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Abstract
Unsupervised speech disentanglement aims at separating
fast varying from slowly varying components of a speech
signal. In this contribution, we take a closer look at the em-
bedding vector representing the slowly varying signal com-
ponents, commonly named the speaker embedding vector.
We ask, which properties of a speaker’s voice are captured
and investigate to which extent do individual embedding
vector components sign responsible for them, using the
concept of Shapley values. Our findings show that certain
speaker-specific acoustic-phonetic properties can be fairly
well predicted from the speaker embedding, while the in-
vestigated more abstract voice quality features cannot.

1 Introduction
A core concept of modern deep learning methods is to
compute a vector representation of input data by means
of a neural network. This concept is used for all kinds
of data, be it images, text, audio or any other data. Even
different modalities are mapped to a common embedding
vector space, which then allows for interactions among
them, such that one modality can learn from the informa-
tion present in the other. In this contribution, we look at
embedding vectors that are meant to represent a speaker’s
voice properties. Those are used in various applications,
such as speaker verification, automatic speech recognition
(ASR), diarization, or voice conversion.

While most of those, such as the well-known d-vectors
[1] or x-vectors [2], are learnt discriminatively using a
speaker classification objective, there are also approaches
that compute embedding vectors in a completely unsuper-
vised fashion [3–6]. They disentangle a speech signal into
two representations with the goal that one represents the
speaker and the other the content. This can be achieved
by a carefully designed bottleneck [3], through appropri-
ate normalization [4], or by mapping short-term, i.e., fast
variations of the signal, and temporally more stable signal
components into different representations [5, 6]. The latter
is done with the underlying hypothesis, that fast variations
of the speech signal are caused by the linguistic content of
what is spoken, while components that change at a much
slower rate, are caused by speaker specific voice proper-
ties. Indeed, those approaches have been successfully used
for voice conversion. Here the embedding vector, which
represents the temporally stable parts of the signal, is re-
placed by that computed from a target speaker, before the
speech signal is reconstructed [7].

The purpose of this paper is to put this last hypothe-
sis under verification. Calling the embedding vector that
captures the temporally stable signal parts in the follow-
ing “speaker embedding vector”, we want to know what
is actually represented in this vector. We are aware that
the statistics of environmental noise are typically also tem-
porally more stable than the speech signal, and thus will

be cast to the speaker embedding vector, but this is not
the focus of our work. We rather want to know, which
voice properties are stored in the representation, and even
which components of the vector capture which property of
a speaker’s voice. We will consider both acoustic-phonetic
features, such as average pitch, as well as voice quality cat-
egories, such as nasality or hoarseness.

We used the following methodology: we train a ma-
chine learning model to predict the voice property under
investigation from the speaker embedding vector. The ac-
curacy of the predictor is a measure of how well this par-
ticular speaker property is represented in the embedding.
We then determine which component of the input speaker
embedding vector takes how much responsibility for the
prediction result and thus carries information about that
property. This is done by using the concept of SHapley
Additive exPlanations (SHAP) [8, 9], a method from co-
operative game theory. Feature importance as measured
by Shapley values is a common tool in machine learning
[10], but not yet so common in speech processing. In [11]
it was used to compute the attribution of input features to
an estimated mask for speech enhancement, while in [12]
Shapley values were employed to determine which features
at the input are most influential for the ASR output.

While Canonical Correlation Analysis (CCA), that was
used in [13] to calculate feature importance, is restricted
to linear models, Shapley values can be computed for any
machine learning model. In our study, we employ more
complex machine learning models to perform linear and
non-linear classification or regression tasks on the speaker
embedding vector. The investigations show that statisti-
cal averages of acoustic-phonetic features are represented
fairly well in the speaker embedding vector, while the in-
vestigated voice quality factors nasality and hoarseness are
not well represented, although these properties are consid-
ered to be temporally stable. This is an important finding,
as it shows that the current speaker embedding vector ex-
traction system is not well prepared for voice quality con-
version. Using phonetic insights to identify the acoustic
correlates of such voice quality categories can give direc-
tions how the estimation of the speaker vector should be
modified to better capture these characteristics.

The paper is organized as follows: We first give a brief
overview of the concept of Shapley values. Section 3 out-
lines our experimental setup, Section 4 presents the results
for predicting acoustic-phonetic and voice quality features,
and Section 5 provides our conclusions.

2 Shapley Feature Importance
Assume we are given a fixed-dimensional speaker embed-
ding vector. Our goal is to find out in which components of
the embedding vector a certain acoustic or perceptual prop-
erty of the signal is encoded. To this end, we are going to
train a machine learning model, a classifier or regressor,
to predict that property from the speaker embedding vec-
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tor at its input and then estimate the importance of each
component of the input feature vector for that prediction.
We compute the feature importance using Shapley values,
a concept from cooperative game theory. Here, the ma-
chine learning model is the game and the components of
the speaker embedding vector at its input are the players in
the game. The prediction of the model is the payout of the
game. In order to compute a fair distribution of the payout
among the players, the Shapley value computes the aver-
age attribution of a player to the outcome. In our problem,
a feature’s Shapley value is a measure of its importance for
the prediction for a specific input. By aggregating over all
predictions, we obtain a feature vector component’s aver-
age contribution to the model predictions.

Next, we briefly summarize the concept of Shapley val-
ues, and then describe an approximate computation, called
SHAP. We refer the reader to [9] for more details. We also
show how SHAP simplifies in case of a linear model.

2.1 Shapley Values
The key idea of computing a feature importance with Shap-
ley values is to compare the model output with the fea-
ture in question being present at its input and with it being
absent. However, because features can interact with each
other, we need to consider every possible subset of fea-
tures, called coalition. To be specific, let X = {x1, . . . ,xI}
be a set of these features, whose elements also make up
the feature vector x= (x1, . . . ,xI)

T, where both can be the
input of the predictor.1 We now have a machine learning
model f(·), whose output ŷ = f(X ) is the prediction for
the label y and let xi be one of the features, for which we
want to compute the importance to that prediction. The
contribution of a feature xi to the coalition S can be calcu-
lated with

mi(S,xi) = f(S ∪{xi})−f(S) , (1)

where S ⊆ X\{xi} is a subset without xi and the subset
S ∪{xi} that includes xi. It is worthwhile to note that a
model output with a feature absent can be approximated
by replacing the feature by a random value, since, on av-
erage, random inputs should not be able to contribute to
the prediction. This idea can be verified as follows: Not-
ing that sampling is a Monte Carlo approximation to com-
pute an expectation and assuming that the prediction of
the machine learning model is given by f(S ∪ {xi}) =
Ey[y|S ∪ {xi}], which is the optimal prediction in the
Mean Squared Error (MSE) sense. Averaging over xi gives

Exi [Ey [y|S ∪{xi}]] = Ey[y|S] = f(S) , (2)

which is the model output with the feature xi being ab-
sent. To obtain the marginal contribution of the feature xi,
we compute a weighted average over all subsets S, which
results in the Shapley value of that feature

ϕi(f,X ) = ∑
S⊆X\{xi}

|S|! · (|X |− |S|−1)!
|X |!

·mi(S,xi) ,

(3)
where | · | defines the cardinality of the set. The weight-
ing is chosen such that subsets with only few and subsets
with almost all features have a high weight, because they
are particularly informative about the feature importance

1We, here, at times use set notation, X , and at times vector notation,
x, whatever is deemed more appropriate.

[9]. Eq. (3) is a local explanatory model, i.e., it explains
the contribution of feature xi to the outcome for a partic-
ular feature vector x. To obtain a global explanation, i.e.,
the Shapley values that explain the contribution of the fea-
tures to predictions from multiple observations, the Shap-
ley values from each feature vector xn for all observations
X= (x1, . . . ,xN ) have to be calculated and then averaged
over all obtained values. Computing the Shapley values
is computationally expensive, because the number of sub-
sets grows exponentially with the number of features |X |.
However, methods that significantly reduce the complexity
have been developed that approximate Eq. (3), one of them
is briefly described next.

2.2 SHapley Additive exPlanations
Building upon the insight that an explanation is a model by
itself, however a simpler one than the original model to be
explained, SHAP [9] uses an additive explanation model
g(·) that locally approximates f(·):

g(z′) = ϕ0 +
I

∑
i=1

ϕi ·z′i , (4)

where the original input feature xi is replaced by the sim-
plified input zi ∈ {0,1}, where zi = 1 corresponds to the
feature being present and zi = 0 to the feature being ab-
sent. Further, ϕ0, is the approximate model output if no
feature is at its input, which is given by ϕ0 = Ey[y]. In
[9] it is shown that while several explanation models fall
into this class of additive explanation models, only if the
ϕi are the Shapley values, then certain desirable properties
of explanation models are met. In the following we will
thus use the explanation model of Eq. (4), with ϕi being
the Shapley value for feature xi.

2.3 SHAP for Linear Models
The linear minimum mean squared error estimator ŷ of
variable y, given an input feature vector x, is given by

ŷ = f(x) = E[y]+Σ
⊤
xyΣ

−1
xx(x−E[x]) , (5)

where Σxy = E[(x − E[x])(y − E[y])] is the cross-
covariance vector with elements σxiy , and Σxx = E[(x−
E[x])(x−E[x])⊤] is the autocovariance matrix with ele-
ments σ2

xixj
. If the components of x are independent, then

Σxx is a diagonal matrix with elements σ2
xixi

, i = 1, . . . I
on the main diagonal. Thus, Eq. (1), the difference in the
model’s output with and without feature xi, is given by

mi(si) =
σxiy

σ2
xixi

, (6)

which is independent of the chosen coalition S. Thus the
weighting of different coalitions as in Eq. (3) is unnece-
sary, and mi(si) is equal to the Shapley value ϕi. We fur-
ther note, that the linear model is identical to the CCA that
has been used in [13] to assess the feature importance for
predicting a certain acoustic signal property y.

3 Experimental Setup
The goal of this investigation is to better understand which
information is represented in a speaker embedding vec-
tor. Here, we analyze the speaker embedding that is com-
puted with the Factorized Variational Autoencoder (FVAE)



X
Speaker
Encoder

VTLP

Instance
Norm

Content
Encoder

GAP

Decoder

S

s̄

C

X̂

Figure 1: Architecture of the FVAE

that has been introduced in [6] and later used in [14] for
voice conversion. In the following, we first briefly describe
the FVAE, then describe the machine learning models for
predicting acoustic-phonetic properties and the models for
predicting voice quality categories from the speaker em-
beddings obtained from the FVAE. We then measure the
prediction quality and estimate the Shapley values to shed
light on which information is stored where in the speaker
embeddings.

3.1 Factorized Variational Autoencoder
For our experiments we used the FVAE, see Fig. 1, that
disentangles content related from speaker related varia-
tions in the speech signal using two encoders, a content
encoder and a speaker encoder. The input of the FVAE
is the log-mel feature sequence Xmel = (x1, . . . ,xT ) of
length T frames, and the decoder output is the recon-
structed sequence X̂mel of the same length. Disentangle-
ment is based on the hypothesis that content related varia-
tions of the speech signal change at a much faster rate than
speaker related variations. Thus, the speaker embedding
vector s̄ is obtained by Global Average Pooling (GAP) of
the speaker encoder outputs st, t = 1, . . . ,T over the time
dimension. On the contrary, the content encoder emits con-
tent representations C= (c1, . . . ,cT ) at frame rate. Disen-
tanglement is actively encouraged by adding a Contrastive
Predictive Coding (CPC) loss on the speaker representa-
tion and an adversarial CPC loss on the content represen-
tation to the reconstruction training objective. The former
encourages similarity of st and st+τ , where τ denotes the
time lag (typically in the order of a second). To further ob-
fuscate speaker information for the content encoder, Vocal
Tract Length Perturbation (VTLP) and instance normaliza-
tion [4] are applied to the input of the content encoder.

The FVAE model is trained on the English data set
Librispeech [15] and the decoder is further fine-tuned on
the German data set LibriVoxDeEn [16] because it is
used on a German data set as is described in the fol-
lowing. Disentanglement is achieved by the FVAE in a
completely unsupervised fashion. Additionally, we em-
ployed a d-vector extractor for comparison purposes. It is
a ResNet34 model that computes 256-dimensional speaker
embeddings x from 80-dimensional log-mel spectrograms
[17]. It is trained in a supervised manner using a speaker
classification loss on the VoxCeleb speech corpus [18].

3.2 Prediction Models for Acoustic Properties
The investigations on feature importance reported here,
have been carried out on the Nautilus Speaker Characteri-
zation (NSC) corpus [19]. This is a German data set con-
sisting of ≈ 8h scripted and ≈ 15h of semi-spontaneous
dialogues, with a total of 300 speakers. Of those, 70%
of the speakers were used for training the prediction mod-

els, and the remaining 30% for testing the models. We
trained several prediction models on the speaker embed-
dings s̄. In a first set of experiments, we are interested
in determining if speaker-specific acoustic-phonetic infor-
mation is captured by s̄. For this purpose, we utilized
the extended Geneva Minimalistic Acoustic Parameter Set
(eGeMAPS), a set of 25 acoustic Low-Level Descriptors
(LLDs) from which 88 functionals, including utterance-
wise statistics such as mean and variance, are computed
using openSMILE [20, 21]. From these, we have chosen
the mean of the fundamental frequency yp, known to be
speaker dependent, and the Hammarberg index yh, which
is the ratio of the maximum power below 2000Hz to the
maximum power in the range (2000Hz− 5000Hz) and it
was used for emotion recognition [22]. Further, we in-
cluded the Smoothed Cepstral Peak Prominence (CPPS)
yCPPS [23, 24] as additional speaker-dependent feature. We
also selected an acoustic feature that is considered to be
more content than speaker dependent: the mean length of
voiced segments yv.

For each of these continuous-valued acoustic-phonetic
signal properties, we trained various regression models to
predict them from the extracted embeddings: Linear Re-
gression (LR), Support Vector Regressor (SVR), a Multi-
layer Perceptron (MLP) with two hidden layers and two
Voting Regressors (VRs). VR-1 consists of an SVR and an
LR and VR-2 of a SVR and a MLP.

3.3 Prediction Models for Voice Quality
For the experiments on voice quality prediction, 300
speaker samples (174 female and 126 male speakers) of
the semi-spontaneous dialogues of the NSC data set, each
about 30 seconds long, had been labeled by an expert pho-
netician with regards to presence or absence of certain
voice quality categories. In this study, we concentrate on
two of them, hoarseness (81 hoarse speakers), and nasality
(59 nasal speakers). Although, only the semi-spontaneous
dialogues were manually labeled, we used the same labels
for the scripted dialogues, because they were spoken in the
same session by the same speakers. This was considered
justified because hoarseness and nasality are temporally
persistent and thus carry over to the scripted dialogues if
spoken by the same speaker. For each of the two voice
quality categories we trained the following classifiers: Lin-
ear Discriminant Analysis (LDA), Support Vector Classi-
fier (SVC) and a Random Forest (RF).

4 Results
4.1 Acoustic Feature Prediction
Table 1 shows the results for the prediction of the acoustic-
phonetic signal properties from the speaker embedding
vectors s̄ of the FVAE and d of the d-vector extractor.
Results are given in terms of coefficient of determination
between the values y computed by openSMILE from the
input speech X and their estimates ŷ obtained from the
predictor:

R2(y, ŷ) = 1− E[(y− ŷ)2]

E[(y−E[y])2]
, (7)

whose optimal value is equal to 1, which results if ŷ com-
pletely matches y. If the result is equal to 0, then the
prediction is no better than the mean value of y. It can



Model
R2(y, ŷ)

yp yh yCPPS yv

s̄ d s̄ d s̄ d s̄ d

LR .95 .93 .83 .54 .74 .69 .36 .46
SVR .96 .93 .79 .51 .66 .67 .32 .46
MLP .96 .95 .83 .48 .73 .64 .36 .43
VR-1 .97 .95 .85 .57 .75 .72 .42 .51
VR-2 .97 .95 .84 .54 .74 .70 .42 .51

Table 1: Performance of various regression models trained
on speaker embedding s̄ or d-vector d to predict certain
acoustic-phonetic signal properties on the NSC corpus.
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Figure 2: Normalized absolute values of the estimated
Shapley values to explain the model output of the VR-2
for pitch and VR-2 for Hammarberg index.

be observed, that the performance of the different regres-
sion models is quite comparable. Looking at the predic-
tions from the d-vectors, it is obvious, that the features yp
and yCPPS, which are considered speaker-dependent, can
be much better predicted than yv, which was considered
speaker-independent. Interestingly, the prediction results
from s̄ for yp, yCPPS and yv are quite similar to those from
d. This is an indication that the assumption underlying the
computation of s̄ in the FVAE, that temporally stable sig-
nal properties carry speaker information, is justified, as the
computation of d, which explicitly uses speaker informa-
tion, leads to similar results. This is not true for yh, which
leads to some doubts if yh is indeed speaker-dependent.

To identify which components of the speaker vector
carry the information about a certain acoustic-phonetic
property, we used the trained VR-2 models and estimated
the Shapley values of Eq. (4) with kernelSHAP [9]. The
Shapley values of 3000 random utterances of the train-
ing set are estimated. Figure 2 displays the mean absolute
Shapley values for each component of the 64-dimensional
speaker vector s̄ for the prediction of the mean pitch and
the Hammarberg index, normalized such that its overall
sum is 1. What is most striking from this result, is, that
the information about the investigated acoustic-phonetic
property is pretty much spread out over the components of
the speaker embedding vector. The speaker vector lacks in
compactness and modularity [25, 26], where compactness
refers to the dispersion of information across dimensions
and modularity assesing the encapsulation of acoustic sig-
nal properties within a single dimension.

4.2 Voice Quality Prediction
In light of the very limited training set size, we used 4-
fold cross validation for the prediction of the binary voice
quality features. We divided the folds in such a way, that

Model
F1-Score[%]

Gender Nasality Hoarseness

s̄ d s̄ d s̄ d

SVC 99 100 63 62 56 59
LDA 99 100 63 59 55 56
RF 99 99 58 61 56 56

Table 2: F1-score of classifiers to predict voice qualities
by using the information of the speaker embedding s̄ or d-
vector d. NSC corpus is used for training.

there were the same number of speakers with the pres-
ence and with the absence of the voice quality category
in each set. Table 2 shows the F1-score of the classifiers,
averaged over all folds. For comparison purposes we also
added the performance of a gender classifier trained on the
same input features. The results show that all classifiers,
be it with s̄ or d at its input, were able to very reliably pre-
dict the gender of the speaker, whereas the voice quality
classifiers are hardly better than guessing. To put these re-
sults into perspective, in [27] experiments are reported on
predicting hoarseness using six carefully selected acoustic-
phonetic signal properties (F0, intensity, CPPS, F2 and
spectral slope measures) that were computed on certain
vowel realizations, which were found by forced aligned
segments of the input speech. Since the same data set was
used as in our study, their results, which had been obtained
with a RF classifier, can be readily compared with the re-
sults obtained here. They reported an F1-score of 0.87,
which is much higher. This clearly shows that a global
speaker embedding, as it is computed by the FVAE or the
d-vector extractor, does not capture voice quality aspects
well, despite the fact that we here tested voice quality cat-
egories that are considered to be temporally persistent and
speaker-dependent.

5 Conclusions and Outlook
In this work, we examined the ability of the speaker em-
bedding vectors of the FVAE and a d-vector extractor to
capture acoustic-phonetic signal properties and voice qual-
ity aspects. It was observed that the tested acoustic fea-
tures that are known to be speaker-specific, could be fairly
well predicted from the speaker embedding vector, while
the more abstract voice quality categories hoarseness and
nasality could not. This result asks for a more elaborated
way of estimating the speaker embedding. Future work
should replace the GAP in the FVAE by more sophisticated
pooling operations, such as attention, to focus on those seg-
ments of the speech that are most informative of a certain
voice quality feature. Further, we employed the concept of
Shapley values to determine the attribution of embedding
vector components to the prediction results. It was shown
that the acoustic signal properties are not disentangled in
the embedding vector space, which would make it difficult
to manipulate one without affecting the other. Neverthe-
less, the findings reported here give important insights into
the properties of speaker embedding vectors.
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