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Abstract. In this paper, a brief summary of the author’s research
in the field of the contour-based telephone speech Endpoint Detec-
tion (ED) is presented. This research includes: development of new
robust features for ED – the Mean-Delta feature and the Group
Delay Mean-Delta feature and estimation of the effect of the ana-
lyzed ED features and two additional features in the Dynamic Time
Warping fixed-text speaker verification task with short noisy tele-
phone phrases in Bulgarian language.

Introduction

The errors in the automatic speech and speaker rec-
ognition systems designed to operate in real-world environ-
ments are due to many reasons including the inaccurate
detection of the endpoints of the analyzed speech utter-
ance. The wrong Endpoint Detection (ED) increases the
cases when the system processes data different from the
actual speech utterance. These errors are crucial especially
for recognition systems, which use short phrases with length
of few seconds.

The ED algorithm consists of two main processing
steps – feature extraction and decision step. In the first
processing step, the features based on signal energy [3,6],
spectral entropy [4,5], group delay functions [16], wavelets
[19], etc., are extracted. In the second step, using the prop-
erties of the estimated features, the start and the end points
of the utterance are estimated. This is accomplished by
using a state automaton [6] or some type of classification
scheme, e.g., classification and regression tree [18], Hidden
Markov Models (HMM) [17], support vector machines [14],
etc.

In the paper, a brief summary of the author’s research
in the field of the contour-based telephone speech ED is
presented. This research work includes:

• Development of new robust features for ED: the
FFT magnitude spectrum-based Mean-Delta feature [11] and
the Group Delay Mean-Delta feature [12].

• Estimation of the effect of the analyzed ED features
and two additional features - the modified Teager energy [4]
and the energy-entropy feature [5] in the Dynamic Time
Warping (DTW) fixed-text speaker verification task with
short noisy telephone phrases in Bulgarian language [11,12].

• Development of thresholds setting and state au-
tomaton algorithms necessary for the ED of a single word
or short utterance [11].

Further, the finite state machine based decision logic

applied to the current endpoint detection is described here
in detail.

The Mean-Delta (MD) Feature

The MD feature is proposed by the author in [10] and
is defined as the mean absolute value of the Delta Spectral
AutoCorrelation Function (DSACF) of the speech spec-
trum. For a particular frame, the DSACF was computed
utilizing only the frame’s spectral autocorrelation lags and
it is obtained in a way similar to the delta cepstrum evalu-
ation – an orthogonal polynomial fit of the first-order de-
rivative (in correlation domain). For the nth frame, the
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where l=0,…,L is the number of correlation lags; n=0,…,N-
1, N is the number of frames; Q is the delta window

and (.)PR is the biased Spectral AutoCorrelation Function
(SACF) defined with the power [10] or with the magnitude

spectrum [11]. For nth frame the MD feature )(nmd is com-
puted as follows:
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where ),( lnRS
PΔ is the contour smoothed DSACF for

lag l. This smoothing is obtained by the Long-Term Spec-
tral Envelope (LTSE) algorithm [13], applied on the DSACF.
The block diagram of the algorithm for the magnitude spec-
trum-based MD feature extraction is shown in figure 1.

The Group Delay MD Feature

The Group Delay Mean Delta (GDMD) feature is pro-
posed by the author in [12]. This feature utilized the Mean
Delta approach proposed in [10] but the spectral
autocorrelation function is defined based on the Modified
Group Delay Spectrum (MGDS), instead on the magnitude
spectrum. The aim of this is to obtain peak-enhanced delta
spectral autocorrelation function and thereafter more
effective Mean Delta feature.
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Figure 1. Block diagram of the algorithm for the magnitude spectrum-based MD feature extraction

The MGDS )(kmτ  is proposed in [7] and is defined as
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where sign is given by the sign of the term in the absolute
value brackets; x(n) is the given speech frame; X(.) and Y(.)
are the Fourier transforms of the sequences x(n) and nx(n);
k = 0, . . ., K / 2; ; K is the FFT size; S(.) is the cepstrally
smoothed spectrum of |X(.)| using low-order cepstral lifter
lw. α, γ and lw are adjusted according to the particular
requirements [7]. The GDMD feature is computed in the
same way as the MD one, but instead the FFT magnitude
spectrum the MGDS is used [12].

The Modified Teager Energy (MTE)
Feature

The MTE feature Et(n)for nth frame is [4]
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where Δf is the frequency resolution, 2),( knX  is the FFT
power  spectrum and K is the FFT size;

The Energy Entropy (EE) Feature

The EE feature is obtained by combination of the
energy and the spectral entropy and for nth  frame is defined
as [5]

(5) ))()(1()( nHnEnEE += ,

where )(nE  is the frame energy and H(n) is the frame
spectral entropy. The probability density function P(n, k)
for the frequency component k is

(6) ∑
=

= 2/

0

2

2

),(

),(
),( K

k
knX

knX
knP

,

and )(nH is

(7) ),(log().,()(
2/

0
∑

=

−=
K

k
knPknPnH .

Endpoints Detection Algorithm

The proposed Endpoint Detection (ED) algorithm [11]
is intended for location of beginning and ending frames of
a word or single utterance with a short length (few sec-
onds). The block diagram of the ED algorithm is shown in
figure 2.

In this study the fixed thresholds approach has been
used. The aim of the fixed threshold is to separate the noise
frames from the noise and speech frames based only on the
value of selected parameter. The method proposed in [3] is
based on the observation that the histograms of the log
energy of noisy speech have a clean bimodal distribution
corresponding to “noise only” and “noise + speech” parts
of signal. In this case the distribution can be approximated
with two Gaussian densities that allow deriving statistically
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optimal threshold applying the EM (Expectation-Maximiza-
tion) algorithm [3]. It is supposed that speech dominates the
noise and this modeling is suitable only for cases with
significant positive Signal-to-Noise Ratio (SNR) and sta-
tionary background noise [3]. Since in the real-world envi-
ronments (e.g. telephone speech) it is difficult to meet simi-
lar conditions, this algorithm is not used in the study.

The simpler algorithm with two fixed thresholds
(Tlow and Thigh) is proposed by the author in [11]. In the text
below is described its improved version used in [12]. The
preliminary experiments had shown its reliable work in
moderate noise levels. In this algorithm is utilized a base
threshold which is equal to the average value computed
over entire utterance contour. Through the use of the base
threshold two additional average values mdown and mup are
estimated. The first value is the average of the contour
values that are less than the base threshold and the second
one is the average of the values that are equal to or greater
than the base threshold. The low threshold Tlow is defined
as a sum of mdown and a part of the difference between mup
and mdown. The high threshold is defined as Thigh = βTlow. The
coefficients α, β and γ are experimentally determined and
their typical values are α = 0.03, β = 1.5 and γ = 0.05. The
flowchart of the algorithm is shown in figure 3.

The proposed ED algorithm is based on eight-state
automaton and it will be described in detail. The eight states
are: INIT, SCAN_DATA, SCAN_START, MAYBE_IN,
SCAN_END, MAYBE_OUT, END_FOUND and END. The
transition from one state to another is controlled by the
rules based on the two thresholds scheme and some dura-
tion constraints. These constraints are included in order to
filter (to some extent) prolonged low-level and short high-
level non-speech events before and after the speech utter-
ance. Also, it is supposed that the utterance starts and ends

Figure 2. Block diagram of the ED algorithm

within the audio file.
Main purposes of the states are:
o SCAN_DATA – Search for beginning point

         candidate;
o SCAN_START – Scan data between two thresholds;
o MAYBE_IN – Estimate the beginning point;
o SCAN_END – Search for ending point candidate;
o MAYBE_OUT – Estimate the ending point;
o END_FOUND – Check the utterance length.
The finite state machine based decision logic applied

for ED is shown in figure 4. The rules of the state transition
in the state machine are presented in figure 5. If an error
occurs, the ED algorithm stops and the particular file will be
ignored in further processing. This can occur in two cases.
First, when the utterance starts or/and ends outside the
audio file (ERR_TOOSHORT, ERR_TOOLONG), and sec-
ond, when the SNR is very low (ERR_NOSPEECH,
ERR_LOWSPEECH). For the sake of clarity, the errors are
not shown in figure 4.

In figure 5 the parameters TSCAN_DATA, TSCAN_START,
TMAYBE_IN, TSCAN_END and TMAYBE_OUT are the corresponded state
timers. Each one of the time constants MaxWaitTime,
MaxQuietTime, BegTime, MaxEndTime, UpTime,
MiddleTime, MinLengthTime determines the length of the
interval after which the specified state transition will occur.
Their values are set according to the particular require-
ments.

For illustration in figure 6 are shown the contours of
the described above features for a street noise example
(with sound of a car alarm) with SNR=0 dB selected from
the NOIZEUS corpus [20,21]. The example has clean speech
reference and corresponded noisy version (time-aligned). In
figure 6 (c), (d), (e) and (f) are shown the features’ con-
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Compute contour values S(n)≥0, n=1,…,N; 
N-number of segments in utterance 

Set the base threshold 
Tbase= E{S(n)} 

mdown=E{F(n)}; F(n)=S(n) if S(n)<Tbase 

START 

mup=E{V(n)}; V(n)=S(n) if S(n)≥Tbase 

mdown/mup<γ 

mdown= γmup 

Tlow=mdown+α(mup-mdown) 
Thigh=βTlow 

END 

YES NO 

Figure 3. Flowchart of the two thresholds setting algorithm

Figure 4. Finite state machine based decision logic diagram
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 Paths State 
transition 

Rules of state transition Errors 

Path 01 INIT→ 
SCAN_DATA 

Go to SCAN_DATA after all parameters 
being set to default values. 

 

Path 11 SCAN_DATA → 
SCAN_DATA 

Stay in SCAN_DATA, if (E(n) ≤ Tlow) & 
(TSCAN DATA<MaxWaitTime).  

If (E(n) ≤ Tlow) & (TSCAN_DATA ≥ 
MaxWaitTime)- ERR_NOSPEECH. 

Path 12 SCAN_DATA→ 
SCAN_START 

Go to SCAN_START, if (E(n) > Tlow) - 
n is marked as beginning point 
candidate. 

 

Path 21 SCAN_START→ 
SCAN_DATA 

Go back to SCAN_DATA, if (E(n) ≤ 
Tlow). 

 

Path 22 SCAN_START→ 
SCAN_START 

Stay in SCAN_START if (E(n) > Tlow) & 
(E(n) ≤ Thigh) & (TSCAN_START < 
MaxQuietTime). 

If E(n) > Tlow) & (E(n) ≤ Thigh) & 
(TSCAN_START ≥ MaxQuietTime) 
-ERR_LOWSPEECH. 

Path 23  SCAN_START→ 
MAYBE_IN 

Go to MAYBE_IN, if (E(n) > Thigh).   

Path 32 MAYBE_IN → 
SCAN_START 

Go back to SCAN_START, if (E(n) ≤ 
Thigh) & (TMAYBE IN < BegTime). 

 

Path 33 MAYBE_IN → 
MAYBE_IN 

Stay in MAYBE_IN, if (E(n) > Thigh) & 
(TMAYBE IN < BegTime). 

 

Path 34 MAYBE_IN → 
SCAN_END 

Go to SCAN_END, if (E(n) > Thigh) & 
(TMAYBE_IN ≥  BegTime) Estimate the 
beginning point - BPoint.  

 

Path 44 SCAN_END → 
SCAN_END 

Stay in SCAN_END, if (E(n) > Tlow) & 
(TSCAN END < MaxEndTime ). 

If (E(n) > Tlow) & (TSCAN_END ≥ 
MaxEndTime) - ERR_TOOLONG. 

Path 45 SCAN_END → 
MAYBE_OUT 

Go to MAYBE_OUT, if (E(n) ≤ Tlow) - n 
is marked as ending point candidate. 

 

Path 54 MAYBE_OUT→ 
SCAN_END 
 

Go back to SCAN_END, if ((E(n) > 
Thigh) & (TSCAN_END> UpTime)) OR ((E(n) 
≤ Thigh) & (E(n) > Tlow) & (TSCAN_END > 
MiddleTime)). 

 

Path 55 MAYBE_OUT → 
MAYBE_OUT 

Stay in MAYBE_OUT, if (E(n) ≤ Tlow) & 
(TMAYBE OUT ≤ MaxEndTime ). 

 

Path 56  MAYBE_OUT→ 
END_FOUND 
 

Go to END_FOUND, if (E(n) ≤ Tlow) & 
(TMAYBE_OUT > MaxEndTime) 
Estimate the ending point - EPoint and 
the utterance length ULength =EPoint-
BPoint. 

 

Path 67 END_FOUND→ 
END 

Go to END, if (ULength ≥ 
MinLengthTime).  

If (ULength < MinLengthTime) - 
ERR_TOOSHORT. 

Figure 5. The rules of the state transition

tours of the noisy example in figure 6 (a). Also are shown
the thresholds and endpoints (vertical red lines) estimated
according to the detection algorithm described above. It can
be seen in figure 6 (c) that for this noisy example the MTE
feature is not suitable for contour-based endpoint
detection.

Speech Data

The speech data used in the experiments are selected
from the BG-SRDat corpus [9]. This corpus is in Bulgarian
language and it is recorded over noisy telephone channels
and intended for speaker recognition. The data are sampled
with frequency of 8 kHz at 16 bits, PCM format, and mono
mode. The length of the selected utterance is about 2 sec-
onds and the length of the single record (file) is about
2.5-3 seconds.

It is worth to make some clarifications about the used
phrase in Bulgarian language. It starts with voiced fricative
‘z’ and ends with unvoiced fricative‘s’. The phrase is:
“Zdravei Manolov. Kak se chuvstvash dnes?”. Its English
meaning is “Hello Manolov! How are you today?”. The
pronunciation (roughly) is“[zdra`vei:] [ma`nolov]! [kak]

[se] [`t∫uvstva∫] [dnes]?”[9]. In addition, the manual label-
ling of the endpoints of all speech data is done in order to
have reference endpoints for comparative purposes.

Speaker Verification Performance

Speaker modeling in the password-based speaker
verification system can typically be done in two ways. The
former is in the signal domain using DTW algorithm, and
the latter is with stochastic model of the speaker using
HMM approach. In the paper the proposed endpoint detec-
tor is examined as a part of the fixed-text DTW-based speaker
verification system. Its evaluation in the HMM framework
for short phrases will be described in the forthcoming paper
of the author.

The speech data used in the study include 262 records
of a phrase collected from 12 male speakers. As the speech
corpus is not large enough we cannot use two separate
data set in training mode – one for reference template cre-
ation (training set) and another for thresholds setting (vali-
dation set). Therefore, in the study the training set is used
directly as a validation set. The different numbers of records
per speaker (from 16 up to 34) and requirements to use
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equal number of records for speaker’s reference creation
impose the following training procedure [12]. For reference
creation are randomly selected 10 records per speaker. The
rest of speaker’s data are used for testing. This procedure
is repeated 5 times. In the verification mode there are 142
client accesses or false rejection tests and 1562 impostor
accesses or false acceptance tests. After 5 runs the total
tests are: for false rejection – 710 and for false acceptance
– 7810. In the pre-processing step the MEL cepstrum with
14 coefficients is used.

In the study, the normalize-wrap DTW algorithm with
the root power sum – cepstral distance is applied [8]. In this
algorithm are used the constrained endpoints conditions

[8]. The speaker’s reference is obtained by averaging (after
dynamic time warping alignment) of his training utterances.
The individual speakers’ verification thresholds are esti-
mated by using of the cohort normalization method [2].

The verification results are presented as rate ratios –
False Rejection Rate (FRR), False Acceptance Rate (FAR)
and the Half Total Error Rate (HTER) [1]. Also the 95%
Confidence Interval (CI) for the HTER is shown computed
according to [1]. In the table are shown the speaker veri-
fication results in rates and confidence interval for the
HTERs. These rates are obtained for each feature and also
for the manual end pointing. As seen in the table the
GDMD feature performs the best among the features set.

Figure 7. DET curves for different ED features

№ Features FRR[%] FAR[%] HTER[%] 95% CI 

1 Manual 6.90 4.98 5.94 ±0.0096 

2 MTE 11.83 10.47 11.15 ±0.0123 

3 EE 14.08 12.48 13.28 ±0.0133 

4 MD 10.56 8.06 9.31 ±0.0116 

5 GDMD 8.30 7.31 7.80 ±0.0105 

 

Speaker verification results
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The average DET curves [15] are plotted in figure 7
to show the verification performance for each ED feature. It
is clearly seen that the GDMD feature curve is closer to the
reference curve (manual ED) than the other three ones.

Conclusions

A brief summary of the author’s research in the field
of the contour-based telephone speech ED was presented
in the paper. Further, was described in detail the finite state
machine based decision logic applied for the current end-
point detection.

Based on the research work the following conclusions
are made:

• The GDMD feature demonstrates the best perfor-
mance in the endpoint detection tests based on the verifi-
cation rate. This is due to the minimal number of the serious
endpoint detection errors obtained for this feature.

• The GDMD feature has two drawbacks: a need to
adjust a few parameters in the MGDS estimation and in-
creased number of computation (in comparison with the
MD feature).

Future work in this area will be focused on three main
objectives – the development of more efficient version for
the GDMD feature with fewer adjustable parameters, the
improvement of the endpoint detection accuracy especially
for weak phonemes and the examination of the developed
endpoint detector in the HMM framework for short phrases.
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