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ABSTRACT The statistical JDGMM based mapping produces con-
- ) . , verted speech with good conversion score, but suffers from
Most of the existing studies on voice conversion (VC) arey e smoothing and over-training effedts [9]. This leanigd-
conducted in acoustically matched conditions betweercgour graded quality of speech. On the contratynamic frequency
and target sigr_1a|. However, _the robustness of _VC methods i\Pvarping (DFW) based VC provides high quality converted
presence of m|s_match remains u_nknown. In this paper, we r%’peech, whereas the similarity to target speaker is[IoOWfil].
port a comparative analysis of different VC techniques "’ndeorder to generate a trade-off solution, several hybrid msh

mismatched conditions. The extensive experiments with fivg,, ., asveighted frequency warpirfVFW) [10], DFW with
different VC techniques on CMU ARCTIC corpus suggest, iy de scaling [11]bilinear frequency warping with am-
tha_\t perform_ance of VC methods substan_t!ally degrades IBlitude scaling(BLFWAS) [12] have been investigated. The
NoISy cond_|t|0ns. We have f_ound that bilinear frequencyyyngic problems of over-smoothing and over-training in
warping with amplltude scaling (_BLFWAS_), outperforms probabilistic JDGMM based VC were overcome by adopting
other methods in most of the noisy conditions. 'We fur-ge, a4 techniques like Eigenvoice VIC18]ixture of factor
ther explore the suitability of different speech enhana@me ,pa\y;erqMFA) [14] and exemplar-based sparse representa-
techniques for robust conversion. The objective evaluatio,, [15].

results indicate that spectral subtraction and log minimum |+ is found that all these VC approaches provide reason-
mean square error (logMMSE) based speech enhancemeffje performance with clean speech data. However, to the

techniques can be used to improve the performance in spgast of our knowledge, their effectivenessisisy conditions

cific noisy conditions. and comparative evaluation have not been studied yet. Mean-

Index Terms— Vvoice Conversion' noise robustneSS,Wh”e, some noise robust VC methods that use sparse non-
speech enhancement, BLFWAS. negative matrix factorization (NMF)_[16], affine NME_[17]

and exemplar based [[18] approach, were proposed. But, those

1. INTRODUCTION methods consider background noise in input source speech

during test. In this paper, we consider the practical séenar
Voice conversion (VC) is a methodology applied to a sourcavhere the source and target for voice conversion are ndt avai
speaker’s speech signal to convert speaker identity. # creable from same environmental condition. In real world de-
ates the perception as if spoken by a specified target speak@pyment of VC technology, it is always not possible to retor
while keeping the linguistic content unchanged. It has sewid target speaker’s speech in sound proof booth with the pres-
variety of applications in text-to-speech (TTS) customizaence of very low environmental noise. Whereas, the source
tion, designing of speaking aids, film dubbing, entertaintme speaker’s voice can be collected in a controlled envirorimen
There are large number of statistical approaches to VC lik& he contribution of this work is a detailed analysis of five di
linear multivariate regression (LMR]][1], Gaussian mixtur ferent popular VC methods in presence of white, babble and
model (GMM) [Z] etc. Over the time, thieint density GMM  volvo noises, with three different signal-to-noise ratiNR)
(JDGMM) [3] based statistical parametric VC became thdevels in target speech training data. We further examiae th
de facto standard and popular method. Later, other metteffectiveness of standaspeech enhancememiethods as a
ods based on partial least squares (PLS) regression [4] apast-processing module to reduce the mismatch.
noisy channel model [5] have also been proposed. Further-
more, many non-linear spectral mapping techniques based 2. MOTIVATION OF THE WORK
on artificial neural network (ANN)_[6], dynamic kernel PLS One of the important practical concern in voice conversfon i
regression [[7] and deep neural network (DNN) [8] have beetthat during training, target speaker’s speech samplesl{phr
developed. or non-parallel) may not be available with the same acous-
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Fig. 1. Spectrograms of the same utterance for (a) source, (b) Testing

target, (c) noisy target (0 dB, white) and (d) enhanced noisysourcespeech —= reatreand F0 || Speech W“‘
target by spectral subtraction speech enhancement method. " ._'I‘ erhancement ‘WM’ e |—> mapping %] syntnesis

Converted speech

tic condition as source speaker’s voice. Moreover, sonesim Fig. 2: Block diagram of the evaluation framework.
source speaker who is trying to mimic the target speaker by
using voice conversion algorithms, may get target data fronYC training, which is used in the conversion stage to map
different sources like audio clippings, TV, internet resms, ~ Source speaker’s feature space to that of target speaker. Fi
etc. Naturally, the effects of mismatch due to the variation nally, the converted source features are synthesized thsng
the channel, handset and background noises exist. Mo of tinentioned vocoders.
existing studies in this field have considered source ag@tar 4. VOICE CONVERSION METHODS
sp_eakersymce from S|m|lar recording enwronmentwhheet_ 4.1. Joint Density GMM (JDGMM)
mismatch is not taken into account. As, for real world appli- } ) o )
cation of VC, this is very important to know the robustness of 1 this method, after frame alignment, the joint density of
existing methods, we consider evaluating their perforranct® concatenated source and target feature vectors is mod-
in presence of noise. elled by a GMM [3] 10} 24]. During conversion phasg, given
We illustrate the spectrograms of clean source and targd€ Source feature vector, the target vector is predicted us
speech along with noisy target speech using white noise g Gau55|_an_regre35|on with minimum mean square error
Fig. [I. The differences in spectrogram are clearly observeMMSE) criteria [10].
between source and target and it should affect the mappirg2. Weighted Frequency Warping (WFW)
function used in VC algorithm. The spectrogram of enhanceffor each acoustic class, while training, the corresponding
version of the noisy speech by using spectral subtraction igiece-wise linear frequency warping function estimatisn i
also illustrated in Fig.[]1. It is also not confirmed whetherdescribed in[[10]. In the conversion stage, a warping fmcti
applying standard speech enhancement techniques will infier input source frame is calculated. After that, the input
prove the VC performance or not, as they introduce some sosburce frame spectral envelope is warped in frequency. The
of speech distortiori [19]. Therefore, we further explore th final converted spectrum is obtained as the multiplication
impact of speech enhancement methods on voice conversidrmetween an energy correction filter response and the warped
Finally, our study is to provide a clear insight into the rebu  source spectral envelope. The energy correction filteras us
ness of different VC methods against noisy conditions.sibal to correct the overall energy distribution of spectrum and
targets to give a solution by employing speech enhancemespectral tilt.
methods which can act as a test bench to demand for a new3. Dynamic Frequency Warping (DFW)

noise robust VC method in future. In this method, spectral mapping follows the frequency warp

ing based approach with energy correction filter disabled.
Therefore, this method is similar to the previous one except

Fio. O sh S;EEfCH ENH'IA‘('\;CEMEN-[ ) . that no energy correction is applied [1) 10].
ig. shows the framework for robust voice conversion, , . . o Factor Analyzer (MFA)

In this framework, we study the effect of speech enhance-" " ) ]
ment techniques. Three standard speech enhancement 4his method, speaker independent phonetic vectors @nd fa
gorithms namelyspectral subtractioi20], iterative Wiener ~(OF loadings are estimated from non-parallel prior datafin o
filtering [22] and logarithmic minimum mean square error IN€ [14]. Although, this method needs some paralle! tragni
(logMMSE) [22] are incorporated. Among them, the first data, itis a rellabl_e model dl_Je to off_-llnetra|n|r_19_amﬂ na-
one is spectrum based and the rest are statistical appmactigre of the covariance matrix. During VC training, speaker
for speech enhancement. Note that all these methods afPendentidentity vectors atidd covariance matrix are de-
applied to all speech signals including training and tegtin termined. In the conversion phase, th.e target fgature VECto
During training, speech signals of source and target Speakecalculated using the conversion function giveriin [14].

are analyzed by using harmonic plus stochastic model (HSMj.5. Bilinear Frequency Warping with Amplitude Scaling

[10] or STRAIGHT [23] vocoder. Then, they are parameter-(BLFWAS)

ized to either LSF or MFCC feature. After that, source andrlhis VC method combines bilinear frequency warping (BLFW)
target features are aligned to develop a mapping function iand amplitude scaling (AS) [12]. BLFW is based on a single

3. VOICE CONVERSION WITH INTEGRATED



parameter to reduce the number of parameters to be estimate@ble 1: CMU ARCTIC corpus description for VC experiments.
using a small amount of target training data. Therefores, it i No of speakers No of conversioh Total no of
robust against target data scarcity and less pronevas- Subse—iale Femaie | "0 ™™ girections test utt.
fitting. In order to reduce the difference between target and | Train 2 2 |30(1-30)| 12 (all possible

warped source spectra, amplitude scaling was adopted. Test |(BDL, RMS)|(CLB, SLT)|20 (51-70) speaker pairs)

240 (20 12)

5. DATABASE AND PERFORMANCE EVALUATION metrical disturbance valug,,,., between the reference and
converted loudness spectra #&£.5Q = 4.5 — 0.1 X dgym —

5.1. Speech corpus 0.0309 X dqsym. The detail of disturbance values calculation

For the performance evaluation of different VC techniquesare given in[[27]. The higher the PESQ value is, the better the
experiments are conducted on CMU ARCTICI[25] corpusspeech quality is.

The statistical details of the data setup to perform our VC
experiments are described in Table 1. We have digitallyddde 6. RESULTS AND ANALYSIS
white, babble and volvo noises from NOISEX-92][26] corpus
with 0 dB, 10 dB and 20 dB SNR levels to each target training=xperimental results on the performance of different VC
speech sample using filtering and noise adding tool (FANTInethods under mismatched condition by using noisy target
[. This open source tool follows ITU recommendations forspeech are presented in Table 2. Average MCD and PESQ
noise adding and filtering. The speech and noise samplingcores for objective similarity and quality are reporteds A
frequency for all the cases are 16 kHz. shown in this table, in original (clean) case, MFA VC is su-
For the first three VC methods, the speech files are angerior to other methods. Whereas, in noisy conditions, the
lyzed using HSM vocoder at a rate of 128 samples per framgerformance of all the methods deteriorates. This could be
LSF feature of order 14 is used for spectral parameterizstio due to difficulty in estimating FOs from noisy speech. It &oal
GMM of model order 8 with covariance matrix tygell is  clear that whenever the target training data is not cleathel
constructed for all these methods. For the last two VC methmapping functions fail to learn the correspondence between
ods, STRAIGHT analysis/synthesis framework is adopted. Isource and target acoustic features. For white noise wifh hi
decomposes the speech signal into FO and spectral envélopeésNR levels (10 dB, 20 dB), MFA yields lowest MCD score.
5 ms steps. MFCCs of order 24 are employed to represent thFW produces lowest MCD in case of white noise with 0
spectral envelope. In MFA VC method, GMM of model orderdB SNR level. The BLFWAS VC method performs well for
128 is obtained in off-line using non-parallel prior datarfr ~ both babble and volvo noises. The probable reason could be
TIMIT corpusfl. The covariance matrix type considered for the fact that both the MFA and BLFWAS methods are more
prior GMM and VC training araliag andtied, respectively. robust against target data scarcity condition. They are les
Moreover, gull covariance GMM of order 16 is used for the affected by over-fitting. Due to over-fitting, the predietiv
last VC. In all the VC systems, FO is linearly converted us-performance is poorer for the other three methods and it is
ing mean-variance equalization of log FO of source and targdurther degraded in presence of noise. On the other hand,

speaker’s training data. we get lower MCD scores in volvo noise than babble and
_ white noises, as it affects only the lower frequency region
5.2. Performance metrics of the target spectrum. DFW provides superior performance

Mel cepstral distortion (MCD) 7, 14] and PESQ [27] are in- in terms of average PESQ value than other methods in 0 dB
corporated as performance metrics for the objective evalu&SNR values. JDGMM yields low PESQ value for almost all
tion of voice converted wavefiles. MCD is used to measurghe cases due to its over-smoothing mapping procedure and
the spectral mapping performance, while PESQ is meaningr presence of noise, naturalness further reduces. MFAlyiel
ful for objective quality assessment [28]. The MCD betweerbetter PESQ values for high SNR levels of noise. BLFWAS
original target and converted mel cepstra is determined as outperforms other methods as a whole, both in MCD and
PESQ values. Finally, it is also worthwhile to mention that

MCD,(dB) = id 2% (mci B ﬂicif @ MFCC feature is more robust in additive noise as compared
In10\ = to LSF feature, which is the case for last two VC techniques
of the table.

where,mc; andmc; denote thei-th dimension MFCCs of \oice conversion performances with integrated speech en-
target and converted features at fram@&he lower the MCD  pancement technique are shown in T4ble 3. For spectral sub-
value s, the better the conversionis. On the other hand(PESy 4 tion it shows that for all the VC methods, we obtain sim-
metric is recommended by ITU-T for speech quality asses§ir or slightly degraded performance in clean case as com-
ment. It is computed using a linear combination of the avyareq to Tablgl2. For the case of MCD score, it is observed
erage normal disturbance valdg,,, and the average asym- from the table that in case of white noise with all the SNR
Yttpr//ant kr henr e/ levels, the_perfprmance improves for all VC methods. How-
Zhttps://catalog.ldc.upenn.edu/LDCI3ST ever, no significant performance gain is noticed for babble
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Table 2: Average MCD and PESQ scores in clean as well as noisy targeitams for five different VC methods.

Average MCD (dB) Average PESQ
VC type Clea White Babble Volvo Clea White Babble Volvo
0dB 10dB 20dB0dB 10dB 20dB0dB 10dB 20 dH 0dB 10dB 20dB0dB 10dB 20dB0dB 10dB 20 dH

DFW | 7.62|8.53 819 7.93/834 796 778794 781 7.73|0.89|0.73 0.82 0.86|0.69 0.87 0.89|0.76 0.81 0.90|
JDGMM | 7.36| 9.10 8.46 7.898.47 7.92 759784 759 7.44091(061 077 0.850.60 0.79 0.860.63 0.75 0.90
WFW | 7.60|9.27 859 8.04863 811 7.80796 7.74 7.66| 0.96|0.60 0.76 0.890.65 0.85 0.900.75 0.85 0.94
MFA | 6.84|11.70 8.17 7.35/8.24 7.99 7.639.44 836 7.56[ 1.03(0.27 0.70 0.96|0.61 0.92 1.02|0.68 0.91 1.01
BLFWAS| 7.07|8.81 8.42 7.73817 757 7.17/757 7.16 7.07|0.99(0.48 0.47 0.800.60 0.88 1.000.82 0.97 1.03

Table 3. Average MCD and PESQ scores with spectral subtractiorgtiter Wiener filtering and logMMSE speech enhancement noetho
employed in clean as well as noisy target conditions for fifferdnt VC methods.

Average MCD (dB) Average PESQ
Speech | VC type White Babble Volvo White Babble Volvo
enhancement Cleal Clea
0dB 10dB 20dg 0dB 10dB 20dB 0dB 10dB 20 dH 0dB 10dB 20dB0dB 10dB 20dHB0dB 10dB 20 dH

Spectral DFW | 7.71|863 7.99 7.90 9.05 8.00 7.77, 808 7.80 7.71] 0.92|0.59 0.84 0.86/0.47 0.84 0.880.73 0.89 0.90
subtraction| JDGMM | 7.39| 8.98 7.84 7.62 9.30 7.79 751799 754 7.43|0.91|055 0.88 0.91(0.40 0.83 0.910.76 0.91 0.92
WFW | 7.65(9.13 8.04 7.89 954 801 772815 7.69 7.65|093(052 089 0.92041 0.86 0.920.75 0.92 0.96
MFA | 7.10| 840 7.69 7.34 888 829 7.77, 840 7.98 7.36|1.04|091 1.00 1.010.71 0.95 1.03(0.83 0.95 1.06
BLFWAS| 7.26| 8.53 7.89 7.46/ 856 7.62 7.33 7.86 7.48 7.26/ 1.04|0.58 0.90 0.96(0.67 0.93 1.06|0.82 0.96 1.03
Iterative DFW |[859|9.21 9.08 8.77/9.84 8.78 8.68/ 8.86 8.66 8.60/| 0.81|0.76 0.78 0.840.54 0.77 0.83/0.71 0.84 0.84
Wiener |[JDGMM | 8.22|9.11 8.79 8.48 9.97 859 832|879 840 8.30|0.84|0.81 0.89 0.89055 0.81 0.850.85 0.92 0.90
filtering WFW | 8.54(9.22 9.00 8.70(10.22 8.86 8.64 897 8.69 8.61)|0.89(0.82 0.88 0.900.54 0.83 0.860.74 0.83 0.88
MFA | 9.46|11.60 11.07 10.4910.99 9.99 9.7310.99 9.68 9.49|0.95|1.02 1.02 0.96/0.70 0.88 0.91/0.63 0.92 0.95
BLFWAS| 8.47| 9.69 9.32 8.81]10.05 8.81 853 9.25 8.68 8.48| 0.88|0.93 0.92 0.930.69 0.87 0.87/0.68 0.84 0.88
Log DFW | 7.79|829 7.97 7.89 843 7.93 7.79/791 7.79 7.79|0.87|0.81 0.86 0.890.66 0.83 0.90(0.79 0.86 0.88
MMSE |JDGMM| 7.49|8.23 7.86 7.59 854 7.76 7.50|7.77 756 7.49|0.90|/0.80 0.89 0.890.63 0.82 0.900.83 0.92 0.91
WFW | 773|847 803 781881 792 771793 774 7.75/091(083 090 0.950.61 0.87 0.92/0.78 0.90 0.93
MFA | 882|881 880 8.788.88 878 8.78 8.88 8.80 8.80(0.83|0.79 0.82 0.820.62 0.76 0.810.66 0.75 0.79
BLFWAS| 8.76| 8.81 8.80 8.78 8.88 8.78 8.77/8.87 8.80 8.810.85|0.79 0.82 0.820.62 0.76 0.81/0.66 0.75 0.8Q

and volvo noises, except MFA in 0 dB white and volvo noise. 7. CONCLUSION
The table also shows similar kind of pattern for PESQ scor& his study presents a detailed analysis of the robustness of
like MCD, except the MFA method. Here, the performanceisting VC methods against mismatched condition with noisy
improvement in PESQ value is more prominent than othetarget data. It reveals that in most of the cases, BLFWAS
techniques. provides superior performance than other VC methods. How-
Table[3 also presents the average MCD and PESQ vakver, in white noise, MFA outperforms others. We also ex-
ues when iterative Wiener filtering is incorporated as speecplored the effectiveness of speech enhancement methods on
enhancement method. It can be seen from the table that tladl the speech samples in clean as well as noisy cases. We
performance degrades for clean and all noisy cases and alkave observed that spectral subtraction improves perfocea
for all VC methods. This is probably because it introducesn case of white noise while iterative Wiener filtering dedga
some processing artifacts and that is why input speechss leghe performance. Furthermore, log MMSE provides no per-
successfully converted. However, in case of PESQ scoréprmance gain in MCD value. However, it gives better PESQ
almost all the methods yield performance improvement irin white noise. As a whole, spectral subtraction works well
white noise and no significantimprovements for the other twdor BLFWAS and MFA, while iterative Wiener filtering and
noises except JDGMM in volvo noise. As a whole, JIDGMM logMMSE for JDGMM. As future work, we plan to extend
provides superior performance as compared to other methodkis analysis for recently developed DNN-based voice conve
Finally, in Table 8, the logMMSE speech enhancement ision techniques. The results from this work could be useful
applied. Here, no significant performance gain in MCD scordor the development of robust voice conversion algorithm fo
is observed. The only exception is JDGMM in white noise.real-world application.
The PESQ value increases for all the systems in white noise. 8. ACKNOWLEDGEMENT
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