Undetermined

Routine ABR audiometry can be performed in several ways, only one of which is described
here. The patient is first seated in a comfortable chair, often a recliner, which is placed in an acous-
tically isolated, electrically shielded room (see Figure 7.11). The skin areas to which electrodes
will be attached are carefully cleansed, and a conductive paste or gel is applied to these areas. One
electrode is placed on the vertex or the forehead and one on each earlobe or the mastoid process
behind the external ear. An electrode opposite the ear being tested serves as a ground electrode.
After the electrodes are taped in place, electrical impedance is checked with an ohmmeter. The
impedance between the skin and the electrodes, and between any two electrodes, must be con-
trolled for the test to be performed properly. An insert receiver is placed into the test ear, or a
circumaural earphone is placed over the test ear, and the patient is asked to relax. The lights are
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FIGURE 7.11 The ABR test can be completed with or without
sedation. Here a patient is seated in a comfortable chair to
encourage relaxation during ABR testing. (Source: Bio-logic
Navigator® Pro AEP System photo courtesy of Natus Medical, Inc.)

usually dimmed, and the chair placed in a reclining position. The ABR is not affected by sleep
state; therefore, the subject may sleep while the responses are being recorded. This characteristic
of the ABR is important because it allows anesthetized or comatose individuals to be evaluated.

One ear is tested at a time. A series of 1,000 to 2,000 clicks may be presented at a rate
of 33.1 clicks per second. The click rate must not be one that is divisible by 1 with a resultant
whole number in order to differentiate the real response from electrical artifacts in the room,
such as the 60 Hz electrical current. The starting level is about 70 dB nHL (# is the reference to
the normative group threshold for click stimuli).

In response to the stimulus, the ABR waveform appears as several narrow peaks and
troughs within 1 to 10 ms of the signal onset. The main positive peaks are labeled, after Jewett
(1970), in Roman numerals for Waves I, III, and V. If responses are not present, the intensity
is raised 20 dB; if responses are present, the level is lowered in 10 or 20 dB steps until Wave V
becomes undetectable. After the test has been completed, a hard copy may be printed out and
these data may be summarized on a special form (see Figure 7.12). A complete ABR test pro-
vides the following information about each ear:

Absolute latencies of all identifiable Waves I to V at different intensities.
Interpeak latency intervals (i.e., I to V, I to IIL, III to V), or relative latencies.
Wave amplitudes (absolute and relative).

Threshold of Wave V if hearing threshold estimation was the purpose of the test.

A

A comparative response with a higher click rate (e.g., 91.1 clicks/second) if the ABR was
for neurological assessment.

The ABR has developed into the most important test in the diagnostic site-of-lesion bat-
tery and has proven to be sensitive, specific, and efficient in detecting lesions affecting the
auditory pathways through the brain stem. While the standard ABR protocol has proven useful
in detecting medium and large VIIIth nerve tumors, it has been augmented by the develop-
ment of a clinical procedure known as the stacked ABR (Don & Kwong, 2009; Don, Masuda,
Nelson, & Brackmann, 1997), which allows for identification of even very small (<1.0 cm)
acoustic neuromas. This procedure is based on a division of the standard ABR whole-cochlea
response into five frequency bands by using a high-pass noise-derived-response technique. The
amplitudes of the five narrowband responses are then “stacked,” or added, to give a measure
of whole-nerve activity. A tumor affecting any portion of the auditory nerve therefore yields a
stacked ABR of smaller amplitude relative to the normal response. Thus, through the use of the
stacked ABR procedure, auditory brain-stem response testing has become even more valuable
to clinical audiology.
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FIGURE 7.12 Form used for recording results of otoacoustic emissions tests and auditory brain-stem responses.

)

IS

o

o

m Estimated Bone Conduction Threshold

SPEECH AND HEARING CENTER
The University of Texas at Austin 78712

NAME: Last - First - Middle SEX AGE DATE EXAMINER RELIABILITY INSTRUMENT
OTOACOUSTIC EMISSIONS
(Present or Absent)
[0 TEOAE Level
A 0 DPOAELevel Fi__ B
Right Left
500 1000 2000 4000 6000 500 1000 2000 4000 6000
AUDITORY BRAINSTEM RESPONSE
ABR WAVE V LATENCY-INTENSITY FUNCTION
10 10

9 9
g

c: ° ’
£
]

i, 7

6 6

RIGHTO-0O
LEFT X-X
0 10 20 30 40 50 60 70 80 90 100 110
INTENSITY (dBnHL)
SHADED AREA REPRESENTS Normal Wave V Range for patients older than 16 mos. for 30 clicks per second
nHL Latency Change i
EAR Absolute Latency (ms) Interpeak Latency (ms) w/ Increased Rate
dB HL Click Rate I Jill v I-I1 Im-v IV v Click Rate
RIGHT @&
LEFT
Interaural Differences

Amplitude Ratio (V same or > I)
Estimated Air Conduction Threshold

AR =m

PR PR
—_r
- L__

Type of otoacoustic emissions test performed.
Presence (P) or absence (A) of OAEs at five fre-
quencies in each ear.

Latency-intensity functions of ABR.

Shaded area showing a normal distribution of
Wave V latency values.

Intensity (in dB nHL) required to evoke the response.
Stimulus click rate.

Absolute latencies for Waves L, III, and V.

I-1I1, ITI-V, and I-V.

increase in stimulus rate.

Wave ).

Interpeak latencies (in milliseconds) for Waves
Wave V latency change (in milliseconds) due to

Differences between the right and left ears for g-i.
Amplitude ratio (Wave V same as or greater than

Estimated air-conduction thresholds.
Estimated bone-conduction thresholds.

STUDENTS-HUB.com

Uploaded By: anonymous



174 PART Il HEARING ASSESSMENT

Interpreting the ABR

The ABR may be used as a test of audiological or neurological function. When testing to estimate
behavioral hearing thresholds, as signal intensity decreases, the wave amplitudes become
smaller and latencies increase. Because Wave V normally has the largest amplitude of the first
seven waves, the ABR threshold is considered to be the lowest intensity at which Wave V can
be observed. ABR threshold determinations can usually be ascertained to within 10 to 20 dB of
behavioral thresholds. A comparison of ABR responses measured with air-conduction signals
and bone-conduction signals is recommended when a conductive hearing loss is suspected.

The ABR may be used as a neurological screening test to assess the integrity of the central
auditory pathway. The most significant finding in neurological lesions is an increase in the
timing of one or more peaks in the response, indicating a slowing of the auditory response.
This may be due to a tumor mass weighing on the nerve or nuclei, or possibly to other abnor-
mal central-nervous-system disorders such as demyelinating diseases like multiple sclerosis.
If Wave V can be observed at a slow click rate, for example, 11.1 clicks per second (often seen
clearly at 70 dB nHL), a higher click rate may be presented, such as 89.1 clicks per second. An
ABR is considered neurologically abnormal, indicating neuropathology affecting the auditory
pathway of the brain stem, when any of the following occur:

1. Interpeak intervals are prolonged.

2. Wave latency is significantly different between ears.

3. Amplitude ratios are abnormal (normally Wave V is larger than Wave I).

4. Wave V is abnormally prolonged or disappears with high-click-rate stimulation.

Normal ABR results are shown in Figures 7.13 and 7.14. For a demonstration of patient
preparation and recording of the ABR, see the video entitled Auditory Brainstem Response.

Auditory Steady-State Response

The auditory steady-state response (ASSR), also known as the steady-state evoked potential
(SSEP), is another form of auditory-evoked potential and has proven useful in threshold deter-
mination for children. In addition, this procedure may prove to have certain advantages over
tone-burst or click-evoked ABR.

FIGURE 7.13 Auditory brain-stem ABR
response testing on a normal-hearing Right Left
individual. Absolute latencies are shown in
Figure 7.14. Il
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