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Abstract
We present a method for summarizing
speech documents without using any type
of transcript/text in a Hidden Markov
Model framework. The hidden variables
or states in the model represent whether
a sentence is to be included in a summary or not, and the acoustic/prosodic features are the observation vectors. The
model predicts the optimal sequence of
segments that best summarize the document. We evaluate our method by comparing the predicted summary with one generated by a human summarizer. Our results indicate that we can generate ’good’
summaries even when using only acoustic/prosodic information, which points toward the possibility of text-independent
summarization for spoken documents.

inclusion of a sentence in the summary is only dependent on the observations for that sentence, and
is not affected by previous decisions. Some of these
(Kupiec et. al., 1995; Maskey and Hirschberg, 2005)
also assume that the features themselves are independent. Such an independence assumption simplifies the training procedure of the models, but it does
not appear to model the factors human beings appear
to use in generating summaries. In particular, human
summarizers seem to take previous decisions into
account when deciding if a sentence in the source
document should be in the document’s summary.
In this paper, we examine a Hidden Markov
Model (HMM) approach to the selection of segments to be included in a summary that we believe
better models the interaction between extracted segments and their features, for the domain of Broadcast News (BN). In Section 2 we describe related
work on the use of HMMs in summarization. We
present our own approach in Section 3 and discuss
our results in Section 3.1. We conclude in Section 5
and discuss future research.

1 Introduction
The goal of single document text or speech summarization is to identify information from a text
or spoken document that summarizes, or conveys
the essence of a document. E XTRACTIVE SUM MARIZATION identifies portions of the original document and concatenates these segments to form a
summary. How these segments are selected is thus
critical to the summarization adequacy.
Many classifier-based methods have been examined for extractive summarization of text and of
speech (Maskey and Hirschberg, 2005; Christensen
et. al., 2004; Kupiec et. al., 1995). These approaches attempt to classify segments as to whether
they should or should not be included in a summary.
However, the classifiers used in these methods implicitly assume that the posterior probability for the

2 Related Work
Most speech summarization systems (Christensen
et. al., 2004; Hori et. al., 2002; Zechner, 2001) use
lexical features derived from human or Automatic
Speech Recognition (ASR) transcripts as features to
select words or sentences to be included in a summary. However, human transcripts are not generally available for spoken documents, and ASR transcripts are errorful. So, lexical features have practical limits as a means of choosing important segments for summarization. Other research efforts
have focussed on text-independent approaches to extractive summarization (Ohtake et. al., 2003), which
rely upon acoustic/prosodic cues. However, none
of these efforts allow for the context-dependence of
extractive summarization, such that the inclusion of

one word or sentence in a summary depends upon
prior selection decisions. While HMMs are used in
many language processing tasks, they have not been
employed frequently in summarization. A significant exception is the work of Conroy and O’Leary
(2001), which employs an HMM model with pivoted
QR decomposition for text summarization. However, the structure of their model is constrained by
identifying a fixed number of ’lead’ sentences to be
extracted for a summary. In the work we present
below, we introduce a new HMM approach to extractive summarization which addresses some of the
deficiencies of work done to date.

3 Using Continuous HMM for Speech
Summarization
We define our HMM by the following parameters:
Ω = 1..N : The state space, representing a set of
states where N is the total number of states in the
model; O = o1k , o2k , o3k , ...oM k : The set of observation vectors, where each vector is of size k; A =
{aij } : The transition probability matrix, where a ij
is the probability of transition from state i to state j;
bj (ojk ) : The observation probability density function, estimated by ΣM
k=1 cjk N (ojk , µjk , Σjk ), where
ojk denotes the feature vector; N (ojk , µjk , Σjk ) denotes a single Gaussian density function with mean
of µjk and covariance matrix Σjk for the state j,
with M the number of mixture components and c jk
the weight of the k th mixture component; Π = πi :
The initial state probability distribution. For convenience, we define the parameters for our HMM by
a set λ that represents A, B and Π. We can use the
parameter set λ to evaluate P (O|λ), i.e. to measure
the maximum likelihood performance of the output
observables O. In order to evaluate P (O|λ), however, we first need to compute the probabilities in
the matrices in the parameter set λ
The Markov assumption that state durations have
a geometric distribution defined by the probability
of self transitions makes it difficult to model durations in an HMM. If we introduce an explicit duration probability to replace self transition probabilities, the Markov assumption no longer holds.
Yet, HMMs have been extended by defining state
duration distributions called Hidden Semi-Markov
Model (HSMM) that has been succesfully used
(Tweed et. al., 2005). Similar to (Tweed et. al.,
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Figure 1: L state position-sensitive HMM
2005)’s use of HSMMs, we want to model the position of a sentence in the source document explicitly. But instead of building an HSMM, we model
this positional information by building our positionsensitive HMM in the following way:
We first discretize the position feature into L number of bins, where the number of sentences in each
bin is proportional to the length of the document.
We build 2 states for each bin where the second
state models the probability of the sentence being
included in the document’s summary and the other
models the exclusion probability. Hence, for L bins
we have 2L states. For any bin lth where 2l and
2l − 1 are the corresponding states, we remove all
transitions from these states to other states except
2(l+1) and 2(l+1)−1. This converts our ergodic L
state HMM to an almost Left-to-Right HMM though
l states can go back to l − 1. This models sentence
position in that decisions at the lth state can be arrived at only after decisions at the (l − 1)th state
have been made. For example, if we discretize sentence position in document into 10 bins, such that
10% of sentences in the document fall into each bin,
then states 13 and 14, corresponding to the seventh
bin (.i.e. all positions between 0.6 to 0.7 of the text)
can be reached only from states 11, 12, 13 and 14.
The topology of our HMM is shown in Figure 1.
3.1 Features and Training
We trained and tested our model on a portion of
the TDT-2 corpus previously used in (Maskey and
Hirschberg, 2005). This subset includes 216 stories
from 20 CNN shows, comprising 10 hours of audio
data and corresponding manual transcript. An annotator generated a summary for each story by extracting sentences. While we thus rely upon human-

identified sentence boundaries, automatic sentence
detection procedures have been found to perform
with reasonable accuracy compared to human performance (Shriberg et. al., 2000).
For these experiments, we extracted only acoustic/prosodic features from the corpus. The intuition behind using acoustic/prosodic features for
speech summarization is based on research in speech
prosody (Hirschberg, 2002) that humans use acoustic/prosodic variation — expanded pitch range,
greater intensity, and timing variation — to indicate the importance of particular segments of their
speech. In BN, we note that a change in pitch, amplitude or speaking rate may signal differences in
the relative importance of the speech segments produced by anchors and reporters — the professional
speakers in our corpus. There is also considerable
evidence that topic shift is marked by changes in
pitch, intensity, speaking rate and duration of pause
(Shriberg et. al., 2000), and new topics or stories
in BN are often introduced with content-laden sentences which, in turn, often are included in story
summaries.
Our acoustic feature-set consists of 12 features,
similar to those used in (Inoue et. al., 2004; Christensen et. al., 2004; Maskey and Hirschberg, 2005).
It includes speaking rate (the ratio of voiced/total
frames); F0 minimum, maximum, and mean; F0
range and slope; minimum, maximum, and mean
RMS energy (minDB, maxDB, meanDB); RMS
slope (slopeDB); sentence duration (timeLen =
endtime - starttime). We extract these features by
automatically aligning the annotated manual transcripts with the audio source. We then employ Praat
(Boersma, 2001) to extract the features from the
audio and produce normalized and raw versions of
each. Normalized features were produced by dividing each feature by the average of the feature values
for each speaker, where speaker identify was determined from the Dragon speaker segmentation of the
TDT-2 corpus. In general, the normalized acoustic
features performed better than the raw values.
We used 197 stories from this labeled corpus to
train our HMM. We computed the transition probabilities for the matrix AN XN by computing the relative frequency of the transitions made from each
state to the other valid states. We had to compute
four transition probabilities for each state, i.e. a ij

where j = i, i + 1, i + 2, i + 3 if i is odd and
j = i − 1, i, i + 1, i + 2 if i is even. Odd states
signify that the sentence should not be included in
the summary, while even states signify sentence inclusion. Observation probabilities were estimated
using a mixture of Gaussians where the number of
mixtures was 12. We computed a 12X1 matrix for
the mean µ and 12X12 matrices for the covariance
matrix Σ for each state. We then computed the maximum likelihood estimates and found the optimal
sequence of states to predict the selection of document summaries using the Viterbi algorithm. This
approach maximizes the probability of inclusion of
sentences at each stage incrementally.

4 Results and Evaluation
We tested our resulting model on a held-out test set
of 19 stories. For each sentence in the test set we extracted the 12 acoustic/prosodic features. We built a
12XN matrix using these features for N sentences
in the story where N was the total length of the
story. We then computed the optimal sequence of
sentences to include in the summary by decoding
our sentence state lattice using the Viterbi algorithm.
For all the even states in this sequence we extracted
the corresponding segments and concatenated them
to produce the summary.
Evaluating summarizers is a difficult problem,
since there is great disagreement between humans
over what should be included in a summary. Speech
summaries are even harder to evaluate because most
objective evaluation metrics are based on word overlap. The metric we will use here is the standard
information retrieval measure of Precision, Recall
and F-measure on sentences. This is a strict metric, since it requires exact matching with sentences
in the human summary; we are penalized if we identify sentences similar in meaning but not identical to
the gold standard.
We first computed the F-measure of a baseline
system which randomly extracts sentences for the
summary; this method produces an F-measure of
0.24. To determine whether the positional information captured in our position-sensitive HMM model
was useful, we first built a 2-state HMM that models
only inclusion/exclusion of sentences from a summary, without modeling sentence position in the
document. We trained this HMM on the train-

ing corpus described above. We then trained a
position-sensitive HMM by first discretizing position into 4 bins, such that each bin includes onequarter of the sentences in the story. We built an
8-state HMM that captures this positional information. We tested both on our held-out test set. Results are shown in Table 1. Note that recall for
the 8-state position-sensitive HMM is 16% better
than recall for the 2-state HMM, although precision
for the 2-state model is slightly (1%) better than
for the 8-state model. The F-measure for the 8state position-sensitive model represents a slight improvement over the 2-state model, of 1%. These results are encouraging, since, in skewed datasets like
documents with their summaries, only a few sentences from a document are usually included in the
summary; thus, recall is generally more important
than precision in extractive summarization. And,
compared to the baseline, the position-sensitive 8state HMM obtains an F-measure of 0.41, which is
17% higher than the baseline.
ModelType
HMM-8state
HMM-2state
Baseline

Precision
0.26
0.27
0.23

Recall
0.95
0.79
0.24

F-Meas
0.41
0.40
0.24

Table 1: Speech Summarization Results

5 Conclusion
We have shown a novel way of using continuous
HMMs for summarizing speech documents without
using any lexical information. Our model generates
an optimal summary by decoding the state lattice,
where states represent whether a sentence should
be included in the summary or not. This model is
able to take the context and the previous decisions
into account generating better summaries. Our results also show that speech can be summarized fairly
well using acoustic/prosodic features alone, without
lexical features, suggesting that the effect of ASR
transcription errors on summarization may be minimized by techniques such as ours.
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