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Abstract

Few empirical findings or technical guidelines are available on the current transition from analog to
digital audio recording in childhood speech sound disorders. Of particular concern in the present
context was whether a transition from analog- to digital-based transcription and coding of prosody
and voice features might require re-standardizing a reference database for research in childhood
speech sound disorders. Two research transcribers with different levels of experience glossed,
transcribed, and prosody-voice coded conversational speech samples from eight children with mild to
severe speech disorders of unknown origin. The samples were recorded, stored, and played back using
representative analog and digital audio systems. Effect sizes calculated for an array of analog versus
digital comparisons ranged from negligible to medium, with a trend for participants’ speech
competency scores to be slightly lower for samples obtained and transcribed using the digital system.
We discuss the implications of these and other findings for research and clinical practise.
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Introduction

As is widely occurring among professionals in such disciplines as medicine, law, and
business informatics, researchers and clinicians in communicative disorders are transition-
ing from analog to digital methods to record, store, and play back audio and video
information. A brief sample of the wide-ranging sources of information relevant to the
transition to digital methods for audio recording in communicative disorders includes early
and more recent discussions of the advantages and disadvantages of digital recording and
signal processing (e.g., Titze, Horii, & Scherer, 1987; Doherty & Shipp, 1988; Perry,
Ingrisano, & Blair, 1996; Farinella, DelL.eo, Metz, Schiavetti, & Whitehead, 1998; Evans &
Miller, 1999; Zafar, Overhage, & McDonald, 1999; Bunta, Ingram, & Ingram, 2003),
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database storage and access issues (e.g., Bamattre, 1995; Long, 1999; Beukelman, 2000;
Bunta et al., 2003; MacWhinney, 2005), and training suggestions for digitally based
phonetic transcription and other acoustic-perceptual tasks (Wolfe, Martin, Borton, &
Youngblood, 2003). Except for the useful tutorial by Bunta, Ingram, and Ingram (2003) as
well as the more general guidelines in Plichta (2002) and Ladefoged (2003), a literature
review yielded few sources specifically focused on the topic of interest—the assembly of
digital systems for glossing, phonetic transcription, and prosody-voice coding of samples
from children with speech sound disorders. The following sections discuss two types of
information needed by researchers and clinicians transitioning to digital audio systems for
these purposes.

Psychometric issues associated with digital audio systems

A primary need in transitioning from analog to digital audio media is for a quantitative
comparison of findings obtained with digital systems to extant archival data obtained with
analog systems. As in most other areas of communicative disorders, the reference standards
that continue to be used to describe and classify typical and atypical speech acquisition
were obtained using analog recording and playback media. The reliability and validity of
these audio-recorded data were assessed in a number of early methodological studies
comparing transcription and scoring of live speech to that of recorded samples (see reviews
in Shriberg & Lof, 1991; Shriberg & Kent, 2003). Findings from these studies generally
supported the validity and reliability of transcription from audio-taped recordings.
Surprisingly, however, there is no body of clinical-research studies that has compared
transcription from earlier reel-to-reel recorders with transcription from later and current
generations of audiocassette recorders. Notwithstanding certain attractive efficiency
features of some of the more widely used (but lower-end) audiocassette recorders,
technical limitations in characteristics such as bandwidth, signal-to-noise ratio, and
dynamic range have yielded recordings of generally poorer quality than those produced
with an earlier generation of higher-end reel-to-reel recorders.

Configuring a digital audio system for speech sampling

A second and related need on this topic in the laboratory and clinic is for guidance in
selecting the appropriate format and specific hardware and software to configure a digital
audio system to record, store, and play back speech samples. During the period when
dedicated analog devices were the only available choice for audio recording, purchasing
decisions were primarily based on the answers to three questions: which type, brand, and
model of reel-to-reel or audiocassette recorder is technically appropriate and financially
feasible for the intended speech sampling tasks (e.g., sound quality, portability, reliability,
ease of use, purchase price, maintenance costs)? Which microphone best meets the
technical and substantive requirements of one or more speech sampling tasks (e.g.,
sensitivity, frequency response, directionality, signal-to-noise ratio)? Which type of audio
tape is most suitable for recording and storage needs (e.g., frequency response and bias,
resistance to stretching, playing time)? For playback purposes, the primary consideration
was to choose a device, including matched earphones and/or loudspeaker(s), that was
technically adequate and efficient for the repeated playbacks needed for auditory-
perceptual tasks (e.g., glossing, transcribing, scoring real and nonsense words, scoring
diadochokinetic speech tasks, rating intelligibility, coding prosody-voice features).
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In contrast to analog technology, contemporary digital formats for audio speech
sampling include a large array of recording-storage-playback options, generally based on
recording and/or storage medium needs (e.g., digital audio tape [DAT], compact
discs [CD], minidiscs [MD], digital versatile discs [DVD]). Selecting, purchasing,
assembling, and maintaining the several components of a digital audio system,
particularly as they interface with desktop or notebook computers, are typically
guided by consultation with experienced colleagues or local audio vendors. Such sources
of guidance may not always be effective for persons responsible for one or multiple
digital systems for use in academic, research, or clinical settings. Colleagues may not be
acquainted with the range of available technical and vendor options; technical consultants
or vendors may not be acquainted with the requirements and specific constraints associated
with recording, glossing, and transcribing the speech of young children with speech
sound disorders.

Statement of the problem

The present report describes an analog-to-digital transition experience in a clinical-research
context. The general need was to configure multiple, laptop-based playback stations for use
by research transcribers to reduce auditory-perceptual data from the digital recordings of
assessment protocols administered to typical and atypical speakers across the life span. The
primary focus of the present study was on conversational speech sampling from young
children with moderate to severe speech disorders. However, the system was also intended
to be used for other assessment tasks, such as citation-form articulation tests, word-phrase
and sentence-length imitation tasks, and intelligibility assessment. The research design
addressed the following question: do data obtained using a representative digital audio
system differ significantly from data obtained using a representative analog audio system?
As indicated in the discussion above, the primary concern was whether a transition from
analog- to digitally-based transcription and prosody-voice coding would require re-
standardizing a reference database.

Method
Participants

Eight conversational speech samples were selected from a set of 35 samples from children
whose speech had been assessed at the Children’s Hospital of Pittsburgh. These speakers,
each of whom was referred by a certified speech-language pathologist as having a speech
production disorder, were participants in an ongoing collaborative study of physiological
correlates of child speech sound disorders. TableI includes descriptive information for the
eight participants with speech delay whose conversational speech samples were glossed,
transcribed, and prosody-voice coded for the present study.

As shown in Table, the eight speakers ranged in age from 3 years, 2 months to 4 years,
6 months (mean age: 4 years, 2 months). This average age is comparable to the mean age of
4 years, 3 months reported in a study profiling several hundred children with speech delay
referred to a local university speech clinic (Shriberg & Kwiatkowski, 1994). Seven of the
eight (88%) children were males, which is slightly higher than the distribution of 70%
males reported in Shriberg and Kwiatkowski (1994). As shown in TableI, five of the eight
(63%) children sampled for the present study had Moderate-to-Severe speech involvement.
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Table I. Information on the eight participants with speech delay and the transcribers’ schedule for completing
auditory-perceptual tasks using analog and digital audio systems.

Transcription Schedule

. R Length of

Participant ~ Age Estimated Speech Transcriber 1 Transcriber 2 Conversational
Number (mos.) Sex Severity Timel Time2 Timel Time 2 Sample (min;sec)
1 38 M Mild A? D D A 7;28

2 42 M  Moderate-Severe A D D A 16552

3 47 M Moderate-Severe D A - - 10;40

4 49 F  Moderate-Severe A D A D 11;58

5 51 M Mild D A - - 10;47

6 51 M Mild D A - - 7;18

7 53 M Moderate-Severe D A - - 12524

8 54 M Moderate-Severe A D A D 5;43

#A=Analog; D=Digital

Quantitative speech metrics to be reported as part of the dependent variables under study
supported these a priori clinical impressions of speech severity.

Research design

The independent variable of primary interest was type of audio system (analog
versus digital), with secondary interest in possible effects associated with the experience
level of the transcriber. Table 1 includes the schedule for transcription and prosody-voice
coding of the speech samples, as completed by two research transcribers whose
backgrounds will be described. Two series of listening sessions, each completed within a
3- to 10-day period, were scheduled independently for each transcriber, with the second
series (Time 2) having begun 1 month after the first series (Time 1). Transcriber 1 glossed,
transcribed, and prosody-voice coded all eight of the speech samples, using the
counterbalanced schedule of analog (A) and digital (D) playback systems shown in
TableI. Transcriber 2 followed the same procedure for four of the eight samples. Three of
Transcriber 2’s four samples (75%) were randomly selected from participants whose
severity of speech involvement was judged to be Moderate-Severe. Transcriber 1°s first and
last glossed utterances in the first listening series were used as starting and ending reference
points to derive playing time lengths for each conversational speech sample. As shown in
TableI, the durations of the speech sample sections (including examiner utterances)
eventually used for transcription and prosody-voice coding ranged from 5min 43s to
16 min 52s (M=10min 24s, SD=3min 34s).

Speech samples

A conversational speech sample was acquired from each participant using both the analog
and digital recording media described in the Appendix. The conversational speech task was
collected on the first day of the 2-day assessment protocol, during a point when participants
were familiar and comfortable with the examiner and task expectations. The children were
tested by one of four trained examiners (certified speech-language pathologists), who were
experienced in evoking spontaneous speech from young children. A set of examiner
guidelines was followed, which included instructions for obtaining linguistically rich
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conversational samples, for monitoring the recording level to maximize signal quality, and
for glossing of strings of questionably intelligible speech. Concerning the latter need, the
examiner would gloss what she perceived as the child’s intended linguistic targets, repeating
the utterance approximately word-for-word on the audio recording.

Analog and digital audio systems

The Appendix provides technical information on the analog and digital audio systems used
to record and play back the speech samples. Essentially, the conversational speech samples
in the parent study were recorded with a common audio signal routed to an audiocassette
recorder for the analog samples, and a digital audio tape recorder for the digital samples. As
described in the Appendix, the playback component of the analog system was a foot-pedal
operated device used in prior research in child speech sound disorders. The playback
software for the digital system running on a personal computer was a foot-pedal operated
media player developed specifically for this project.

Phonetic transcription and prosody-voice coding

Trainming. Transcriber 1 (author McSweeny) had 10 years’ experience in obtaining,
glossing, transcribing, and prosody-voice coding speech samples from children with speech
disorders of known and unknown origin. Transcriber 2, an undergraduate student in
Communicative Disorders, had 4 months’ experience in glossing, transcribing, and
prosody-voice coding conversational samples. This 4-month period included a 2.5-month
training program conducted by Transcriber 1 and included both knowledge components
and auditory-perceptual skills training. Knowledge-based training consisted of directed
reading assignments in articulatory phonetics that provided (a) rules for use of the 42
phonetic and 43 diacritic characters included in the system for narrow phonetic
transcription described in Shriberg and Kent (2003), (b) rules for the use of 31
exclusionary and 32 prosody-voice codes included in the system for prosody-voice coding
described in Shriberg, Kwiatkowski, and Rasmussen (1990), and (c) rules and guidelines
for the array of glossing and formatting principles included in a software program described
originally in Shriberg (1986) and updated in Shriberg, Allen, McSweeny, and Wilson
(2001). Skills-based training included the completion of all auditory modules in the
previous references, additional training on samples of children with mild to severely delayed
speech, and corrective feedback based on assessments of interjudge agreement with
Transcriber 1. All training was conducted using an analog playback device similar to the
one used in the present study. Brief training was also provided in use of the digital playback
software.

Procedure. Glossing, phonetic transcription, and prosody-voice coding of the
conversational speech samples were completed in a small listening room. The analog
playback system and the tabletop computer for the digital system were positioned on the
same work surface, with their corresponding foot pedals also placed adjacently. The order
of the conversational samples in both listening series followed the counterbalanced analog-
digital design shown in Table I. During and immediately after each session, the transcribers
used worksheets both to log elapsed times for each auditory perceptual task and to annotate
their observations about the operational features of each audio system, including any
personal preferences.
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Analyses. Transcribers’ glosses, phonetic transcriptions, and prosody-voice codes were first
checked for formatting accuracy and then were entered into a software suite using editing
utilities (Shriberg et al., 2001). The software included outputs that provided detailed
quantitative information for all study questions.

Effect sizes and their associated 95% confidence intervals, using pooled standard
deviations and Hedges’ correction (Hedges & Olkin, 1985; Cohen, 1988), were selected
from the statistical options in the analysis software. These metrics estimated the clinical-
research significance of any obtained differences in the completion times, reliability, and
validity comparisons of data obtained using the analog versus digital audio systems.
Cohen’s (1988) traditional descriptor system and magnitude criteria were used to
characterize three effect size (ES) ranges as follows: <.19=negligible, .20—.49=small,
.50-.79=medium. To provide a means to differentiate among effect sizes greater
than Cohen’s largest ES descriptor (i.e., >.79=large), such values were redefined as large
(.80-.99), very large (1.0-1.99), and extremely large (=2.0; see Hopkins, 2003, for a
discussion of rationale for these distinctions). Following the usual convention, 95% ES
confidence intervals not containing 0 were considered statistically significant. To aid the
reader in examination of the several data tables, however, we also provide the equivalent
inferential statistical findings from two-sample, pooled variance z tests. Given the goals of
this initial study, and its limitations due to small cell sizes, the inferential statistical findings
were deemed only advisory. Rather, any pattern of comparisons yielding medium and
especially large effect sizes was of primary interest for issues associated with standardization
and other issues in clinical-research applications of digital audio systems.

Results and discussion
Glossing

The first auditory-perceptual task for each speech sample was to gloss the sample until
100 different word types (i.e., unique lexical entries termed first occurrence words: cf.
Shriberg & Kwiatkowski, 1980) had been glossed. The speech samples from Participants
2 and 4, whose speech was considerably unintelligible, yielded only 79 and 83 first
occurrence words, respectively, but were included in the analyses nevertheless. To allow
estimates of intrajudge and interjudge agreement for all three auditory-perceptual tasks
using the two audio systems, Transcriber 2 first glossed each sample but subsequently
used Transcriber 1°s glosses for transcription and prosody-voice coding. Thus, Transcriber
2’s glosses provided the information from which intrajudge glossing agreement
percentages were obtained, but her use of Transcriber 1’s gloss for transcription and
prosody-voice coding data allowed the agreement software to calculate intrajudge and
interjudge agreement percentages for these tasks based on similar presumed linguistic
targets.

Completion time

Findings. Tablell includes completion time data for glossing completed by Transcriber 1
(eight samples) and Transcriber 2 (four samples), at the first (Time 1) and second (Time 2)
listening series using the two audio systems (analog, digital). The completion time data
for glossing in TableIl are longer than would normally occur for transcription alone,
because they included the time needed to indicate utterances that had to be excluded from



Table II. Completion time data for glossing, transcription, and prosody-voice coding using the digital system compared to the analog audio system.

Glossing Times (in minutes)

Transcription Times (in minutes)

P-V Coding Time (in minutes)

Trans. 1 Trans. 2 Trans. 1 Trans. 2 Trans. 1 Trans. 2 Trans. 1 Trans. 2 Trans. 1 Trans. 2 Trans. 1 Trans. 2
Partic. T1 T2 Tl T2 A? D A D T1 T2 TI1 T2 A D A D T1 T2 T1 T2 A D A D
1 47 20 34 28 47 20 28 34 34 33 74 57 34 33 57 74 9 10 31 33 9 10 33 31
2 57 34 52 41 57 34 41 52 53 52 151 138 53 52 138 151 17 13 35 38 17 13 38 35
3 54 25 25 54 40 46 46 40 23 20 20 23
4 48 18 44 22 48 18 44 22 32 26 85 59 32 26 85 59 22 22 51 36 22 22 51 36
5 42 23 23 42 24 34 34 24 12 16 16 12
6 35 20 20 35 27 31 31 27 17 14 14 17
7 37 24 24 37 28 33 33 28 15 15 15 15
8 32 17 33 28 32 17 33 28 31 26 64 46 31 26 64 46 15 10 40 31 15 10 40 31
M 44.0 22.6 40.8 29.8 34.5 32.1 36.5 34.0 33.6 35.1 935 75.0 36.8 32.0 86.0 82.5 16.3 15.0 39.3 34.5 16.0 15.3 40.5 33.3
SD 90 54 90 80 14.1 13.0 7.3 13.0 9.2 9.2 393 424 82 9.6 36.7 47.1 47 43 87 31 39 51 7.6 2.6
Effect Size
Cohen’s d  2.73*° 1.12 17 21 -.15 .39 51 .07 .27 .64 .15 1.10
Descriptor Extremely Very Negligible Small Negligible Small Medium  Negligible Small Medium  Negligible Very
Large® Large Large
Conf.
Interval
Lower 1.36 -.37 —.81 —1.18 —1.14 —1.01 —.49 —1.31 —-.71 —.78 —.84 -.39
Upper 4.09 2.61 1.15 1.60 .83 1.79 1.50 1.46 1.26 2.06 1.13 2.59

aA=Analog; D=Digital. ®Significant effect sizes (p<.05) are indicated by an asterisk. See text for key to effect size descriptors.

Supaora. oypnv usp 01 SopuUR”

Ive



342 L. D. Shriberg et al.

prosody-voice coding (termed exclusion coding: cf. Shriberg et al., 1990), due to technical
and/or linguistic confounds.

As shown in Table I, glossing times (in minutes) for both transcribers were considerably
reduced for the second listening series period relative to the first series. The extremely large
(2.73) ES (effect size) for Transcriber 1 was statistically significant, with the completion
time for glossing the eight speech samples reduced by approximately 50% from the first
(M=44.0 min) to the second (M=22.6 min) listening series. The very large ES (1.12) for
Transcriber 2 (who glossed only four samples) was not statistically significant, with samples
reduced by approximately 25% from the first (M=40.8 min) to the second (M=29.8 min)
listening series. Transcriber 1 averaged 34.5 min and 32.1 min using the analog and digital
systems, respectively; Transcriber 2 averaged 36.5min and 34.0 min for each system,
respectively. As shown in TableIl, the ESs associated with these approximately 4-9%
reductions in time from analog to digital for both transcribers were negligible and small,
respectively, and not statistically significant.

Discussion. The anecdotal logs from the transcribers indicated that the statistically
significant reductions in gloss times in the second series, regardless of which audio
system was used (see individual comparisons in Table IT), were due to a memory confound.
Although both transcribers had transcribed many other samples since the first listening
series one month previously, Transcriber 1 reported that she remembered some
conversational content from the first series, and Transcriber 2 reported that she
remembered a great deal of the content from the first series of samples. The recalled
information aided in reducing the number of playbacks needed to identify and recheck
glosses of initially unintelligible words. Notwithstanding this methodological confound, the
transcribers’ glossing times were not significantly different using the digital system
compared to the analog audio system.

Reliability

Berween-session agreement. The glossing agreement data in the left section of Table III begin
with reliability information on the total number of utterances and words glossed by each
transcriber in each session (first two row variables), including means and standard
deviations for the per-sample occurrence rates. As indicated by the negligible ES values for
all four comparisons, the total number of utterances and words glossed was considered
comparable in the two listening sessions.

The remaining four rows in TableIIl provide the percentage of glossing agreements,
Time 1/Time 2 totals, and per-sample average values (means, standard deviations) for
four classes of glossed words: words a transcriber could readily gloss (non-questionables),
non-questionable words that by rule were excluded from the speech analyses (disregards;
e.g., multiple sequential repetitions of a word), words a transcriber could gloss with
some difficulty (questionables), and words a transcriber could not gloss (uninzelligibles).
As shown in TableIll, the between-session percentages of exact agreement for these
four glossing categories across the two audio systems ranged widely from 21.5% to
84.8% point-to-point agreement (excluding the low occurrence of questionables
for Transcriber 2). However, associated ESs for differences in the total occurrence
of each word class in the two sessions ranged from .02 to .57, with only the ES asso-
ciated with disregards for Transcriber 1 (ES=.57) reaching the criterion for a medium
difference.
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Berween-system agreement. The primary reliability analysis (right section of Table III)
yielded comparable numbers of utterances and words for each transcriber’s gloss using the
digital compared to the analog system (ESs from —.01 to —.08) and comparable numbers
for each of the four word classes (ESs from .07 to —.34). Four of the latter seven computed
ESs were classified as negligible to small and were not statistically significant. Point-to-
point exact percentages of agreement between transcribers within each audio system ranged
from 19.4% to 88.4% for the four types of glossed words.

Discussion. The low levels of exact point-to-point intrajudge (between-session) and
interjudge (between-system) agreement for some of the four word classes are consistent
with the difficulties in glossing the speech of children with moderate to severe intelligibility
problems (Shriberg & Lof, 1991; Weston & Shriberg, 1992). Both transcribers noted that
most of these samples were among the most challenging they had ever been assigned to
gloss and transcribe. Additional discussion of factors and processes underlying examiners’
and transcribers’ ““guesses’’ at children’s intended word forms goes beyond the scope of the
present paper. From the present methodological perspective, it is important to note that
some types of between-class differences in glossing have greater consequences than others
for validity issues (e.g., for classification of children’s speech status, or for treatment
recommendations). In the present context, the most important word class data are the
values for the non-questionable words. As shown in Table ITI, the two audio systems have
comparable total numbers of non-questionable words, comparable percentages of non-
questionable words in the sample, and a relatively high percentage of exact agreement for
non-questionable words (ranging from 79.3% to 88.4% across the four estimates). The
glossing agreement data for each of the word classes in TableIIl are interpreted as
indicating that auditory-perceptual judgments based on the signal provided by the analog
system were comparable to those based on the signal provided by the digital system.

Phonetic transcription

Completion time analyses. Findings. TableIl includes completion time data for narrow
phonetic transcription of the eight and four samples transcribed by Transcriber 1 and
Transcriber 2, respectively, for each of the two listening series and two audio systems. ES
estimates for the four listening series comparisons ranged from negligible to medium, with
none statistically significant. As shown in both the per-sample and summary data for each
listening series, there were substantial differences in the lengths of time needed by each
transcriber to complete transcription. Transcriber 2 averaged 93.5 min and 75.0 min for the
four samples she transcribed in the first and second listening series respectively, whereas
Transcriber 1 averaged only 33.6 min and 35.1 min for the eight samples she transcribed in
the first and second listening series. Comparable completion time differences were
obtained for the four samples transcribed by both transcribers.

Discussion. As with the completion time findings for glossing (Table II), the completion
time data for phonetic transcription indicated that there were no significant time differences
associated with the digital versus the analog system. Unlike the findings for the glossing
data, however, which indicated that the two transcribers took about the same length of time
to gloss the four samples, the inexperienced transcriber (Transcriber 2) took considerably
more time than the experienced transcriber to phonetically transcribe the samples using
either audio system. As shown in TableII, Transcriber 2 averaged approximately one and



Table III. Between-session and between-system agreement in glossing using analog and digital systems.

Between-Session Agreement

Between-System Agreement

Transcriber 1

Transcriber 2

Transcriber 1

Transcriber 2

Confidence Confidence Confidence Confidence
% Interval % Interval % Interval % Interval

Variable Agree. T1 T2 d® Lower Upper Agree. T1 T2 d Lower Upper Agree. A° D d Lower Upper Agree. A D d Lower Upper
Total No. of 977 1000 —.10* —.19 —-.01 480 476 .03 -—.10 .15 979 998 -—.08 —.17 .01 482 474 .05 —-.07 .18
Utterances®

M 122.1 125.0 120.0 119.0 122.4 124.8 120.5 118.5

SD 27.2 28.6 35.7 35.6 27.2 28.7 36.4 34.9
Total No. of 2713 2711 .00 —-.05 .06 1415 1386 .06 —.01 13 2696 2728 —.05 -—-.10 .01 1398 1403 -.01 —.08 .06
Words

M 339.1 338.9 353.8 346.5 337.0 341.0 349.5 350.8

SD 79.9 84.2 118.1 115.8 80.3 83.7 112.3 121.5
No. of Non- 79.3 1748 1858 —.29*% —.36 —.23 84.8 1075 1067 .02 —.07 .10 88.4 1770 1836 —.17* —.24 —.11 86.4 1048 1094 —.11% -.20 —-.03
Questionables

M 218.5 232.3 268.8 266.8 221.3 229.5 262.0 273.5

SD 39.7 49.6 100.8 94.0 40.6 49.6 94.2 100.1

% of Total 64.4 68.5 76.0 77.0 65.7 67.3 75.0 178.0

Words
No. of 61.3 574 497 57% 44 .69 53.0 167 124  .36% .13 .60 63.8 541 530 .07 —.05 .19 60.1 153 138 .12 —.11 .35
Disregards

M 71.8 62.1 41.8 31.0 67.6 663 38.3 345

SD 15.8 17.1 26.2 31.4 152 19.1 29.7 29.2

% of Total 21.2 183 11.8 8.9 20.1 194 10.9 9.8

Words
No. of 21.5 68 90 -—.38*% -.70 —.06 - 4 0 — - - 19.4 69 80 —.34* —-.66 —.02 - 0 4 - - -
Questionables

M 8.5 11.3 1.0 .0 8.6 11.1 .0 1.0

SD 50 8.2 2.0 .0 49 83 .0 2.0

% of Total 2.5 3.3 3 0 2.6 3.3 0 3

Words

4742

0 12 S4aquys *q T



Table III. Between-session and between-system agreement in glossing using analog and digital systems. (Conzinued)

Between-Session Agreement Between-System Agreement
Transcriber 1 Transcriber 2 Transcriber 1 Transcriber 2
Confidence Confidence Confidence Confidence
Interval Interval Interval Interval
% - % - % - % -
Variable Agree. T1 T2 d® Lower Upper Agree. Tl T2 d Lower Upper Agree. AS D d Lower Upper Agree. A D d Lower Upper
No. 57.1 323 266 .13 —.03 .30 169 195 -—-.10 -—.31 11 60.1 316 273 .10 —.06 .26 58.8 197 167 .12 —.09 .32
Unintelligibles
M 404 333 42.3 48.8 39.5 34.1 49.3 41.8
SD 55.7 43.9 54.0 68.6 55.9 43.8 68.0 54.7
% of Total 119 9.8 11.9 14.1 11.7 10 14.1 11.9
Words

*The glossing numbers are from the unedited versions of the glosses. The agreement percentages are based on the gloss agreement analyses generated from edited versions of the transcripts, with the
number of edits (i.e., additional disagreements) added to the denominators. ®Significant Cohen’s d effect sizes (p<<.05) are indicated by an asterisk; see text for key to effect size descriptors. “A=Analog;
D=Digital.
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one-half hours per sample to complete a phonetic transcription in the first listening series,
approximately two to three times longer than Transcriber 1’s average of just over one-half
hour per sample for the first listening series. These differences for both audio systems were
evidently due to the additional time needed for Transcriber 2 to make perceptual-cognitive
decisions, including more playbacks as well as longer deliberations about narrow phonetic
transcription conventions and the use of alternative diacritics to capture auditory percepts.
Thus, the primary efficiency finding is that, compared to the analog system, the presumably
clearer signal and more efficient playback available in the digital system (see later
discussion) were not associated with reduced completion times for narrow phonetic
transcription for either the experienced or the relatively inexperienced transcriber.

Reliability

TableIV is a summary of the point-to-point between-system and between-transcriber
transcription agreement findings. As shown in the first four rows, between-system
(intrajudge) comparisons were based on 977 utterances (1690 words used) for the eight
speech samples transcribed by Transcriber 1, and 484 utterances (833 words used) for the
subset of four speech samples transcribed by Transcriber 2. Because both transcribers
transcribed each speech sample only once using each audio system, it was not possible to
estimate intrajudge agreement within each system.

Berween-system findings and discussion. Point-to-point agreement estimates were obtained
for broad and narrow phonetic transcription of vowels and consonants. The eight between-
system percentage of agreement estimates for the two transcribers ranged from 83.4% to
94.9%. Within these relatively high levels of agreement for transcription using the two
audio systems, Transcriber 2’s average levels of agreement were substantially higher, as
indicated by the magnitudes of both the agreement percentages and the large to extremely
large ES descriptors (two of which were statistically significant). As with most of the present
data based on relatively few samples, these ES estimates were bounded by wide confidence
intervals.

The increased between-session agreement for Transcriber 2 compared to Transcriber 1
may be explained by the associated completion time data (TableIl) and the anecdotal
comments reported previously. As described previously, Transcriber 2 took two to three
times longer than Transcriber 1 to transcribe the samples. She also reported that in the
second listening series she was able to recall much of the content as well as her transcription
of the speech samples heard in the first listening series. Transcriber 1, who had been
involved in many more research tasks during the 1-month interval between sessions,
reported more limited recall of the speech sample content. Thus, the timetable for the study
and the decision not to limit the maximum number of allowable replays (training guidelines
suggested a maximum of three replays but permitted as many as needed) were likely
sources contributing to the differences in the between-session agreement percentages for
the two transcribers.

Berween-transcriber  findings and discussion. The remaining data in TableIV reflect
transcriber agreement for the four samples completed within each of the two audio
systems. Interjudge agreement percentages ranged from 69.1% (analog system: narrow
transcription of consonants) to 86.5% (analog system: broad transcription of vowels). The
ES estimates computed for these interjudge agreement comparisons within each audio



Table IV. Between-system and between-transcriber agreement in phonetic transcriptions using analog and digital audio systems.

Between-System Agreement Between-Transcriber Agreement
Cohen’s Confidence Interval Cohen’s Confidence Interval

Data Set Trans. 1  Trans. 2 d Lower Upper Effect Size  Analog Digital d Lower Upper Descriptor
No. of 8 4 4 4
transcripts
No. of 977 484 484 484
utterances
No. of possible 2713 1404 1404 1404
words
No. of words 1690 833 825 815
used
Point-by-point Agreement (%)
Vowels
Broad 90.3 (2.1)* 94.9 (1.5) —2.19*° —3.94 —.44  Extremely 86.5 (3.5) 85.4 (4.0) .25 —-1.14 1.65 Small
transcription Large®
Narrow 83.4 (3.8) 90.9 (1.7) —2.21* -3.97 —.45 Extremely 80.3 (4.8) 78.2 (4.3) .40 —-1.00 1.80 Small
transcription Large
Consonants
Broad 88.6 (3.6) 93.0 (2.3) —1.27 —2.78 .25 Very Large 76.1 (9.8) 78.1 (6.5) -.21 -1.60 1.18 Small
transcription
Narrow 83.5 (3.2) 88.1 (4.8) —.98 —2.45 .49 Large 69.1 (10.6) 71.5 (7.3) -.23 -1.62 1.16 Small
transcription

Standard deviations for the mean agreement percentages are enclosed in parentheses. °Significant effect sizes (p<<.05) are indicated by an asterisk. “See text f