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ABSTRACT

This paper describes a way of automatically detecting the timing
for the superimposition of closed captions on TV programs that
use electronic manuscripts. Speech is discriminated from music
to decrease the number of false alarms and the amount of speech
data within which a search must be carried out. Timing is then
detected serially from the first sentence to the last sentence of a
program by using a phonetically HMM-based word spotter.
After all timing has been determined, it is checked for errors and
revised. Detection rates of 96.9% and 98.5% were obtained for
allowable timing errors of one and three seconds on the aired
documentary programs.

1. INTRODUCTION

Closed caption services help the hearing impaired to enjoy TV
programs. There are two basic ways of attaching such captions:
off-line (taped) and on-line (live). In off-line captioning, the
captions are attached after the program has been compiled; in
on-line captioning, the captions are taken down by a stenotypist
while the program is compiled. The main difference between the
two methods is that off-line captions are timecoded against a
pre-existing tape and can be transmitted automatically.

Many studies on automatic speech recognition (ASR) for
broadcast news speech have been done and on-line captioning
using ASR have also been investigated [1]. However, as Robert-
Ribes has reported, even perfect ASR would not make fully
automatic captioning practical [2]. Robert-Ribes et al. thus
developed a semi-automatic captioning method, in which a
caption template is automatically created so that the captioners
can concentrate on the text of the captions without having to
worry about finding temporal boundaries for the captions [3].

In Japan, only 10% of TV programs have closed captions,
because the captions are currently produced manually, and this
is time consuming and costly. We have therefore investigated
the automatic closed captioning of programs that have electronic
manuscripts, such as news and informational programs [4, 5].
Our research covered three main items: the automatic
summarization of manuscripts, automatic detection of timing for
the superimposition of closed captions, and the generation of an
efficient closed caption production system. We have already
proposed word pair sequence spotting, which is based on a
phonetically HMM-based word spotter [6], for detecting the
timing for superimposing closed captions, and have developed
and evaluated it for the broadcast news speech [7].

The use of word spotting to detect timing is applicable to TV
programs other than news, as long as they have electronic
manuscripts. However, we had yet to investigate a concrete way
of applying our method to long programs such as documentaries.
In this paper we outline a way to detect timing for captions in a
documentary program, and demonstrate the possibility of
attaching closed captions to TV programs automatically.

In section 2 we describe the method of detecting timing by using
a word spotter, and in section 3, we discuss our experimental
method and the results we obtained. In section 4 we describe
further work that is required and in section 5 make some
concluding remarks.

2. TIMING DETECTION METHOD

An overview of our timing detection system is shown in Figure
1. The system could be described in three phases: Speech/music
discrimination, serial timing detection from the first to last
sentence, revision of timing.

  Sentence No. n<N？
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Figure 1: Overview of the system to detect timing for the
superimposition of closed captions.

2.1. Speech/Music Discrimination

The detection of timings in broadcast speech requires some
segmentation strategy as it is needed in speech recognition. It

����������	�
��	���������������������
�	���	����������
��������������

��
�
�����
�	

���� ���!�"��������

ISCA Archive
����#$$%%%&
��	"������&���$	���
'�

10
.2

14
37

/I
C

SL
P.

20
00

-7
30



results in a reduced length for segments within which searching
is required, and a reduced possibility of false alarms, that is, the
rate at which timing is detected erroneously. Background music
and/or natural sounds are often included on the soundtracks of
documentary programs, and these components need to be
discriminated and removed from the segments to be searched. In
the proposed method, we discriminate speech from music before
detecting the timing.

The spectral flux has been reported to be an effective way of
segmenting the voice section. A cepstrum flux and block
cepstrum flux have been proposed as natural extensions from
the spectral flux, and have been reported as effective in
discriminating music from speech [8]. The cepstrum flux Dn(J)
and block cepstrum flux Bn(W) are defined as follows:
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where n is the frame number (time index), cn is the cepstrum at
time n, J is the number of frames which are used in calculating
cepstrum flux, and W is the number of the frames that are
included in Bn(W). When Bn(W) is over the threshold TB, the
frame at time n is considered to be speech. Otherwise, it is
considered to be music.

2.2. Timing Detection Using a Phonetic-
based Word Spotter
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Figure 2: HMM to detect start and end timings of a sentence.

Each sentence in the program manuscript is changed into a
stream of Japanese phonetic symbols, and the system generates a
HMM that can be used as a word spotter from the set of
phonetic HMMs (see Figure 2). This HMM is composed of the
sentence for which start and end timings are to be detected, and
a garbage that is expected to absorb sentences other than the
current sentence. The garbage model consists of parallel
branches of all Japanese phonetic HMMs. Each phrase in the
sentence is expressed by concatenating the phonetic HMMs. A
null arc and a pause model are inserted to represent the breath

timing that corresponds to an individual speaker’s breathing
patterns, which make speech easier to understanding.

The range of input speech to be searched for the start and end
times of the current sentence is basically determined based on
the calculated end time of the previous sentence. For each
sentence, we calculate the score of the state corresponding to the
beginning of the sentence, and search for the peaks within the
score curve. We output the combination of the maximum score
and the corresponding timing, and, if the difference between the
maximum and local peaks is under a threshold Tm every Wm

seconds, we also output the combinations of local peaks and
timings. The scoring method is based on the forward-backward
algorithm. The times at which sentences end is detected in the
same way.

We use dynamic programming (see Figure 3) to determine the
best timing sequence from among the candidates for the timing
between the first sentence and the current sentence. A
cumulative penalty in the dynamic programming is obtained
with imposing a transition error. The transition error consists of
two or three parts: an error of the score, an error of the time
order respect with to the order of sentences in the manuscript, an
error of the ratio of the sentence length that can be calculated
from the start and end timings to the sentence length that can be
estimated from the sentence’s phonemes. The time order error,
m(ti, ti-1) and the sentence length ratio error, d(ti, ti-1) are defined
as follows.
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where ti is the timing of the i-th point to be detected, r is the
ratio of the calculated sentence length to the estimated sentence
length le, and m and σ  are the mean and variance of the ratio r.
d(ti, ti-1) is only added to the penalty when i corresponds to the
end of each sentence. Therefore, the equation for the cumulative
penalty is defined as follows: where s(i, ti) is the score for the i-
th point to be detected and the timing ti, and w is a weight for
d(ti, ti-1).
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Figure 3 Timing selection from candidate timings



This transaction that is used to detect timing is repeated from the
first sentence to the last sentence until all timing has been
obtained (i.e., until n reaches the number of sentences in the
manuscript, N).

2.3. Revision of Timing

After the start and end times for all sentences in a program have
been determined, the timing data is checked for errors. Checking
proceeds according to the two rules below.

• The time order of successive sentences must be
correct.

• Sentence length that is calculated from the start
and end times must be between Rmin and Rmax

times as long as the estimated sentence length.

If either of the rules is not satisfied, the timing for the data tested
against the rules is considered to be inadequate. For such
sentences, we generate a HMM for the Viterbi alignment as
shown in Figure 4 and then carry out Viterbi alignment. As a
result, we obtain the timing for all phonemes in the sentences in
the Viterbi model, and would then expect that the erroneous
times can be revised.
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Sentence 1

Beginning1

End1

Sentence 2

Beginning2

End2

Garbage Garbage

Figure 4: HMM for the Viterbi alignment.

3. EXPERIMENTS

3.1. Experimental Conditions

We used the monophone acoustic models that are attached to the
1998 version of Julius (Japanese Dictation Toolkit) [9] as our
Japanese phoneme HMMs. These acoustic models are trained by
using the ASJ (Acoustical Society of Japan) speech database of
phonetically balanced sentences and newspaper article texts.
Gender-dependent models and gender-independent models are
included. The number of phoneme HMMs is 43, and the HMMs
are with 4-states-3-loops and left-to-right. We used gender-
independent model with 8 Gaussian mixtures because the
programs that were used in the experiments included speech
other than that of a narrator. The conditions of acoustic analysis
are listed in Table 1. As cepstral mean normalization is
performed for Julius’ acoustic models, we applied it to the
whole speech of each program.

We evaluated the rate of detecting the correct timing for eight
broadcasts of the documentary program “Nature and Wildlife,
The Global Family” aired by NHK (Japan Broadcasting
Corporation). Each broadcast is 45-minutes long and is
composed of narration, background music, and sound effects

(animal cries etc.). Many segments of narration overlapped
segments of other sounds with a relatively low ratio between the
amplitudes of the two types of signals.

For speech/music discrimination, the parameter J, W and TB

were set to 7, 50, and 0.05, respectively. In the selection of
candidate times for timing detection, Tm and Wm were set to 500
and 1.0. For dynamic programming, Pm, w, m and σ were set to
1000, 15.0, 1.11 and 0.20, respectively. For the revision of
timing, Rmin and Rmax were 0.8 and 1.4.

The accuracy of detection was evaluated by using a detection
rate as shown below. We varied the allowable error between
detected timing and the actual timing from 0.3 to 3.0 seconds.

%100  
sentences#  2

points detcetedcorrectly #
ratedetection ×

×
=

Sampling frequency 16 kHz
High-pass filter 1 - 0.97z-1

Window type Hamming window
Frame length 25 ms
Frame shift 10 ms

Feature parameter
  LPC cepstrum(12th)
+ delta LPC cepstrum(12th)
+ delta logarithmic power

Table 1: 　Conditions of acoustic analysis.

3.2. Experimental Results

The rate of detection against the broadcast date and allowable
timing errors is shown in Table 2. This table also shows the sex
of the main narrator, and the number of sentences in the
program material on each date. We obtained average detection
rates of 96.1% and 97.7% for allowable timing errors of one and
three seconds, respectively. The rate on 0629 was the worst, and
is extremely low compared with the rates on the other dates.
This was caused by erroneous determination of the region of
input speech within which to search, because times that were
very different to those of the actual speech were selected to
detect the timing of four or five successive sentences. Many of
the timing errors of greater than one second were caused by
errors in conversion to phonetic symbols, and by strong
influences on the speech signal from overlapping sound effects
or music.

Date Sex #sntences 0.3 s 0.5 s 1.0 s 2.0 s 3.0 s

0629 M 608 84.87 88.16 90.30 91.12 91.12

0706 F 486 89.30 93.42 96.30 97.94 97.94
0727 M 618 91.59 95.63 97.41 98.71 99.19
0907 F 552 96.92 98.37 99.64 100.0 100.0
0914 F 534 82.58 90.07 94.94 97.19 97.75
1005 F 424 90.09 93.16 95.05 95.52 95.75
1012 M 546 92.12 94.87 96.89 99.63 100.0
1026 M 550 94.00 97.09 98.55 100.0 100.0

Average --- ----- 90.18 93.85 96.14 97.51 97.72

Table 2: Detection rate (%)



The detection rate after the timing had been revised is shown in
Table 3. The rate of 0629 was significantly improved upon for
the allowable timing errors of one second, from 90.3% to 96.3%.
The rates for four broadcasts were improved, however, for two
broadcasts, 0914 and 1026, the rates fell by about 0.2%. One of
the causes of this fall was that the garbage model could not
absorb non-speech segments in the Viterbi alignment process
when non-speech segments between sentences could not be
discriminated and removed.

Date 0.3 s 0.5 s 1.0 s 2.0 s 3.0 s
0629 89.97 93.91 96.38 97.20 97.20
0706 88.07 92.59 96.30 97.74 97.94
0727 91.59 95.95 97.90 98.87 99.35
0907 96.92 98.37 99.82 100.0 100.0
0914 82.21 88.95 94.19 97.19 97.57
1005 90.09 93.63 95.52 95.99 96.23
1012 91.94 94.51 96.70 99.27 100.0
1026 93.09 96.36 98.36 99.82 99.82

Average 90.49 94.28 96.90 98.26 98.51

Table 3: Detection rate(%) after timing had been revised.

4. FUTHER WORKS

In order to apply this method to other programs, work must
proceed in several areas. These include the improvement of the
detection rate, developing a faster method, and speech/non-
speech discrimination in addition to speech/music
discrimination. We will give priority to work in the following
areas.

In the detection of timing by using serial word spotting, speech
segments within which to search were basically determined by
adding a reasonable amount of extra time to the start and end
times of the previous sentence. When the calculated times of the
previous sentence were unlikely to be correct, the speech
segments were determined by adding more time, or by using the
time of the sentence before the previous sentence. We need to
investigate an algorithm for determination that can guarantee
that speech segments to be searched within securely include the
current sentence.

Captioning of human speech alone is not enough, and relevant
non-speech sounds should also be captioned so that the hearing
impaired can better understand and enjoy programs. The type
recognition of music and noise must also be investigated by
using a script that sometimes includes information such as the
kind and time of sound effects.

5. CONCLUSION

We have developed a method of automatically detecting timing
for the superimposition of closed captions on TV programs that
use electronic manuscripts. Speech is discriminated from music
by using the cepstrum flux. This decreases the number of false
alarms and the amount of speech data to be searched. Timing is
then detected, serially from the first sentence to the last sentence
in a program, by using a phonetically HMM-based word spotter.
After all timing has been determined, the timing is checked for

errors and revision of timing is conducted. The revision phase
significantly improved the result for broadcasts that had
produced a low detection rate in the serial timing detection.
Detection rates of 96.9% and 98.5% for allowable timing errors
of one and three seconds were obtained for the eight aired
documentary programs. We have shown the feasibility of
applying our method to the automatic captioning of programs
that have electronic manuscripts.
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