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1. Introduction
• vocoder problems

• buzziness

• real-time processing

• fundamental frequency (F0)

• continuous in voiced regions

• discontinuous in unvoiced regions

• hard to model boundaries between voiced and unvoiced segments

• maximum voiced frequency (MVF)

• excitation parameter 

• separate the voiced and unvoiced components

• standard Mel-Generalized Cepstral analysis (MGC) 

• noise component

• according to [1], not accurately modeled even in the widely used 

STRAIGHT vocoder

• goal of this paper

• extension of a continuous residual-based vocoder for statistical 

parametric speech synthesis [2] for advanced modeling of the noise 

excitation

• shaping the high-frequency component by adding envelope 

modulated noise to the voiced excitation

• evaluate four approaches for estimating the time envelope of the 

speech residual signal

2. Methods
• Continuous vocoder (baseline [2])

• continuous F0 model [3] to decrease the disturbing effect of creaky voice

• standard autocorrelation

• no voiced/unvoiced decision

• Kalman smoothing-based interpolation

• MVF to model the voiced/unvoiced characteristics of sounds [4]

• Time-domain envelope estimation (see Fig. 2)

• Amplitude envelope

• filtering the absolute value of the voiced frame

• Hilbert envelope

• based on the Hilbert transform technique

• taking the magnitude of the analytical signal

• Triangular envelope

• used three parameters as it assumes the triangular is symmetric

• True envelope [5]

• the original spectrum signal and the current cepstral representation is maximized

• weighting factor makes the convergence more closely to the natural speech 

(see Fig. 3). In practice, the most successful weighting factor is 10

Figure 1. Workflow of the proposed method.

Figure 3. Procedures for estimating the true envelope.

3. Objective  evaluation
• Data: from CMU-ARCTIC

• AWB (Scottish English, male) and SLT (American English, female)

• 100 sentences analyzed and re-synthesized with all vocoder variants

• Phase Distortion Deviation (PDD)

• good measure of noisiness, and a strong correlate of the maximum-phase 

component of the voice source 

• we zeroed out the PDD values below the MVF contour to quantify the noisiness in 

the higher frequency bands 

• in Fig. 5 the proposed systems have PDD values closer to the natural speech; 

especially for ‘Hilbert’ and ‘True’ envelopes

Figure 4. Phase Distortion Deviation of a natural and vocoded 

speech samples above the Maximum Voiced Frequency region 

(sentence: “He made sure that the magazine was loaded, and 

resumed his paddling.”, from speaker AWB). The warmer the 

color, the bigger the PDD value and the noisier the 

corresponding time-frequency region.

Figure 5. Mean PDD values by sentence type.

4. Perceptual evaluation 

• Multi-Stimulus test with Hidden Reference and Anchor listening test

• aim: compare natural vs. vocoded sentences (unvoiced component)

• 12 participants (mean age: 38 years) with engineering background

• rate from 0 (highly unnatural) to 100 (highly natural)

• for the male speaker, the vocoder using the Hilbert envelope is slightly 

better than the baseline system (see Fig. 6)

• samples: http://smartlab.tmit.bme.hu/interspeech2017_vocoder_envelope

Figure 6. Results of the subjective evaluation for the naturalness question. Higher value means 

larger naturalness. Error bars show the bootstrapped 95% confidence intervals. 
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5. Discussion and Conclusion
• this work aims to further control the time structure of the high-frequency 

noise component in continuous vocoder

• it can be concluded that the Hilbert and True envelopes are the best when 

combined with the continuous vocoder

• plans of future research involve adding a Harmonics-to-Noise Ratio 

parameter to the analysis, statistical learning and synthesis steps in order to 

further reduce the buzziness caused by vocoding

Figure 2. Illustration of the time envelopes performance
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