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(57) ABSTRACT 

An apparatus and method for converting and improving an 
existing analog audio recording as it is converted into a 
digital format with reliable tone detection and interpretation. 
Specifically, the digitized audio undergoes three tone detec 
tion processing Steps: Silence detection and removal, 
anomaly detection and removal and page/chapter identifi 
cation. 
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METHOD AND APPARATUS FOR CONVERTING 
AN ANALOG AUDIO SOURCE INTO A DIGITAL 

FORMAT 

0001. The present invention relates to an apparatus and 
concomitant method for converting an analog audio Source 
into a digital format. Specifically, the present invention 
provides a method for converting and improving an existing 
analog audio recording as it is converted into a digital 
format. In performing the conversion function, the present 
invention is also capable of identifying and maintaining 
various indeX information Stored in the original analog audio 
Signal, e.g., the identification of various indeX tones. 

BACKGROUND OF THE DISCLOSURE 

0002. As digital technologies continue to gain wide 
acceptance, a vast amount of previously Stored information 
must be adapted into the new digital Standards. Such pre 
viously Stored information includes a vast library of existing 
analog-recorded books. To preserve the huge investment in 
Such analog recordings, these recordings are being con 
verted into digital format for implementation Such as the 
DigitalTalking Book (DTB) in accordance with the “Daisy” 
consortium specifications. 
0003. The electronic book is already available in various 
forms to the mainstream consumer. However, none of the 
current versions of widely available electronic books are 
accessible to the print disabled. The print disabled commu 
nity includes blind as well as learning disabled readers. 
Previously, this population has been afforded the option of 
the analog talking book. The analog talking book generally 
includes audio with embedded indeX tones indicating pages 
and chapters. The user must listen to the audio at fast 
forward to hear indeX tones and use the tones to navigate 
linearly to the desired section of the recorded book. Most 
recently, there have been efforts to produce digital books, 
which afford users the opportunity to navigate non-linearly 
through the recorded material. 
0004. There is currently an effort underway to convert 
large libraries of Valuable analog talking books to new 
digital talking book formats. Since the digital talking books 
represent a revolutionary advantage for the print disabled 
community, there is a great deal of urgency attached to these 
conversion efforts. To Satisfy this urgent need, an analog to 
digital talking book conversion System is required. 
0005 One particularly problematic aspect of the conver 
Sion has been automatic and accurate indeX tone detection 
and interpretation. Talking books have, especially in the 
United States, been largely produced by Volunteer organi 
Zations. AS Such, these books display a wide range of 
non-uniform characteristics. This lack of consistency makes 
the problem of building an automated conversion System a 
difficult one, Since the System must accommodate a wide 
range of inputs. A number of different technologies, includ 
ing phrase detection methods, have been tested and proven 
unreliable and unable to accommodate the wide range of 
inputs when used to convert Some formats of analog talking 
book. Efforts to convert books manually have also proven 
difficult. While brute force methods can be utilized to 
accomplish the desired complex tasks, Such Solutions are 
often too costly to be practical. 
0006 Therefore, there is a need for an apparatus and 
method for converting and improving an existing analog 
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audio recording as it is converted into a digital format with 
reliable tone detection and interpretation. 

SUMMARY OF THE INVENTION 

0007 One embodiment of the present invention provides 
an apparatus and method for converting and improving an 
existing analog audio recording as it is converted into a 
digital format with reliable tone detection and interpretation. 
Specifically, the digitized audio undergoes three tone detec 
tion processing Steps: Silence detection and removal, 
anomaly detection and removal and page/chapter identifi 
cation. 

0008 Finally, the audio undergoes an audio optimization 
processing, where the audio is adjusted from 2x Speed 
playback to Standard Speed playback by performing pitch 
correction on the audio files. Pitch correcting the audio by a 
factor of -11 Semitones Slows the audio for Standard Speed 
playback. Audio is optimized for conversion to audio com 
pression formats by removing low frequencies below 60 Hz, 
boosting the high bass (120-200 Hz) and upper midrange 
frequencies (2-6 kHz). The files are then normalized and 
Saved So that all audio has equal amplitude. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0009. The teachings of the present invention can be 
readily understood by considering the following detailed 
description in conjunction with the accompanying drawings, 
in which: 

0010 FIG. 1 depicts a block diagram of the present 
invention for converting and improving an existing analog 
audio recording as it is converted into a digital format with 
reliable tone detection and interpretation; and 
0011 FIG. 2 depicts a block diagram of a flowchart of 
the method of the present invention for converting and 
improving an existing analog audio recording as it is con 
verted into a digital format with reliable tone detection and 
interpretation. 

0012 To facilitate understanding, identical reference 
numerals have been used, where possible, to designate 
identical elements that are common to the figures. 

DETAILED DESCRIPTION 

0013 The present invention provides an apparatus and 
method for converting and improving an existing analog 
audio recording as it is converted into a digital format with 
reliable tone detection and interpretation. Specifically, FIG. 
1 illustrates a block diagram of an analog to digital talking 
book conversion system 100 of the present invention having 
a tape player 105, a pre-processing unit 120 and one or more 
digital book converters 140a-n. 
0014. In operation, a source of audio data on path 110 is 
pre-processed by the pre-processing unit 120 into appropri 
ate digital formats. For example, the audio Source is an 
analog audio signal representative of an analog audio book 
that is generated from an analog tape player 105, e.g., a four 
track analog tape player. Specifically, the analog signal on 
path 110 is digitized by analog-to-digital (A/D) converter 
122 and amplified by the amplifier 124. 
0015. In turn, the digitized audio signal is then forwarded 
to one or more digital book converters 140a-n, where 
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various audio signal processing functions are applied to the 
digital audio Signals, e.g., indeX tone detection and inter 
pretation, and various audio quality improvement process 
ing. In brief, the digital book converter produces digital 
audio files and corresponding files containing a list of beep 
tone time locations for each analog tape that is converted. A 
detailed discussion of each of these functions is provided 
below. 

0016. In one embodiment, each of the digital book con 
verters 140a-n is implemented using a general purpose 
computer having a central processing unit (CPU) 142, a 
memory 144, and various Input/Output (I/O) devices 146. 
The input and output devices 146 may comprise a keyboard, 
a mouse, a modem, a camera, a camcorder, a Video monitor, 
one or more Soundcards (e.g., the Yamaha DS2416 Sound 
card with two AX44 analog interfaces), any number of 
imaging devices or Storage devices, including but not lim 
ited to, a tape drive, a floppy drive, a hard disk drive or a 
compact disk drive. The general purpose computer allows an 
operator to efficiently effect digital talking book conversion 
using existing analog talking books. 
0.017. In the preferred embodiment, various functions of 
the digital book converter 140 as discussed below are 
implemented (in part or in whole) by one or more Software 
applications that is loaded from a Storage device and resides 
in the memory 144 of the computer. AS Such, the digital book 
converter 140 and associated methods and/or data Structures 
of the present invention can be Stored on a computer 
readable medium. Finally, although the present invention is 
disclosed where the digital book converter is a personal 
computer (PC), it should be noted that the general purpose 
computer of the digital book converter 140 should be 
broadly interpreted to include one or more personal com 
puters, Servers, main frames and the like. 
0.018 FIG. 2 depicts a block diagram of a flowchart of 
the method 200 of the present invention for converting and 
improving an existing analog audio recording as it is con 
verted into a digital format. Method 200 starts in step 205 
and proceeds to step 210. 
0019. In step 210, method 200 loads an analog audio 
Signal into the System, e.g., by loading a tape into the tape 
player 105. Method 200 then proceeds to step 220. 
0020. In step 220, method 200 activates the tape player 
and digitizes the analog audio signal into a digital format. 
Specifically, in one embodiment of the invention, four 
channel outputs of a four-track analog tape machine are fed 
to a distribution amplifier 124. The distribution amplifier 
124 splits the four channels into a pair of Supplicate four 
channel groups for a total of eight channels. Each of the four 
channel groups is patched to a four channel analog interface 
housed in the computer 140. Each of the four channel analog 
interfaces is connected to a Soundcard 146, also housed in 
the computer 140. 
0021. The amplification process is employed to effect 
indeX tone amplification and audio quality improvement that 
are performed at later Steps. In fact, in one embodiment, 
playback of the analog Source occurs at two times Standard 
Speed, So that all four tracks of the analog Source can be fed 
into the conversion System in approximately thirty minutes 
and tone indexes can be more easily detected. 
0022. In step 230, method 200 stores the digitized audio 
Signals and detected indeX audio tones into various files, 
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e.g., four (4) audio track files and four (4) index tone files are 
Stored on the Storage device 146 of the digital book con 
verter 140. For example, at the end of an analog to digital 
transfer time period, e.g., 30 minute, eight audio files are 
Stored on the computers hard drive: four quality improved 
audio files containing Speech and four audio files containing 
amplified indeX tones without Speech. 
0023. In step 240, method 200 identifies and reverses the 
Stored “even numbered” tracks to eliminate idiosyncrasies 
asSociated with the analog tape Source. Specifically, in the 
analog tape format, even numbered tracks are typically 
reversed. Since, for efficiency reasons, all tracks of the 
analog tape Source are fed into the computer 140 simulta 
neously in a Single playback direction, the even numbered 
tracks must now be reversed as an after-process. Even 
numbered tracks are automatically identified by the System 
and the audio files are fed automatically into a batch process 
in which they are reversed and then Stored again. 
0024. In step 250, method 200 initiates tone detection. 
Specifically, the Stored audio files containing amplified 
indeX tone events undergo Several tone detection processing 
Steps: 1) Silence detection and removal, 2) anomaly detec 
tion and removal, 3) page/chapter identification, and 4) 
creation of Time Stamp Data (TSD) file. 
0025 First, silence detection and removal isolates index 
tone events. Specifically, for the Silence detection and 
removal phase, audio files containing amplified tone events 
are analyzed to determine the amplitude and length of the 
events. Analysis and removal of Silences are performed by 
filtering via a Software application. Filter Settings for Silence 
detection and removal cam be set to: 

Filter Open Level -25 db 
Filter Close Level -25 db 
Attack 1 ms 
Hold 1 ms 
Granularity 65 

0026. These current settings reflect the definition of an 
indeX tone as determined during testing. The Settings are 
broad enough to allow for a percentage of variance from the 
published Recording For the Blind & Dyslexic (RFB&D) 
indeX tone Specification. However, these Settings can be 
adjusted to accommodate indeX tone definitions other than 
the RFB&D index tone specification. 
0027. Once silence detection and removal has been per 
formed by the filter, audio tracks containing possible index 
tones are split into individual events. A data table is created 
with each item in the table describing a separate indeX tone 
event (see Table 1 below). Each index tone description in the 
data table contains the following items: 

0028 Audio track number 
0029 Event time offset in Hours: Minutes:Seconds 
:Frames (SMPTE format) 

0030) 
0031 Name of track which contains event using 
TB-CON naming convention 
0032 (ShelfNumber TapeNumber-Track Num 
ber) 

0033 Length of the event expressed in samples 

Identification of the event as an audio event 
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4 OO:25:19:13 

2 OO:25:33:18 

1. OO:25:52:13 

3 OO:26:12:06 

4 OO:26:39:04 

1. OO:27:03:06 

2 OO:27:06:18 

3 OO:27:56:02 

1. OO:28:20:23 

4 OO:28:25:15 

2 OO:28:31:09 

2 OO:28:59:18 

4 OO:29:39:09 

1. OO:29:59:25 

3 OO:29:59:25 

0034. Descriptive data for each event includes: time 
offset for the event, track number for the event, amplitude 
for the event and sample length for the event. Events that fall 
below a particular amplitude and Sample length threshold 

TABLE 1-continued 

760:03:101 

767:04:027 

777:01:105 

787:01:051 

812:03:045 

839:01:01.7 

851:02:06.1 

853:03:11.8 

856:03:071 

870:04:02O 

890:03:074 

900:04:078 

900:04:079 

Nfa Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Audi 

Beep Tone Event List 

O 

O 

O 

O 

O 

O 

O 

O 

O 

O 

O 

O 

O 

O 

O 

DL635 9-04 

DL635 9-02 

DL635 9-01 

DL635 9-03 

DL635 9-04 

DL635 9-01 

DL635 9-02 

DL635 9-03 

DL635 9-01 

DL635 9-04 

DL635 9-02 

DL635 9-02 

DL635 9-04 

DL635 9-01 

DL635 9-03 

value are identified as anomalies and removed. 

0.035 Anomaly detection and removal is performed by a 
Software application. This application uses Sample length to 
determine whether an event is or is not an indeX tone. In one 
embodiment, the threshold sample length is 6000 samples 
i.e., any event with a Sample length that falls below the 
threshold level-below 6000 samples-is identified as an 
anomaly and removed. All events larger than 6000 samples 
are identified as proper indeX tone events and retained. The 
Sample length threshold value can be adjusted to accommo 
date index tone definitions other than the RFB&D specifi 
cation. 

0.036 Namely, in order to improve the accuracy of the 
indeX tone detection and interpretation method, a Subtractive 
proceSS involving a Series of filters, gates, Silence detection 
and removal, and anomaly detection and removal is 
employed. More specifically, the indeX tone detection func 
tion accommodates an adjustable percentage of deviation 
from the formal indeX tone Specification at the input to the 
proceSS and in two, decision making passes, isolates accept 
able events and removes anomalous events. At the input to 
the process, multiple filters and gates pass events that fall 
within a prescribed range of values. The Strength of the 
passed events is amplified. Silence detection and removal is 
employed to isolate the amplified events. Data describing 
each event is collected and used to identify and remove any 
remaining anomalies. Index tone time-offsets are extracted. 
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O3119781 
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O376.42 
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The-offset data is interpreted So that page and chapter index 
tones are identified and uniquely described as discussed 
below. 

0037 Next, time-offset data is interpreted and events are 
identified uniquely as pages or chapters. This is accom 
plished by measuring the time between consecutive index 
tone events. If the time between consecutive events falls 
below a particular threshold value, the Second time-offset is 
discarded. The time-offset of the first event is retained and 
identified as a chapter event. If the time between consecutive 
events exceeds a particular threshold value, both event 
time-offsets are retained and identified as page events. 
Time-offsets are then adjusted for Standard Speed playback 
Since time-offsets represent audio playback at twice Standard 
Speed. 

0038 Specifically, the application uses time between 
events to distinguish between page and chapter tones. If the 
Second event of two consecutive events falls below a par 
ticular threshold value, those events are taken to represent a 
single CHAPTER event. The time offset of the first event is 
taken to represent the time location for the Single chapter 
event. If the Second event of two consecutive events meets 
or exceeds the threshold, then the events are taken Separately 
as PAGE events. Individual time offsets for PAGE events are 
retained as an indication of the time location of each of the 
pages. In one embodiment, the time threshold is Set to 
17,500 ms. The time threshold can be adjusted to accom 
modate index tone definitions other than the RFB&D speci 
fication. 

0039 The present tone detection process can be identified 
as Subtractive Since the proceSS Starts by allowing a wide 
range of events to pass, then, at each Successive Stage of the 
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process, anomalous events are Stripped away until only valid 
indeX tone events remain. This process draws its inspiration 
from the subtractive sound synthesis. Subtractive synthesis 
means that a Sound is Selected and routed through a filter and 
amplifier to change its timbre. This reduces the level of Some 
partials of the original Spectrum, hence the term Subtractive. 
In the same manner, audio in the present System is processed 
through Successive filters, which amplify indeX tones and 
reduce and eventually eliminate non-indeX tone elements of 
the audio. In the first Stage of this Subtractive process, audio 
is processed in real time through four Successive filters and 
a gate. Each Successive filter pass amplifies any audio within 
+/-10 Hz of a center frequency of 120 Hz (60 Hz beep tones 
at 2x speed) and then amplifies the filtered output. The 
center frequency for these bandpass filters can be adjusted to 
accommodate index tone definitions other than the RFB&D 
Specification. The gate filter opens only to allow audio with 
amplitude greater than -50 db to pass. The gate filter 
remains closed against any audio with an amplitude less than 
-50 db, thereby preventing this audio from passing and 
being considered in Subsequent passes of the Subtractive 
indeX tone detection process. The next Stage after this 
real-time filtering and gating process is the Silence detection 
and removal process described above. 
0040. In sum, as the four channels routed to index tone 
detection processing are fed into the computer 140, these 
Signals are processed by a Series of filters and gates to 
amplify possible indeX tone events and Suppress irrelevant 
data. The Series of filters and gates allow only audio which 
falls within a particular range of prescribed values to pass as 
possible indeX tone events. Parameters which have ranges of 
values described for them includes at least: dominant fre 
quency and amplitude. The allowable range of values can be 
narrowed or widened as desired to reflect the type of input 
anticipated. For instance, if input which varied widely from 
a particular specification were expected, a wide range of 
values would be set to accommodate the varying character 
istics of the input. 
0041. In step 260, method 200 initiates quality improve 
ment processing. Specifically, method 200 initiates pitch 
correction and audio optimization. Since the analog tape is 
played back at 2x Speed while being fed into the System, the 
audio Signal must undergo pitch correction to slow the audio 
for Standard playback. Audio is also optimized for encoding 
to audio compression formats. 
0.042 Specifically, all final audio adjustments and quality 
improvement are accomplished using Software application. 
Audio is adjusted from 2x Speed playback to Standard Speed 
playback by performing pitch correction on the audio files. 
Pitch correcting the audio by a factor of -11 Semitones Slows 
the audio for Standard Speed playback. Audio is optimized 
for conversion to audio compression formats (Mp3, Rea 
lAudio, etc.) by removing low frequencies below 60 Hz, 
boosting the high bass (120-200 Hz) and upper midrange 
frequencies (2-6 kHz). The files are then normalized so that 
all audio has equal amplitude. 
0043. In step 270, the improved and “cleaned-up' digi 
tized audio signals are again Stored and Saved as files for use 
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as the digital audio signal for the digital talking book. 
Method 200 then ends in step 280. 
0044) In an alternate embodiment, to further improve the 
efficiency of the conversion System, digitization and quality 
improvement processing of the audio Signal occurs Simul 
taneously, in real-time, with the detection and amplification 
of possible indeX tone events. Specifically, all processing of 
audio channels described above, four channels of indeX tone 
detection processing and four channels of audio quality 
improvement processing, occur Simultaneously, in real-time 
as the audio signal is being fed into the computer 140. This 
means that indeX tone processing and audio quality improve 
ment processing occur almost Simultaneously within the 
thirty minutes required to play and feed the analog tape 
Source into the System. 
0045. Furthermore, all processing is controlled by soft 
ware, which draws 100% of its processing power from an 
array of Digital Signal Processors (DSPs) on the soundcard 
146. Since DSPs are used to power the processing on the 
eight audio channels, the host (computer) processor 142 is 
minimally taxed by the processing. This allows the required 
large amount of Simultaneous processing to occur, even 
when utilizing a relatively modest computer configuration. 
0046 Namely, control of the soundcard, routing and 
assignment of analog interface input channels are handled 
via a Software application. AS the pair of duplicate four 
channel groups is fed into the computer 140 via the analog 
interface, all eight tracks of audio undergo an analog to 
digital conversion. One four-channel group is routed, via the 
Software, to indeX tone detection processing. The Second 
four-channel group is routed, via the Software, to audio 
quality improvement processing. 
0047 The above approach allows all the complex con 
version processes to be Software controlled and automated. 
Specifically, a modular design allows a configuration in 
which various commercial Software can be controlled by a 
custom "front end.” The output of a single four-track tape 
machine can be switched between two computers 140 to 
increase the overall efficiency of the System. 
0048 Although various embodiments which incorporate 
the teachings of the present invention have been shown and 
described in detail herein, those skilled in the art can readily 
devise many other varied embodiments that Still incorporate 
these teachings. 
What is claimed is: 

1. A method for detecting indeX tone in an existing analog 
audio signal as it is converted into a digital audio signal for 
a digital talking book, Said method comprising the Steps of: 

a) detecting a plurality of Silence events in the digital 
audio signal as potential indeX tones, 

b) measuring Sample lengths of each of Said potential 
indeX tones for detecting and removing an anomaly 
indeX tone from Said potential indeX tones, and 

c) associating said remaining potential index tones with 
pages and chapters of the digital talking book. 

k k k k k 
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