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ABSTRACT
Generally, phonetic classification for low rate speech coding is 
restricted to either a simple binary voiced/unvoiced classification 
of entire speech frames, or alternatively, a more complicated 
estimation of the voicing for a set of frequency bands. A good 
compromise between these two techniques is estimation of a 
single cut-off frequency that separates the spectrum into voiced 
(below) and unvoiced (above) regions. Many existing cut-off 
frequency estimation methods use a fixed periodic spectrum to 
model voiced harmonics. However, due to pitch jitter, voiced 
harmonics do not always appear at regular intervals in the 
spectrum. In this paper  a voicing cut-off estimation approach 
that combines speech energy, speech auto-correlation between 
frames and residual harmonic matching is proposed. Objective 
evaluation indicates that the algorithm is accurate and reliable. 
Subjective results obtained by embedding the algorithm in a low 
rate harmonic speech coder indicate that the technique is suitable 
for supporting high quality low rate speech synthesis. The 
proposed algorithm also requires relatively low complexity and 
introduces only a single frame of algorithmic delay. 

1.  INTRODUCTION 
Harmonic speech coders, such as the Multi-Band Excitation 
(MBE) speech coder [1], classify the short-time spectrum of the 
speech signal into harmonic bands based on pitch information. 
Each harmonic band may then be phonetically classified as 
either voiced or unvoiced. This classification of the harmonic 
bands facilitates high compression and produces good quality 
synthesized speech as each of the classified bands may be 
adequately represented with an appropriate parametric model 
(noise based for unvoiced and quasi-periodic pulse based for 
voiced). However, at low bit rates there are insufficient bits 
available to quantize the voicing information and a simplified 
voicing model, where the spectrum is split into only two bands 
by a cut-off frequency, is often employed [2-4, 6]. The spectrum 
is declared voiced below the cut-off frequency and unvoiced 
above. In this simplified phonetic model the quality of the 
synthesized speech is highly dependent on the accuracy of the 
cut-off frequency estimate. However, estimation of the cut-off 
frequency is a highly complex and largely heuristic process, and 
as such, no standard technique exists. 
Various cut-off frequency estimation techniques have been 
proposed and employed in a variety of harmonic speech coders. 
For example, in Sinusoidal Transform Coding (STC) [2], the cut-
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off frequency is directly estimated in the speech domain, based 
on the signal-to-noise ratio of the speech signal and synthesized 
speech produced using a harmonic model. In Split-Band LPC 
(SB-LPC) [3] and Harmonic Excitation Linear Predictive Coding 
(HE-LPC) [4], the cut-off frequency is estimated in the LPC 
residual domain by mapping a multi-band voicing decision to a 
two-band decision based on the percentage of voiced bands 
estimated. The Harmonic & Stochastic Excitation (HSX) 
algorithm [5] determines a voicing curve for each speech frame 
based on the auto-correlation of filtered speech within four 
frequency bands. In the harmonic coder developed by one of the 
authors in [6], voicing was estimated using both the auto-
correlation and energy of filtered speech frames. Whilst the 
aforementioned techniques differ significantly in the methods 
employed for cut-off frequency estimation, they share a common 
characteristic in that they are all highly susceptible to time 
variation of the pitch within a frame (pitch jitter). This effect 
often leads to buzzy or noisy sounding synthesized speech and 
may produce audible artifacts. 
 In this paper, we propose a new algorithm for cut-off frequency 
estimation using a combined open-loop method. The new 
algorithm improves robustness by combining a residual 
harmonic matching measure with the filtered speech auto-
correlation and energy based voicing decision of [6].  
To verify the performance of the proposed cut-off frequency 
algorithm in a practical speech coder, it has been incorporated 
into a version of the HE-LPC coder [6] modified to operate at 
2kb/s. Subjective tests indicate that synthesized speech quality is 
comparable to that produced by the 2.4 kb/s MELP Federal 
Standard.    
The paper is organized as follows. Section 2 details the methods 
employed to extract the phonetic parameters required by the 
proposed algorithm. In Section 3 the proposed cut-off frequency 
estimation algorithm is detailed, with objective and subjective 
results presented in Section 4. Section 5 presents concluding 
arguments and summarises the proposed technique.

2. PHONETIC PARAMETER ESTIMATION 
As the proposed cut-off frequency estimation algorithm requires 
harmonic matching, it is first necessary to accurately estimate the 
pitch and LPC residual harmonics. The methods employed for 
estimating pitch and residual harmonics are detailed in Sections 
2.1 and 2.2 respectively. 
2.1. Pitch Estimation 
As the cut-off frequency estimate exploits harmonic matching, 
an accurate pitch estimate is initially required to estimate both 
the number of harmonics and initial the harmonic frequencies. 
Pitch estimation is based on normalized auto-correlation defined 
as: 
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where  is an integer value representing the delay between 20
and 128 samples, N is the length of the frame in samples and 
sp(n) is the speech signal pre-processed by removing DC, low-
pass filtering and numerical filtering. Numerical filtering is 
applied to reduce the effect of the speech formant structure in the
auto-correlation calculation. Pitch prediction is conducted in the
speech domain (as opposed to the residual domain) to reduce the
overall coder delay and improve resilience of the pitch estimate
to noise.
Normalised auto-correlation ( ) is calculated independently
over two overlapping windows. The first window comprises the 
entire current frame. The second window comprises the second
half of the current frame and the first half of the look-ahead
frame. Similar to [7], after finding the optimal delay for each
window, we use the following thresholds and logic defined in (2)
to obtain a more reliable delay estimate for the current frame. If
( 1, 1), and ( 2, 2) are the optimal delays and the corresponding
normalized auto-correlation coefficients found for the current
and future windows respectively, the final delay estimate opt  is
obtained by
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where, 1 and 2 are considered the confidence values indicating
the reliability of the corresponding pitch estimates. For example, 
if 1 is much larger than 2, it indicates that the 1 estimate is
more reliable than 2. Using this reliability information,
preference is given to the current frame estimate ( 1, 1). This
characteristic combined with the fact that no past window is used
to estimate the pitch, enhances the performance at voicing onsets. 
2.2. Extraction of Residual Harmonics 
Due to pitch variation with time, the harmonics within in a
speech frame may become blurred and broadened. This
characteristic is particularly evident at high frequencies and
makes distinguishing the true harmonic peaks a complex task.
However, selecting true harmonic values is essential for
synthesizing periodic excitation prior to harmonic matching in
our cut-off frequency calculation. 
The proposed harmonic extraction firstly uses quantized LP
coefficients to find the LP residual, derived using 25 ms frames. 
A 300 sample Hamming windowed section of residual is then
used for estimating the residual harmonic amplitudes. The
window is centered in the current frame with 50 samples of
overlap in the previous and future frames. The reason for using a
relative long window is to better represent the harmonic structure
for male speakers with low pitch frequency. A frequency domain
representation is calculated via a 512-point FFT using zero
padding. Harmonic peak estimation of the LP residual is then
conducted using an approach similar to that in [8], however, the
optimal pitch opt  (calculated via equation (2)) is used in place of 
the average pitch. The Discrete Fourier series coefficients, Cm
and Dm, corresponding to harmonic peaks are then derived from 
the FFT coefficients as:
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In Equation (3), Nw is the transform window length, R(i) and I(i)
represent the real part and image part of FFT, HP(m) represents
the mth  harmonic peak position corresponding to ith index of the
FFT from 1 to 256. The notation K indicates the number of
harmonics. The harmonic magnitudes are calculated as:

2 2 , 1,2,...m m mA C D m K (4)

3. CUT-OFF FREQUENCY ESTIMATION 
The cut-off frequency that separates a frame of residual into
periodic (below) and stochastic (above) components is 
determined by multiplying half the sampling frequency with the
voicing probability. The voicing probability pv is estimated
heuristically by combining the energy of the low-pass filtered
speech Elpf, normalized auto-correlation coefficient  (extracted
as part of the pitch prediction process, see Section 2.1), and the
harmonic matching coefficient H  defined as: 
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where e(n) is linear predictive residual and eH(n) is a harmonic-
based linear predictive residual synthesized by:
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where Cm and Dm are the Discrete Fourier series coefficients
defined in (3).

To improve the overall performance for transitional and
unvoiced frames,  the final estimate for H is calculated as: 

1 0

0 1 1 0

1
, 0.4

0.5* , 0.4

H H H

H

H H H H

                        (7) 

Where H1 is the initial estimate of harmonic matching
coefficient for the current frame and H0 represents the value
from the previous frame. 
Once energy Elpf, normalized auto-correlation coefficient  and
the harmonic matching coefficient H are determined, voicing
probability pv is obtained via the the method detailed in Fig. 1. 
In Fig. 1, Te is the energy threshold that depends on the dynamic
range of the pre-processed input speech; Tp is the threshold of
the normalized auto-correlation coefficient , TH1, TH2, and TH3
are the thresholds of the harmonic matching coefficient H. Tp ,
TH1, TH2, and TH3 were determined empirically via informal
subjective listening tests.
An example of residual harmonic matching is shown in Fig. 2. In
this example, the estimated pitch is opt=24, the number of
harmonics are K=12, the voicing probability was calculated as
pv=0.7437 and hence the cut-off frequency was calculated as 
2974.8 Hz. Based on pv, the number of voiced harmonics is
calculated as 9. This result conforms well with the actual
spectrum shown in Figure 2, where the spectrum becomes
significantly less harmonic after the normalized frequency of
0.375.
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Figure 1: Flow chart of voicing decision

4. RESULTS 

4.1. Objective Results
The objective performance of the cut-off frequency estimation
algorithm was evaluated by comparing the estimates generated to
the “true” cut-off frequency. For comparative purposes the
“true” voicing cut-off frequency was manually estimated from 
observations of the residual spectrum using a visual tool. The
cut-off frequency was estimated every 25 ms across 1600 frames 
comprising 8 male and 8 female speakers. Across the full range
of test frames the average accuracy of the estimation technique
was 87.6%.
Two examples of voicing probability for a female and male 
speaker, both uttering the same Chinese phrase “

”, are given in Figures 3 and 4, respectively. It is very clear
from these two figures that the voicing probability varies slowly 
with time in voiced regions and tends to zero during silences. 
This characteristic should result in smooth speech synthesis
when embedded in a speech coder.

4.2. Subjective Results
To determine the performance of the cut-off frequency
estimation in a practical speech coder, the algorithm was
embedded into a version of the HE-LPC coder [6], modified to 
operate at 2 kb/s.  HE-LPC is a harmonic excited linear
predictive coder where the synthesized excitation signal is given
as:
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is used above
the cut-off frequency. The phase track is computed by
incrementally summing the area under the pitch track.
The modified coder employs the pitch detection algorithm
calculated in Section 2.1, with the overall bit allocation is given
in Table 1. At the decoder HE-LPC synthesizes the residual
signal by interpolating the pitch, gain, harmonic amplitudes and
cut-off frequency on a sample by sample basis. 

Parameters Bits/Frame Bit Rate (b/s) 
LSF 30 1200
Pitch 7 280
Gain 5 200
Voicing 2 80
1~10 Harmonics 6 240
Total 50 2000

Figure 2: Example of residual harmonic matching Table 1: Bit allocation for 2 kb/s HE-LPC coder using a 25 
ms frame size



Figure 3: Variation of pitch and  for female speaker vp

Figure 4: Variation of pitch and for male speakervp

To determine the subjective quality of the modified 2kb/s coder,
A/B comparison testing with the FS1016 MELP coder [9] was 
conducted. These tests involved 16 listeners grading a database
of 16 sentences from mixed male/female Chinese speakers. The
results of the testing are shown in Table 2. 

Test 2 kb/s 
HE-LPC

2.4 kb/s 
MELP No preference 

Male 26.92% 27.88% 45.19%
Female 25.89% 24.11% 50%
Total 26.41% 25.99% 47.60%

       Table 2:  A/B test results

The results contained in Table 2 indicate that the subjective
quality of the 2 kb/s HE-LPC coder, using the proposed voicing
determination, was equal to that of the MELP coder operating at
2.4kb/s. Informal listening tests also indicate that the smooth 
evolution of the voicing frequency estimate over voiced sections,
combined with the fact that the coding structure avoids hard
voiced/unvoiced decisions, results in synthesized speech 
containing comparatively few significant distortions. However, a
consequence of the overall smoothness embedded in the 
synthesis is that the speech can sound somewhat buzzier than
MELP. Reduction of this buzzy effect is the focus of current
research into refining the voicing and coding process. 

5. CONCLUSION 
A novel voicing cut-off frequency estimation technique has been
proposed. The technique provides accuracy and robustness by
combining multiple phonetic features into the frequency
estimation. Objective results indicate that the technique is
accurate and reliable. Whilst subjective results indicate that
embedding the technique into a low rate harmonic coder
produces high quality synthesized speech. It is hypothesized that
the smooth evolution of the frequency estimation, in voiced
sections, combined with its inherent accuracy, significantly
contribute to the  high speech quality produced by the low rate
speech coder employed in testing.
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