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Abstract
Hilbert envelope (HE) is defined as the magnitude of the ana-
lytic signal. This work proposes HE based zero frequency fil-
tering (ZFF) approach for the extraction of epochs in high pass
filtered speech. Epochs in speech correspond to instants of sig-
nificant excitation like glottal closure instants. The ZFF method
for epoch extraction is based on the signal energy around the
impulse at zero frequency which seems to be significantly at-
tenuated in case of high pass filtered speech. The low frequency
nature of HE reinforces the signal energy around the impulse at
zero frequency. This work therefore processes the HE of high
pass filtered speech or its residual by zero frequency filtering
for epoch extraction. The proposed approach shows significant
improvement in performance for the high pass filtered speech
compared to the conventional ZFF of speech.
Index Terms: Epochs, zero frequency filtering, Hilbert enve-
lope

1. Introduction
Epochs in speech correspond to the instants of significant exci-
tation of the vocal tract [1][2]. The instants of significant ex-
citation are impulse in nature having significant amplitude in
a local sense. They represent events like glottal closure and
glottal opening in case of voiced speech and onset of burst and
frication in case of unvoiced speech. The present work focusses
on the extraction of glottal closure instants. The knowledge of
epoch locations is very useful in many speech applications like
extraction of vocal tract system parameters, prosody modifica-
tion and speech enhancement [3, 4, 5]. Due to its significance,
many methods have been proposed in the literature for epoch
extraction [6, 1, 7, 2]. Among these methods, zero frequency
filtering (ZFF) method provides comparatively better epoch es-
timation performance[2].

The property of impulse like discontinuity is exploited in
ZFF method. The time domain representation of impulse func-
tion has an equivalent frequency domain representation of im-
pulses uniformly located at all the frequencies including zero
frequency, separated by fundamental frequency, forms the basis
for ZFF method [2]. In ZFF method, speech is passed through
a resonator located at the zero frequency which preserves the
signal energy around the impulse present at zero frequency and
removes all other information, mainly due to the vocal tract res-
onances. The trend in the output of the zero frequency resonator
is removed further by considering a window of length one to
two pitch periods and the trend removed signal is termed as the
zero frequency filtered signal [2]. The positive zero crossings
of the zero frequency filtered signal give the location of epochs.
This method works well as long as the speech signal has sig-
nificant energy around the impulse at zero frequency. However,
in case of high pass or band pass filtered speech like telephone
bandwidth, the signal energy around the impulse at zero fre-

quency is significantly attenuated. Under such conditions, ZFF
of speech may tend to give unreliable or spurious epoch loca-
tions.

The signal energy of the impulse around the zero frequency
can be reinforced by using the Hilbert envelope (HE). The HE is
defined as the magnitude of the analytic signal or complex time
function [6, 8]. The basic property of the analytic signal is its
single sided positive spectrum. To ensure this, the HE accom-
modates relatively low frequency components and the phase
part of the analytic signal accommodates relatively high fre-
quency components [8]. The low frequency components of the
HE in turn reinforces the energy around the impulse at zero fre-
quency. As a result, the ZFF of HE should identify the epochs
with better accuracy and hence the motivation. This work fur-
ther shows that the reinforcement of signal energy around the
zero frequency is better in case of speech than its linear pre-
diction (LP) residual. The organization of the paper is as fol-
lows: Section 2 describes the ZFF of speech for estimating the
epochs and demonstrates its limitation in case of high pass fil-
tered speech. Section 3 proposes the ZFF of HE for high pass
filtered speech. Section 4 describes the evaluation of the pro-
posed method on telephone speech. Finally, Section 5 summa-
rizes the work with a mention on the possible future work.

2. Zero Frequency Filtering of high pass
filtered speech

The algorithmic steps to estimate the epochs in speech by ZFF
are as follows [2]:

• Difference input speech signal z(n)

x(n) = z(n)− z(n− 1) (1)

• Compute the output of cascade of two ideal digital res-
onators at 0 Hz

y(n) = −

4∑
k=1

aky(n− k) + x(n) (2)

where a1 = 4, a2 = -6, a3 = 4, a4 = -1

• Remove the trend i.e.,

ŷ(n) = y(n)− ȳ(n) (3)

where ȳ(n) = 1
(2N+1)

∑N

n=−N
y(n) and 2N + 1 cor-

responds to the average pitch period computed over a
longer segment of speech

• The trend removed signal ŷ(n) is termed as zero fre-
quency filtered signal.

• The positive zero crossings of the filtered signal will give
the location of the epochs.
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Figure 1(a) plots a segment of clean speech. The corre-
sponding output from ZFF and detected epochs are shown in
Figures 1(c) and (e), respectively. The output ZFF shows proper
zero crossings and hence the detected epochs are accurate. In
the next case let us consider an high pass filtered speech ob-
tained by passing the clean speech through an high pass filter
with an arbitrary cut-off frequency of 500 Hz. The choice of
cut off frequency of 500 Hz is made so as to exclude the nor-
mal human (male and female) pitch range. The corresponding
plots of the above process are shown Figures 1(b), (d) and (f),
respectively. As it can be observed, the output of ZFF shows
spurious zero crossings at some places and hence the detected
epochs. Since the only change is high pass filtering of speech,
this may be attributed to the ZFF approach followed for detect-
ing the epochs. Thus we may say that, the poor performance in
case of high pass filtered speech is due to the significant attenu-
ation of signal energy around the impulse at zero frequency.
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Figure 1: Epoch detection by ZFF. (a) clean speech, (b) high
pass filtered speech. Output of ZFF from (c) clean speech and
(d) high pass filtered speech. Estimated epoch locations from
(e) clean speech and (f) high pass filtered speech.

The extent of degradation in the performance can be ob-
tained by comparing the detected epochs with the reference
epoch locations indicated by the impulse like discontinuities in
the differentiated Electroglottogram (EGG) of the same speech
segment as performed in [2]. For evaluating the estimated
epochs from the speech, following measures are used [7].

• Larynx cycle: The range of sample (1/2) (lr−1 + lr)<
n <(1/2)(lr+1 + lr) where lr, lr−1 and lr+1 are the
current, preceding and succeeding reference epoch loca-
tions respectively

• Identification Rate (IDR): The percentage of larynx cy-
cles for which exactly one instant of significant excita-
tion is detected.

• Miss Rate (MR): The percentage of larynx cycles for
which no epoch is detected.

Table 1: Performance evaluation of the epoch estimation using
ZFF and DYPSA of clean and high pass filtered speech using
500616 reference epochs. HPF refers to high pass filtered.

Signal
IDR
(%)

MR
(%)

FAR
(%)

IDA
(ms)

ZFF
Speech 99.54 00.02 00.44 0.2923
HPF Speech 92.43 00.05 07.52 0.2825
LP residual of
HPF speech

96.95 00.09 02.96 0.3116

HE of HPF
Speech

98.96 00.49 00.56 0.4913

HE of LP
residual of HPF
Speech

96.21 01.47 02.32 0.5973

DYPSA
Speech 98.05 0.62 1.34 0.3481
HPF Speech 92.72 1.90 5.38 0.3717

• False Alarm Rate (FAR): The percentage of larynx cy-
cles for which more than one epoch is detected.

• Identification Error (ζ): The timing error between the
reference and detected instants of significant excitation
in larynx cycles for which exactly one instant of signifi-
cant excitation was detected.

• Identification Accuracy (σ) (IDA): The standard devia-
tion of the identification error ζ. Small values of σ indi-
cate high accuracy of identification.

The performance is evaluated over a total of 500616 reference
epochs obtained from EGG recordings of 3 speakers (two males
and one female) having 1132 phonetically balanced sentences
from CMU Arctic database [9]. Epoch estimation performance
for various measures mentioned above are given in the Table 1.
The higher epoch identification rate and reduced miss rate, false
alarm rate and identification errors when compared to the refer-
ence epochs indicate the superiority of the ZFF method in ac-
curately estimating the epochs from clean speech. The epochs
estimation performance of DYPSA, which is another popular
method for epoch estimation, is also provided in Table 1. The
improved performance of ZFF compared to DYPSA is reported
in [2]. All these speech signals are passed through an high pass
filter with cut-off frequency of 500 Hz and then used for epoch
detection. The performance for high pass filtered (HPF) speech
is also shown in Table 1. The miss rate seems to be same, but the
FAR increases significantly resulting in lower IDR. The same
trend can be observed in case of epoch estimated using DYPSA
method also. It has to be noted that there is an improvement in
the epoch estimation performance for the LP residual of high
pass filtered speech as compared to the ZFF of high pass fil-
tered speech. This is because of the sharp discontinuities of the
residual samples at epoch locations as compared to the speech
signal. As the LP residual is derived from the high pass filtered
speech, it still preserves the HPF characteristics. That is, there
is no reinforcement of energy at the zero frequency. As a result
the epoch estimation performance is degraded as compared to
that of clean speech.
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3. Hilbert envelope based epoch extraction
from high pass filtered speech

In order to improve the epoch detection performance, the high
pass filtered speech has to be transformed such that the signal
energy around the impulse at zero frequency is enhanced. For
this we propose the use of Hilbert envelope (HE) [6, 8].

3.1. Hilbert Envelope

Let sa(n) be the analytic signal of a given signal s(n). Then,

sa(n) = s(n) + jsh(n) (4)

where sh(n) is the Hilbert transform of s(n). The Hilbert trans-
form is computed as

sh(n) = IDTFT (SH(ω)), (5)

where

SH(ω) =

{
+jS(ω),−π ≤ ω < 0
−jS(ω), 0 ≤ ω ≤ π

(6)

and S(ω) is the DTFT of s(n). DTFT refers to discrete time
Fourier transform and IDTFT refers to inverse of DTFT.

Let h(n) be the HE. It is defined as the magnitude of sa(n)
i.e.,

h[n] = |sa(n)| . (7)

Therefore,

h(n) =
√

s2(n) + s2
h(n). (8)

Let φ(n) be the phase of sa(n). It is defined as

φ(n) = tan−1
( sh(n)

s(n)

)
. (9)

Figure 2 shows s(n) taken as a speech segment, its h(n) and
φ(n). h(n) is unipolar in nature, since it is a magnitude func-
tion and φ(n) is bipolar in nature.
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Figure 2: (a) Clean speech, (b) HE and (c) phase of its analytic
signal.

The fundamental characteristic of sa(n) is, its spectrum
SA(ω) is one sided, i.e., exists only in the range 0 ≤ ω ≤ π. To
ensure this always, whenever sa(n) is computed for given sig-
nal s(n), only relatively low frequency components are placed
in h(n) and high frequency components are placed in φ(n) [8].
Otherwise, it will violate the single sided spectrum property of
sa(n) and it ceases to be complex time function. For instance,
if a given signal s(n) = cos(ω1n) + cos(ω2n) and ω1 < ω2,
then sa(n) = cos(ω1n)ejω2n.

3.2. Epoch extraction from HE of HPF Speech

In case of high pass filtered speech, the relatively low frequency
nature of HE enhances the signal energy around the impulses at
all frequencies, including the impulse at zero frequency. This
property is exploited for the detection of epochs. Figure 3(a)
shows a segment of high pass filtered speech (same as Fig-
ure 1(b)) and its HE in Figure 3(b). The presence of strong
impulses in case of HE may be observed by comparing these
two figures which may be attributed to the nature of HE. Fig-
ure 3(d) shows the output of ZFF of the HE and the detected
epochs in Figure 3(e). These epochs may be compared with
those from speech given in Figure 3(f) (same as Figure 1(f)).
As it can be observed, the spurious peaks are eliminated in the
case of HE.

The performance is evaluated over a total of 500616 ref-
erence epochs in the Arctic database for the high pass filtered
case using the HE of HPF speech and the various values are
given in Table 1. The HE of HPF speech provides significantly
better performance compared to the HPF speech demonstrating
its robustness to high pass filtering.
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Figure 3: (a) HPF speech (b) HE of HPF speech and (c) HE of
LP residual of HPF speech. Output of ZFF from (d) HE of HPF
speech. Estimated epoch locations from ZFF of (e) HE of HPF
speech and (f) HPF speech.

3.3. Epoch Extraction from Hilbert Envelope of LP Resid-
ual of HPF Speech

The impulse like discontinuities can also be located from the
Linear Prediction (LP) residual which is obtained by the LP
analysis of speech [10]. The speech is processed by the 10th

order LP analysis to obtain the LP residual and then HE of the
LP residual is computed. The epochs are determined by the
ZFF of the HE of the LP residual from the HPF speech. Ta-
ble 1 shows improvement in the performance of the estimated
epochs using ZFF of HE of LP residual over the high pass fil-
tered speech, but the performance is lower compared to the HE
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Table 2: Performance evaluation of the epoch estimation using
ZFF method for NTIMIT telephonic database.

Signal
IDR
(%)

MR
(%)

FAR
(%)

IDA
(ms)

Speech 51.75 04.55 43.70 0.8477
Residual 53.10 04.45 42.50 0.8341
HE of Speech 79.74 16.17 04.10 0.8200
HE of LP resid-
ual

76.60 16.16 07.24 0.8246

of speech. The reason for the improved performance is due to
the low frequency nature of the HE of the LP residual. The bet-
ter performance of HE of Speech may be attributed to the better
reinforcement of the epochal information while computing the
analytic signal. This can be observed by comparing Figures 3(b)
and (c). The epochal information seem to be much stronger in
case of HE of speech compared to the other.

4. Hilbert envelope based epoch extraction
from telephone speech

The main application of epoch extraction in HPF speech can be
found in telephone speech. NTIMIT telephonic speech database
is used for the study. For evaluating the performance, the epochs
from the corresponding speech signals in the TIMIT database
are taken as reference. The evaluation is done over the whole
NTIMIT databse training set having 462 speakers. The refer-
ence epochs are derived using the ZFF filtering of correspond-
ing speech files from the TIMIT database training set and in
total we have 683414 reference epochs.

The Table 2 shows that there is significant improvement in
the epoch estimation performance using ZFF of HE of tele-
phonic speech. The performance of the epoch parameters ob-
tained by the ZFF of LP residual HE is also significant com-
pared to the ZFF of telephonic speech. Both these performances
demonstrate the robustness of HE for epoch extraction. Fig-
ure 4 plots the pitch computed using ZFF of TIMIT speech,
NTIMIT speech, HE of NTIMIT speech and HE of LP resid-
ual of NTIMIT speech, respectively. As shown in figure, the
pitch values obtained from the HE of NTIMIT speech represents
smooth contour and closely resembles that of the TIMIT speech.
The increased false epoch detection is responsible for the scat-
tered pitch values in the case of ZFF of NTIMIT speech. The
pitch contour computed from the HE of LP residual of NTIMIT
speech is also smooth, but has relatively more spurious values
compared to that of HE of NTIMIT speech.

5. Summary and future work
This work demonstrated the limitation of ZFF of speech for
epoch extraction from high pass filtered speech. The work later
proposed a method based on ZFF of HE of speech for epoch
extraction in case of HPF speech. The proposed approach seem
to be superior even compared to the ZFF of HE of LP residual.
Finally, the significance of proposed approach is demonstrated
in case of NTIMIT telephone speech. In all the cases, ZFF of
HE of speech provided the best performance and therefore we
propose the use of HE of speech for epoch extraction in case of
high pass filtered speech.

The superior performance of HE shows its robustness com-
pared to speech. However the temporal resolution in case of HE
is relatively poor compared to speech for HPF case. The future
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Figure 4: Pitch contours derived from (a) TIMIT speech, (b)
NTIMIT speech, (c) NTIMIT speech HE and (d) NTIMIT LP
residual HE.

work should focus on improving the temporal resolution.
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